1969
INTERNATIONAL TELEMETERING CONFERENCE
15, 16, 17 SEPTEMBER, 1969
SPONSORED BY
INTERNATIONAL FOUNDATION FOR TELEMETERING
SHERATON PARK, HOTEL
WASHINGTON, D. C.

1969
INTERNATIONAL TELEMETERING CONFERENCE
Miller S. Redden, Jr., General Chairman
Tom D. Eccles, Vice Chairman
Dr. Elie J. Baghdady, Program Chairman
Dr. Walter Hedeman, Program Vice Chairman
1969 Conference Chairmen
Charles R. Campbell, Finance
E. J. Stockwell, Registration
Charles B. Weaver, Arrangements & Equipment
Hugh Pruss, Allocations & Acceptance
Robert J. Blanchard, Publicity
INTERNATIONAL FOUNDATION FOR TELEMETERING
Officers and Directors
A. E. Bentz, President/Chairman of the Board
R. C. Barto, Vice President
H. F. Pruss, Secretary-Treasurer
D. R. Andelin, Assistant Secretary
T. J. Hobban, Assistant Treasurer
E. J. Stockwell, Director

J. Brinster, Director
J. D. Cates, Director
T. D. Eccles, Director
M. S. Redden, Director
F. Shandleman, Director

Scientific Advisory Staff
W. O. Frost
E. M. Gardiner

Dr. T. O. Nevi son
Dr. L. L. Rauch
MANAGER OF EXHIBITS
Mr. Frank Masters, President
Trade Associates, Inc.
5251 Wisconsin Ave., N. W.
Washington, D. C. 20016

TABLE OF CONTENTS
Session I — ON-BOARD COMPUTATION AND DATA PROCESSING
Chairman: Marjorie R. Townsend, NASA Goddard Space Flight
Center
69-01-1 Use of Computers and Programmable Telemetry Systems on
Scientific Satellites
M. S. Maxwell and P. M. Feinberg, J. R. Silverman, Goddard Space
Flight Center
69-01-2 An On-Board Processor for OAO-C
C. E. Trevathan, R. G. Hartenstein and T. D. Taylor, Goddard
Space Flight Center
69-01-3 Recent Improvements in the SDP-3 Computer
R. A. Cliff, Goddard Space Flight Center
69-01-4 Cosmic Ray Experiments Source - Encoding in the IMP-1
Spacecraft
C. A. Cancro and P. J. Janniche, Jr., Goddard Space Flight Center
69-01-5 A Complementary MOS Spacecraft Data Handling System
R. J. Lesniewski and F. J. Link, Goddard Space Flight Center
Session II — TRANSMITTERS
Chairman: Mr. Robert B. Anderson, Teledyne Telemetry Company
69-02-1 Use of L- and S-Bond Transmitters for Outer Space
Applications
P. A. Updike, Teledyne Telemetry Company
69-02-2 The Realization of Telemetry Transmitters with Very Wide
Bandwidths
R. H. Roberts, Bertea Corporation

69-02-3 An Exact Solution of Injection-Phase-Locking
C. C. Wang, TRW Systems Group
69-02-4 A Power Combiner for Step Level High Power UHF Solid State
Transmitters
B. E. Rose, Hughes Aircraft Company
69-02-5 Transmitter Signal Coupling: DC Versus AC
A. A. Viggiano, Lockheed Missiles and Space Company
Session III — CODING AND DATA FORMATTING
Chairman: Dr. Steven M. Sussman, ADCOM, A Teledyne
Company
69-03-1 Coding - An Engineering Tool for the Digital Telemetry Link
R. M. Muller, NASA Goddard Space Flight Center
69-03-2 Recent Developments in Algebraic Decoding
R. T. Chien, Coordinated Science Laboratory, University of Illinois
69-03-3 Application of Non-Linear Encoding to Picture Transmission
L. W. Gardenhire, Radiation, Inc.
69-03-4 A Flexible Format Adaptive Telemetry Encoder
R. S. Cooperman, COMSAT Laboratories, Communications
Satellite Corporation
69-03-5 Stored Program Decommutation Techniques
R. J. Galpin and R. C. Mabe, IBM Corporation

Session IV — ANTENNA SYSTEMS
Chairman: Mr. George C. Kronmiller, Jr., NASA Goddard Space
Flight Center
69-04-1 A High Power Versatile Feed System for Communications
Satellite Usage
R. W. Hurlburt, L. L. Reiser and R. R. Yaminy, Radiation Systems,
Incorporated
69-04-2 S-Band Phased Array Telemetry Receiver
R. C. Kent, Ryan Aeronautical Company
69-04-3 A 17:1 Dual Band Circularly Polarized Focused Two-Channel
Monopulse Tracking System
P. A. Lantz, NASA Goddard Space Flight Center, G. G. Chadwick,
R. W. Hurlburt and R. R. Yaminy, Radiation Systems, Incorporated
69-04-4 S-Band Antenna Systems for Missiles
J. E. Hill, Grander Associates, Aerospace Division
69-04-5 Antenna Pattern Analysis - A Computer Method
By F. M. Wolff, Atlantic Research Corporation
Session V — DATA RELAY SATELLITE SYSTEMS
Chairman: Edmund J. Habib, NASA Goddard Space Flight Center
69-05-1 Tracking and Data Relay Satellite Systems
P. F. Barritt, OTDA, NASA, and A.M.G. Andrus, NASA
69-05-2 Satellite System and Ground Support Network - A Comparsion
J. A. Delaney, TRW Systems
69-05-3 RFI Characteristics of a Data Relay Satellite System
J. W. Bryan, NASA Goddard Space Flight Center

69-05-4 10.6 Micron Laser Communication Experiment for ATS-F and
ATS-G
J. H. McElroy, H. L. Richards, N. McAvoy, T. E. McGunigal, W.
E. Richards, and H. Yagelowich, NASA Goddard Space Flight
Center
69-05-5 The S-Band Telemetry, Tracking and Command Experiment
R. H. Pickard, P. E. Schmid, Jr. and P. Heffernan, NASA Goddard
Space Flight Center
Session VI — PROGRAMMABLE DATA LINKS AND ANALYSIS
Chairman: H, L. Anderton, OART, NASA Headquarters
69-06-1 Concepts of Integrated Adaptive Data Transmission Systems
Dr. R. F. J. Filipowsky, IBM
69-06-2 Permutation and Circuland Matrices and the Fast Fourier
Transform
N. I. Heenan, The MITRE Corporation
69-06-3 Flexible Format Generator Design Techniques
W. M. Rathbone, Lockheed Electronics Company
69-06-4 MAP, A Modular Design Concept for Recoverable Scientific
Rocket-Borne Experiments
W. W. Wright, Southwest Center for Advanced Studies
69-06-5 Data Reduction System for the Modular Auroral Probe
N. Eaker, Southwest Center for Advanced Studies
Session VII — BIOTELEMETRY TECHNIQUES
Chairman: Dr. S. A. Hashim, Director of Metabolic and Nutrition
Laboratory St. Luke’s Hospital
69-07-1 Evaluation of Protective Masks by Use of Radio Telemetry
R. J. Redd, Defense Development and Engineering Laboratories

69-07-2 Biotelemetry of EKG Signals Within a Small, Closed Chamber
F. C. Carpenter, Jr., McDonnell,,McDonnell Douglas Astronautics
Company
69-07-3 Apollo ExtraVehicular Communication Telemetry Subsystem
J. J. Weippert and R. E. Donaghy, Sonex, Incorporated
69-07-4 Low Cost Water Quality Monitoring By Radio Telemetry
D. S. Woffinden and A. D. Kartchner, Utah Water Research
Laboratory, USU
69-07-5 Wideband Fiberoptic Analog Information Link
K. Avicola, Union Carbide Corporation, and R. A. Churchill,
Autonetics Division, North American Rockwell
Session VIII — TELEMETRY STANDARDS AND DATA QUALITY
ASSURANCE
Chairman: Dr. E. J. Baghdady, ADCOM, a Teledyne Company
69-08-1 Why Data System Standards
W. B. Poland, Jr., R. T. Fitzgerald, and R. J. Coates, NASA
Goddard Space Flight Center
69-08-2 IRIG Telemetry Standards 1969
R. S. Reynolds, Sandia Laboratories
Session IX — TRANSMISSION AND RECORDING TECHNIQUES
AND PERFORMANCE
Chairman: Mr. Walter O. Frost, NASA-Marshal I Space Flight
Center
69-09-1 Doppler Jitter Versus Digital Error Rate
C. L. Weber, Department of Electrical Engineering, University of
Southern California

69-09-2 Performance of Partially Coherent Binary Reception
R. W. Okkes, European Space Technology Center
69-09-3 A New Bandlimited M-ARY Non-Coherent Telemetry System
M. S. Stone, TRW Systems Group
69-09-4 Filtering Effects in a Spread-Spectrum Telemetry System
W. H. Harman, TRW Systems Group
69-09-5 Digital Time-Base Error Compensator for Wideband Telemetry
Recorder/Reproducers
M. S. Klein and S. Tomback, Communications and Systems,
Incorporated
69-09-6 The High Speed Tape Transport
J. G. Isabeau and C. A. Vogel, Newell Industries, Inc.
Session X — PANEL DISCUSSION ON DIVERSITY COMBINING
Chairman: Mr. C. G. Thomas, Pan American World Airways
Panel:
David M. Nilson, Pan American World Airways
Louis A. Woods, Interstate Electronics Corporation
Richard Cease, Raytheon Company
Jack Crow, Defense Electronics
No papers
Session XI — UHF TELEMETRY
Chairman: Victor Hammond, Office of the Deputy Director of
Research and Engineering, The Pentagon
69-11-1 Frequency Diversity for UHF Telemetry
W. K. Kinkead, General Electric Company

69-11-2 Development of the CV-2138 (XAN-1) Telemetry and MDI
UHF Down Converter
H. Lilienkamp, Applied Research Department, Naval Avionics
Facility
69-11-3 A Phase-Locked UHF Telemetry Transponder for Missile
Scoring Applications
J. R. Delbauve, Applied Research Department, Naval Avionics
Facility
69-11-4 UHF TM System Coverage Predictions Over Water
W. L. Wuster, Applied Research Department, Naval Avionics
Facility
69-11-5 Telemetry-Scoring Receivers
K. Burgess, Applied Research Department, Naval Avionics Facility
Appendix A

Eighth Annual Report of the Telemetering Standards
Coordination Committee

USE OF COMPUTERS AND PROGRAMMABLE TELEMETRY
SYSTEMS ON SCIENTIFIC SATELLITES
PAUL FEINBERG, MARVIN MAXWELL, and JOSEPH R. SILVERMAN
Goddard Space Flight Center.

Summary Satellite data handling and telemetry systems in the past have been tailored
to a particular mission or a predetermined set of spacecraft requirements. New systems
are being developed and built at Goddard Space Flight Center whose design concepts
allow a more general or multi-mission use. Several of these GSFC systems will be
surveyed in synopsis form in this paper.
Introduction The major items to be covered in this presentation include a brief
description of the major design features of each system appended to which will be a table
outlining the application, capabilities and the system and physical characteristics of each
unit.
There will also be a comparison of characteristics, relative advantages and disadvantages
along with comments on specific potential problem areas such as system checkout,
experiment and spacecraft integration, software and ground data processing.
I. Versatile Information Processor (VIP) The Versatile Information Processor (VIP)
using a unique programming concept is a large capacity, general purpose telemetry
processor which will first be used on the Nimbus D spacecraft data handling system. The
VIP will time multiplex, digitize and format data with sampling rates for any input and
frame format variable before and after launch. (See Table 1)
II. Data Processing System (DPS) The Data Processing System (DPS) has been
designed as a centralized telemetry data handling system for the Small Scientific Satellite
(S3), a small, versatile spacecraft capable of conducting a large variety of missions. The
DPS using memory stored programs acquires data from detector outputs, produces
control signals for detectors, formats data into a standard skeleton format and outputs the
formatted data to a tape recorder or transmitter. (See Table 2)
III. Telemetry Remote Modules (RM) The Remote Module development is a
decentralized telemetry system with a basic objective of reducing total system weight
and maximizing telemetry gathering capabilities through the employment of distributed
multiplexer input gates. Each remote module is a small low power independent unit

accepting information from up to 32 analog and/or digital points and communicating this
data back to a central control core for inclusion in the telemetry bit stream.
Interconnecting wires between each RM and the central core are kept to a minimum
thereby significantly reducing the harness requirements on complex spacecraft. The
design of the remote modules is such that they can be controlled through either a
hardwired sequence in the central core or through a programmable (e.g. VIP) type of
system. (See Table 3)
Parallel Ultra Low Power Processor (PULPP) The Parallel Ultra Low Power
Processor (PULPP) is a developmental effort being undertaken to produce a small
flexible, low power processor for individual experiments. Several general purpose large
scale integration (LSI) arrays utilizing complementary MOS technology will constitute
the building blocks for this decentralized processor. (See Table 4)
V. Spacecraft Data Processor (SDP-3) The SDP-3 is a small, slow, low powered,
general purpose, stored program computer designed to provide the data system
requirements of a small scientific spacecraft. The computer is in a serial, two’s
complement, 16 bit word configuration and has one hardware index register and one
level of indirect addressing. There is 4 K of memory structured into 16 pages of 256
words each. Time sharing operations are facilitated through a 16 level priority interrupt
system and a real time clock. Initial operation of the computer will be as an engineering
experiment on the IMP-I spacecraft where it will handle control and data compression
for 4 scientific experiments. (See Table 5)
VI. On-Board Processor (OBP-3) The OBP is a fast, complex, medium DC power,
general purpose stored program computer designed to provide the data system and
computational requirements of various types of larger spacecraft. The computer is an
18 bit, two’s complement parallel machine with one full length index register and
hardware multiply and divide. The basic memory is a 4 K word module with the
capability of adding up to 16 modules. The machine provides a sophisticated I/O
capability and 15 levels of external interrupts. Extensive software has been developed for
the system to allow independent user programming and debugging. Initial use of the
system will be on the OAO-C. (See Table 6)
Ground Processing The use of variable format telemetry systems and computers on
spacecraft may significantly complicate the ground processing of the data acquired
through such systems. It must be possible to easily and efficiently recover the desired
information when the system is operating properly.

One approach to aid in the data recovery is to require that the memory contents be
subcommutated and placed in the data stream such that the data acquired during any
“normal” interrogation will be sufficient to completely establish the memory contents. In
addition, if the processing or communtation sequence is adaptive, or varies depending
upon the data, the flags in the data which specify the sequence performed, etc., must be
redundant and distributed in time so that no short loss of data can make a large block of
data which follows impossible or excessively difficult to interpret.
The control or flag information must be in well defined locations independent of the
format or processing used so that they may be easily located and extracted to effect the
proper ground processing of the data.
The system must be configured such that as many malfunctions as feasible can be
detected in the spacecraft control center wit out 00 g at or attempting to interpret the data
itself. This is a requirement since the control center will not generally have an expert in
the specific sensor who can establish that the data has been processed properly in the
spacecraft. The data is generally not available or processed by the experimenter for many
weeks or months so that if the failure can only be established by a detailed look at the
data, much valuable information will be lost before the trouble is detected and hopefully
corrected.
Programmable sequence generators can be verified by occasionally outputting the
sequence of gate addresses generated, rather than the data measured through these gates.
Memory contents may be verified by error detecting codes, such as a parity check, or by
having a sum check made over the fixed portions of memory. The system must put into
the data a changing flag, such as a counting sequence, which indicates that the tests are
being performed and the result is proper so that the spacecraft operations centers can get
a quick indication of umlfunctions. Computers must incorporate a minimum program to
verify the proper operation of the system. This should be run automatically, periodically
and a varying confidence flag put in the data.
The ground decomutator and processing system to effectively process variable format
data will probably be quite different than the conventional ground system. A general
purpose decommutation system should have the capability of operating on a list which
defines the memory contents of the sequence generator and by simulation, or Emulation
of the spacecraft system, generate a list of the gate addresses running in synchronism
with the received data stream. The data sent from this element will process the data with
the gate addresses attached to the data, so that if you wish to look at a specific data point,
you would ask for it by its gate address rather than as a specific row and column in a
matrix. This, in concept, is an easier and more natural method of looking at data for
display on charts, but will require associative memories which will allow rapid
association of a memory location with a gate address for extensive computer processing

of the data. These difficulties indicate that it may be desirable to constrain the variability
of the housekeeping data sequences since this is generally a small percentage of the total
telemetry system capacity and the savings to be gained in this area may not be worth the
added complexities in the following processing. To minimize the complexities of the
simulator or emulator which establishes the commutation sequence it may be necessary
to limit the spacecraft designers to only those sequence generators which can be
efficiently simulated or emulated in a well designed ground system.
Spacecraft computer should have some special characteristics to aid in the operation,
integration and checkout of the system. Spacecraft computers should have an output plug
which would contain the information and some console switch equivalents that would
normally be displayed on the console of a similar ground computer. It should contain
information as to the status of the instruction counter, arithmetic registers, index
registers, interrupts inhibited, etc. During spacecraft integration this could be connected
to a remote console with lights, monitor systems, etc. When the system is in operation,
these points could be scanned at a low rate by the housekeeping telemetry system so that
if the system stops, the internal condition can be established to aid in locating the
difficulty. For example, the contents of the instruction counter is needed to establish
which program was being executed when the system halted. This data should be
converted to serial form in the flight system so as to minimize the number of lines bo be
outputted or scanned by telemetry. A program transfer and interupt tracer system in
hardware which would store in a protected area of memory the last few addresses which
caused a program transfer or interupts which were detected would be of considerable
help in locating the source of problems in the software, hardware, or the system.
Conclusion A variety of programmable telemetry systems and computers for
spacecraft application are being developed at Goddard Space Flight Center. The mission
requirements that these systems must support are sufficiently different that different
designs are necessary. The major constraint on the flexibility or variability that will
actually be used on the flight systems will be established by ground system designs and
operational constraints rather than by the spacecraft system.
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TABLE 1
VERSATILE INFORMATION PROCESSOR (VIP)
General purpose, modular design, centralized programmable telemetry system of
large input channel capacity and medium data rate.
Application
Nimbus D spacecraft telemetry system for 10 experiments (sampling rates 1 to 80
samples/sec.) and 950 housekeeping points (sampling rates 1/16 to I sample/sec.).
Proto and flight models built, early 1970 launch.
Nimbus E and F
Capabilities
Sampling rates for each input variable
Frame formats and sequences variable
Reprogrammable before and after launch.
System Characteristics
Input channel capacity: 576 analog (expandable)
320 single bit digital
16 serial digital
Output data rates: 400, 800 and 1250 word/sec.
(10 bits/word)
Programs, commandable: 4
Major frame length: maximum of 256 minor frames
Reprogramming: RF and BTE link
Memory: Size - 512 words (10 bits/word)
376 RO, NDRO)
Type - Biax
Power - 0.41 W
Physical Characteristics
Weight: 39.2 lbs.
Size: 1247 cu. in.
Power: 10.72 W
Redundancy: cross-strappable, block redundant

TABLE 2
DATA PROCESSING SYSTEM (DPS) FOR THE SMALL
SCIENTIFIC SATELLITE
Specialized purpose modular design, centralized programmable data handler of
low data rate.
Application
Small Scientific Satellite (S3) data handling system
Flight model scheduled February 1970, late 1970 launch
Capabilities
Sampling rates for each input variable
Frame formats and sequences variable
Reprogrammable before and after launch
Two time basis to collect data
Variable word lengths
Spin synchronized sectioning of data
System Characteristics
Input Channel Capacity:
Programmable:
37 analog
2 serial digital (12 bits/word)
80 single bit digital
Hard Wired: 128 analog or digital
Output data rate 440 bits/sec. (4, 8 or 12 bits/word)
Reprogramming: RF link
Memory: Program memory
Size - 256 words (14 bits/word)
Type - Biax, random access, NDRO
Read access rate - 50 KC burst
Write - 50 word/sec.
Power - 250 mw
Buffer memory
Size - 4096 words (4 bits/word)
Type - Core, random access, DRO
Physical Characteristics
Weight: 8 lbs
Size: 8" delta pack

Power: 5-6 watts
Redundancy: none

TABLE 3
TELEMETRY REMOTE MODULES (RM)
Development of small, efficient modules to decentralize multiplexer input gates.
Design is a general purpose modular system of remote modules with small
individual, large total capacity and medium data rate.
Application
Standardize multiplexer input gates for use on multi-mission functions.
Proposed initial use on future Nimbus spacecraft
Development of RM breadboard in 1969
Capabilities
Standardized Configuration for RM
Vary number of input gates as function of mission
Simply harness (interface wiring) requirements
Using programmable address generator/central core (not part of development),
sampling rates, frame formats and sequences can be made variable
System Characteristics
Input channel capacity (per RM)
32 data points in 4 combinations of analog and digital
1. 32 analog
0 digital
2. 14 analog
16 digital
3. 5 analog
24 digital
4. 0 analog
32 digital
Data Rate 0 to 32 KBPS
Programmable or Hardwired
Address generator/central core
Initial design hardwired
5 Interface wires between RM and Central Core
Central (control) core with initially up to 32 RM
Physical Characteristics
Remote Modules (each)
Weight: .27 lbs.
Size: 6 cu. in.
Power: 1.34 w interrogate
58 mw standby
4 mw off
System weight and power of 32 RM and central core (excluding address
generator)

Weight: 8.5 lbs.
Power: 3.5 w
Redundancy
Can be achieved through employing two RM’s.
TABLE 4
PARALLEL ULTRA LOW POWER PROCESSOR (PULPP)
General purpose, modular design, decentralized programmable data handler of
very low power and slow data rate, dedicated to a single experiment.
Application
System being developed for use in mid 1970’s.
Capabilities
Data compression, date formatting and experiment control.
Characteristics
Input channel capacity: 16 digital
Memory chips:
Complimentary MOS
Read only - 256 words (16 bits/word)
Scratch pad - 256 word (16 bits/word)
Interrupt - execute cycle time - 16 Fs
Priority interrupts - 16
Power - 250 mw
TABLE 5
SPACECRAFT DATA PROCESSOR (SDP-3)
A small, slow, low DC power general purpose computer system capable of being
reprogrammed via the RF link
Application
Initial use is on IMP-I (1970 Launch)
Capabilities
Progamming (i.e. controlling) scientific experiments
Data acquisition (controlling sampling rates)
Data compression

System Characteristics
Data Flow
16 bit serial
Number of Instructions
54 currently implemented
Addressing
Single address instructions
One 8 bit hardware index register
Indirect addressing capability
Computing Time
77 Fs all instructions
4.4 ms multiply (subroutine)
Memory
Type-Core
Capcity-maximum of 256 pages of 256 words
(16 bit words) - initial system has 16 pages of memory
Cycle Time - 8 Fs (actual)
Physical Characteristics
Weight (including 2 memory boxes at 2 lbs. each): 8 lbs.
Size: 500 cu. in (see comments)
Power: 5 w normal operating
Redundancy: none
Comments
Size of system could be reduced significantly by repackaging “off the shelf”
memory.
TABLE 6
ON-BOARD PROCESSOR (OBP)
A large, fast, complex, medium DC power general purpose computer capable of
being reprogrammed via the RF link.
Application
Designed to have multi-mission capabilities
Initial use is on OAO-C (1971 launch)
Breadboard built-flight units under construction
Capabilities
Control sampling and formatting of spacecraft telemetry data
Flag out of tolerance data

Storage for delayed execution spacecraft commands
Experiment data processing capability (not used initially)
Data storage
Attitude control - experimental capability
System Characteristics
Data Flow - 18 bit parallel
Number of instructions - 50
Addressing - Single address instructions
Index register
Direct data address with indirect branching
Computing time 7.5 Fs add
50 Fs multiply
100 Fs divide
Memory - Type Core (plated wire to be developed)
Capacity - Modular in blocks of 4K each
(18 bit words) - expandable up to 16 blocks (64 K total
capacity)
Cycle Time - 2 s
Physical Characteristics
Weight (including 4 memory blocks at 6 lbs. each): 42 lbs.
Size: 1000 cu. in.
Power: 40 w
Redundancy: Initially none
Comments
Multi-mission capability provides much larger capacity than required for initial
use on OAO-C.

AN ON-BOARD PROCESSOR FOR OAO-C
C. E. TREVATHAN, R. HARTENSTEIN, and T. D. TAYLOR
Goddard Space Flight Center
NASA
Greenbelt, Maryland.

Summary This paper describes the design of a stored program computer for spacecraft
use and its application on the fourth Orbiting Astronomical Observatory (OAO-C). The
computer, referred to as OBP-2, is a medium scale, parallel machine and has a memory
capacity of 16,384 words of 18 bits each. It possesses a comprehensive instruction
repertoire and operates on 45 watts of power (including the DC to DC converter). The
machine operates at a 667 KHz rate and executes an add instruction in 7.5 microseconds.
The primary function of OBP-2 on OAO-C will be auxiliary command storage,
spacecraft monitoring and malfunction reporting, data compression and status summary,
and possible performance of emergency corrective action for certain anomalous
situations.
Introduction Designs of future Orbiting Astronomical Observatories indicate a
requirement for one or more medium scale, stored program digital computers on the
spacecraft. The concept being developed for the advanced OAO system (beyond
OAO-C) is that of a centralized computer which can perform functions such as command
storage, spacecraft data handling, experiment data handling, attitude stabilization and
control, and on-board error diagnosis. A low power computer system, capable of being
configured to fit this application, is currently being developed by the Space Electronics
Branch of the Goddard Space Flight Center. As a way of qualifying the computer
components and computer controlled functions for use on these future satellites, a nonredundant or simplex version of the processor will be flown on the fourth OAO
spacecraft, known as OAO-C. The present OAO series was developed to house and
support a variety of optical experiments with essentially a standard hardware design. As
an aside, the primary experiment on OAO-C will be the Princeton Experiment Package
which contains an 833 mm primary mirror and requires slewing to any attitude with a
pointing accuracy of 0.1 arc second.
Guidelines for implementing the OBP-2 experiment on OAO-C are that a failure of any
computer component will not adversely affect mission life and that integrating the
computer to the spacecraft will not necessitate a redesign in any of the existing
subsystems. Even with these restrictions, a computer spacecraft system interface has

been designed which will allow the computer to: (1) receive commands from ground
control, (2) send commands to other spacecraft subsystems, (3) receive all spacecraft
telemetry data, (4) send analog control signals to the spacecraft stabilization and control
subsystem, and (5) send information which could include its entire memory contents to
ground control. With such an interface, it is apparent that a wide variety of functions may
be performed by the on-board computer.
The exact details of the tasks to be executed will be defined by project management,
spacecraft engineers, and control center operators. It is pointed out that the computer will
not have access to experiment data since the necessary interface would impact the
existing hardware and therefore violate an implementation ground rule.
General Description of OBP Although the OBP will be initially applied to the OAO
series of spacecraft, the computer was designed to have features which would fulfill the
requirements of a variety of future scientific satellites. The system is modular and
consists, in a minimum configuration, of one central processor unit (CPU), two 4096
word memory units, and one input/output (I/O) unit. Figure 1 shows how these units are
connected to a common and redundant data and address bus, with the minimum system
shown in solid line. Several unpowered spare functional modules, shown in dotted line,
can be attached to the bus to extend the life of the system. As previously mentioned, the
specific application presented here is a simplex system, and the modular approach to
redundancy will not be used.
Central Processor Unit The central processor, which performs the execution of all
instructions, employs a fully parallel adder and parallel data transfers between registers
and at the data bus interface. Data words and instructions are 18 bits in length with
negative numbers being represented in two’s complement form. Addressable hardware
registers include an index register, an accumulator, an extension of the accumulator, a
4-bit memory page register, a storage limit register which specifies read-only sections of
memory, and a 6-bit scale register which represents the location of the binary point in
fixed point data words.
Instructions are formatted such that 5 bits specify the operation code, 1 bit specifies the
index function, and the remaining 12 bits specify memory address. There are 50
instructions in the repertoire, 30 of which require an operand fetch. The other 20
instructions have a minor operation code in the address field of the instruction word.
With 12 bits of address available, 4096 memory words are directly addressable. Memory
size as large as 65,536 words requires a 4-bit page register which can be loaded and
stored under program control and which is appended as the four high-order bits to the
12-bit address field to form a full 16-bit address. If the index bit is set, the low order 16
bits of the index register are added to the address to form an effective address. A memory
size of 16,384 words is implemented for the OAO-C application; therefore, the low order

14 bits form an effective address in this case. All transfers are indirect, whereas all
operand fetches are direct.
A storage limit register is employed to avoid undesirable interaction between
independent user programs which may be time sharing the computer operation. This
register reserves a block of memory in which the operating program may write. These
blocks are in increments of 128 words. To provide this feature, the 18-bit register is
partitioned into two 9-bit fields. The two fields represent the upper and lower limits on
the nine most significant bits of the effective address for write operations. Any attempt to
write in an area outside these limits will cause an interrupt to the master or executive
program.
The CPU is comprised of 1100 low-power, DTL microcircuits, occupies a volume of 250
cubic inches, and consumes 5 watts. It operates at a clock rate of 667 KHz and executes
an add instruction in 7.5 microseconds. Execution times of multiply and divide
instructions are data dependent and average 50 and 100 microseconds respectively.
Detailed logic design of the CPU was performed by the Aerospace Division of
Westinghouse Electric Company in Baltimore, Maryland.
Memory Each memory module has a capacity of 4096 18-bit words and uses
conventional destructive read-out (DRO) core as the storage element. The random access
memory is produced by Electronic Memories and was designed specifically for use in
space environments. The most significant feature of the device is that it is capable of
being completely power switched on a cycle by cycle basis and consumes less than 150
milliwatts of power in the standby mode. With this feature, several memory modules may
be implemented and randomly addressed without paying the price of a large power
overhead. Total memory power requirement, therefore, is not a function of capacity but
is proportional to usage. For the OBP-2 system on OAO-C, this requirement has been
calculated to be approximately 18 watts. Other interesting features of the memory are
that it has an access time of 850 nanoseconds and a full cycle time capability of 2
microseconds. Each unit occupies a volume of 128 cubic inches and weighs 6 pounds.
For this OAO-C application, the computer will have 4 memory modules for a total
capacity of 16,384 words.
Input/Output The I/O unit serves to control the flow of information between the OBP
memory and the spacecraft subsystems. One important design feature of the I/O is that it
has no direct data connection with the CPU. All data flow between the two units must
pass through memory by way of the memory data bus. This serves to minimize the
number of connections required between modules and allows the easy interconnection of
spare CPU, I/O and memory modules. Also, by use of “cycle-steal” channels, the I/O is
designed to operate completely independently of the CPU and any portion of memory
can be loaded or dumped even though the CPU is either unpowered or executing a

program. This design philosophy of independently functioning modules is required for
the spare module concept of redundancy to work properly.
In general, the I/O unit is organized to efficiently accommodate a wide variety of data
rates and channel characteristics. Major components of the I/O are the multi-level
priority interrupt system which may be altered under program control and two cycle-steal
channels which can be time shared to operate with a number of data channels. This
interrupt and cycle-steal capability allows efficient computer operation in the real time
application.
For convenience, the I/O package also houses the system clock and the data bus
controller which queues requests for memory activity and synchronizes traffic to and
from memory. The I/O contains approximately 1000 low power, DTL microcircuits and
several discrete circuits for logic level conversion at the interface. The unit occupies a
volume of 250 cubic inches and consumes 5 watts. Logic design and fabrication of the
I/O unit was performed by the Space Electronics Branch of Goddard Space Flight
Center.
OBP-2 Interface with OAO-C Figure 2 shows the specific data interfaces between the
various spacecraft subsystems and the computer. Before discussing these interfaces, a
brief description of the applicable OAO subsystems is presented.
The Command Receiver receives commands transmitted from the ground at a 1042 bits
per second rate. These commands are regenerated and fed with a clock and command
presence control signal to the Primary Processor and Data Storage (PPDS). This unit is a
special purpose processor which decodes, verifies, and executes the commands. It has
the capacity to store 256 commands for delayed execution. The PPDS also serves as the
source of all timing signals. The Spacecraft Data Handling Equipment receives analog
and discrete data from all spacecraft subsystems. This data is properly converted and
formatted into a 1690 bit telemetry frame which operates at a 1042 bits per second rate.
All data is then stored on a tape recorder and is later played back on command during
passes over selected ground stations. Playback rate is sped up by a factor of 64 to 1. The
Fine Wheel and Jet Control subsystem is apart of the analog stabilization and control
system. Normal inputs to this unit, which provides the momentum for spacecraft rotation
about three axes, are analog error signals from a star tracker signal processor and an
inertial reference unit. There are four gimballed star trackers on OAO-C which will
provide the data for accurate attitude determination. The Power Control Unit serves to
control the duty cycle of the spacecraft power regulator and consequently establishes the
solar array operating point. The desire here is to operate at a point on the solar array
voltage-current curve which allows maximum power utilization by spacecraft loads and
battery charging equipment.

With this background, the computer/OAO-C subsystem interfaces can now be discussed.
As shown in Figure 2, inputs to the computer are commands from the PPDS and
spacecraft data from the Spacecraft Data Handling Equipment. Outputs arecommands to
the PPDS, 30 bits per telemetry frame to the Spacecraft Data Handling Equipment,
memory dumps at 50K bits per second to wideband telemetry, three analog lines to the
Fine Wheels and Jet Control, and a single analog voltage to the Power Control Unit.
Command Output In more detail, OBP-2 sends commands to the PPDS by simulating
the command receiver and outputting the 1042 bits per second command message, clock,
and the command presence control signal. With this connection, which is made through a
set of relay contacts, the computer can send commands to all spacecraft subsystems and
experiments. Those commands which are generated are dependent upon the computer
program and there will, of course, be certain commands which will not be allowed in the
computer command table. This interface does, however, afford a very powerful
capability to a spacecraft controller. As a safety feature, ground control override of this
connection is provided by a circuit which causes the relay to assume the de-energized
state which disconnects the computer when a command is received from the ground.
Redundancy is implemented in this instance to assure a high degree of reliability in the
override function.
Command Input The PPDS sends commands to OBP-2 in a serial 32 bit format that
can include four different command categories which must be identified. First, there are
commands to the computer hardware which either establishes a cycle-steal channel to
control a program load, or enables or disables computer operation. Second, there are
commands which contain the computer program and, in this case,18 bits of each
command word are written directly into memory. Programs will normally be loaded prior
to launch; however, this capability facilitates the reprogrammable feature which could be
used in the event a need exists for the computer to do work other than anticipated at
launch around certain subsystem failures. The third category is commands which are
interpreted by the computer operating program, and can therefore have a variety of
definitions. The last category contains commands for other OAO subsystems which are
to be temporarily stored by the computer and transferred back to the PPDS at some later
time. This function is referred to as an auxiliary command memory and as presently
planned, expands the storage capacity from 256 to 1380 commands. This increase in
capacity will serve to reduce the required frequency of command loads from 4 or 5 per
day to I per day which, in turn, means the loads can be transmitted from one ground
station instead of several. For this auxiliary command memory function, 4096 locations
of OBP-2 memory are required to store the 1024 additional OAO commands. For
operation, the 1024 commands are divided into 8 sets, or pages, of 128 commands each,
and are transferred from the computer to the PPDS one page at a time. Each transfer of
128 commands is initiated by a command from the PPDS to the computer program (i.e. a
category three type command).

Spacecraft Data Input The 1042 bits per second spacecraft data input provides
computer programs with data relating to: (1) thermal conditions of all subsystems, (2)
charge and discharge rates of power subsystem, (3) day and night voltages of power
subsystem, (4) commanded star tracker gimbal angles, (5) gimbal angle errors, (6)
spacecraft aspect from sun sensors, (7) rate information from inertial reference unit, (8)
course and fine momentum wheel rates, (9) jet gas usage, (10) magnetometer outputs,
And (11) the status of many discrete functions. Some of the possible applications of
these data are discussed below.
OBP-2 Status Words to SDHE The computer outputs a 30-bit status word to
telemetry each 1.6 second frame. These bits will be defined in a variety of ways.
One type of message will consist of compressed sensor data. For some sensors, for
example, OBP-2 may compute and telemeter the high, low, mean, and standard deviation
values for the preceding orbit. For other sensors, data may be telemetered only if their
values exceed some predefined limit.
A second type of message will contain predefined information which will verify proper
operation of the computer itself. This is accomplished by a special purpose exercise
program which will be executed once each telemetry frame.
Memory Dump For OBP memory dumps, up to 4096 word blocks may be transmitted
to ground at a 50K bits per second rate. This output is a 32 bit format, made up of a
leading logic 1, 18 bits of data, 12 bits of address, and a parity bit. These data dumps are
achieved by the cycle-steal mode of operation and can be initiated by computer program
or directly from ground command. This high frequency data link will be used to verify
both computer program loads and auxiliary command loads. Another use will be to
transmit summary messages which relate to status and usage of various spacecraft
subsystems during the previous orbit. For the first time, control center equipment can
display historical data almost immediately after acquisition of the spacecraft by a ground
station. This is of particular interest to a spacecraft operator in situations where action
must be taken to correct an abnormal condition onboard.
Analog Outputs to the Fine Wheel and Jet Control Outputs of three, 6-bit, digitalto-analog converters are connected through relay contacts to the fine momentum wheels.
In this way, the computer can control spacecraft rotation about the roll, pitch, and yaw
axes. For safety, the connection of these analog signals can be opened or closed by
ground command. Although normal spacecraft operation will not require this interface,
the computer may be called on to control spacecraft attitude in event of certain
equipment failures in the stabilization and control subsystem.

Analog Output to the Power Control Unit The output of a single, 6 bit, digital-toanalog converter is connected through a relay to the power control unit. With this
connection the computer can control the power regulator duty cycle and thereby
influence the operating point on the solar array voltage-current characteristic curve. By
considering factors such as sun angle and solar cell temperature, the computer can match
load to source at its maximum power capability. This interface may be enabled or
disabled by ground command.
OBP-2 Functions One of the most important functions of OBP-2 on OAO-C is that of
auxiliary command memory which was discussed in the previous section. Other of the
more significant functional modes which are likely to be implemented on future OAO
spacecraft and which can be demonstrated with the hardware available on OAO-C are
presented in this section.
Even though their implementation is possible, many of the functions shown here
probably will not be included as part of the normal operating program since the computer
memory capacity is limited. Trade off studies which consider function values and
memory requirements are not yet complete. This is a continuing process and even after
launch a function may be redefined. This flexibility, in fact, is one of the more important
features provided by the computer system. These functions are divided into four major
categories: (1) monitor and malfunction detection, (2) emergency action, (3) data
compression and status summary, and (4) “workarounds” for failure modes of other
spacecraft hardware.
Monitor and Malfunction Detection This function consists of the OBP acting as a
ground station when the spacecraft is not in contact with a station. In one case, it
monitors the commands issued by the PPDS and the response of the stabilization and
control components and detects possible malfunctions. Among the malfunctions the
computer may be programmed to detect are: failure of the PPDS stored command timing,
failure of jets to unload wheel momentum, failure of momentum wheel operation,
excessive drift of inertial reference unit, star tracker tracking stray light, star tracker
losing good star targets, and the sun moving into the experiment’s field of view. In a
second case, the computer can monitor spacecraft and experiment equipment
temperatures and compare them with maximum limits of dynamic models. Excessive or
unexpected measurements can be detected. Finally, the computer can perform energy
“bookkeeping” to sense battery rundown or detect failure in other prime electric power
system hardware.
Emergency Action These functions would be actions taken in response to diagnosed
malfunctions which, if left uncompensated for a short period of time, could cause
mission failure. The general purpose of these functions is to put the spacecraft into a safe

status until ground control can develop a workaround mode. One example of desirable
emergency action is for OBP-2 to fire appropriate jets to reorient the spacecraft if the sun
is detected moving into the Princeton experiment field of view, since direct sunlight can
cause permanent damage to optical sensors in the experiment.
Emergency action should also be taken if the temperature of any subsystem is detected as
exceeding a maximum limit. Here, equipment and/or heaters could be commanded off. In
case of overheating of experiment optical structures, the spacecraft could be reoriented.
In the case of abnormal battery discharge, the computer could command equipment
shutdown and/or spacecraft reorientation to the sunbathing attitude.
Another form of emergency action should be taken if OBP-2 detects that the spacecraft
has lost stabilization. For this instance, the computer could perform an initial
stabilization mode with jets and momentum wheels by using digital sun sensor and
inertial reference unit data.
Data Compression and Status Summary OBP-2 can assemble special telemetry
messages giving a rapid time history of spacecraft system status during the previous
orbit. Changes in status would be reported early in a contact so controllers can obtain a
“snap-shot” of spacecraft conditions. The malfunctions, if any, would be reported as a
part of this quick picture and the emergency action taken, if any, would be indicated.
This functions would also report on any telemetry which had exceeded specified limits.
Also forming a part of this status summary is a long list of messages relating to data
compression performed by the computer for all subsystems, particularly the power
subsystem. A very small sample of this list include: number of commands received,
number of jet firings, average wheel speed, IRU drift, jitter in the control system, average
temperature of equipment bays, end of night voltage, end of day current, battery
charge/discharge, solar array capability, etc. In all likelihood, this list will be limited in
size by the amount of memory available.
Failure Mode Workaround There are a large number of failure modes which would
leave the spacecraft ineffective if a computer were not on board to substitute an
equivalent function. Since failure modes cannot be predicted, the routines required to
provide a workaround capability will not be a part of any standard operating program. In
fact, any given workaround function can be presently defined only in very general terms.
Actual program assembly would not take place until after a failure had occurred and had
been thoroughly diagnosed. This backup capability is considered significant, however,
since it could have a large and positive impact on the life of the mission.

Conclusion Although OBP-2 is being flown on OAO-C as an experiment and the
actual interface is somewhat limited, one can realize how the computer can make a
positive impact on the OAO-C mission. Through auxiliary command memory, 1024
additional spacecraft commands can be executed in the delay mode. Through
malfunction detection, emergency action, and failure mode workaround, spacecraft life
may be extended. Finally, through status summaries, mission controllers can obtain
compressed reports of present spacecraft conditions and a history of spacecraft
conditions during the previous orbit.
This application of OBP-2 illustrates a powerful centralized computer performing a
variety of functions on a time shared basis. Since it is this same approach to system
organization which is being considered for future OAO spacecraft, the overall
hardware/software system philosophy will be tested on OAO-C. This centralized
computer concept is being applied in contrast to the distributed approach of providing a
smaller computer for every function. The reasoning here is that a system with a given
overall reliability can be implemented more economically with one machine than with
several. This logic is coupled with the belief that a failure of any one function, such as
command handling or stabilization and control, will be just as catastrophic to the mission
as a,failure of all functions.
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Abstract The SDP-3 is a small serial computer which will be flown as an engineering
experiment on the IMP-I (eye) spacecraft. In this application it will handle data
acquisition for four of the scientific experiments. Modifications to the SDP-3 which
improve its operation with little change in hardware complexity include: (1) permitting
full-word indirect addressing in user mode for all instructions which do not modify the
contents of memory, (2) extending output channel capability to cover all of memory, (3)
a new subroutine linkage instruction, (4) a conditional skip on memory zero instruction,
(5) byte oriented instructions, and (6) improved index register manipulation instructions.
The use of 8-bit MSI shift registers produces a significant hardware and power saving at
the expense of deleting all left-shifting instructions. Further hardware savings are
realized with a special multiplication instruction which allows the MQ register to be
deleted. As a result of these, and other, modifications the power dissipation of the SDP-3
has been decreased by 2/3 watt and the number of IC’s by 260 while in most respects
operation has either been unchanged or improved.
Introduction The SDP (Spacecraft Data Processor) series consists of various small
stored-program computers designed for small unmanned scientific spacecraft. These
computers are designed to do data compression, data formatting, and control functions
for the scientific experiments. The SDP-l is an extremely small machine of limited
capability. (Ref. 111) It is a serial machine with a 12-bit word, 512 words of scratch pad
memory, and 1024 words of NDRO program memory. We have done a number of
experiments with this computer in order to determine its capabilities and limitations. We
have done these experiments both with a simulated SDP-1 and with actual hardware. We
plan to report on these experiments in another paper.
The SDP-2 is a “paper” machine for which the design was never completed. It was
dropped in favor of the more promising SDP-3.
The SDP-3 computer was designed to be the core of the on-board data processing system
of a proposed advanced IMP (Interplanetary Monitoring Platform) spacecraft. We are

flying the SDP-3 in an off-line mode as an engineering experiment on the IMP-I (eye)
spacecraft. In this application it will service 4 scientific experiments.
With the incorporation of increased capability and a more serial architecture the SDP-3
became the SDP-3A. The SDP-3A (Ref. [2]) and its application to IMP-I (Ref. [3]) have
been described previously. This paper covers an improved version of the computer--the
SDP-3B. This is the version which will fly on IMP-I. A block diagram of the SDP-3B
appears in Figure 1.
Two types of changes have been made to convert the SDP-3A to the SDP-3B. The first
type is accomplished by small modifications to the hardware. These changes can have
significant effect on the utility of the computer by greatly improving its efficiency in
certain applications. Many of these modifications appear as changes in the instruction set
of the computer. They are summarized in Appendix I. The second type of change
involves extensive modification of the hardware. The object of this type is to reduce
either the amount of hardware or the power drain (or both) without significantly
degrading the capability of the computer. The two sections which follow cover these
changes in detail.
Changes Which Improve Performance A review of the SDP-3A design revealed that
improved performance could be easily obtained, at little or no cost in hardware, simply
by changing a few connections between registers or moving a few wires in the control
hardware. These changes are discussed below.
Interpage Access in User Mode The SDP-3 memory is divided into pages of 256
words each. A program in one page can communicate with another page only through
indirect addressing or via the LINK instruction. In the SDP-3A design, interpage access
by indirect addressing is blocked when the computer is in “User” mode. For program
protection, all programs other than the Time Sharing Monitor (TSM) are run in the user
mode. Since the LINK instruction is controlled by the TSM, this effectively prevents
undesirable interaction between the various user programs.
It has been discovered, however, that several of the user programs will require more than
one page of memory. The only possible communication between the several segments of
one of these programs is via the LINK instruction (that is through the TSM).
Unfortunately this mode of communication involves a large amount of overhead.
The problem is solved by permitting user programs to employ indirect addressing to
access any word in memory for those instructions which do not modify the contents of
memory or transfer control. Instructions which do modify the contents of memory or
transfer control retain the previous restrictions on interpage access. The hardware
required to produce this functional change is minimal. Previously the mode flip-flop

enabled full indirect addressing. Now the mode flip-flop OR’ed with a subset of the
outputs of the instruction decoder is used to enable full indirect addressing.
Figure 2 shows a possible application of the new interpage access capability. Page A
contains a user program which nearly fills the page and which requires a large data table.
The data table is placed in Page B. The user program can read the table at will, as shown
by the broken arrow from the table to the user program. The user program cannot directly
modify the table, however. When the user program generates new data for the table it is
put in a small buffer table in Page A. Then when this buffer is full the user program
transfers control, through the TSM via LINK instructions, to a table write subroutine in
Page B. This subprogram copies the buffer table from Page A into the large data table in
Page B. It then returns control to the user main program through the TSM via LINK
instructions.
Subroutine Linkage Linkage of subroutines via the LINK instruction (See Ref. [2]) is
reserved for communication between the TSM and the user programs because only a few
(16) LINK’s are available. Two additional instructions were provided in the SDP-3A to
facilitate subroutine linkage. These SDP-3A instructions (now obsolete) will be briefly
described in order to provide an appreciation of the improvement provided by the SDP3B instruction which supplants them.
The first of these instructions, XMPL, exchanged the contents of the Page Counter (PC)
and Line Counter (LC) with the location in memory specified by the effective address
(EA) of the XMPL instruction. Since PC and LC together determine the address of the
next instruction which will be executed, the result of performing an XMPL is a form of
“transfer and mark place.” Control is transferred to the location specified by the contents
of word EA. Simultaneously the former contents of PC and LC are saved in word EA.
If a location SUB is initialized with the address of a subroutine, then
XMPL

SUB

will initiate the subroutine. Then repeating the above instruction at the end of the
subroutine will return control to the main program. Because it permitted transfer to any
location in memory, this instruction was restricted to Monitor mode.
The second linkage instruction, STPL, stored the contents of PC and LC at location EA.
The next instruction in the calling program would be an unconditional transfer to a
subroutine. In order to return control to the main program the subroutine would first add
I to the stored return address (to skip over the unconditional transfer instruction), and
then do an indirect addressed unconditional transfer back to the main program.

The XMPL instruction had the disadvantage that it could not be employed in user mode
because it modified the contents of PC. This restriction could have been removed by
exchanging only LC in user mode, but the new linkage instruction which will be
described is more flexible. The linkage using STPL was quite awkward and required 5
machine cycles. It was possible, however, to employ the STPL linkage in User Mode
because the unconditional transfer is constrained to change only the LC in User mode.

Subroutine linkage in the SDP-3B was streamlined by deleting the XMPL and STPL
instructions and adding a new instruction TSPL (Transfer and Store PC and LC). This
instruction operates in a more conventional manner than the old ones.
Execution of the instruction
TSPL

SUBRT

causes the contents of PC and LC (the address of the instruction following the TSPL
instruction in memory) to be stored at location SUBRT. Instruction execution then
proceeds from location SUBRT+1 as shown in Figure 3. The TSPL instruction had been
considered during the design of the SDP-3A, but it was dropped in favor of XMPL and
STPL because they were easier to implement. Subsequent modifications for other
purposes supplied some of the hardware required for TSPL; therefore it is now the more
attractive alternative. Appendix II gives details of the operation of the TSPL instruction.
It is the most complex of the SDP-3B instructions.
Index Register Instructions The XMXR instruction, which exchanged the contents of
the index register (XR) with the contents of the right half of the word in memory
specified by the effective address, has been deleted. from the instruction list. It was
dropped because it was infrequently used.
Index register loading has been modified also. In the SDP-3A the right half of the word
specified by the effective address of the LDXR instruction was loaded into the XR. Now,
in the SDP-3B, the instruction which loads the XR is called MDXR (Modify Index
Register) and the effective address itself (modulo 256) is loaded into XR.
The change to MDXR is desirable for several reasons. It decreases the number of
memory accesses (and hence the energy) required to load the XR. It also requires fewer
words of core storage in the most frequent applications.
Assume, for example, that the XR contains significant data, but that the index register is
needed to control execution of a loop. Since the STXR instruction does not affect the left
half of the addressed word, it is possible to save the current contents of the XR in the

right half of an MDXR instruction. Execution of that MDXR instruction subsequent to
exiting the loop will then restore the contents of the XR. Shown below is a sample
program which uses this technique.

If the LDXR instruction had been used instead of MDXR, then two additional memory
locations would have been necessary. One of these would have been used for temporary
storage of the XR contents and the other would have held the constant 75.
If indirect addressing without indexing is specified for an MDXR instruction, then the
XR is loaded from the word in memory specified by the address field of the MDXR
instruction. For example, the instruction
MDXRI

ZAP

loads the contents of the right half of location ZAP into the XR. On the other hand, if
indexing without indirect addressing is specified for an MDXR instruction, then the XR
is incremented by the address field of the MDXR instruction. For example, the
instruction
MDXR

X

3

will cause the XR to be incremented by 3. If both indirect addressing and indexing are
specified in an MDXR instruction, then the XR is incremented by the contents of the
location specified by the address field of the MDXR instruction. For example, the
instruction
MDXR

1

X

GLOM

will cause C(XR) + C(GLOM) to be loaded into the XR. Before the MDXR instruction
was created, it took a series of 5 instructions to increment the XR by an arbitrary
constant. Now it can be done with a single instruction.
Byte Operations The memory system consumes well over half of the total power used
by the SDP-3. Therefore it is important to minimize the memory power drain if possible.
Fortuitously, the SDP-3 memory is divided into two separate memories, each with an 8bit word length. One of these memories supplies the left half of the,16-bit SDP-3 word
and the other supplies the right half of the word. These memories draw significant power
only when they are accessed. Consequently, only half as much energy is required to read
or write an 8-bit half word as is required to read or write a 16-bit full word.
The SDP-3B has been modified to take advantage of half-word memory access in several
ways. Indirect addressing in user mode need fetch only an 8-bit line number from the
indirect address location for all those instructions which alter the contents of memory
and for transfer instructions. The STXR instruction stores a half-word (it leaves the left
half of the addressed memory location unchanged) and an indirect addressed MDXR
instruction loads a half word. At present, Control Registers A and B (CA and CB) have
been reduced to 8-bit length (they are readily re-expandable to 16-bits each); therefore,
the LDCA and LDCB instructions now each load a half word.
Memory space is limited in the SDP-3 because the memory is both bulky and expensive.
On IMP-I we will fly 4,096 of a possible 65,536 words. On the other hand, data items are
frequently 8-bits or less in length. Therefore both memory space and power could often
be saved by expanding the use of half-word instructions. Accordingly, the SDP-3 has
been modified to include instructions which load or store half of the accumulator. These
are LDAL and STAL for the left half (using the left half memory), and LDAR and STAR
for the right half (using the right half memory). To facilitate handling tables of half-word
data, two half word compare instructions, CMAL and CMAR, have been added to the
SDP-3 repertoire. These two instructions compare the specified half of the accumulator
with the specified word in the same half of the memory and then skip the next instruction
if and only if the two half-words are equal. To further facilitate handling of half-word
data, the instructions RRAL and RRAR have also been added. They rotate right the left
or right half, respectively, of the accumulator.
Several of the mnemonics for instructions which manipulate the accumulator have been
changed because the half-word byte oriented instructions were added. These mnemonics
contained “AC” for accumulator. The present convention is to use “AL” for the left half
of the accumulator, “AR” for the right half of the accumulator, and “AT” for the total
accumulator. Table 1 lists the mnemonics which have been affected by this change. The
functions performed remain the same. These instructions are also listed in the
comprehensive list of changes in Appendix I.

Table 1
Old Mnemonic

New Mnemonic

LDAC
STAC
XMAC
CMAC
TACZ
TACM
SRAC
RRAC

LDAT
STAT
XMAT
CMAT
TZAT
TMAL
SRAT
RRAT

Output Channel The output channel of the SDP- 3A computer always read out page
15. This was quite sufficient for normal operation. Such a restriction is undesirable,
however, when one wishes to dump memory to track down a suspected hardware or
software malfunction. For this reason the enable output channel instruction, ENOC, has
been modified. Now in the SDP-3B the programmer can specify (by the effective address
of the ENOC) which page he wishes the output channel to read. The significant
additional hardware required is an 8-bit register in the output channel which holds the
number of the page which is to be read out. As there are presently 16 pages, this number
is taken modulo 16 in the current version of the computer.
Miscellaneous A skip if memory is non-zero instruction (SKNZ) has been added to the
SDP-3B. It is useful as a program switch in conjunction with the store zero (STZE)
instruction. SKNZ can also be used to search through a table looking for an unused
word, or in conjunction with the arithmetic operations which leave the result in memory.
SKNZ is included because it is easy to realize and in some programs it will reduce the
number of instructions required.
In the original SDP-3 the HALT instruction performed an unconditional transfer to the
location specified by the effective address (when the computer was restarted). This was
fine for operational programs; however, during debugging it was impossible to tell which
HALT was being executed if there were more than one which transferred to the same
location. To cure this problem, HALT has been modified to step to the next sequential
instruction when the computer is restarted, rather than transferring. The address field
(which now has no effect on the execution of the instruction) is then available for use as
an identification field. This field will be found in the line register (LR) when the
computer stops. Also, the Page Counter (PC) and Line Counter (LC) will contain the

address of the next sequential instruction, and thus also serve to identify the HALT
indirectly.
The register in the SDP-3 which is compared to the Real Time Clock (CL) was formerly
designated the Clock Register (CR). Occasionally the functions of the CL and CR were
confused by some people. Therefore the CR has been renamed Time Register (TR) to
make the distinction more obvious. The instruction which loads the TR is called LDTR;
its function is identical to the former instruction LDCR.
These various modifications which have been discussed have considerably improved the
usefulness and efficiency of the SDP-3 computer. The cost in hardware is negligible.
Changes Which Reduce the Amount of Hardware There are several reasons for
desiring to reduce the amount of hardware in a system. In the SDP-3 the two chief
motivations are increased reliability (with fewer parts there is less chance of failure) and
decreased power drain. Additional benefits are easier packaging and easier testing. For
these reasons, the SDP-3A was analyzed to see how the amount of hardware could be
decreased without serious impact on the computer’s capability. The resulting
modifications which have been incorporated into the SDP-3B are described below.
Multiplication and Division When two N-bit numbers are multiplied together, the
resulting product can require up to 2N bits. That this is so can be seen by observing that
(2N - 1)(2N - 1) = 22N - 2N+1 + 1. It would seem, then, that to multiply two N-bit numbers
would require 4 N-bit registers–one for the multiplicand, one for the multiplier, and two
for the product.
Multiplication in a digital computer is usually done by repetitive shifting and adding
using the recursion
(1)
where

(2)
is the multiplier and B is the multiplicand. It is easily shown by induction that CN+1 is the
product AB (taking aN+1 = 0). Observe that each bit of the multiplier is used only once
and can then be discarded. Also observe that the significant part of the partial product Cj
grows one bit larger each time j increases by one. As a result only 3 N-bit registers,
rather than 4, are sufficient to perform multiplication. Figure 4 illustrates this method of
multiplication.

Notice that the multiplier register is not very busy. It receives bits from the accumulator
(one at a time) and has only one output (the multiplier bit currently being considered).
One of the unique features of the SDP-3 is its split read/write memory cycle during the
E-phase of each instruction. The desired memory location is read into the storage buffer
register, the operation (which was set up during the I-phase) is performed, and then the
storage buffer register is written back into the same memory location. Consequently
instructions such as add to memory (ADDM) are possible.
Using this technique, the hardware multiplier register may be replaced by a pseudoregister in the memory. Instead of using a long right shift (SRAQ in the SDP- 3A) by one
bit to shift the new partial product bit into the multiplier register and to dispose of a used
multiplier bit, it is possible to use a new instruction. This new instruction (called PMUL,
for partial multiply) reads the pseudo-multiplier register from the memory into the
storage buffer register, shifts the accumulator and storage buffer register one position
right, and then replaces the altered contents of the storage buffer register in the pseudomultiplier register in memory. The program must of course be able to tell whether the
least significant bit of the pseudo-multiplier is a 1 or a 0. This can be accomplished by
skipping the next sequential instruction if and only if the bit in question is zero. Figure 5
shows a block diagram of multiplication using the PMUL instruction.
Given that multiplication will be accomplished via the PMUL instruction, the remaining
use for the MQ register is holding the quotient and the least significant portion of the
dividend during division. It happens that the MQ must be capable of shifting left in order
to be useful for division. The section of this paper on MSI registers, however, explains
why it is desirable from the standpoint of hardware reduction to remove all leftshifting
instructions. It is anticipated that division will be a comparatively rare operation in the
SDP-3; therefore, a fairly involved and lengthy software division process should be
adequate. As a result, the MQ register can be deleted from the SDP-3A without serious
loss of capability and with significant reduction of hardware and power drain.
Deletion of the MQ produces a direct saving of about 40 integrated circuits (IC’s) which
dissipated about 140 mw. In addition, all instructions which manipulated the MQ may be
deleted. These instructions loaded and stored the MQ (LDMQ and STMQ) and rotated
and shifted the MQ (RRMQ, SRAQ,ARAQ). Three more instructions also used the MQ.
They were leftshifting instructions and were also deleted for that reason. These
instructions were Shift and Invert Bit Order (SIBO), Rotate Left AC and MQ (RLAQ),
and Normalize (NORM). Thus an additional saving of the circuitry and power necessary
to implement 8 instructions is realized.
Actually, the PMUL instruction is considerably more involved than the foregoing
description implies. The SDP-3 is a two’s-complement machine; therefore it is desirable
to have the capability of directly multiplying numbers in two’s-complement form. This

can be accomplished by the Booth algorithm. (Ref. [4] and Ref. [5]) For this algorithm
the recursion formula is
(3)
where a0 is taken to be 0. Now, the computer must either shift, shift and
add, or shift and subtract depending on the values of ai and aj-1 . The PMUL instruction
allows for these three possibilities by either passing control to the next sequential
instruction, skipping one instruction, or skipping two instructions. (See Table 2.)
Table 2
PMUL Instruction

aj

aj-1

0
0
1
1

0
1
0
1

Desired Function
Shift
Shift and add
Shift and subtract
Shift

Number of
Instructions Skipped
2
0
1
2

At any stage of the multiplication process, aj will be found in SR8 (the right-most bit of
the right half of the storage buffer register). At the same time aj-1 will be in a new 1-bit
register, SX. The SX register is set to 0 at the beginning of multiplication (so that a0 = 0)
by the TOIM instruction. The TOIM instruction also sets the overflow flip-flop to zero.
If the overflow flip-flop was a changed from 1 to 0 by the TOIM instruction, the
instruction transfers control to the address specified. Otherwise, execution continues at
the next sequential instruction. In the SDP-3B the TOIM instruction replaces the TOVF
instruction of the SDP-3A.
In the SDP-3A each add or subtract instruction set the overflow flipflop to 0 if that
instruction did not cause an overflow and set the overflow flip-flop to I if the instruction
did cause an overflow. In contrast, the add and subtract instructions in the SDP-3B
cannot set the overflow flip-flop to zero; they can only affect the overflow flip-flop by
setting it to 1 if the operation overflows. Consequently, a TOIM instruction tests whether
any addition or subtraction has overflowed since the last previous execution of a TOIM
instruction. This allows a single TOIM instruction to check for overflow in any of the 16
possible additions or subtractions in the multiplication subroutine. This can save as many
as 15 instructions (more than 1.1 ms) per multiplication as compared to checking each
addition or subtraction separately.

A multiplication subroutine which uses the PMUL instruction is shown in Appendix III.
This subroutine also demonstrates.the use of the TOIM, TSPL, and MDXR instructions.
A program uses the multiplication subroutine by storing the multiplier at location MPYR
and storing the multiplicand in location MCND. Then the sequence

calls the subroutine. Normally the subroutine returns control at location FAZZ+2. It
leaves the most significant part of the product in the accumulator and the least significant
part of the product in location MPYR. In case of overflow, the subroutine returns control
at location FAZZ+1. This subroutine takes an average of 52 instruction cycles (4.0 rns).
MSI Registers Space flight qualified, low-power, 8-bit, TTL Medium Scale
Integration (MSI) shift registers (Texas Instrument SN54L91R) have recently become
available. These registers are compatible with the Fairchild LPDTFL circuits which were
used exclusively in the SDP-3A. The MSI registers consume significantly less power
than their “discrete” counterparts (18 mw vs. 36 mw) and occupy less space (1 package
vs. 9 packages). The disadvantage of the MSI registers is that only serial output is
available; therefore, the original “discrete” registers must be retained in all instances
where parallel access to the contents of the register is required.
There are 11 registers in the SDP-3 which can trivially be replaced by MSI registers.
These registers are the page counter PC , line counter (LQ, index register (XR), 4
registers in the input channel (DA, DB, DC, DD) and 4 registers in the output channel
(BA, BB, BP, BL). The resulting saving is 88 IC’s and about 200 mw.
The original Real Time Clock subsystem consisted of a 16-bit ripple counter for the
clock itself (CL) and a 16-bit shift register for the Time Register (TR). In addition there
was a 16-bit parallel comparator which generated a priority interrupt request whenever
the contents of CL were the same as the contents of TR. In the SDP-3B the 16-bit ripple
counter is replaced by 2 8-bit MSI shift registers and a serial adder. The 16-bit shift
register is replaced by 2 8-bit MSI shift registers. Then, the 16-bit parallel comparator is
replaced by a 1-bit serial comparator. Furthermore, the contents of the new serial CL
register are now transmitted in serial form directly to the memory during the store clock
(STCL) instruction.
In the SDP-3A a 16-bit parallel gate was used to transfer the contents of the CL register
(then a ripple counter) to the RT register (a multipurpose serial to parallel and parallel to
serial converter) ‘ Another similar 16-bit parallel gate which transferred the state of the
interrupt service request lines into the RT register (for the “Store Interrupt Request”

(STIR) instruction) was also eliminated. In order to accomplish this, the STIR instruction
now uses the same transfer gates that the priority interrupt system uses. Consequently,
the STIR instruction now stores the state of each interrupt service request line ANDed
with the corresponding bit of the Mask Register (MR). This is not a serious restriction
because one can disable the interrupt system, load the MR with all ones, perform an
STIR instruction, restore the MR to its previous state, and then reenable the interrupt
system and thereby perform the function formerly performed by the STIR instruction
alone. Together, the modifications of the Real Time Clock and the STIR instruction save
about 60 IC’s and 50 mw.
The MSI shift registers (as previously mentioned) do not have parallel inputs or outputs.
Furthermore, any one register can shift in only one direction. Therefore it is impossible
to use MSI registers for left shifting in the SDP-3 unless they are loaded in serial from a
non-MSI bidirectional register. All but one of the left-shifting instructions in the
SDP-3A used the MQ register which has been deleted in the SDP-3B. Furthermore the
left-shifting instructions added relatively little to the capability of the SDP-3; they were
infrequently used and they can be simulated (painfully) by subroutines consisting of only
right shifting instructions. For this reason the remaining left shifting instruction “Shift
Left AC” (SLAC) has been deleted and the AC (now called the A register) has been
converted to use MSI registers. The saving is 35 IC’s and about 100 mw.
Miscellaneous The SDP-3A Experiment Interface Unit (EIU) contained provision for
interfacing with 8 Experiment Interface Packages (EIP’s). On IMP-I there are only
4 EIP’s. Since we have no firm idea how many EIP’s would be used in future
applications (it would probably be more than 8 anyway) we decided to delete the EIU
hardware which serviced the 4 nonexistent EIP’s on IMP-I. We thereby saved 14 IC’s
and about 30 mw. Furthermore we helped alleviate a connector pin shortage by saving 16
pins.
Similarly, less than half of the bits of the Control A Register (CA) and less than half of
the bits of the Control B Register (CB) are being used for IMP-I. Therefore each of these
registers has been shortened to half-word length. The resulting saving is 18 IC’s and 72
mw. We also save 16 more connector pins. An additional benefit is that half-word load
instructions (LDCA and LDCB) use less energy than full word ones would. LDCA loads
from the left half of the addressed memory word and LDCB loads from the right half of
the word. This facilitates conservation of memory
space.
The Mask Register (MR) and Control B Register (CB) were composed of clocked flipflops in the SDP-3A. These flip-flops are packaged I per IC and consume more than 4
mw apiece. In the SDP-3B these registers have been converted to set-reset flip-flops
made of NAND gates which are packaged4 per IC. It takes 3 NAND gates per register

stage to realize a flip-flop plus loading gate. The power dissipation using this method is
1 mw per stage. The savings realized are 6 IC’s and 72 mw. for the 24 stages affected.
The Control A Register (CA) must continue to use clocked flip-flops. The transient 0
output which would occur from any stage which was a I both before and after an LDCA
instruction would disturb external devices connected to the CA register if set-reset flipflops were used. There is no problem with the CB register because its output is a short
pulse. The MR is sampled only at times when it is not being loaded, so there is no
problem with it either.
Summary Full-word indirect addressing in user mode and the subroutine linkage
instruction TSPL have greatly facilitated the writing of user programs for the SDP-3B.
Byte oriented instructions and improved index register instructions conserve power and
memory space, both desirable goals in a spaceborne computer. Table 3 summarizes the
hardware and power savings obtained by the use of MSI registers and the other
modifications which were discussed. The SDP-3B exclusive of the memories consists of
500 IC’s which consume about 1.3 watts. Reference to Table 3 reveals that the SDP-3A
had in excess of 50% more IC’s and used in excess of 50% more power than the
SDP-3B.
Table 3

Modification
Delete MQ
MSI Registers
Real Time Clock
Delete Left AC
EIU Reduction
CA and CB
MR and CB

Integrated Circuits
Saved

Power Saved
(mw)

40
88
60
35
15
18
6
Total 262

140
200
50
100
72
35
72
669

Fig. 1 - SDP-3B Block Diagram

Fig. 2 - Multipage Program Example

Fig. 3 - TSPL Subroutine Linkage

Fig. 4 - The Usual Method of Multiplication

Fig. 5 - Multiplication Using PMUL

Summary of Instruction Set Changes
A. The SDP-3A Instruction Set With Corresponding SDP-3B Instructions

Appendix II.
TSPL Instruction Dissected

Notes on Appendix II
x = 1 for instructions which transfer (includes TSPL)
m = 1 for Monitor Mode
t = 1 for indexing (tag bit)
f = 1 for indirect addressing (flag bit)
0/ is any combination of 1’s and 0’s
GM <PR:LR> is the location in memory addressed by PR and LR

References

[1]

R. A. Cliff, “The SDP-1 Stored Program Computer,” Trans IEEE, Vol. AES-4,
No. 6, pp 864-870, Nov. 1968.

[2]

R. A. Cliff, “The SDP-3--A Computer For Use On Board Small Scientific
Spacecraft,” EASCON 168 Record, pp 521-5Z7, Sept. 1968.

[3]

R. A. Cliff and S. Paull, “The IMP-I Computer Experiment,” NTC 169 Record,
pp 176-183, April 1969.

[4]

A. D. Booth, “A Signed Binary Multiplication Technique,” Quart. Journ. Mech.
and Applied Math., Vol. IV, Pt. 2, pp 236-240, 1951.

[5]

Y. Chu, “Digital Computer Design Fundamentals,” McGraw-Hill, N. Y., N. Y.,
1962, pp 32-34.
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INTRODUCTION
To cover a wide range of events, the cosmic ray experiments oh the IMP-I spacecraft
make use of three separate detectors. These are the medium energy detector (MED), the
low energy detector (LED), and the very low energy detector (VLED). As outlined in
Fig. 1, the source encoding associated with each detector receives output pulse signals
from its detector, identifies and analyzes events of interest, monitors event rates, selects
results to be telemetered and feeds these results to accumulators and then to storage
registers in the spacecraft central encoder. Since there are many other experiments on the
spacecraft, the central encoder transfers the data from the registers to the telemetry at the
appropriate times in accordance with the PCM format shown in Fig. 2.
In the source encoding system pulse level threshold detectors and coincidence-anticoincidence logic are used to identify events. Pulse heights are analyzed over a dynamic
range as large as 20,000. To more effectively utilize the limited data bits available,
analyzed events are selected for telemetry in a periodically changing order of priority.
The circuitry was designed to minimize weight, volume and power drain, and to maintain
stable characteristics while unattended for periods as long as one year. The operating
temperature range is -20EC to +60EC.
MEDIUM ENERGY DETECTOR
Fig. 3 shows a cross section of the medium energy detector (MED). The D, E, F and G
detectors are scintillating crystals which give a light output proportional to the energy
expended by incident cosmic rays. The light from each crystal is collected by its
associated photomultiplier tube. The tubes yield output electrical pulses with amplitude
proportional to the energy expended by the incident cosmic ray.

MED EVENTS ANALYZED
Fig. 3 also lists the events for which the energy expended in each of the D, E and F
detectors is analyzed. The events are detected and identified by threshold detection and
coincidence-anti-coincidence logic circuitry. Fig. 4 show a block diagram of a typical
threshold detector-logic arrangement used. Hybrid-tunnel-diode threshold detector and
logic circuitry, described in detail in references (1) and (2), is used. This circuitry has
relatively fast response times (50 nanosecond range) in addition to a low power drain
(milliwatt range).
The pulse height analysis (PHA) consists of determining the pulse amplitude of the D, E
and F output signals over a dynamic range as large as 20,000. This wide range is
obtained by use of multiple ranges and range selection.
Fig. 5 is a generalized block diagram of the wide range pulse height analyzer used with
the MED. As indicated, outputs are taken from three separate electrodes of the
photomultiplier tubes and fed to three identical amplifier, delay and linear gate chains.
The outputs have fixed amplitude factors of 1, 1/8 and 1/50. The signals in the X1 and
X 1/8 chains, after amplification, drive top-of-range threshold detectors. The outputs of
these threshold detectors feed the range decision circuit. Whenever an event of interest
occurs, as determined by the coincidence-anti-coincidence logic, the range decision
circuit opens the appropriate linear gate as indicated in Table I.

It will be noted that the input signal is delayed to allow time for the logic and range
decision circuits to determine which linear gate should be opened. The signal pulse
passed by the linear gate is converted into a pulse train, with the number of pulses
proportional to the signal pulse amplitude. The pulses in the pulse train are counted by
the accumulator in the central encoder. The range decision circuit also feeds the two
range bits, SF1 and SF2, to the central encoder. These bits indicate the multiplying factor
(X1, X8 or X50) to be applied to the readout from the pulse height analyzer accumulator.
A more detailed description of the wide range pulse height analyzer is given in
reference (3).

Fig. 6 is a system diagram of the MED source encoding. This shows the use of the three
range pulse height analyzer in analyzing D, E and F ‘ Table II lists the information bits
contained in an MED analyzed readout.

It will be noted that D and E have a common range or multiplying factor. As shown in
Fig. 6, a common range decision circuit is used for D & E with the top-of-range
threshold detectors driven by the sum of the outputs from the D and E detectors.
MED EVENT PRIORITY
Because of the limited data rate capability, one analyzed MED event is read out to
telemetry each half sequence or each 2.56 seconds (Fig. 2). Since pulse height analysis of
an event requires a process time of approximately 3.1 millisecond, many events may be
received and processed between readout times (each half sequence). To more effectively
utilize the limited data rate capability, the analyzed events are read out to telemetry on a
priority order basis.
Four separate orders of priority are used. These are listed in Table III, together with the
time during which each order of priority applies.

Priority order I applies during 3 of each 8 telemetry sequences, priority orders II and III
apply during 2 each of 8 sequences and priority order IV applies during the remaining I
of each 8 sequences. Priority order 1, applied for the longest time, assures processing of
the rarer events. The use of other orders of priority prevents one type of event from
predominating during periods of high activity.
Fig. 7 is a generalized block diagram of the MED event priority system. The
coincidence-anti-coincidence logic generates output pulses on separate lines for each of
the four events of interest. These outputs, if not inhibited, go through their respective
event gates on to the event encoder. The event encoder sets the EI and EII event
identification (I.D.) bistables, identifying the event received.
The outputs from the EI and EII I.D. bistables go to the event priority matrix. Also
feeding the event priority matrix are three lines from the central encoder which identify
thd telemetry sequence (0 through 7) and thus the priority order. The four outputs from
the event priority matrix, if not disabled by the inhibit-disable-at-start network, go on to
apply inhibit signals to the appropriate event gates. Thus, dependent on the telemetry
sequence (establishing order of priority) and the previously processed event during the
half sequence (indicated by EI and EII event bistables), the event priority matrix will
inhibit events similar to that previously processed and all lower priority events for the
remainder of the half sequence. Events at higher priority will be allowed through for
processing with the event priority system again operating as described above.
It will be noted that at the start of a half sequence the event priority matrix outputs tend
to inhibit one or more events (dependent on the last processed event during the previous
half sequence). The inhibit-disable-at-start network prevents the priority matrix outputs
from inhibiting any event at the start. Thus, the very first event, received after the start of
a half sequence is processed. The inhibit-disable-at start is removed after this first event
has been processed.
As indicated in Fig. 6, and Fig. 7, whenever an event is accepted for processing, the
event encoder generates a process signal. This signal initiates the process of opening the
linear gates, the pulse height to the pulse train conversions and the accumulations. After
a delay, to assure completion of processing, a transfer signal is sent the central encoder
which transfers the reading in the accumulator to a storage register, replacing the
previous reading, if present. This action clears the accumulator for the next reading.
Thus, the highest priority event occuring between readouts will be read out from the
storage register to telemetry each half sequence. As indicated in Fig. 2, the read out
includes the event identifying bits EI and EII. It will be noted from Fig. 6 that the central
encoder supplies a readout inhibit signal during telemetry readout. This signal inhibits
the system logic so that events will not be processed during readout. As indicated in
Fig. 6, the central encoder supplies the sequence identifying bits A, a1 and a2. These are

transferred to the sequence stage bistables (which drive the priority matrix) at the start of
the readout. A more detailed description of the event priority system is given in
reference (4).
MED EVENT RATES
Fig. 6 and Table IV list the 16 MED event rates monitored. These events are determined
by use of the coincidence-anti-coincidence logic circuitry described previously. An
output pulse of approximately 1 microsecond duration is generated when an event
occurs. The D1 · E · ·
and the D1 · E · F ·
event output pulses are fed directly
to accumulators Rl and R2 in the central encoder. The output pulses for the remaining 14
events feed the 7 commutating switches (M3-M9). The a3 bit supplied by the central
encoder changes state each snapshot (every 4 sequences) and controls the commutating
switches. Thus, as indicated in Table IV, the output pulses from the remaining 14
events are accumulated during alternate snapshots.

Accumulators R1 through R9 in the central encoder are of the data compression type.
The accumulators with a capacity of 24 bits input perform logarithmic compression to
yield an output of 12 bits.
At the end of each snapshot, the central encoder transfers the readings in the R1-R9
accumulators to storage registers. The information in these registers is readout to

telemetry during the following snapshot in accordance with the format shown in Fig. 2.
Table IV summarizes the MED event rates accumulation and readout times.
MED SECTORED RATES
Fig. 6 shows 4 of the MED rate outputs fed to a sector commutator, the one commutator
output goes on to the MED sectoring in the central encoder. Here, this input is fed, in
turn, into each of 8 accumulators, dependent upon which one of the 45E sectors the MED
axis is pointing towards. Each accumulator counts the pulses in its sector. As indicated in
Fig. 2, the accumulating time for each event is 16 sequences with the telemetry readout
occuring in channels 6-15, frame 4 of sequence 12. The sector accumulators are also of
the 24 to 10 bit compression type.
Bits C25 and C26 from the central encoder control the sector commutator such that it
steps from one input to the next each 16 sequences. Thus, each of the 4 sectored inputs is
accumulated for 16 sequences out of every 64 sequences and is read out once each 64
sequences.
MED POWER DRAIN
The MED source encoding system has a power drain of approximately 1.2 watts.
LOW ENERGY DETECTOR
Fig. 8 shows the cross section of the low energy detector (LED). The A and B detectors
are solid state devices which yield an electrical output pulse with amplitude proportional
to the energy expended by the incident cosmic ray. The C detector is a plastic
scintillation feeding a photomultiplier tube. The tube yields an output electrical pulse for
an incident cosmic ray.
LED SOURCE ENCODING SYSTEM
Fig. 9 is a system diagram of the LED source encoding. As indicated, events are
analyzed over a wide dynamic range, analyzed events are telernetered on a priority basis,
event rates are monitored and sub-commutated, and 2 event rates are sectored. The
circuitry used is similar to that used in the MED system.
LED EVENTS ANALYZED
Fig. 8 lists the events for which the energy expended in the A and B detectors is
analyzed. The pulse amplitudes of A and B are analyzed over a dynamic range of 4000.
This wide range is obtained by use of the multiple range system described for the MED,

except that two ranges (X1 and X10) are used here. Table V shows the information bits
in an LED analyzed readout.

A and B have a common range or multiplying factor. As indicated in Fig. 9, the top-ofrange threshold detector is driven by the sum of the outputs from the A and B detectors.
LED EVENT PRIORITY
As with the MED, one analyzed LED event is read out to telemetry each half sequence or
each 2.56 seconds (Fig. 2). The LED analyzed events are also read out to telemetry on a
priority basis. From Fig. 9, it will be noted that a priority system similar to that described
for the MED is also used for the LED. The LED uses three separate orders of priority,
with the priority orders changing each sequence in accordance with the schedule shown
in Fig. 9. The sequence identifying bits A and a1, supplied by the central encoder,
control the priority order.
LED EVENT RATES
Fig. 9 and Table VI list the 10 LED event rates monitored.

The A · (A & B)1 · B · and the A1 · B · event output pulses are fed directly to the
R1 and R2 accumulators in the central encoder. The output pulses for the remaining 8
events are sub-commutated through the 8 position LED commutator. The output feeds
accumulator R3. Thus, as indicated in Table VI, each of these event rates are
accumulated for one snapshot every cycle, a cycle consisting of 8 snapshots. Sequence
I.D. bits a3, a4 and a5, from the central encoder control the LED commutator. The R1,
R2 and R3 accumulators are of the 24 to 12 bits logarithmic compression type. Table VI
summarizes the LED rates accumulation and readout times.
LED SECTORED RATES
Fig. 9 indicates that the A · (A & B)1 · B · and the A1 · B ·
rates are sectored.
These rates together with 6 VLED rates are sub-commutated. This operation will be
described in the latter section on the VLED rates.
LED POWER DRAIN
The LED source encoding system has a power drain of approximately 0.8 watts.
VERY LOW ENERGY DETECTOR
Fig. 10 shows the cross section of the very low energy detector (VLED). S and AS are
solid state detectors which yield an electrical pulse with output amplitude proportional to
the energy expended by the incident cosmic ray. The mechanical collimator acts as a
shield allowing cosmic rays only through the small opening at the top (line of sight).
Two detectors are mounted, side by side, perpendicular to the spacecraft axis. Both face
outward. These are the SI -AS1 and S2-AS2 units. Two other units are mounted along
the axis of the spacecraft, both facing away from the earth. These are the T1-AT1 and
T2-AT2 units. Two units are used facing each direction to provide redundancy.
VLED INTEGRAL ANALYZERS
Fig. 11 is a system diagram of the VLED source encoding. It will be noted that each of
the four detector inputs drive integral analyzers. The integral analyzers measure the
number of detector pulses per unit time (events meeting anti-coincidence requirements)
exceeding a pre-set threshold level. The threshold level is periodically set at seven
separate levels. The threshold levels cover a dynamic range of 50. Each of the four
integral analyzers, through commutation, drives its associated accumulator in the central
encoder. These accumulators are the 24 to 12 bit logarithmic compression type. The data
in each of the accumulators is read out once each snapshot as indicated in Fig. 2. The bits
a2, a3, a5 from the encoder control the threshold level and commutation. Table VII

summarizes the VLED accumulation and readout times. It will be noted that in addition
to the seven threshold level events, the anti-coincidence rate is monitored during one
snapshot out of every eight snapshots and readout once every eight snapshots.

Fig. 12 is a generalized block diagram of the integral analyzer. The input from the
detector (T) is fed to a variable level threshold detector. The threshold level is changed
periodically (once each snapshot). The anti-coincidence (AT) detector input is fed to a
fixed level threshold detector. The outputs of the threshold detectors drive the anticoincidence logic. This is the tunnel diode logic circuitry described previously for the
MED system. The logic out pulse (TX ·
) and the anti-coindidence out pulse (AT1)
are fed to the commutator. The commutator, controlled by the central encoder bits a3, a4
and a5, drives the accumulator in the central encoder.
Fig. 13 is a schematic diagram of the threshold detector. A constant current drives the
common emitters of transistors Q1 and Q2. The constant current I = 2Ip, where Ip is the
tunnel diode (CR1) peak or firing current. With no input signal Q1 conducts and Q2 is
cut off because of the low d.c. impedance (secondary of transformer) on the base of Q1
and the voltage Vt on the base of Q2. An input pulse with amplitude exceeding Vt/n
causes Q2 to conduct and CR1 to switch to its high voltage state, yielding an output.
Thus, the value of Vt (which is controlled by the central encoder in the variable threshold
detector and constant for the fixed threshold detector) determines the threshold level.
VLED-LED SECTORED RATES
Fig. 11 shows that six VLED event rates are sectored. These rates, (S1)1, (S1)3, (S1)5,
(S2)1, (S2)3 and (S2)5, and the two LED rates A · B ·
and (A & B) 1 · B · , are fed
to an eight position commutator. The output of this commutator (controlled by the
central encoder bits C25, C26 and C27) goes to the VLED sectoring in the central

encoder. This sectoring operates similar to that described for the MED system with 8
separate accumulators counting events in each of the 8 sectors. As indicated in Fig. 2, the
VLED sectoring is read out once each 16 sequences. Thus, each of the 8 rates to the
sectoring commutator is accumulated for 16 sequences each 128 sequences and read out
once each 128 sequences.
ANALOG PERFORMANCE PARAMETERS
Fig. 11 shows that eight separate detector leakage current inputs are fed to an eight input
analog gate. The inputs are in the form of a d.c. voltage in the range 0.0 volts to 5.0
volts. The output of the analog gate feeds into the central encoder. As indicated in Fig. 2,
this output is read out as an eight bit word once each 16 sequences. Thus each of the 8
performance parameters is read out once each 8 x 16 or 128 sequences.
VLED POWER DRAIN
The power drain of the VLED source encoding system is approximately 0.5 watts.
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A COMPLEMENTARY MOS SPACECRAFT DATA
HANDLING SYSTEM
FRED J. LINK and ROBERT J. LESNIEWSKI
Flight Data Systems Branch
Spacecraft Technology Division,
Goddard Space Flight Center
Greenbelt, Maryland

Summary An on-board data handling system for a 1970 earth orbiting spacecraft has
been designed and is currently being fabricated using medium scale integration,
complementary MOS arrays. This arrangement which interfaces with the spacecraft’s
cosmic ray experiment will essentially be an engineering experiment. The organization
can be divided into several distinct parts: a 512 word by 16 bit memory, a logarithmic
data compressor, 5 rate counter/ registers, an address switcher, and a control logic block.
The system contains random access 64 bit memory arrays, 8-bit preset counters, and 8-bit
parallel load shift registers. The smallest of these arrays contains over 200 active
devices. The rest of the scheme is composed of multi-input nand and nor arrays, D type
flip-flops, and 7 stage binary ripple counters. Without these MSI arrays the part count
would have exceeded 1000, and would require more than one watt of power compared to
the complementary arrangement which requires less than 80 milliwatts.
Introduction Complementary MOS has long been recognized as the ideal logic for
spacecraft applications because of its low power dissipation, high noise immunity,
excellent temperature characteristics, wide operating supply range and reasonable
switching speed. However, it has been only recently that logic blocks of sufficient
complexity and variety have become available incorporating complementary MOS
technology to realistically consider designing spacecraft data systems. Therefore, a small
spacecraft scheduled for launch in late 1970 will carry into earth orbit what in all
likelihood will be the first complementary MOS data system. This system (Figure 1)
which interfaces with the spacecraft’s cosmic ray experiment will essentially be an
engineering experiment.
Data Handling System
Memory Addressing Logic Whenever the experiment detects a cosmic ray particle, an
8-bit word is presented to the memory addressing logic. The 8-bit word is equivalent to
the particle energy value which represents one of 256 energy levels. Thus, a word

signifying that energy level is read from memory into a counter, incremented by one, and
placed back into memory at the same address. Each word of memory is actually a
software binary counter, counting the number of particles of a given energy level for a
fixed period of time. The experiment’s ability to detect events is limited to a maximum
of one every 100 microseconds. Therefore, the data system will not be accessed at a rate
greater than 10 kilohertz.
Rate Counters Associated with the experiment are five 16-bit rate counters. Four of
these counters represent gross energy levels, and the fifth counter is used to monitor the
experiment’s system parameters. Whenever an 8-bit word is presented to the memory
address logic, by the experiment, one of these five counters is incremented by one.
Periodically 22 words of memory are logarithmically compressed from 16 to 8 bits, and
are sent along with data from the five rate counters and an 8-bit address to the spacecraft
encoder. This address is monitored so that the value of the first energy level sent from
memory will be known.
Each of the five rate counters shown in Figure 1 is composed of two 8-bit binary counter
arrays (200 active devices) in cascade and two 8-bit parallel shift register arrays (200
active devices) in cascade with the counter outputs connected to the register parallel
inputs. The input rate for any of these counters will be significantly less than 10
kilohertz. Periodically the contents of each counter is transferred to its adjacent register
and each counter is reset.
Each register shifts the data at a 400 bit per second rate to the spacecraft encoder. The
worse case power dissipation of these five rate counters (10 counter arrays, 10 register
arrays) using a +12 volt supply is less than 400 microwatts. (P channel logic for the same
application would require more than 10 milliwatts.)
Memory Organization The 8 kilobit memory (Figure 2) organized as 512 words of 16
bits uses IZ8 memory arrays containing 64 bits (400 active devices) of random access
NDRO memory. The decoding is X-Y select, and current sensing is the method of readout using complementary bipolar emitter followers. The address logic is activated by the
presence of the read command. The presence or absence of current is then sensed and
respectively a one or zero is read out on each of 16 data lines. Without the read
command the memory, decoder, and sense amplifiers (a total of 170 arrays) dissipate 0.8
milliwatts, the majority of which is due to bipolar leakage current. The memory can
access 500 thousand words a second dissipating 1.6 watts. At worse case the memory in
the data system will be accessed at a 20 kilohertz rate and due to the complementary
circuitry will dissipate only 64 milliwatts without resorting to power switching.
The memory is divided into two halves of 256 words each. The memory has the ability to
be time-shared by both the experiment and the spacecraft encoder. This is performed by

means of a ninth memory address bit that indicates which half of memory is in operation.
A priority must be established, and, because the cosmic ray experiment accesses memory
more often, it receives the highest priority. The ninth bit flip-flop will always point to the
half of memory that the experiment is using. When the spacecraft encoder needs a word
from memory, the experiment is inhibited, and the ninth bit is changed to point to the
other half of memory. As soon as this word has been fetched, the inhibit is lifted, and the
ninth bit is reset to point to the experiment’s address again.
Data from the memory is either loaded into a 16 bit binary counter to be incremented by
one or is loaded into a 16-bit register to be shifted to the logarithmic compressor. The
counter and register arrays previously mentioned are used for these functions and will
dissipate no more than 80 microwatts. If all 256 words have been read out of memory,
the ninth bit is switched so that both the experiment and the spacecraft encoder can
continue to use opposite halves of memory. Prior to this, at the time of read out, zeros are
substituted into the memory so that no erroneous count will be left in memory for the
experiment to misuse.
Logarithmic Data Compressor The logarithmic data compressor,1as a subsystem
(Figure 3) dissipates only 40 microwatts because of its low duty cycle. It must compress
22 words from memory every second and shift the compressed data to the spacecraft
encoder at a 400 bit-per- second rate. A 16 bit word is compressed to 8 bits; bits 1
through 4 indicate an exponent and bits 5 to 8 indicate the 2nd, 3rd, 4th, and 5th MSB of
the original word. A word fetched from memory is loaded into a 16 bit parallel load shift
register and is shifted into a 5 bit shift register. The word is shifted until a I enters the
most significant stage of the 5 bit register. This enacts the control to stop shifting the rest
of the word into the 5 bit register. However, the remaining shift pulses are counted by a 4
bit counter. The 2nd, 3rd, 4th, and 5th MSB’s of the word plus a 4 bit binary
representation of the exponent is loaded into an 8 bit parallel load shift register which is
then sent to the spacecraft encoder. The most significant bit is not sent since it is known
to be a one.
Part Count The total part count of the system is 265 arrays; 178 of these are MSI
arrays, namely 64-bit memory arrays2 (Figure 4A), 8-bit preset binary counters3 (Figure
4B), and 8-bit parallel load shift registers (Figure 4C). The remaining arrays consist of
multi-input nand and nor arrays, D type flip-flops and 7 stage binary ripple counters.
1

Schaefer, D. H., “Logarithmic Compression of Binary Numbers,” Proceedings of the IRE, Vol.
49, No. 7, July, 1961.
2

3

Work on the 64-bit memory array is being performed by RCA.

Work on the 8-bit counters and shift registers is being performed by Solid State Scientific
Corporation.

Without the MSI arrays the part count would have exceeded 1000. A system built with
either P channel and bipolar technology, even assuming a core memory, would require
more than one watt compared to the complementary system which requires less than 80
milliwatts.

Fig. 1 - Spacecraft Data Handling System.

Fig. 2 - Memory Organization.

Fig. 3 - Data Compressor.

Fig. 4a - 64 Bit Memory Array.

Fig. 4b - 8 Bit Preset Binary Counter.

Fig. 4c - 8 Bit Parallel Load Shift Register.

USE OF L- AND S-BAND TRANSMITTERS FOR OUTER
SPACE APPLICATIONS
PHILLIP A. UPDIKE
RF Engineering Department
Teledyne Telemetry Co.

Summary This paper discusses six engineering problems associated with high
reliability L- and S-band transmitters for use in space programs. The problems are:
1.
2.
3.
4.
5.
6.

Stable power in thermal vacuum
Low intermodulation products
Frequency stability
Isolation of power and modulation inputs
Efficiency
Size and weight

It is concluded that further improvements of primary transmitter characteristics, such as
size, weight, frequency stability and efficiency will be determined by the rate of progress
achieved by the electronic component manufacturers.
Introduction In 1966, Teledyne Telemetry Company developed a vented S-band
transmitter for use on spacecraft. Variations of this design are now being used on several
weather satellite programs, including TIROS, ESSA and Nimbus. This paper reviews
some of the more challenging engineering problems that were encountered at Teledyne
Telemetry Company in adapting this transmitter design to the weather satellite mission.
Transmitter Performance Required by Typical Applications The requirements
placed on high-reliability L- and S-band Transmitters for space applications continue to
become more stringent and demanding. The problems we found to be the most difficult
to solve were the following:
1.
2.
3.
4.

Stable power in thermal vacuum environments.
Low intermodulation products when multiple closely spaced subcarriers are used
to modulate the transmitters.
Frequency stability to .003% following shelf life of three to six years.
Electrical isolation of power input lines and modulation input lines from the
transmitter case.

5.
6.

Increased DC to RF efficiency.
Decreased size and weight.

Stable power in itself is not a difficult parameter to obtain. The design that utilizes the
vented technique, such that the transmitter sees the thermal vacuum environment and
provides for internal isolation of circuitry from the transmitter case, creates a difficult
design problem in the maintaining of stable power output.
The instabilities can be caused by differences in grounding, corona and/or multipacting.
Power fluctuations caused by changes in ground return paths, as a result of temperature
changes, have been observed and are known throughout the industry. The problems
concerned with ground paths changing are, of course, more noticeable in S-band
Transmitters than have been realized in VHF transmitters. In general, the S-band
Transmitters require a cascading of more stages than are required in VHF transmitters
and, therefore, the grounding problem is accentuated. Also, the ground return path
inductances are more significant at the higher frequencies. When any metal-to-metal
contact expands or contracts due to temperature changes, it naturally follows that the
power changes are more noticeable. The incorporation of isolated circuitry in the design
will tend to accentuate the possibility of varying inductance in the ground return path.
The effect on output power, with changes in temperature, is to vary with the changes in
ground return inductance.
The design employed in transmitters used on the TIROS, ESSA and Nimbus weather
satellites, employs an isolated circuit design. These transmitters operate in the 1700 MHz
region with nominal output powers of 6 watts. The power output of these units is highly
stable. Units have been in orbit for over a year with no noticeable power output changes.
The success of this isolated design can be attributed to a very careful layout of circuitry
with ground techniques that employ careful mechanical attachments and tight tolerance
controls. Metal chassis and mating assemblies are of the same material to utilize identical
coefficients of expansions to minimize any changes in ground return paths. Isolation is
accomplished by careful selection of the isolating material.
The effects of multipacting are still in the investigative stages. The phenomenon has only
been discovered and studied within the last several years. Quantitative data is still
extremely limited and in some cases contradictory. An extremely exhaustive study of this
phenomenon was conducted by Hughes Aircraft for NASA which has shed some light on
the problems involved with multipacting. This study points out that multipactor can
occur when in low pressure, the mean free path for electrons becomes long compared
with the containing vessel; also, the magnitude of the electric field and the phase of the
electron motion with respect to the field must be in proper order to allow secondary
emission of electrons by direct bombardment of the walls. The electric field must be at
zero at the instant secondary emission occurs. If this reverses field polarity and

accelerates the secondary electrons, the transit time, and therefore the distance across the
gap is also a contributing factor for multipaction to occur. Because this type of
breakdown is caused by secondary emission of electrons from the walls of the vessel, the
breakdown field is shown to be independent of the type of gas and quite dependent on
the nature of the walls of the containing vessel.
Multipactor discharge can be made to disappear by raising or lowering the applied
voltage, such that resonance is no longer maintained within the vessel, by changing the
frequency of operation or by increasing or decreasing the electrode separation.
Multipactor discharge can be recognized by the pale blue glow that exists and by the
deposited material on the electrodes. The deposits have a brown iridescent characteristic.
The cavity design used for the Nimbus/TIROS transmitters was tested for evidence of
multipactor. Early designs exhibited multipacting. The design changes and process
control implemented eliminated the problem.
Electrode spacing was changed by incorporating a different method of coupling. Tuning
probes were separated from the tuning column by incorporating a different dielectric that
will not outgas. The wall surface of the cavities was held to a very smooth finish and
ultrasonic cleaning of all the cavities was employed. The multipactor discharge
witnessed on these transmitters was random in nature, to the extent that it did not occur
in the same place each time a test was performed. The chamber altitude was a
contributing factor as to where the problem would occur.
Another interesting aspect of the phenomenon was that in no instance was the data being
transmitted ever distorted, nor was the output power decreased to zero. The power
variations were in the region of 2 to 4 db.
The Hughes report indicated that noise was present in the output spectrum as a result of
multipactor occurring. There was no noise evidence during multipactor with the
transmitters tested in our case.
The multipacting problem has not been witnessed in sealed transmitter designs but can
be a serious problem if the seal is not 100% and has a slow leak rate such that the
transmitter pressure reaches critical pressure for extended periods of time. The pressure
level as described earlier can have an effect on the multipactor phenomenon.
The vented transmitter design has eliminated the concern of slow leak rates on seals. By
careful selection of materials and component locations, this vented transmitter can be left
on through critical pressure without any detrimental effects. Proper cleaning of all
assemblies has an important role in the success of these units to perform without
permanent degradation due to critical pressure. Ultrasonic cleaning is employed to

remove any foreign material from the areas that could be subject to the multipacting
phenomenon. It has been found that minute deposits of materials from fingerprints can
contribute to the depositing of these materials during multipacting.
Low intermodulation products are a definite necessity with many systems presently
being used. Multiple subcarriers spaced within 100 KC of one another are the common
requirement in today’s space hardware. The requirements for intermodulation products to
be -45 db or less with subcarrier spacing of 100 KC creates a difficulty in the
measurement of these parameters. Several methods of measurement have been evolved,
but none of these methods has been as successful as first thought. The problem with
measuring these products is to design a receiver that has a discriminator that is linear to
enable measuring products -45 db or greater when the subcarriers are so closely spaced.
The best results from these measurements have come from carefully planned test
procedures and extensive care with the test equipment setup. The limitation of the
receivers has a significant effect on the test results, and one must be completely familiar
with the receiver being used and the technique for setting up the individual receiver for
making these measurements.
The requirement for better frequency stability with increasing periods of shelf life have
generated new problems in the L- and S-band Transmitter designs. Several design
techniques are available for enhancing frequency stability. Closed-loop synthesis has
provided the mechanism for tighter frequency control but has not solved the problem
with component aging in its entirety. Close-loop synthesizers do not provide for DC
response as is required in many cases and, therefore, may solve part of the problem of
stability at the expense of other specification requirements. Study programs on the
component aging problem are currently in progress to determine what can be done to
designs and/or components to minimize frequency changes with aging of the
components.
Several exciters have been used in one of the study programs. The aging rates varied
from +45 Hz per day in the worst case to +8 Hz per day at the better end. The basic
frequency used in these exciters is approximately 190 MHz. Additional compensation
was employed to minimize the frequency change to less than 4.3 Hz per day at the
exciter frequency.
This stability improvement will allow for an eventual realization of .003% after six
years. Several other improvements have been made by pre-aging of components and
design of circuits such that various parts of the circuitry tend to compensate in the aging
process. Presently, suppliers of components, such as inductors, capacitors, and resistors
seem to have differing opinions on the type of component or materials used in
components that will provide the best aging characteristics. It appears that these studies

will have to continue within the industry if reliable data is to be obtained at the
component level.
The space applications for telemetry transmitters are continually calling for better
efficiency, higher power, smaller size and weight. The increasing use of hybrid microelectronic circuits and the higher frequency semiconductor devices will at least in the
near future satisfy the desire for smaller size and weight. Improved DC to RF efficiencies
at the higher power levels at S-band continue to be a problem in the industry.
Specifications are currently calling for 10% minimum efficiency at 10 watts minimum
output power over all combinations of environments. Some future requirements are now
asking for 25% minimum efficiency at a power of 10 watts “S” Band. These
requirements are placing a very challenging and difficult problem on the telemetry
transmitter industry. Current state-of-the-art space transmitters can be supplied that
provide a minimum output power of 10 watts with a minimum of 10% efficiency.
However, the majority of the transmitters being supplied to the industry today are not the
10-watt minimum, but have minimum power of about 8 watts. Some new transmitter
designs are now changing to direct power amplification at “S” Band which has improved
the efficiency of S-band transmitters to 20% or 30%. The next milestone will be to
provide power levels of 10 watts or more in the 2200-2300 MHz region.
The particular design used for long-term space satellites has been modular in nature so
that adequate monitoring of transmitter performance could be accomplished. It is
desirable to completely define performance of each section of the transmitter. In the
event of performance degradation while in orbit, it is 4seful to isolate the problem area
within the transmitter. To isolate problems in orbit so that studies can be made on other
transmitters could prove somewhat troublesome. Parameters to monitor while in orbit
would include output power, input current, ON/OFF telemetry, crystal current telemetry,
and module input/out functions.
In conclusion, it is felt that the most difficult remaining hurdles in long life space
transmitters will be:
1.
2.

Characterizing the component aging to predict long-term frequency stability, and
Being able to provide the user with a long-term guarantee on output power.

he size and weight of space transmitters will continue to decrease. The trend toward
increased output power and efficiency for these smaller sizes will continue. Electronic
component manufacturers will be the pacing factor in how rapidly the new smaller size
transmitters will become available. Eliminating frequency multiplication, by operating
power amplifiers at “S” Band, will be the most significant factor in reducing size and
weight and increasing DC to RF efficiency.

THE REALIZATION OF TELEMETRY TRANSMITTERS WITH
VERY WIDE BANDWIDTHS
R. H. ROBERTS
Bertea Corporation
Irvine, California

Summary The coming of high bit rate PCM and high quality television as common
modulation formats has placed stringent bandwidth requirements on telemetry
transmitters at S-Band. Two wideband FM transmitters are considered in this report: One
for frequency deviations up to ±1 MHz with rates as high as 1.5 MHz; and a new
transmitter with up to ±10 MHz deviation and an 8 MHz baseband response. Presented
in this report is a new discriminator of the symmetrical Foster-Seeley type. It is capable
of 33% peak-to-peak bandwidth and excellent linearity, that allows very wideband
requirements to meet in a practical FM feedback transmitter.
Introduction The shift of the telemetry frequencies from VHF to S-Band allows the
possibility of using very high transmitter bandwidths for some applications. Bandwidths
of up to 10 MHz are possible at S-Band with present techniques. Data such as television
and high-bit rate PCM are immediate possibilities for utilization of these wide
bandwidths.
Because there have been several requirements for a wideband transmitter, this author was
asked to study possible design approaches and techniques that might be incorporated in a
new transmitter. The study was divided into two separate phases:
Phase 1 - Increase present transmitter bandwidth to about 1.5 MHz with relatively
minor modifications.
Phase 2 - Develop a transmitter with 8 to 10 MHz bandwidth, DC response and at least
±.01% frequency stability.
The present Bertea transmitter bandwidth is about 500KHz. Then, both phases of this
study require considerable development effort and the design phases logically follow
each other in difficulty.
The basic goal of this report is to review techniques, basic theory and recommend
solutions for both phases of the wide bandwidth requirements. The primary result of this
study is a new form of the Foster-Seeley type symmetrical discriminator which has a

peak-to-peak bandwidth of greater than 30% of center frequency and better than ±1%
RMS non-linearity over a bandwidth of about 20% of center frequency. An analysis and
description of this new discriminator is presented in this report. The development of this
discriminator was primarily responsible for the success of this study and the fulfillment
of preliminary requirements.
It is hoped that this new form of discriminator will be useful to other workers in the
telemetry community. The development of this discriminator closes the gap to achieving
wide baseband response S-Band transmitters, which this industry will require with
greater frequency in the 1970’s.
Theoretical Preliminaries The basic frequency modulation process is:

where the applied modulation is g(t) = Cos Wmt, for the simple case of single tone FM.
Thus FM may be viewed as a non-linear process such that instantaneous frequency,
Wi(t), is a linear function of the modulation signal:

Then the spectral distribution of an FM wave is a non-linear function of ()S/Wm). In
fact, the amplitude of the carrier and sidebands of an FM wave are given by the Bessel
function of the first kind in ()S/Wm), where n = 0, ±1,±2, etc. Thus, the bandwidth
occupied by an FM signal is a non-linear function of )S and Wm.
With this basic description of frequency modulation we can postulate a model of an FM
modulator as shown in Figure 1.
Practical Modulators There are several methods of achieving the above ideal FM
modulator characteristic, each of which involves the use of a voltage controlled
oscillator. The VCO is a functional element whose instantaneous output frequency is a
“linear” function of input voltage, in general:

thus

and the frequency deviation is

thus the transfer function:

The VCO is an ideal FM modulator when output frequency is a linear function of input
voltage. Examples of VCO’s are the common astable multivibrator and RC or LC
oscillators where R, C, or L is function of input voltage. It is obvious that the
multivibrator is a linear device for large changes of control voltage. But, the RC
oscillator is linear only so long as the modulated R or C is a linear function of control
voltage. The LC-VCO is even less linear than the RC type, as Wi(t) = 1/(LC)½. For RF
oscillators the LC-VCO is the most common. The typical LC-VCO is modulated by a
varicap whose C = f(Vin)½, thus Wi(t) = f(Vin)¼. The linearity of an LC-VCO is assured
only for frequency deviations of a few tenths of a percent of center frequency. This
limitation, and others, lead to the use of a servo control system around an LC-VCO to
make it a more ideal FM modulator.
For RF applications, FM modulators can be classified by the use of a feedback loop.
There are two basic modulators of each open loop and closed loop design, presented in
Figures 2 through 5.
It can be seen that only the direct FM modulators provide an ideal response for all
modulation frequencies. The indirect, open loop modulator cannot accomodate high
modulation frequencies, while the indirect closed loop configuration cannot accept low
modulation frequencies. However, the frequency stability of the indirect approaches is
far better than the direct modulators because they are crystal controlled. Another
limitation of the indirect technique is that frequency deviation is limited to
approximately (B/2)f maximum, in the open loop scheme, and (B/2)f minimum, in the
closed loop system.
Limitations are present in the direct approaches, also. The open loop modulator is limited
in deviation because of linearity, while the closed loop deviation is limited by the
discriminator and error amplifier gain and linearity. Modulation bandwidth in the open
loop modulator is principally limited by the RC time constant of the modulating
varicaps, while the closed loop modulation bandwidth is limited principally by the
discriminator bandwidth.
Frequency stability is the major problem of both direct FM ,modulator configurations.
Both schemes require temperature compensation and heterodyning with a crystal

oscillator to achieve reasonable frequency stabilities. The open loop VCO is temperature
compensated and its output is mixed with a high harmonic of a crystal oscillator, in a
normal transmitter, to achieve stabilities on the order of ±.003%. The closed loop
modulator requires temperature compensation of the discriminator and,typically,
heterodyning the VCO output down to a frequency where a discriminator is practical.
The closed loop system can also achieve frequency stabilities on the order of ±.003%.
It can be seen that any practical FM modulator is a compromise to achieve an ideal FM
characteristic for any given set of transmitter specifications.
Video Bandwidth Modulators The goal of this report was to study techniques useful
for providing video bandwidth modulation capabilities in an S-Band transmitter. The
bandwidth required for distortion free transmission of FM modulation is approximately:
BW = 2fm + 2)f
It can be seen that, for constant deviation, the bandwidth required is a non-linear
function of modulation index ()f/fm). For modulation indexes much less than unity, the
bandwidth approaches 2fm. Thus, it is only necessary to pass the first set of sidebands of
an FM signal if the modulation index is small.
In the normal video bandwidth application at S-Band, 10 MHz peak-to-peak deviation is
required at rates up to 10 MHz, for a minimum modulation index of 1/2. The standard
S-Band transmitter today utilizes frequency multiplication in it’s final stages. Typical
multiplication ratios are 4 through 9. It is obvious that the modulation index at the VCO
is inversly proportional to multiplication used. Thus, a transmitter whose actual
modulator (VCO),is at 1/9 of S-Band has a minimum modulation index of 1/18. This
implies that such a transmitter requires a maximum bandwidth twice the highest
modulation frequency or 20 MHz.
From the consideration of a required bandwidth of DC to 20 MHz, it is seen that neither
indirect FM modulator can be used. Further, the open loop direct FM modulator capable
of 20 MHz minimum bandwidth would have to have a center frequency of several
hundred MHz, a situation leading to insoluble frequency stability problems.
It seems that the only modulator capable of video bandwidth is the closed loop direct FM
modulator. It must be noted however, that the error amplifier must pass the highest
modulation frequency and the discriminator must be linear over a bandwidth of 20 MHz.
Modern integrated circuits make 10 MHz response in the error amplifier practical. But,
mechanization of a stable, wideband discriminator is a problem. Realization of a

discriminator with some 20 MHz peak-to-peak bandwidth has always required very high
center frequencies, with subsequently poor frequency stability.
A Practical Video Bandwidth Modulator A practical video bandwidth modulator is
shown in Figure 6. It has several refinements over the simple closed loop modulator
shown in Figure 3. For the sake of frequency stability, the VCO output is heterodyned,
with a crystal oscillator-multiplier chain, to a lower frequency where a precision
discriminator is possible. An I.F. amplifier is included because the above mixing is
convienently done at a low power level. The limiter must be included to completely desensitize the loop to amplitude modulation. At least 60 db of limiting is necessary with a
normal modulator of this type.
With this modulator, it is seen that the mixer, I.F. amplifier, limiter and discriminator
must have at least 20 MHz bandwidth to pass video bandwidth FM signals.
This type of modulator can be viewed as a non-linear network (the VCO) with linear
negative feedback around it (see Figure 7). The purpose of the negative feedback is to
linearize the VCO. Let the transfer characteristic of the VCO be1:

The application of feedback produces the transfer characteristic:

It can be seen that the linear coefficient with feedback has been reduced by 1/(1+N1$). If
the input signal with feedback
, is increased by (1+N1$) to restore the original
output level, eo(t), then
becomes;

and it is seen that feedback does nothing to the linear term of the VCO transfer function.
But, it does reduce all non-linear terms by 1/(1+N1$)
Thus the application of negative feedback serves to linearize the VCO and reduce
distortion, because the factor $ is the gain of the discriminator and error amplifier, which
can be very high. Then any distortion due to the VCO is swamped out by the gain of the
feedback loop and the resulting distortion is due entirely to any non-linearities in the
discriminator or error amplifier. The error amplifier, in general, is a very linear device
such as an I.C. wideband operational amplifier and any distortion is due almost entirely
to the discriminator. The typical transmitter specification is 2% total harmonic distortion.

It has been shown2 that total harmonic distortion due to a symmetrical-balanced
discriminator is approximately twice the RMS non-linearity of it’s S-curve. Thus 1%
RMS non-linearity is allowable for the video bandwidth discriminator in this transmitter.
Within the above constraints, the overall modulator of Figure 6 can be viewed as linear
feedback network as shown in Figure 8. Here K(s), is the open loop transfer function of
the network shown in Figure 7 (opened at point X). Then the network shown in Figure 8
has a transfer function:

The “gain” of the linear modulator of Figure 8 is easily adjusted by the ratio Rf to Rin . It
can also be seen that the response of this modulator is uniquely determined by K(s), the
open loop gain and phase characteristics of overall network.
The closed modulator is a form of linear control system whose gain and phase
characteristics are determined by the gain and phase response of the open loop cascade
of the error amplifier, VCO, mixer, I.F. amplifier, limiter and discriminator. The
principles of design of any servo-control system are directly applicable to this modulator.
The criterion for “stability” for a servo system must obviously be met in this modulator.
It is only natural to discuss the unity gain frequency and the 180E phase shift frequency
for such a modulator rather than bandwidth, as in a conventional modulator. It is seen
that each block of the closed loop modulator contributes multiplicatively to loop gain
and additively to loop phase shift. By the Bode criterion for “stability”, the unity gain
frequency must be reached before the closed loop has 180E of input to output phase shift,
or the loop will oscillate. To achieve a 10 MHz conventional modulation bandwidth
(-3db) would imply a 180E phase shift frequency of 10 MHz with unity gain somewhat
below 10 MHz. it is generally more convienent to specify the 180E phase shift frequency
rather than the (-3db) bandwidth for the closed loop type FM modulator. One of the
major advantages of this form of transmitter is that it is capable of providing, zero delay
distortion up to about 90% of its 180E frequency3. That is, relative phase shift per
kilocycle is very constant, up to 8 or 9 MHz, in a 10 MHz wide transmitter of this type
and this phase shift can be perfectly compensated for at the receiver with a fixed time
delay.
The practical accomplishment of video bandwidth in the closed loop modulator is not an
easy problem to solve. The mixer, I.F., and limiter must have at least 20 MHz bandwidth
and very low differential phase shift over its entire bandwidth. The error amplifier and
VCO also must maintain very low phase shifts up to about 10 MHz, and the
discriminator must pass ±10 MHz through its S-curve with less than 1% RMS nonlinearity and negligible phase shift. These requirements have lead to several new

developments. Noteable among these developments were: A new integrated circuit error
amplifier utilizing Motorola’s MC1553 video amplifier; a new class of bandpass filter
for IF use that has a differential phase shift versus frequency of an odd Tchebycheff
function; and a new discriminator of the symmetrical Foster-Seeley variety with
excellent linearity over about 20% of center frequency.
The new error amplifier and a 20 MHz discriminator of the new type have been
incorporated into an existing transmitter with excellent results. Prior to these changes the
transmitter had a 180E frequency of 400Khz with less than 2% distortion at 35OKhz.
The above changes increased the 180E frequency to 1.5 MHz and brought distortion
down under 1% at 1.2 MHz. The overall response of this transmitter is ±1.5db, DC to
1.0 MHz, with constant differential phase shift up to 1.2 MHz. Input impedance is 100K
and sensitivity is 500KHz peak per volt RMS. Maximum deviation capability is ±1 MHz
at S-Band.
An engineering model of the video bandwidth modulator is being built and will presently
undergo extensive testing. It utilizes all three of the above new developments. The basic
VCO of this new modulator is at 250 MHz, the final stages of the transmitter provide 9
times frequency multiplication, while the I.F., limiters and discriminator have a center
frequency of 80 MHz. Peak-to-peak bandwidth of the discriminator is 24 MHz, while its
1% non-linearity bandwidth is about 16 MHz. Use of a digital computer allowed circuit
optimization for frequency stability and linearity without undue empirical adjustments.
The IF amplifier used has 20 MHz bandwidth and less than 20 per MHz of differential
phase shift over 90% of its bandwidth. The error amplifier used has a 180E bandwidth of
about 30 MHz and very high gain (3000) at 10 MHz. Preliminary frequency stability
measurements indicate that the discriminator can be temperature compensated to better
than ±.02% of center frequency, thus, ±.01% stability should be easy to achieve at SBand after mixing. It is felt that the above design when completed, will fulfill more than
90% of the video bandwidth requirements.
Discriminator Analysis The requirement for a very wideband discriminator with as
low a center frequency as possible has lead to the development of a new form of the
symmetrically coupled Foster-Seeley discriminator. The basic circuit is presented in
Figure 9. Two refinements have been added to this discriminator; the addition of C3 and
causing R1 to be not equal to R2. An analysis4 of the normal Foster-Seeley discriminator
reveals that beat linearity is achieved when kQeq Ñ 1.3, where Qeq = (Qs1 QS2)½ . The
main limitation of the Foster-Seeley discriminator is that an approximation to linearity is
made that is valid only for narrow band use; that is, if the secondary circuits response is
plotted versus the log of frequency, the result looks very linear. But, when secondary
response is plotted versus linear frequency, the result is obviously not very linear for
very wide bandwidths. The use of symmetrical coupling, as an inductive link centered

over primary and secondary, greatly improves linearity for bandwidths up to about 10%
of center frequency.
For bandwidths in excess of 20% of’center frequency, another form of discriminator has
always been necessary. However, the addition of C3 it Figure 9 provides a frequency
dependent coupling in addition to the frequency independent coupling provided by the
link, L2. This capacitor serves to vary the mutual inductance between Li and L3 with
frequency and to linearize the response. The use of C3, however, accentuates one peak of
the secondary response over the other, when R1 equals R2 .
An empirical adjustment of the ratio R2/R1 restored good symmetry when:

Here fph is the higher peak frequency and fpl is the lower peak frequency. This adjustment
obviously changes the relative Q’s in the circuit. It was found that Qp = Qeq/2 just as for
the Foster-Seeley discriminator, and that when kQeq Ñ1, optimum linearity is achieved.
Optimum linearity in this circuit was determined when a computer showed an odd order
Tchebycheff response had been achieved, thus giving minimum RMS non-linearity.
Several models of this new discriminator have been built at various frequencies with
very good results. The discriminator must be driven by a low impedance voltage source.
All versions of this new discriminator have yielded about 30% bandwidth, peak-to-peak,
up to ±10 Vdc output and 1% RMS non-linearity over about 20% bandwidth.
Conclusion The results of an extensive development program have been presented that
reveal solutions to the realization of video bandwidths in telemetry transmitters. Further
development and production testing will refine and improve upon the techniques
presented and it is hoped that these new transmitters will be ready for industry use by
1970. The author is indebted to Dr. Theodore Sturm, Mr. Ed Stevens, and Mr. T.C.
Carpenter for invaluable assistance, ideas and encouragement throughout this task.
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FIGURE 1 - AN IDEAL FM MODULATOR

FIGURE 2 - DIRECT FM MODULATOR

FIGURE 3 - INDIRECT FM MODULATOR

FIGURE 4 - CLOSED LOOP DIRECT FM MODULATOR

FIGURE 5 - CLOSED LOOP IN DIRECT FM MODULATOR

FIGURE 6 - PRACTICAL VIDEO MODULATOR
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AN EXACT SOLUTION OF INJECTION PHASE-LOCKING
C. C. WANG
Systems Engineering Laboratory
TRW Systems

Summary Recent advances of solid-state device technology of generating microwave
power from low voltage dc power in one step have renewed interest in the study of
injection locking. The solid state millimeter-wave devices have many potential
applications such as parametric amplifier pumps, transponder sources, local and self-test
oscillators, and high bit rate millimeter-wave repeater systems.
The purpose of this article is to solve the nonlinear differential equation of injection
locking. Using the method of Riccati’s equation, an exact solution has been obtained
which is much simpler and more explicit than that shown by Mackey. This article shows
the tracking and acquisition behavior of the loop for different initial phase offsets and for
different ratios of initial frequency offset D to loop gain B. It also compares the transient
and steady-state responses with the exact solution and the linear approximation solution.
This article concludes that the difference of steady-state responses obtained from the
exact solution and the linear approximation solution will be greater if the D/B ratio is
greater.
Introduction Since Adler1 showed that injection phase-locking is achievable for low
frequency, many investigations2-5 have shown that it is also achievable in the microwave
frequency region. Recent advances of solid-state device technology of generating
microwave power from low voltage dc power in one step have renewed. interest in the
study of injection locking. The solid-state millimeter-wave devices of injection locking
have many potential applications such as parametric amplifier pumps, transponder
sources, local and self-test oscillators, and high bit rate millimeter wave repeater
systems5.
The purpose of this article is to give a thorough study of the nonlinear differential
equation of injection locking loops1,2
(1)
where

For convenience of writing, let the initial frequency offset )To / D, then (1) becomes
(2)
We first briefly discuss the linear approximation solution of the nonlinear differential
equation (2). Then, using the method of Riccati’s equation, we show an exact solution of
(2). There are three conditions of the solution: overdamped condition when 0 < D < B,
critically damped condition when D = B, and oscillatory or underdamped condition when
D > B. The exact solution we obtained is a function of loop gain B, initial frequency
offset D, and initial phase offset No , which is much simpler and more explicit than that
shown in Reference 2, equations (12) and (13).
Linear Approximation Solution From (2) the first order differential equation
indicates that the injection locking loop behaves like the first order phase-locked loop
(PLL). It is generally approximated by sin N Ñ N for N << 1 rad. Then (2) becomes
(3)
The complete solution of (3) is
(4)
where

The solution in (4) has been plotted as dashed lines in Figures 1 through 3 for the initial
phase offsets to be 10, 60, and 170 degrees. From the solution in (4), several results are
already well known for the first order PLL6,7 . First, the injection locking will be acquired
when the initial frequency offset is zero and with any initial phase offset, the steady-state
phase error will be zero
(5)

For nonzero initial frequency offset, the steady-state solution from (4) is
(6)
which has been plotted in Figure 4. Secondly, in the locking condition N = 0, the steadystate solution obtained from (2) is6
(7)
The initial frequency offset D should be less than or equal to the loop gain B in order
that (7) has a solution. The maximum initial frequency offset which the loop can acquire
injection locking is called the maximum pull-in frequency
(8)
Note that there is a discrepancy between (6) and (7) because of the linear approximation
assumption made by many people in order to obtain an easy solution.
Exact Solution Let us solve the nonlinear differential equation (2) by assuming
(9)
so that
(10)
(11)
Substitution of (9), (10), and (11) into (2) gives
(12)
If the initial frequency offset is zero, i.e., D = 0, (12) becomes
(13)
The solution of (13) is
(14)
Suppose at t = 0, the initial phase offset is No, then (14) becomes
(15)

Substituting (15) into (9) gives
(15)
When t = 0, the solution (16) gives N = No as it should. Using the initial phase offset No
as a parameter under the condition of zero initial frequency offset, the transient response
of N asymptotically approaches zero as shown in Figure 5, except No = ± B . If the initial
phase offset No is assumed to be some constant not equal to ± B and the loop gain B is
used as a parameter, the transient response of N as shown in Figure 6 also asymptotically
approaches zero except B = 0 or B = 4, for which cases either N = No (constant) or N = 0
instantaneously. Therefore, the steady-state solution for D = 0 from (16) is
(17)
The probability of No = ± B is zero, on the assumption that the probability density of the
initial phase offset is uniformly distributed
(18)
There is no delta function, *(No), existing at No = ± B.
However, if the initial frequency offset D is not equal to zero, the solution of the
nonlinear differential equation (2) or (12) is not easily obtainable. After several
transformations, (2) is transformed into the standard Riccati’s equation 8, 9 as shown in
Appendix A.
According to the relative values of D and B there are three solutions: overdamped,
critically damped, and underdamped cases. Let us discuss the acquisition and tracking
behavior for these three conditions as follows
Case 1. 0 < D < B. Overdamped Condition The complete solution from (A-10) is
(19)
When t = 0, the initial phase offset is No , as it should be. The steady-state phase error is
really the solution of interest
(20)
The response of (19) has been plotted as solid lines in Figures 1 through 3 for the initial
phase offset to be 10, 60, and 170 degrees. The exact solution of Nss has been plotted in

Figure 4. It should be noted that (20) and (7) are equivalent for 0 # D/B # 1 and 0 # Nss #
90E.
If the initial frequency offset D is equal to B, then Nss is 90 degrees. That is, when D
approaches B, the steady-state phase error approaches 90 degrees as expected. However,
the derivative of Nss with respect to D B is
(21)
From Figure 4 we see that the slope of Nss at D/B = 1 is
(22)
There is no real solution when D/B > 1, which agrees with Case 3.
Case 2. D = B. Critically Damped Condition The complete solution from A-13 is
(23)
The steady-state phase error as t 6 4 is Nss = 90 degrees. The response of (23) has been
shown in Figures 1 through 3 in which Nss is 90 degrees, a critical acquisition and
tracking condition.
Case 3. D > B. Oscillatory or Underdamped Condition The initial frequency offset is
greater than the loop gain constant B, which is the maximum pull-in range. There is no
real solution under the oscillatory condition. The acquisition of phase-locking is not
possible.
Conclusion From the solutions shown above, this article concludes with the
acquisition and tracking behaviors for any initial phase offset No … ± nB as follows:
1)

D = 0. The injection locking loop acquires phase lock and tracks the phase with
zero steady-state phase error as shown in Figures 1 through 6.

2)

0 < D < B. The injection locking loop acquires phase lock and tracks the phase
with a steady-state error
(24)

as shown in Figures 1 through 4.

3)

D = B. The injection locking loop acquires phase lock and tracks the phase with a
steady-state phase error Nss = 90 degrees as shown in Figures 1 through 4.

4)

D > B. Acquisition can never be achieved.

5)

The higher the loop gain is, the faster the acquisition will be. As shown in
Figure 6, loop gain B = 0, the acquisition will never be achieved; if loop gain
B = 4, the acquisition will be achieved instantaneously.
APPENDIX A.
THE SOLUTION USING RICCATI’S EQUATION

The steady-state solution of (12) for D … 0 can be obtained by letting
(A-1)
where the dots represent time derivatives. Substituting (A-1) into (12) gives the standard
form of Riccati’s equation 8, 9.
(A-2)

(A-3)
The solution of (A.-3) is
(A-4)
where C1 and C2 are integration constants, and m1 and m2 are
(A-5)

(A-6)
In general, there are three cases which are depending on the relative values of B and D.

Case 1. 0 < D < B. Overdamped Condition Both m1 and m2 are negative real
numbers. From u and its derivative, we obtain the solution of y; therefore, of x

(A-7)

The value of (m2 - m1) is negative since 0 < D < B. Therefore, the steady-state solution as
t 6 4 is
(A-8)
Assuming the initial phase offset to be No at t = 0, the complete solution of (12) for 0 < D
< B is
(A-9)
The complete solution of N is obtained by substituting x into (9)

(A-10)

The steady-state solution is
(A-11)

Case 2. D = B. Critically Damped Condition Since m1 and m2 are two equal negative
roots, the complete solution of x is
(A-12)
The complete solution of N is obtained by substituting (A-12) into (9)
(A-13)

The steady-state solution of N is 90 degrees. Of course, this result can be obtained
directly from (A-11) by substituting D = B.
Case 3. D > B. Underdarnped or Oscillatory Condition m1 and m2 are two complex
conjugate roots. It is an oscillatory condition. This is another indication showing that the
locking condition cannot be achieved.
APPENDIX B
MACKEY’S SOLUTION
The solution from Equations (12) and (13), Reference 2, is given below for comparison:

where k = )To/B.
Realization that k = sin N4 where N4 is the steady-state phase shift allows (M12) to be
written as follows:
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A POWER COMBINER FOR STEP LEVEL HIGH POWER UHF
SOLID STATE TRANSMITTERS
B. E. ROSE
Hughes Aircraft Company
Culver City, California

Summary A combining network is described which satisfies the requirements of low
loss, compact size and input port selection capability. This power combiner, which
follows a basic network scheme suggested by E. J. Wilkinson, uses helical wound
quarter wave lines for impedance matching, relays for switching inputs in or out, and
thick film resistors in the isolation network. The combiner was designed for a UHF
solid-state transmitter for a communications satellite. The power level is in excess of 300
watts. From 8 to 16 inputs, from coherently driven power amplifiers, can be selected by
command. This step level feature provides a very useful means to achieve maximum
utilization of prime power as well as an improvement in reliability through redundancy.
Design equations are given for the units. The results of a computer study of losses due to
unequal input phases and amplitudes are presented. The equivalent circuit of the
network, including parasitics, is described and the compensating elements are discussed.
Tests have been made on the completed flight unit, and these results are plotted and
discussed.
Introduction The power combiner described herein is part of a UHF solid-state
transmitter for a communication satellite. Sixteen amplifiers are used to drive a single
antenna line. The number of amplifiers in use can be selected by command in accordance
with the available prime power from the solar cell array. The power combiner must meet
the following specifications:
Power output
Inputs
Single frequency, fo
Insertion loss
Isolation between ports
VSWR (8 to 16 inputs)

in excess of 300 watts
8 to 16
between 225-275 MHZ
# 0. 3 db
$ 35 db
# 1. 5:1

The design was derived from a basic network described by E. J. Wilkinson. A schematic
of this network with the design equations is shown in Figure 1.

Figure 1. Schematic and design equations for the basic combiner
Design Let RS = ZL = 50S, and let m be the number of active ports. Let mo be the value
of m at which the design is optimized. For this design, optimized at mo = 12, the required
quarter wave line impedance is 50 x %12 = 173 ohms. If all the inputs have equal
amplitude and phase, the voltage at each isolation resistor is the same and the isolation
network draws no current. In this case the impedance seen by each amplifier is:

where
Zin is the input impedance to each line
Zo is the characteristic impedance of each line
ZL is the common port load impedance
For this design
Zo = 173
ZL = 50
A plot of input VSWR versus m is shown in Figure 2. The input VSWR is simply mo/m
for m $ mo , or m/mo for m $ mo. These VSWR’s are the limiting factors on the possible
variation of m in a stepped level combiner. The frequency dependent characteristic of the

design is determined by the quarter wave lines and the lumped elements. This
characteristic is shown in Figure 2b.

Figure 2. VSWR versus m and VSWR versus frequency
The loss encountered due to non-equal phase and amplitude of the inputs was
investigated with a computer model of the combiner. The results are shown in Table 1.
“Biphase” refers to a situation in which one-half the inputs are at one phase, n1, and the
other half are at n2 , and n2 - n1 = 2. This represents the worst case solution to the
problem in which the phases of the input signals are randomly spaced between n2 and n1.
The loss due to amplitude variation was computed in a similar manner.
The equivalent circuit of one of the 16 sections of the combiner is shown in Figure 3,
including the relay used to switch ports in or out. A useful equivalent circuit for the relay
was found to be the pi network composed of C2, L4, C3. These parasitic reactances, as
well as the resistor lead inductance, L5, were shunt and series resonated by L1, L2, and C1.

Figure 3. Equivalent circuit of one of the 16 combiner sections
Resistors The resistors are of the thick film type, deposited on a 20 mil thick alumina
substrate. The substrate is metalized on the underside and soldered with SN 96(430EF) to
a beryllia block which is also metalized on the top and bottom surfaces. The combination
is then soldered to the base plate, using a SN63 (361EF) solder.
A resistor fabricated in this way has been tested at 45 watts in vacuum with no failure.
Using an abrasive etching technique, the resistors are trimmed to a tolerance of
1 percent.
Quarter Wave Lines and Construction Air lines for this application are
unsatisfactory because of multipactor breakdown in vacuum and because of the thermal
rise in the thin center conductor, The combiner described here uses coaxial lines with
helical center conductors. These lines shown in Figure 4 are only 1.3 inches long.
Because of the heat capacity and short length of helix wire and the teflon center support
and sleeve, multipactor and thermal problems are greatly alleviated compared to an
ordinary coaxial line.
A pho tograph of the flight unit is shown in Figure 5. All surfaces are copper and gold.
plated, and the entire unit is foamed with a 4-pound closed cell foam for mechanical
strength and breakdown resistance.
Test Results The unit has been operated at full power with satisfactory performance.
Curves of common port VSWR versus m and frequency are shown in Figure 2. Insertion
loss, isolation and input port VSWR are given in Table 2.

Left to right: Helical center conductor would on
threaded teflon mandrel, teflon sleeve, threaded
out tube.
Center: complete line
Figure 4. Helical quarter wave line

Top view, cover, output connector removed. From
inside out: resistor common point, resistors,
transmission lines, relays.
Figure 5. Photograph of completed combiner

Table 1. Losses due to non-equal input phases and amplitudes
Phase variation (“Biphase”)

Table 2. Test results

*This VSWR depends primarily on the resistor network. The average
VSWR seen by each amplifier is equal to the common port VSWR if all
amplitudes and phases are equal.
Conclusions The unit described here offers a flexible design for space age high power
transmitters. In contrast to “rat race” hybrid type combiners, only n quarter wave lines
are required for n inputs. The use of spiral lines offers the advantages of small size, good
heat sinking, and resistance to breakdown problems. Experimental results check closely
with the theory.
The step level command feature also provides a very useful means to achieve maximum
utilization of prime power as well as an improvement in reliability through redundancy.
Reference E. J. Wilkinson, “An N-Way Hybrid Power Divider, IRE Transactions on
Microwave Theory and Techniques, pp. 116-118, January 1960.

DATA TRANSMITTER COUPLING METHODS: DC VERSUS AC
A. A. VIGGIANO
Senior Design Engineer
Lockheed Missiles & Space Company
Sunnyvale, California

Summary Radiofrequency telemetry systems using digitized data and FM transmitters
in missile development tests result in serious loss of data at the receiving stations when
the receivers have narrow bandwidth. This problem is related to the capacitive coupling
network between data input and the transmitter exciter. The relative merits of capacitive
coupling versus DC coupling are discussed in this paper on the basis of Fourier analysis
of a series of pulses. It may be observed that the digitized data in the systems studied
always manifest a DC component due to uneven distribution of binary digits 1 and 0.
This DC component is eliminated by a capacitor coupling, but is preserved with a DC
coupling. This paper assesses the effects of the elimination of the DC component on the
relative position of the spectrum to the carrier. The discussion draws on the results of a
test situation of an actual telemetry system. In this test, two identical telemetry
transmitters were used; the only variable was the type of coupling exciter employed. A
DC coupling is recommended for the transmission of binary information on an FM
telemetry transmitter as a result of this test and analysis. Conditions for the proper use of
such a coupling are stated.
Introduction During the course of the design and flight tests of telemetry systems in
the Missile System Division (MSD) of Lockheed Missiles & Space Company (LMSC),
problems have arisen regarding link bandwidth occupancy and data reduction; more
specifically, the receiver bandwidth as originally designed was too narrow to handle the
data. This problem has focused the engineer Is attention upon the method of coupling
digital data into a frequency modulated transmitter. Since coupling may be implemented
only through a DC network or an AC network, a study was conducted to evaluate the
merits of each scheme.
For background purposes, a summary of a few telemetry concepts is presented here.
Multiplexing techniques are commonly used today in communication links. Originally
developed to send telemetry data during flight tests of aircraft and missiles from an
airborne station to a ground station, these techniques are primarily used in satellites,
space probes, and manned spacecraft communications. The aim of multiplexing is to
accommodate several data channels in a communication link, due to limitations in

available radio frequencies, and can be accomplished by either frequency division or
time division. In a frequency division multiplexing scheme, a number of subcarrier
waves are individually frequency-modulated by data and added together to form a
composite signal. In a time division multiplexer, data channels are sampled by a
communicator in a cyclic sequence to generate a train of pulses.
Analog to digital conversion methods were developed parallel to the advancements in
multiplexing techniques in order to provide better recording accuracy and computer
compatibility. Pulse Code Modulation (PCM) is the most efficient of the coding systems;
it utilizes a quantizing process by which peak-to-peak amplitude of a signal is indicated
by a code of binary pulses. Other coding methods include Pulse Duration Modulation
(PDM), Pulse Position Modulation (PPM), and Pulse Amplitude Modulation (PAM).
(See Figure 1.)
In radio frequency telemetry, data modulate a radiofrequency-carrier in a transmitter
receiver link. Once again, alternative modulation schemes can be used by varying either
the amplitude of the transmitter sinewave or the angle, resulting in generation of
Amplitude Modulation (AM) in the former and Frequency Modulation (FM or Phase
Modulation (PM) in the latter. The combination of data processing and modulation make
up a telemetry system. Therefore, we may utilize FM/FM, PDM/FM, PPM/AM,
PCM/FM, and many other combinations in such a system.
The evaluation of these systems is presented in many authoritative books and
publications (Refs. 1, 2). One of the most important criteria identified is the signal-tonoise (S/N) ratio. Since noise varies directly with the bandwidth required to transmit the
information with a selected data format, it is important to keep this bandwidth as small as
possible. This result is accomplished in a receiver by limiting the bandwidth by a filter.
Figure 2 illustrates a basic quantized data transmission system. For the purposes of the
following discussion, the transmitter is assumed to be FM modulated. (This scheme is
one of the most common types used in present communication systems.) The data are
assumed to be in a PCM format. There are three common types of coding used in PCM
telemetry: return-to-zero (RZ), non-return-to-zero (NRZ), and Manchester or split phase.
Figure 3 illustrates these three PCM code patterns. It may be observed that the use of
NRZ code results in the smallest bandwidth occupancy.
Data Transmission through the Coupling Network In order to study the effect of the
coupling network characteristics on a sequence of digital data, it is beneficial to translate
the time function into a frequency function. For purposes of simplification, assume that
the digital data are represented by a series of periodic rectangular pulses, as in Figure 4.
They may be expanded, in the following Fourier Trigonometric series:

where

For an evaluation of the coefficients in a Fourier series, integrate the function over

a period
The results are expressed by (see Reference 3 for details):

Then,

where

The amplitude frequency plot is
of the function.

versus Tn , and is called the spectrum

The Fourier series can be expressed also in a complex exponential form by introducing a
complex coefficient, cn = an - jbn whose absolute value is

Then,

Further development and the use of the values indicated in Figure 4 yields:

where

The frequency spectrum is then represented by Figure 5. It can be noted that there is an
inverse relationship between pulse width or duration and the frequency spread of the
pulses. Since the greater part of the energy associated with the pulses is confined to the
lower frequencies, the bandwidth may be expressed:

where k is a constant whose selection is dependent on the choice of the criterion.
The DC component is the average value of the function multiplied by T. Therefore, this
component will be equal to zero only if the function is such that the positive area above
the horizontal axis is equal to the negative area below the axis and they therefore cancel
out.
The next step is to consider these pulses as they run through the input to the transmitter
exciter. In its most elementary form, this input network will be in the form of a series
resistor or a series capacitor. Assume that the time response of the system to the pulses is
such that it will not affect the information content of the data because parasitic
capacitance and inductance will always be minimized in a well-designed transmitter. The
DC component will be removed when passed through a capacitor, but will remain if
passed through a resistive network. Figure 6 shows such an action. In either situation, the
frequency spectrum and the associated bandwidth are not altered within the framework
herein considered.
It is known from basic FM theory that the modulation signal alters the instantaneous
frequency of a carrier wave by an amount directly proportional to the voltage amplitude

of the carrier signal. The instantaneous frequency may increase or decrease, depending
on the polarity of the signal voltage. Conventionally, a positive signal produces an
increase in the carrier frequency. The ratio of the peak frequency deviation to the
amplitude of the signal causing it is a preset characteristic of the transmitter and is called
FM deviation sensitivity. By observing Figure 6, it is clear that the voltage levels of the
binary pulses have been altered by the coupling capacitor in the case of the AC coupling
scheme. No alterations are introduced by a DC coupling scheme.
It may be concluded that a well designed coupling network will not alter the frequency
spectrum of the pulse train. However, if an AC coupling is used, the spectrum will shift
in relation to the unmodulated carrier. In a typical situation, the binary digits may have a
lower level of -2. 5 volts and an upper level of +2. 5 volts. Regardless of the digital
format used, the average statistical distribution of Bit 1's to Bit O Is is such -is to cause a
positive DC component in the Fourier analysis. If we have a DC coupling network, the
frequency spectrum of the transmitter will be centered around the unmodulated carrier
itself. If the receiver is bandwidth-limited around the carrier, no problem will arise in the
reception of the data transmitted, apart from considerations of the Doppler shift. In the
case of a capacitive coupling, however, the removal of the DC component causes a shift
of the frequency spectrum in respect to the unmodulated carrier. This shift causes the
elimination of some frequency components in a narrow-banded receiver.
Further problems may be encountered when the received data are processed through the
FM discriminator. Any change in the constant component due to random variation of the
digital data in an AC scheme will cause a change in the baseline of the digital data
record. It is easy to see how serious this problem may be in the case of a PAM format.
Regardless of the type of format utilized, the cumulative effects of receiver bandwidth
limitation, baseline instability, noise, and possible carrier drift may be large enough to
result in complete loss of information, when added to the AC coupling effect.
System Test To further evaluate the relative merits of DC versus AC coupling, a
system test was conducted, taking advantage of the availability of two S-band telemetry
transmitters of identical design varying only as to the type of coupling (AC vs DC).
The test setup diagram is shown in Figure 7. The calibration operation consisted in
setting up the unmodulated carrier at the center line of the video oscilloscope display. In
addition, the DEI receiver has a spectrum analyzer unit with a small oscilloscope display.
The carrier was set at the center of the DEI spectrum analyzer. Unfortunately, no pictures
of the spectrum have been taken.
By injecting successive plus and minus 2.5 volts, the oscilloscope was calibrated for a
sensitivity of approximately 2 volts/centimeter. The PCM Simulator unit as diagrammed
was set with a NRZ format of 72 kilobits/second, 8 bits per word. The number of Bit 1’s

per word was increased from 1 to 7 progressively, using first the AC and then the DC
coupled transmitter. The results are shown in Figures 8 and 9. The bits had the following
characteristics: Bit 0 was represented by 0 ±0.25V; Bit 1 was represented by -5 ±0.25V.
The DEI spectrum analyzer showed bandwidth displacements in relation to previous
carrier position proportional to the baseline shifts on the video oscilloscope. That is, the
position of the frequency spectrum was always on one side of the unmodulated carrier in
the case of the DC coupling, as a result of the nonsymmetrical voltage levels of the
binary digits.
Frequency spectrum and video binary digits were perfectly centered around the
unmodulated carrier only in the case of equal binary 1’s and O’s in the AC coupling.
Conclusion A constant component is present in varying amplitudes in a sequence of
digitized data. It has been shown that capacitive coupling of the data input to the
transmitter exciter removes the DC component from the frequency spectrum of the data.
This phenomenon causes the modulated signal spectrum to be shifted assymmetrically in
respect to the unmodulated carrier. The same shift of the frequency spectrum is present at
the receiver end and may cause the loss of valuable frequency components due to filter
action. In order to avoid any of this data loss, the receiver bandwidth may be increased,
at the expense of a decrease of the SIN ratio. A further effect will be noted as drifts of
the recorded data baseline due to random changes of the Bit 1-to-0 ratio.
All of these problems may be avoided by the adoption of a DC coupling scheme. This
scheme should be recommended whenever the design of the transmitter will allow its
adoption. It should be emphasized, however, that extreme care must be taken to prevent
ground loops or the flow of steady current at the transmitter modulation input. The
voltage levels of the binary digits should be equal and of opposite sign in respect to the
modulation input common terminal.
An additional advantage of the DC coupling of the FM transmitter exciter consists in
simplifying and increasing the accuracy of the measurements of the deviation sensitivity
and deviation linearity of the transmitter. These measurements may be implemented, in
effect, by using a calibrated DC voltage and a frequency counter.
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CODING -AN ENGINEERING TOOL FOR THE DIGITAL
TELEMETRY LINK
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Summary Various digital coding techniques are discussed from an engineer’s and
user’s point of view. Each technique is displayed in a uniform way which measures
performance against the best possible (Shannon) channel. Encoding-decoding
complexity and other “system” merits and drawbacks of each technique are discussed.
The reader is introduced to coding by drawing analogies with an everyday and familiar
coded communication channel - spoken English. Bit, word and block error detection and
correction techniques are then presented. Lastly, a concatenated block code scheme
which combines these techniques is developed.
Introduction Many papers have dealt with the subject of coded telemetry links and
such links have been used on occasion to improve the communications channel by some
number of decibels. These few missions have tended to be confined to deep space
missions where every decibel counts toward an increased range of operations at a given
bit rate. The purpose of this paper is to present the telemetry engineer with a concise
performance summary picture of a few representative coding techniques. Any additional
information needed to apply a particular code to a specific mission may be found in the
references.
Spoken English Coding is a channel modulation that facilitates the transmission of
information through the channel in spite of noise of various kinds. A communication
channel in use everyday is the spoken word. In the U.S.A. the code is usually English.
English (and most languages) employ very complex coding structures which are well
adapted to the noisy communication channel we normally encounter. The coding is so
complex that all that saves the link is the fact that the data rate is low and an extremely
complex and sophisticated computer is present at the receiving end to decipher the
message. English is not one of the coding schemes being proposed to put into a telemetry
link (as this term is usually used), but some reference to features of the language will be
made to illustrate a point.

Pulse Code Modulation (PCM) Even though PCM’s middle name is “code”, most
papers on coding (including this one) refer to PCM as “uncoded”. The justification for
this is common usage and the mathematician’s tendency to down-play the trivial
example. PCM is often the coding of choice if the choices are between a digital
modulation and the analog techniques such as Pulse Amplitude Modulation or Pulse
Duration Modulation. Assuming that a PCM or “binary symmetric” channel has been
chosen for a given telemetry application, the question is “Should redundancy bits be
added in some way to the information bits in order to insure a more reliable transmission
to the receiving site?”.
Uncoded PCM is analogous to single character Arabic numerals. If the same number is
spelled out, you have unconsciously added redundancy and a form of coding. There is a
kind of “bandwidth expansion” when spelling out a number since to keep up the
information rate, faster writing is required. In most telemetry applications, the desired
information rate is a fixed parameter, and any coding redundancy will increase the
bandwidth requirements to some extent. All the curves of this paper have included this
bandwidth expansion so that the information rate is a constant.
Figure 1 is the bit error rate versus signal-to-noise ratio curve that starts most papers on
coding. This curve is basic to all binary telemetry systems, but it has drawbacks when
used to compare various coded systems. For instance, it would be desirable to be able to
relate a code’s performance against a perfectly coded channel. It is also desirable to show
the effect of data deletions on the channel throughput. For this purpose, a somewhat
different chart is shown in Figure 2. The heavy diagonal line gives the throughput of a
perfectly coded communication channel; at all signal-to-noise ratios (SNR’s) better than
-1.6 db perfect data are detected. At all SNR’s worse than -1.6 db, no data are detected.
(SNR is defined as signal energy per bit of information per noise power per cycle.) If this
perfect channel were operated at a SNR of +8.4 db, it would have no errors, but it is
being operated at only 10% of its capacity. Now if an uncoded PCM channel is used at a
SNR of 8.4 db, its throughput would again be 10%, but as shown by the negative
exponents of 10, it would yield one error every 10,000 bits, or less than perfect
performance. The error rates plotted are taken directly from the error rate curve of
Figure 1. Figure 2 will be used as a basic chart and the other coding schemes will be
added to it so that they may be easily related to both a perfect channel and uncoded
PCM. Comparisons will be made at the 10-4 bit error rate since for many applications,
this is an acceptable error rate. Comparisons at other error rates may be taken from the
curves.
Single Bit Parity Probably the simplest coding scheme is to add a single parity bit
every so many information bits (usually every word). This bit is used to check for a
single bit error in each group of bits. It will also catch triple and any larger odd number
of errors. The power of this technique resides in the fact that most errors are single bit

errors and so it is able to identify most of the words that are wrong. These words may be
given a “low confidence” flag or even discarded from further consideration. When this is
done, the “high confidence” bit stream that is left is purged of the most common error,
namely, single bit errors; it is left primarily with double errors and infrequently other
even number of bit errors. Most communication people pale at the thought of discarding
any data, but for the bulk of the telemetry applications, an occasional missing sample is
better than including erroneous samples as is the case with uncoded PCM. Figure 3
presents the results of using one parity bit for each eight information bits and discarding
data that contains the detectable odd errors. The bit error rates for parity are shown
below the line and the effect of throwing away data is shown by the divergence between
this curve and the theoretical line. This divergence is barely perceptible until rather poor
SNR’s are reached. If an uncoded PCM communications link were operated at +8.4 db
SNR and then the same link used one parity bit every eight information bits, the bit error
rate in the retained data would go from one in 10,000 bits to one error in 2.5 million bits.
Fully 99.8% of the data would be retained and only 0.2% discarded.
Another way to look at the curve is to observe that when using parity, one does not get a
bit error rate of 10-4 until an SNR of 6.1 db is reached. (At that point the discard rate is
three percent.) Because of the throw away rate, this is equivalent to the throughput of a
Shannon channel operating at +6.2 db or 16.5 percent of capacity. This 2.2 db difference
between parity and uncoded PCM represents a 65% increase in link throughput. In other
words, in exchange for discarding three percent of the data transmitted, one will obtain
65% more data in a given time and maintain equal quality in the accepted data!
When compared to uncoded PCM on the basis of bit error, coded techniques do not look
as good as when they are compared on a word error basis. Figure 4 illustrates this. For
this curve only, the error rate numbers are word error rates based on eight bit words. For
uncoded data, the 8.4 db point has a word error rate of 8 in 10,000 and for parity the 6.1
db point has only 4.5 in 10,000. This additional improvement results from the fact that
when parity misses an erroneous word, there are always two bit errors in that word (or
four or six, etc.) whereas most of the errors in the PCM case are single errors per word.
In other words, it takes approximately twice as many bit errors to get the same word error
rate when parity is used.
Parity Coding is a simple way to boost data quality and/or quantity that is very easy to
implement at both ends of the communication channel. It requires typically less than
12% bandwidth increase for the same information rate. This is much less than the more
powerful coding techniques to be discussed below. Another advantage is that the parity
error rate gives a direct measure of link quality.
Biorthogonal Coding Both the uncoded PCM and the parity PCM detect the data bitby-bit. Now consider a system where detection is performed by correlation on a word-

by-word basis. This is accomplished by so called “matched filters” at the receiving end.
Each filter is set to look for its word and one filter is needed for each word that might be
sent. The outputs from the filters are compared to each other and the binary word
associated with the filter having the largest output is assumed to have been the true
message.
Going back to the spoken language coding for an analogy, matched filters may be
developed for many words. (e.g., ones first name, last name, or the name of a company
and many, many more.) Thus, at a noisy cocktail party, one’s name may be detected from
across the room, even though everything else of that conversation will be gibberish.
Biorthogonal systems, when detected a word at a time, gives improvement because the
noise power is integrated over the whole word time, and its effective bandwidth is
reduced by a factor equal to the number of bits per word. For an eight bit word, this is a
factor of eight (nine db). Unfortunately, with an eight bit biorthogonal system, there are
255 filters that can give an error and only one that is correct. The ‘net result is an
approximate 3.9 db channel capacity improvement on a bit error rate basis (10-4 error
rate). This performance is shown in Figure 5.
A basic disadvantage to this technique is the complexity at the receiving end. Eight bit
word systems are about as high a complexity as most designers care to develop and most
are satisfied to stay at a more modest six bit word size or less. Figure 6 compares a six
bit biorthogonal performance and shows an approximate 3.2 db channel capacity
improvement on a bit error basis (10-4 error rate).
Picking a code set which has biorthogonal properties is a simple matter. However, one
would like a code set that also gives good word synchronization since detection is wordby-word and the system must be in word synchronization to operate. This is analogous to
picking a good frame synchronization word in uncoded PCM. As in frame
synchronization words, the simplest codes to generate are not the best, but fortunately
good codes are plentiful.
As in uncoded PCM, no data are discarded but neither do you have as simple a measure
of channel performance. Channel performance can be estimated, however. One technique
is to do both a biorthogonal and a bit-by-bit detection of the data. Since the biorthogonal
always makes orders of magnitude fewer errors than the bit-by-bit, it can be used as a
very good approximation of the original message. This can be re-encoded into the same
biorthogonal code bit stream and compared to the bit-by-bit detection data. Note that for
six bit biorthogonal words, 32 code bits are sent so that the bit error rate of these code
bits is much worse than even a normal uncoded PCM transmission of the same data.
Longer words perform better than short words, but the complexity of the receiving

equipment rises exponentially with word length, and the bandwidth rises nearly as
rapidly. Figure 7 relates biorthogonal word length to throughput at a constant bit error
rate of 10-4. Note that uncoded PCM is the trivial case of both one and two bit word
biorthogonal codes.
Convolutional Coded PCM This is a technique which permits the use of very long
words without paying the penalty of exponentially increasing the receiving complexity
or the bandwidth. The scheme has recently become quite attractive because of new fast
decoding algorithms which are quite nicely suited to rapid digital computer solution.
An analogous coding structure is used in English. In writing a paper, one may build it up
by adding more words to what has already been written. Just as a paper is written starting
at the beginning, one normally reads it from that point - one sequentially decodes it. If an
error occurs in the text, one guesses at the correct word and reads over the bad spot to
see if it makes sense. Some simple misspellings are so obvious that one may not even be
conscious of correcting them. Other errors may be so bad that no matter how long one
spends guessing, the meaning of the text cannot be deciphered. Textual redundancy both
in the word spellings themselves and the context of the other words in combination
allows one to decode most messages.
Much the same thing is done by the sequential decoding algorithm. At the transmitting
end, redundancy is added to the message in the form of parity bits. Typically one parity
bit per information bit is used, but other higher and lower ratios have been demonstrated.
A message is sent in frames each of which starts with a known bit pattern. This is
detected with the usual frame synchronizer-correlator. Starting at that point, the original
message is then reconstructed by trying only the most probable bit combinations in
sequence until the whole message makes the most “sense”. Since all possible message
combinations are not tried, the decoding costs are much lower than for long biorthogonal
codes.
The performance of the Convolutional Encoding - Sequential Decoding scheme is shown
in Figure 8. This is shown for a constraint length of 32 bits where constraint length is
defined to be the length of the word which is included in each parity calculation. At very
poor SNR’s the performance drops off because more and more computer tries are
required. If computer time is limited to a factor of two more than that required to go
through the process at good SNR, the lowest curve is obtained. If the limit is four, the
second lowest curve is the result. If 10 times is available the result is the second highest
curve and with an infinite time, the topmost curve is obtained. Note that the data thrown
away for unprocessable frames are whole frames. Most decoding systems are set to work
for a fixed time on a given frame and if it does not successfully decode in that time, the
intermediate results are put on another tape and work starts on the next frame. It returns

to the tape during spare computer time and tries for a longer time. If decoding is still not
successful, it gives up on that frame.
The time taken to decode a frame is a good measure of the instantaneous liak quality.
The long effective word length gives very good performance at low SNR and both the
bandwidth and complexity factors are relatively low. Note that there is a peak
performance point and that poorer SNR’s give rapidly diminishing throughput. Thus one
would be better off to slow down the data rate and stay to the right of the peak since less
framesutil be discarded and less computer time will be required to achieve the same
throughput.
Concatenated Codes - Biorthogonal Plus Parity This code is constructed as a
combination of the Parity and Biorthogonal systems and represents another type of block
code. To generate the code, one separates data into blocks of some number of words.
Another word whose bits are a parity check of the block of words is then generated and
inserted in the data stream. The first parity bit is parity for the first bit of each word of
the block; the second parity bit is parity for the second bit of each word, etc. (i.e., column
parity for each bit position in the word of the block). Each data and parity word is then
encoded into biorthogonal words and transmitted. At the receiving end, one reverses the
process and decodes the biorthogonal words in matched filters as before and then
performs the parity checks. A single parity word will detect all single word errors and
most multiple word errors. Figure 9 shows performance for this concatenated scheme
using six bit biorthogonal words and blocks of fourteen words (including the parity
word). Performance of this technique is comparable to the convolutional scheme in both
residual error rate and throw away rate. (Whole blocks are discarded when an error is
detected.) It does take wider bandwidth than convolutional coding, but it takes a fixed
amount of time to process. This process can be put entirely into hardware if high speed
operation is a consideration.
A further variation on the concatenated concept is to put in additional parity words so
that you not only detect more of the errors, but also correct most of them. Because of
mistakes in correction, this results in poorer error rates, but a lower discard rate. Figures
10 and 11 show the effect of two word parity (column and diagonal parity) added to a
block of 12 data words, each again six bits in length. Figure 10 shows that if one chooses
not to try to correct the received data, but to merely detect errors, the dual parity does
extremely well giving bit error rates better than 10 8 at peak throughput. Figure 11
shows the effect of correcting words; the discard rate is lower, but the error rate goes up.
These results show performance comparable to the convolutional technique, but does
require slightly more complex equipment on both ends of the communication link.

Conclusion It is shown that various coding techniques may be applied to PCM data to
improve intelligibility of received data. At a bit error rate of no greater than one bit in
10,000, improvements over uncoded PCM and discard rate are tabulated below:
Improvement
Over PCM (db)
Single bit parity - 8 bit words
Biorthogonal 8 bit words
Biorthogonal 6 bit words
Convolutional codes of constraint
length 32 bits and bandwidth
expansion of 2
Concatenated - 6 bit biorthogonal
with one parity word (13 data
and 1 parity word)
Concatenated - 6 bit biorthogonal
with one word error correcting
(12 data and 2 parity words)

Data
Discard %

2.2
3.9
3.2

3
0
0

5.2

5

4.4

14

4.4

0.4

There is no doubt that further advances are yet to be conceived, but since the best
performance shown above is within 4.8 db of Shannon’s limit further advances should be
directed toward techniques that are easier to use and take less time and equipment to
decode.
Another direction that will give future systems a greater information throughput is
various data pre-processing steps that reduces the data volume and enriches the
information content. Coding should then be used primarily to improve data quality since
with pre-processing one generally removes redundancies and therefore each bit is
proportionally more valuable. In other words, if you reduce the data rate by a factor of 10
or 10 db, use some of that savings in bandwidth to get improved data quality. One way is
to use some form of link coding.
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Summary Recent developments in algebraic coding theory, particularly in the area of
decoding techniques, has made the block coding approach much more attractive for
practical systems. Advances have been made in decoding algorithms, implementation
and software approaches covering such areas as burst correction, random error correction
and the correction of multiple bursts. In this paper a review is given on these recent
developments from the point of view of applications. These developments shall be
discussed with regard to decoding complexity, computational methods, hardware and
software considerations, throughput and cost effectiveness tradeoffs.
Introduction The usefulness of coding for data transmission has been demonstrated in
many practical systems. In some instances it is used to increase reliability of the
transmitted message. In other cases, it is used to improve the throughput of the
transmission. The choice of particular codes and particular decoding algorithms for a
certain application is certainly not a simple problem. As the improvement is heavily
dependent upon the proper combination of the components of the system, a suitable
match between the channel and the coding scheme becomes vital in many instances. As
in all engineering systems problems we attempt to achieve a high degree of effectiveness
while trying to minimize the cost so that the performance per unit cost will be optimized.
In the case of data transmission and application of coding theory, the performance
criteria are generally considered to be a) throughput, namely, the rate of useful bits
transferred per unit time, b) reliability, namely, the accuracy of messages that are
transmitted and certain time constraints for the message to be transmitted without undue
delay. On the cost side coding often implies additional equipment if hardware is used,
computational time if the computer is used for decoding and some delay in the
transmitted message. The tradeoffs among these factors have been studied by many
people, however, due to the fact that there are many different channels which possess
different statistical characteristics, and just as many possible coding schemes to be used,
1

This work was supported by the National Science Foundation under Grant No. GK-2339;
auxiliary support was provided by the Joint Services Electronics Program (U.S. Army, U.S.
Navy, and U.S. Air Force) under contract DAAB-07-67-C-0199.

a unified simple-minded choice criterion is not attainable. To properly choose a scheme
for a particular channel it is necessary to study a number of codes and to consider the
performance and implementation characteristics of these codes before a choice could be
made. In this paper we make an attempt to outline the latest developments in algebraic
decoding and discuss some of the important considerations regarding selection of codes
for proper channels.
In our discussion we shall assume that the system is arrived in an orderly manner,
namely, we first consider modeling the channel statistics with a digital model and then
we consider the coding schemes which are applicable to correct and detect errors in these
model channels and then we consider the decoding problem for these codes and the
implementation of the codes chosen. Now in actual practice, the situation is by no means
so clear. For instance, when we make an attempt to describe the channel statistics of a
certain channel, we have already made some assumptions which cannot be easily
justified. In fact, we shall show later that the relative accuracy of the various models is
not a clear cut situation at all. Often we would have to look into quite a bit of depth
before we could decide if a certain model is good enough or not.
In this paper we shall only consider block codes, that is, codes which have partitioned
the digits into blocks of n digits each. The parity check relationships of a block code are
entirely restricted within the block. Other types of codes have proven to be useful,
namely, recurrent codes (or convolutional codes) which allow the parity relationship to
be applied beyond the blocks of the code. In those cases the entire situation is different.
It is generally true that the redundancy is higher in a recurrent code; on the other hand it
is possible, in many cases, to obtain a simpler decoding algorithm for decoding the
errors. It is also argued in many instances that the recurrent codes perhaps are more
adaptive to changes in the channel statistics. The block codes have a simple structure. It
is generally more useful whenever the channel is reasonably clean where a low
redundancy code with a relatively simple decoding algorithm could be used to satisfy the
transmission requirements in reliability and throughput.
Channel Modeling The disturbances in a channel are analog in nature. However, they
corrupt the signal transmitted to cause errors in reception. Errors as such can be
considered a digital error as, in most cases, the information is digital in nature. To
construct error correcting codes, it is necessary to consider the relative frequency of
occurrence of certain patterns of error. Coding theory is basically a theory of structuring
the signal so that the set of error patterns which occur most frequently in the channel can
be corrected. As a result, channel modeling is an important process as its accuracy would
greatly influence the effectiveness of the coding schemes developed. The most well
known channel model is the binary symmetric channel in which the probability of having
error in each bit of the transmission sequence is independent of the occurrence of other
errors in the sequence. It is further assumed that the probability of error is independent of

the information transmitted. Therefore, it is independent of whether a 1 or a 0 is
transmitted at that particular point. The probability is Q that a bit is correctly received
and the probability is P (which is equal to 1-Q), that a bit is received erroneously.
Another common channel is the burst channel in which it is assumed that the
disturbances will occur within a certain span of digit positions which is called the burst
length. It is assumed that within this span the probability of error is very high and any
possible error pattern is allowed. However, it is assumed that outside of this span of digit
positions the probability of error is zero. Of course, this is only approximately true
because we really cannot say that the probability of error outside the burst is zero, but it
could be very small comparing with the probability of having error within the burst. This
is an assumption which is based upon the fact that whenever an error occurred the
channel is in a state where it is very susceptible to other errors within a short span of
time. However, when it is in a state where there is no error, then it can persist until
another burst occurs. Gilbert had considered such a channel in which he considered the
channel to be in either a good state or a bad state and if it is in a good state then there is a
certain probability that error could occur in which case it will automatically go into the
bad state. Then when it is in a bad state the probability of having error is much higher.
Then, of course, with a certain probability the channel may go back to the good state.
The burst channels are fairly simple and many codes are known to correct burst errors.
This will be discussed in more detail later.
In an attempt to have a more accurate model, one has to consider something more
sophisticated. It is obviously true that one could model the channel with either a binary
symmetrical channel behavior or a burst behavior. But, it is learned from experiments
that in either case the modeling is not accurate enough for most practical purposes.
Therefore, one is encouraged to look into models which have more structure and
hopefully will provide a better description of the statistical behavior of the noise process
in the channel. By noise process I certainly include all the distortions that are present in
the channel. I don’t mean that all the disturbances are actually addative as we have
assumed in most models. However, I do believe that the addative noise assumption is not
a bad one because from the coding point of view the difference between the transmitted
sequence and the received sequence is assumed to be the error. Now, whether actually
the error is an addative one or not, it doesn’t really matter as it will be corrected anyway.
We could therefore describe the errors from purely the digital point of view and in fact,
without loss of generality we could assume that the noise is addative in so far as its
effects on the digital transmission is concerned. One model which is a step in the right
direction is called a compound channel. A compound channel consists of two states and
in one of the states the channel would behave like a binary symmetric channel and in
another state it would behave like a burst channel. This concept is a fairly good
description of the channel behavior as one would expect. There are multiple sources of
error in the channel and some of them behave like a burst and some of them behave like

errors in a binary symmetric channel. The compound channel makes an attempt to take
into account both of them.
Another way of giving more of a structure to the model is to consider bursts within a
burst. That is to say, if the state of the channel is susceptible to error, then during that
time the errors will occur in short bursts and there will be relatively quiet periods in
between but there will be several bursts, most of them relatively short. When the channel
is in a good state the probability of having a burst is zero. It sounds fairly reasonable to
have such a model but we have not seen many developments in codes which would
provide a very good match to this particular model so we still are waiting for the
development of coding theory in this particular direction. One variation of this is known
as the low density burst channel. The reason for its name is self-evident. Another way of
describing the model which is also fairly easy to handle is called the multiple burst
channel. This model assumes that the errors occur in multiple bursts where each burst
has a certain maximum duration. The most practical class of codes which were
developed for the multiple burst channel is the socalled Reed-Solomon code, in which
case it is assumed that the errors occur in characters and the bit strings are partitioned in
characters with each character having a fixed number of bits. This, as it turned out, is a
very nice model in that it is actually a generalization of the binary symmetric channel
into a q-ary symmetric channel in which the symbols are characters and they are
symmetrical in terms of error characteristics. The conventional theory of cyclic codes
covers this case and it has proven to be one of the more practical models for many
channels. More details will be given in the section that follows on multiple bursts.
These models that have been discussed are basically developed according to the kind of
codes which can be constructed. To consider a model which is more directly related to
the channel characterisitcs we could cite, for instance, the work of Brayer who studied
HF channels and of Elliot who studied telephone channels. Elliot had considered a
renewal process in which the a priori probability of an error is fixed. As soon as an error
occurs the probability of the next error is a function of the gap between the first error and
the second error which we shall call the gap length. The channel model is described by
giving the distributions of the gap length. The gap length distributions provide a
complete picture of the statistical behavior of the errors in the channel. It is also possible
to derive, as Elliot has done, from the statistics the so-called P(m,n) functions. P(m,n)
denotes the probability of having exactly m errors in a block of n bits. They are useful to
evaluate codes which correct random errors.
I wish to be very clear about the fact that we are considering mathematical models for
channels. Let us not confuse channel models with the channel. The channel is physical. It
is influenced by the process of modulation. Because when we use different methods of
modulation, such as phase modulation or pulse modulation and so on, the channel does
behave differently. However, the modeling process in the digital sense is only a way of

interpreting the channel behavior. It is by no means to be considered anything physical.
It is nothing more than a mathematical model which provides us with a set of parameters
which we could work with in terms of coding theory.
As an illustration of this very point, I would like to show the following typical error
sequence
000000101100110001000000.
The above sequence is a typical output of the error statistics if one compares the
information transmitted with what is received and the descrepancies are considered to be
errors. Now, the zeros represent the presence of no error and the ones represent the
presence of an error. To illustrate the fact that every structure we have talked about was a
model we would consider various interpretations of this sequence, for instance, we may
consider the channel to be a binary symmetric channel. It is evident that we are having
six errors and this is simply an occurrence of six independent errors with no relationship
among each other. We could also consider this as a burst of length 12. Whether it is a
burst of length 12 or not, indeed we will never know because that is interpretation rather
than the fact. On the other hand, we could easily partition the sequence into characters of
six bits each and we could say, for instance, we are having two error characters and the
characters being 101100 and 110001. If we were in a multiple burst mode and we have
bursts of maximum length six and they are in phase in the sense that the characters are
synchronized in terms of its relative phase; then we have indeed two character errors.
But then again we could interpret this as say a burst of length 4 and another burst of
length 2 and a random error. This would fit into the compound channel model very well.
There is a certain probability attached to any one of these interpretations. Now whether
one interpretation works out better than another one, that would depend, of course, on
the rest of the error sequence. The point is quite clear. Whichever model we choose, it
must be the model which would be capable of interpreting the error sequence as a
statistical event and which would produce certain statistical parameters of the channel
which may in fact be used for design of codes and for the correction of these errors. Now
the final choice of the model is dependent upon many things. We, in fact, should not
decide which model is being used until we have evaluated the complete situation. If a
given model is chosen, what codes are available? What implementation is available and
how economical is it? The decision is deferred until the complete solution is given and
certain cost effectiveness calculations are made and if indeed it turns out to be the best of
all models, then we will decide that is the one. Now let me repeat that it doesn’t really
matter whether that is the actual situation or not, in fact, there may not be such a thing as
an actual situation. We are simply trying to describe a statistical event and we are trying
to find a way of describing the statistical event and we could design codes to combat the
errors within the statistical environment and if we achieve our goal with minimum cost
comparing with other schemes and modeling then that is the one to be used. Modeling is

an arbitrary process. Whatever justifies it could only be the success of the solution in an
economical environment.
Burst Error Correction Burst error correcting codes have been used extensively in
practical systems because of its simplicity in instrumentation and its general
improvement in reliability of transmission. It is therefore used in many systems where
cost is an important factor for consideration. Burst error detecting codes have been used
very extensively as the cost involved in implementation is very, very economical indeed.
It is well known that to detect a burst error of maximum length b, it is only necessary to
use a cyclic code generated by a polynomial of degree b such that it is not divisible by
the factor x. Error correction, however, is slightly more complicated. The well known
Fire codes are, of course, quite good in its performance. Some standard decoding
procedures have been developed by Meggitt and Peterson among others. They make use
of shift register of r digits, a buffer of n digits and some very simple decision circuitry.
Recently, there has been several new developments in this direction. A great deal of
work has been done in searching for other types of codes which might be more optimum
for shorter lengths. It is well known that Fire codes are optimum for the natural length
which is quite long in most cases and as the code is shortened the efficiency of the code
decreases. Work has been done in searching for codes which have a higher efficiency
than Fire codes for shorter block lengths. In another direction the problem of correcting
two erasures has been investigated. It is shown that a burst error correcting code which
corrects a maximum burst length of b is capable of correcting two erasure bursts of
length b. In many communication channels it is possible to apply a three level division
scheme to obtain a erasure channel, then this scheme would be very attractive as it is able
to correct two bursts rather than one and cover more cases of error. The decoding of such
a system is reasonably simple. It entails the computational complexity of applying the
Euclidean algorithm and some simple calculations in polynomial algebra. In another
direction it has been pointed out that Fire codes can be generalized to another class of
codes which can be decoded with much higher speed. For instance, in applications where
a computer is in the system, it may be desirable to decode the burst error as quickly as
possible to improve the economy of the decoding operation. Suppose n is the code
length. Fire decoders which have been proposed in conventional manner require n cycles
to complete the calculation of the syndrome and another n cycle to compute the location
and magnitude of the burst error. The calculation of the parity check can be done while
the signal is being received. Therefore, the n cycles which are used for parity check
calculation are not to be considered as idle time. on the other hand, the decoding part of
the n bits is definitely idle time because otherwise the receiver could have used the
corrected version without delay. it has been discovered that it is possible to improve the
decoding cycle of the generalized Fire codes greatly by a new way of calculating the
errors from the syndromes. It has been proposed that we replace the irreducible
polynomial of the Fire code generator polynomial by several factors which are of a
smaller degree. Each of the factors, therefore, can be used for calculation independently.

The philosophy is essentially the following. The factor xc+1 is still used to determine the
error pattern, however, the determination of the error location is speeded up with parallel
computation using all the factors at the same time. As a result we obtain a much higher
speed. The principle is relatively simple. Once the error pattern is derived from the factor
xc+1 it only is necessary to determine the location of such a burst error. The location of
the burst error certainly can be computed from the remainders of the factor xc+1 and the
other factor of the Fire code generator polynomial. On the other hand, if one had more
factors, it is possible to apply the Chinese Remainder Theorem to calculate the actual
location based on the residues of all factors. This speeds up the calculation greatly
because the period of each of the polynomials is a small number and a couple of
arithmetic operations is sufficient for calculating the over-all position number. In
Figure 1, we show a sample circuit of a very simple example. In this case a degree seven
polynomial of the Fire code has been replaced by two polynomials, one of degree three
and one of degree four. As a result the speed of the decoder is improved greatly. On the
other hand, we have only lost a very small fraction of the bursts which originally are
correctable and now it becomes only detectable. As a further illustration, the code
generated by g(x) = (x37+ 1)(x19+ x5+ x2+ 1) with a normal Fire code decoder would take
37x(219- 1) = 19360731 cycles. The code will correct all bursts of length # 19. The code
generated by
g (x) = (x37 + 1) (x10 + x3 + 1) (x9 + x4 + 1)
using the high-speed decoder will decode in 1060 cycles and three multiplications. It
corrects all bursts of length # 9. For bursts of length between 9 and 19, more than 99.6
percent are corrected; the rest are detected.
In another direction the use of statistic approach in decoding burst errors has been
proposed by Frey. Essentially it is based on the fact that whenever a burst error is
observed in the syndrome of shift register and all other positions are free of errors, then it
is possible to use that as a correction criteria. There is, however, no guarantee whether
this is the one with the highest probability in the same coset nor is it possible to know
whenever it is easy to calculate what fraction of the bursts are correctable even though
some rough estimates can be made.
Random Error Correction Recently significant progress has been made in the
decoding of cyclic codes for correction of random errors. Since the most powerful class
of codes known for correction of random errors is the so-called BCH (Bose-ChaudhuriHocquenghem) codes, the work in this area is also known as BCH decoding. The
classical methods in BCH decoding were based on matrix theory. A discussion of this is
given in Peterson. Essentially the work is divided into four steps. The first step is to
compute the number of errors occurred. This number can be computed if the number of
errors occurred is at most t where t is the designed error correction capability of the code.

By testing the rank of a certain matrix, it is possible to determine the number of errors
occurred during transmission. The second step is to solve for the coefficients of what is
known as the error location polynomial. The roots of F(x) are the error locations. To find
the locations it is necessary to compute the roots from the polynomial given its
coefficients. From the matrix one is able to compute the coefficients of the polynomial
F(x) where a root searching technique is generally needed to compute the roots of F(x).
After the roots of x are found, another matrix equation is set up and solved to determine
the error magnitude of the channel if the code is nonbinary. For the binary code, the last
step is not necessary. Significant improvements have been made in the algorithms that
are used for solving F(x) in decoding. The new algorithm due to Berlekamp is basically
an iterative one. It utilizes the idea of the key equation (1 + S) F = T where S is the
generative function for the syndrome, F(x) is the error location polynomial and T is a
polynomial which is useful in computing error magnitudes for nonbinary cases. The
Berlekamp algorithm solves iteratively the equation (1 + S) F = T mod xn (0 <n #2t + 1)
where t is the designed error correction capability. The solution of the key equation
offers both F(x) and T(x). F(x) is therefore used to compute the roots with a search
technique originally developed by Chien. The T(x) can then be used to find magnitudes
from a relatively simple explicit formula. The Berlekamp algorithm for solving the key
equation can be either programmed easily or implemented in hardware with three
registers and the solution of this equation is also identified by Massey as finding the shift
register connections which would generate the prescribed sequence S. In Figure 2 the
circuit illustrate the feedback shift register version of the Berlekamp algorithm. In binary
cases, it is possible also to speed up the process of error correction through an
organization which is shown in Figure 3. In this case the Cr’s are used for the testing
whether 1 is a root iteratively in such a way as to use the same circuit to search for the
roots at different locations. The received vector is stored in the buffer and the bits are
read out one at a time. The circuits containing F’s are synchronized so that every time a
bit is read out from the buffer the registers are restored with a multiplication constant as
indicated through the closed loop. The transformation which is executed by the
multiplication of each box by an appropriate constant gives the new values of F’s to be
used in the registers such that the testing of sigma equal to zero were again an indication
of whether the particular bit which is coming out at this time is in error or not. With this
circuit it is obvious that the number of cycles that is required for error correction is
exactly the same as the number of cycles that it takes to read out the bits which, of
course, minimized the delay in decoding circuitry. In a nonbinary case the situation
would be more complicated and it would probably need a more complicated testing
circuit as well as parallel reading by the character.
Correction of Multiple Bursts As is mentioned before, even though the multiple
bursts channel is a very good channel to model the statistics of the channel, not too many

burst error correcting codes are known which are capable of correcting multiple bursts.
The codes suggested by Stone are very efficient, however, they are difficult to
implement. The code suggested by Reed-Solomon turns out to be the most practical for
multiple burst correction. The Reed-Solomon codes are based on characters. A character
is c bits in number and the Reed-Solomon codes are of length (2c-1) c. It consists of 2c-1
characters and therefore c times 2c-1 bits. The codes are capable of correcting t character
errors with 2t characters in redundancy. Reed-Solomon codes are very useful in terms of
applying to the practical situation. Correction of multiple bursts is often preferred than
correction of either single burst which would necessarily be very long in practical cases
or correction of random bit errors which would be necessarily high in number in most
instances. The correction of multiple bursts with Reed-Solomon codes appear to be a
very nice compromise which will take care of some of the dependent-error characteristics
of the channel and yet they are also flexible enough to take care of independent
occurrences of burst errors as well as random errors. The decoding of a Reed-Solomon
code is much like the decoding of a BCH code except it is the ground field which the
transmission symbol is in is the same as the field in which the error location numbers are
in. As a result, Reed-Solomon codes are quite simple to implement as compared with
BCH codes simply because of the fact that even though in the case of binary BCH codes,
the bits are transmitted in binary, the calculations in BCH decoding are carried out in a
higher field. For instance, if one considers a problem of error correction for strings of
300 bits in length we could, for instance, use a Reed-Solomon code which will do double
error character correction. In that case the length will be 6 times 63 which is 378 bits
long and the number of redundancy characters is 4 which is 24 bits. On the other hand, if
one is interested in using a BCH code, one would necessarily almost surely go to the
code which is 511 bits long. In that case the field in which there are location numbers
then would be the finite field of 512 elements, i.e., GF(29). It is clear that even though
the character symbols in Reed-Solomon codes are in GF(26), the computation is also
done in GF(26) whose structure is considerably simpler than that of GF(29). So even
though it seems that the binary codes are preferable, it is not clear at all that
implementation-wise the calculation would be simpler for the BCH code as compared
with the Reed-Solomon code. In fact it is quite clear that for codes of similar length it is
almost always the case where a Reed-Solomon code would take a smaller field in terms
of the calculation and therefore has advantage in implementation. Even though the
calculation of magnitudes will take some doing it is much simpler in general than the
calculation of the error locations or the error polynomials. Therefore, under
circumstances where the error statistics indicate a multiple burst nature, it would most
likely be economical to consider the Reed-Solomon code rather than the BCH code
itself.
Comparison and Discussion When a code is applied either for error detection or error
correction several factors effect the efficiency of the code in terms of what percentage of
the bits are useful data bits, what percentage of the bits are redundant bits or

retransmitted bits. So, in terms of error correction, the only redundancy that is required is
the redundancy that is built into code the message. In terms of error detectionretransmission one should also include the bits which were transmitted in retransmitting
blocks because those bits do not carry new information. It is simply a restatement of the
retransmission of the block which had been rejected. Therefore, the efficiency of a code
would depend on both the redundancy in the code as well as the probability of
retransmission. If one considers retransmission with error detection it is then possible to
calculate what is the optimum block length as the function of the probability of error in
the channel. When the error probability is low one could transmit relatively long blocks
and therefore get a pretty good efficiency in terms of the encoding process. However,
when the error probability in the channel is increased, then to decrease the number of
blocks retransmitted, one will have to decrease the size of the block so that the
probability of a particular block being rejected is lowered and the number of
retransmissions is cut down. Again, there is optimum block length depending on the new
probability of error. When the probability of err.-r goes up still further it may be that the
block length is so short that it would make the code very inefficient even in terms of
error detection. In that case, one should consider the possibility of forward error
correction because forward error correction would be able to lower the rejection rate. For
instance, if the probability of having an error is 10-5 then if one transmitted with 105 bits
per block the probability of having error in the block is approximately 60%. Now if one
transmits blocks of 104 bits then the probability of error is much smaller indeed. So if the
probability of error is increased to 10-4, then one should accordingly shorten the block.
But on the other hand, if one is able to correct a single error in the 10-5 bits then without
those 60% which had contained an error, a majority of them would be corrected and
therefore not rejected. It is the experience of many people that in many systems by far the
largest portion of errors are single errors. In some systems it goes as far as 80% or 85%
or maybe even 90%. So it is possible to construct a simple code which would correct a
small fraction of errors and leave the other larger, more complicated error patterns
uncorrected but detected.
The introduction of forward error correction would improve the throughput greatly
because the reject ratio would be lowered significantly. on the other hand, since the code
still protects against many other errors even though not corrected,,the probability of
having a block contain errors to be delivered to the destination is also minimized so it
might be economical to consider systems which would correct a small number of errors
and yet detect error patterns which are more complicated but with small probability of
occurrence. The forward error correction technique that does not make use of
retransmission is useful only if one is not given an opportunity of a return channel and
therefore there is very little one can do to retransmit. In that case a decision will have to
be made in any case where the forward error correction technique would help improve
the probability of the information transferrable and however, it might still deliver blocks
containing errors because the system which would correct a very large number of errors

is rather expensive and especially when these errors do not occur very often. One
interesting technique that might be considered is the use of a computer in error
correction of this kind. In that case the programs which are used for error correction are
stored in bulk memory which is not called upon until an error of some magnitude is
present. Because of the fact that most of the errors are relatively simple or maybe even
single bit errors, one could use a relatively fast program which is simple but very
effective to do the correction. On the other hand for those few cases which are difficult
to correct yet sometime one could evoke the more powerful error correction techniques.
Such an approach has been used to some advantage in a mass storage system which has
recently been constructed. In general the speed of error correction is a function of what
kind of error is corrected. Single errors can be corrected fairly easily and fast. Multiple
error correction will take more time with burst error correction sort of in between. The
situation is again one of a performance vs. a cost. If one uses a simple correction
technique one gains some improvement and the cost is reasonable. Burst correction is a
good example of this compromise. If one is interested in better performance, multiple
error correction is needed. One would have to spend either more time in computation or
more circuitry in hardware. Use BCH codes or Reed-Solomon codes or other alternative
schemes. When and where does one cut off will be determined depending on the
particular system one is considering at hand. It is generally possible to trade speed with
hardware. The high speed burst correction technique is a good example of this. If one
uses more hardware, this computational speed can be improved. on the other hand in
many multiple error correction techniques the tradeoff is not sufficiently attractive to
consider a complete hardware system of parallel correction because the number of
possible error patterns is just too many. Decoding techniques which are partially
sequential and partially computational looks most attractive.
In conclusion I would like to say that in recent years the error correction and detection
techniques in data transmission and storage have developed sufficiently to produce many
alternatives. Even though one does not have a system which would correct all the errors
at low cost, one is paying a reasonable amount of dollars for a pretty good performance.
The techniques are available and one is given alternatives even though in a particular
system the decision still depends on the detail factors of the system. Sufficient
understanding is gained to give at least a general guideline of what might be considered.
The most economical system seems to be error-detection with retransmission. When the
probability of error is high, forward error correction can be used to improve throughput.
Burst error correction seems to be the most economical in FEC. For noisy channels a
more sophisticated code may be required. It is found that Reed-Solomon codes might be
more effective than binary BCH code in both reliability improvement and
implementation complexity. Furthermore, wherever computers are available softwave
implementations in decoding seems very flexible and attractive.
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Fig. 1 - A high speed circuit for burst error correction.

Fig. 2 - A feed-back shift register interpretation of the key equation.

Fig. 3 - A high speed decoder for binary BCH codes.

APPLICATION OF NONLINEAR ENCODING TO PICTURE
TRANSMISSION
LAWRENCE W. GARDENHIRE
Radiation Incorporated

Summary
The process of converting nonlinear analog signals to linear digital signals is a type of
companding. This process of companding consists of compressing or expanding the
dynamic range at the transmitter and restoring the original levels at the receiver. In
telephony it is used to account for differences in speakers’ voices. A loud voice will not
overdrive the channel, yet a soft voice can be heard.
In image transmission and processing, companding is even more important because of
the nature of image forming. Both natural and photographic image formation are
multiplicative processes. In a natural scene, the illumination and reflectance of objects
are combined by multiplication to form observable brightness. Since this combining is a
nonlinear process, it is important to transform the output to a linear signal at the earliest
possible point in the transmission. If linearizing is not done, noise will affect the dark
portion of the picture much more than the bright areas.
Companding can be accomplished in many ways either by analog or digital method. The
most common analog method is the use of log amplifiers with nonlinear amplitude gain.
The most common digital technique is nonlinear encoding which performs the
companding while the analog signal is being converted to digits.
This companding process, when used on the output of a photo scanner, can be used to
improve the transmission and reconstruction of digital pictures.
Scanning Processes
If a standard 16-step, equal-perceptibility curve, modified to provide smaller, lowdensity increments, is used as a reference input to the encoder, the results of nonlinear
encoding curve can be seen in the lower left of Figure I with the lowest voltage level
representing a reflection density of 2.10 for reference black. Voltages below this value
may be used for various synchronization signals (usually referred to as blacker than
black) or may be offset to represent minimum signal.

The amplitude of the steps at low signal, or the dark portion of a picture, are extremely
small and a small amount of noise can cause an actual change of density by several steps.
This curve represents an approximation as to how the eye actually sees. Notice that the
curve is not purely a log function in that the steps get smaller again at the white end of
the scale. For this reason, a log amplifier is not a good solution to the problem, although
it will help.
Nonlinear A/D Converter
If a linear, four-bit, analog-to-digital converter is used, the linear output A shown in the
companded output section will not be obtained. This anomaly is true because only
sixteen equal quantum levels are available and any value falling between these values
will be that of the lower quantum level. Density steps I through 5 will all fall in the first
quantum level, and there will then be only 10 density levels in the digitized output.
Density steps 13 and 14 will each occupy three quantum levels.
The simplest solution to the problem is the use of a nonlinear analog-to-digital converter.
By matching calibration curve B of the encoder to that of equal perceptibility inputs,
each gray level can be represented by one quantum level (curve B of the companded
output). This is actually a compression of the middle portion of the curve with an
expansion of the ends of the curve.
Many different ways can be used to make the encoder operate in this manner. Probably
the easiest would be a nonlinear comparison ladder matched to this curve. If amplifiers
are used for different bits, the gain of these amplifiers could be varied to match the
curve. Another method is to store the curve in a memory and use it to provide the
reference voltage in the A/D process. The advantage of the latter method is that several
programs could be stored and different companding curves used to accomplish different
requirements. For instance, if one wishes to enhance the dark portions of the picture,
(that is, see into shadows,) calibration curve C could be used. If it were determined, as in
the case of the moon’s surface, that very little highlight exists, (that is, everything is gray
with little dark or bright signals), calibration curve D could be used effectively to expand
density step 4 through 13 to 16 quantum levels.
In cases of remote operation the values for different programs could be stored in “read
only” type memories and the desired curve could be commanded depending on the
requirement at a given time. In photography, this process is known as gamma correction
and, in effect, it compresses or expands the dynamic range of film so that one can see
into shadows or bright areas.

Naturally, on the receiver end of the transmission system the reverse of this process is
used so the companding curve can be matched to that of the gamma curve for the film to
be used.
Source Encoding
The above discussion shows the importance in companding regardless of whether
redundancy reduction is used or not. However, when a reduction algorithm is used, the
value is even more important. Examining the photographs in Figures 2 and 3 will bear
out this fact.
Figure 2 was encoded with a linear A/D converter to 8 bits and reduced from 2 x 106
elements, using the Step Method (zero-order compression algorithm) to 2.2 x 104
elements. The tolerance was 12 levels in 256 or 4.7 percent. There are 2.664 x 106 bits in
the picture. The reduction was to 1.33 bits/element. If one looks carefully in the dark
areas, large amounts of streaking can be seen. This is particularly true on the right side of
the man’s head.
In Figure 3 the companding calibration curve shown as curve B in Figure 1 was used in
the encoding process. The picture was reduced from 2 x 106 elements, again using the
Step Method to 2.1 x 104 six-bit elements. The tolerance needed to obtain this reduction
was only 2 parts in 64 or 3.1 percent. There are 2.1 x 106 bits in this picture. The
reduction was to 1.06 bits/element, which is considerably less than in Figure 2.
As noted in Figure 3, the quality is far superior to Figure 2 even though Figure 2 is an
eight-bit picture and has more nonredundant samples. The reason for this is that the
errors due to the reduction were all made in the dark end of the scale in Figure 2, due to
the small steps. In Figure 3 the steps have been expanded to be equal over the entire
range and, therefore, the errors made are distributed over the entire picture and do not
cover more than one gray-scale step.
Further importance in companding can be seen by examining an oscillogram of the
uncompanded signal obtained by scanning a 15-step, equal-perceptibility, gray scale.
This oscillogram (Figure 4) also shows the effect of different kinds of noises produced in
any kind of scanning systems.
Definition of Signal-to-Noise Ratio
To understand this noise and its effect on reduction algorithms better, a description of
signal-to-noise (S/N) and Dynamic Range (DR) is needed. The interpretations of these
terms often differ with different kinds of users. In general, the noise in any scanner or
photographic process varies with the signal, whereas in an “ordinary” electronic

amplifier the noise is generally constant. As darker objects are scanned, the signal
current decreases to a point when it will be masked by a constant background noise
somewhere in the rest of the equipment. A noise that varies with the amplitude of the
signal is called multiplicative noise; and noise independent of the signal amplitude is
called additive. Additive noise is sometimes called ordinary noise, and multiplicative
noise, extraordinary noise.
The following description of S/N and DR is generally accepted when referring to the
performance of scanning systems.
Because of the multiplicative nature of noise in a scanning system, the definition of S/N
is made more difficult than it would be in common electronic usage where it is simply
defined as the ratio of the rms signal to the rms noise. For the purposes of this paper, S/N
is defined (Figure 5) in the same manner as it is in television: the maximum signal (S)
divided by the rms noise (Nm) in the presence of this maximum signal or
The DR is defined as the maximum signal (S) divided by the noise (No) when no other
signal is present or:

These definitions for S/N and DR are selected because they show
1)

the smallest signal increment that can be detected in the presence of the maximum
signal; and

2)

the smallest signal increment that can be detected in the presence of minimum
signal.

Using the definitions above in a system with purely additive noise, DR will equal S/N,
while in a system with multiplicative noise, as in the electron beam recording system,
DR ideally will equal 2 S/N measured in dB. In practice, DR will be less because of the
presence of the additive noise in the rest of the equipment.
The multiplicative noise of Figure 4 is much worse than the additive noise. The S/N of
this scanner is about 27 dB while the DR is about 42 dB.
If the data were companded, the whites would be compressed, thus reducing the
amplitude of the multiplicative noise. Companding would then improve the signal-tonoise ratio. When the black is expanded, it will increase the additive noise; however,
since the dynamic range is much better than the signal-to-noise, the increase will not be

harmful. In general, the noise would then be more evenly distributed and affect the entire
picture rather than just the dark area.
Effects of Signal-to-Noise
Signal-to noise ratio as defined above is the limiting factor in the amount of reduction
possible. Streaking seen in the reduced pictures (Figures 2 and 3) is a result of this noise.
The noise is averaged out in the analog case or when many samples are transmitted;
however, when reducing the data by redundancy reduction, the noise appears as signal
and the peaks are transmitted. One must transmit all the noise peaks (above the
tolerance) or the reconstructed waveform differs widely from the original waveform.
Thus, many nonredundant samples are needed just to transmit the noise. The noise peaks
also tend to cause a shifting of edges from line to fine and thus produce the streaking
effect.
If a signal-to-noise ratio of better than 60 dB could be obtained, the streaking cannot be
seen and the amount of reduction greatly increases.
The scanner that produced Figures 2 and 3 had a signal-to-noise ratio of about 30 dB
before companding. The rms value of the multiplicative noise was about 0.4 volts.
Companding reduces this to about 0.2 volts and increases the effective signal-to-noise
ratio to about 35 dB.
Facsimile Camera
In camera systems where the image is formed a line at a time directly on a photo diode,
the signal-to-noise ratio will be much better than a scanner working from reflectance,
where the grain of the paper and any imperfection is noise. This type of scanning will
increase the amount of reduction possible and improve the quality of the reduced
pictures.
Conclusion
The importance of companding at the earliest possible moment cannot be overstressed. If
a little system noise gets into a signal before companding, it is expanded and cannot be
removed. It is suggested that the A/D converter and nonlinear encoder be placed inside
the camera, almost as an integrated part of the photo diode. This configuration will keep
the system noise to a minimum and can better match the optics of the camera. Further, it
is impossible to separate the imagery and the data processing and they should be handled
as one problem.

Before any nonlinear encoding network is designed it is strongly recommended that the
optics be included in the overall problem, and a careful study of the noise situation be
made.

Figure 1 - Results of Nonlinear Encoding

Figure 2 - Linear Encoded Digital Picture
2,000,000 Elements - 16,000,000 Bits
Reduced by Step Compression Algorithm - 12 Levels in 256 or 4.7%
Reduced to 220,000 12-Bit Nonredundant Elements
Element Reduction (Er = 9-09
Bit Reduction (Br = 6.06
1.33 Bits/Element

Figure 3 - Nonlinear Encoded Digital Picture
Companded to Match Standard Equal Perceptibility Curve
2,000,000 Elements - 12,000,000 Bits
Reduced by Step Compression Algorithm, 2 Levels in 64 or 3.1 %
Reduced to 210,000 10- Bit Nonredundant Elements
Element Reduction (Er = 9.52
Bit Reduction (Br = 5.71
1.06 Bits/Element

Figure 4 - Oscillogram of Equal Perceptibility Scale

Figure 5. Definitions of S/N and DR
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Summary The Communications Satellite Corporation is developing the systems
design and implementation techniques for a flexible format adaptive telemetry encoder.
The encoder design includes wired program options to tailor system capability to mission
requirements. on-board data source controlled interrupt of the normal telemetry format
for transmission of preprocessed or block accumulated information automatically adapts
the telemetry channel to variable data rate sources. Ground command control format
modifications provide increased data rate or continuous burst readout of selected data
inputs. Distributed commutation is also available for the remote collection of analog and
digital data. Extensive use is made of monolithic MSI MOS devices and custom hybrid
bi-polar logic arrays in the instrumentation of the encoder.
Introduction The performance capability of the INTELSAT series of communications
satellites has advanced significantly since the development of Early Bird. This
improvement in communications performance has required an increase both in satellite
size and complexity. With this growth has come the need for greater parameter readout
accuracy, greater parameter information bandwidth and a greater total number of satellite
performance parameters to be monitored. Up to the present time all INTELSAT satellites
have employed PAM/FM/FM telemeters to obtain housekeeping data. With the more
complex INTELSAT IV satellite series presently under development, a changeover to a
PCM telemetry system will take place. In order to more efficiently fulfill the telemetry
requirements of future satellites, COMSAT has initiated the in-house design of a flexible
format adaptive PCM telemetry encoder capable of being easily tailored to fit the
instrumentation requirements of future satellites. The encoder system design and
implementation provide the capability of being tailored for an operational satellite or an
experimental satellite. All major telemetry system parameters such as bit rate, word
length, frame/sub-frame length, number of channels, digital/analog input grouping may
be changed simply by exercising hardware wiring options. The capability of handling
blocks of serial digital data under either command or remote demand priority interrupt
control is provided. Provision is also made for command control super-commutation of a
selected sub-frame.

The extreme long-term reliability requirements of COMSAT satellites will be met
through system redundancy and extensive use of high reliability screened MSI circuits
and hybrid multichip arrays. The system wiring will be minimized through the use of
ultra-low power logic elements packaged in multichip array hybrids and standard MSI
analog integrated circuits. Whole registers, counters, A/D converters, eight channel
commutators, etc., will be contained in a single hybrid or monolithic circuit. Interconnections between circuits will be accomplished by high reliability multilayer printed
circuit boards. Also, extensive satellite harness wiring for remote sensors will be
eliminated by the use of distributed analog/digital signal commutation.
System Performance The telemetry encoder (Figure 1) is designed to handle the needs
of both large and small operational communications satellites and the requirements of
advanced experimental satellites. The capability of handling auxiliary experimental data
collection unit information onboard an operational satellite is also provided. The system
design and modular instrumentation is such that the encoder may be simply configured to
satellite system requirements through the use of minor wiring options. The performance
envelope within which the system capabilities may be set and the performance
parameters selected for a developmental model are set forth in Table I.
Table I
SYSTEM PERFORMANCE PARAMETERS

Bit Rate (BPS)
Word Length (Bits)
Words per Sub-frame (Words)
Sub-frames per Frame (Sub-frame)
Sub-frame Sync (Words)
Frame Sync (Words)
Sub-frame Identification (Wordsl
Channels - Digital
Analog
Interrupt Inputs
Command Data Inputs

Developmental
Model

Maximum

1024
8
24
8
1
2
1
32
160
4
4

10,240
10
32
32
1
2
1
256
786
8
8

The telemetry encoder operation, once the performance parameters are established and
wired in, is subject to modification by remote data collection units or by command
control. Signals at the data interrupt inputs override the normal fixed data format and
allow processing of the interrupting data source on a pre-established priority basis. The
data interrupt blocks are pre-wired to be handled as serial bursts of up to twenty words,

in four word units. Command control of the telemeter overrides individual or all interrupt
inputs, as well as causing dwell and repeat of a particular sub-frame. Ground command
control also has the capability of burst readout of selected data accumulators via the
telemetry link.
Input Data Commutator The input data commutator is the telemetry encoder
interface for all input signals handled in the pre-wired fixed format. This unit accepts
information from individual sensors, distributed remote sub-multiplexers and digital data
registers. The input signals are sequentially addressed and transmitted through a two
tiered MOS commutator prior to being processed in the telemetry encoder. The
commutator handles low level analog, high level analog and bi-level digital signals.
Since the commutator configuration in a large capacity telemeter has a major impact
upon spacecraft instrumentation, much effort has gone into developing an efficient
design. A review of present communication satellite designs has shown that a significant
portion of the structural weight is taken up by harness cabling arrays and that a major
contributor to the harness is telemetry sensor wiring. The problems and weight penalties
of routing large numbers of cables for telemetry sensors are all too familiar to anyone
involved in satellite subsystem design. The availability of high-reliability MSI and
hybrid array commutator elements now allows the telemetry engineer to distribute or
decentralize his commutator interface strategically about the satellite. This is
accomplished by physically transferring groups of commutator switches in the first tier
of the two tiered commutator from the telemetry subsystem box to other locations in the
satellite. A complete thirty-two channel remotely located commutator (Figure 2) is
instrumented with four MSI analog switch ICs, one multichip hybrid logic array IC for
control and one analog IC as an output buffer. The counter and logic contained in the
multichip array can be programmed for fewer than 32 channels, in increments of eight,
through simple external wiring changes. Thus the thirty-two harness wires required by a
thirty-two channel centralized commutator have been reduced to just four wires through
the use of a remotely located sub-multiplexer. The sub-multiplexer address counter
operates under the direct control of the main telemetry unit word clock and master subframe reset signals. The sub-multiplexer PAM output signal is handled at the main
telemetry unit as a second tier input signal and its information is processed along with
the other telemetry signals.
The two tiered commutator is addressed as an RxCxS three dimensional matrix. The row
and column digital data select one switch in each first tier array, while the sub-frame data
makes the final selection of a single channel. A two tiered commutator was chosen as a
best compromise between leakage current offsets and ON resistance effects. The three
dimensional addressing coupled with the built-in decoder/driver within the eight channel
MOS ICs makes for extremely efficient logic design. It should also be noted that the
MOS switch IC control signal logic levels are compatible with those normally found in

low power digital integrated circuits, and that no complex switch driver circuits are
required.
Fixed Format Digital Data Information from fixed data rate sources and normal
housekeeping status data is processed in a conventional manner during each telemetry
frame, The selected format to meet mission data requirements is established through
fixed hard wired options. As with the commutator design, the circuitry to collect and
transfer the fixed format digital data is designed for minimum impact on spacecraft
harness wiring.
The digital housekeeping data such as mode or relay status indicator bits and other fixed
data rate digital information generally are collected at remotely located distributed
storage registers and serially transferred to the telemetry encoder as digital TM words.
Some housekeeping data are collected in parallel at the telemetry encoder itself, if the
source is located close by or if insufficient data volume exists to warrant the use of
remotely located storage registers. Each storage register is addressed by the telemetry
encoder via two wires and serially outputs its data once per frame. The register contents
are then cleared and prepared to accept new status data.
Where sufficient digital data volume exists in a localized area or sub-system the storage
register will be remotely located so as to more efficiently collect the data. An entire 10
bit status register, along with its address and control logic, is completely contained in a
single MSI multichip hybrid logic array. Remotely located digital storage registers
located with a distributed commutator unit require only three control signals for the first
register and one more signal for each additional register. Each separately located digital
storage register requires only four signal connections to the telemetry unit. The control
signals consist of register address and bit clock information. Provision is made for
selection of up to 8, in blocks of 2, fixed digital words per sub-frame.
Variable Rate Digital Data The telemetry encoder has the capability of adapting its
processing program to accept bursts of preprocessed data or information from variable
rate sources. This data could be from a scientific instrument compiling statistics over a
long period of time, or one which gathers its information in burst-like blocks of data. The
efficient handling of non-conventional data inputs is best accomplished by making the
telemetry format variable. This is achieved in two ways: first, by automatically adapting
the data format to information source requirements through a priority interrupt
capability; second, by varying the data format through ground command control
delegation of the telemetry encoder for block data readouts.
The priority interrupt capability is instrumented in the telemetry encoder by the inclusion
of logic circuitry to recognize, store and priority-rank interrupt control signals from
remotely located sub-systems. The interrupt storage register contents are examined for a

stored signal at the end of each telemetry sub-frame and acted upon, in pre-wired priority
order, in the next sub-frame. A telemetry sub-frame with interrupt data in it consists of
the normal fixed digital words, including the synchronization word and an identification
word tagging the interrupt data input, and from four to twentyeight words as the output
of the interrupting data source. Each interrupt source is allocated a pre-wired four to
twentyeight word block in four-word increments. Words in the subframe not required by
the interrupt source contain the normal fixed format telemetry data. At the completion of
the sub-frame an interrupt-complete signal is generated to terminate the interrupt
operation. A maximum of up to eight interrupt input channels are provided, as well as
ground command override capability for each interrupt channel.
Burst transmission of large blocks of preprocessed data from a remote sub-system can be
accomplished via ground command control. This mode is suitable for data sources where
the accumulation rates are not compatible with the standard telemetry format, yet not of
sufficient importance or urgency to warrant an interrupt channel. Ground commanded
data readouts are initiated at the start of the next telemetry sub-frame after receipt of a
command execute. The capability of command selection of up to eight data inputs is
provided. The ground command controlled data readout will almost completely delegate
the telemetry encoder output to the selected data source. The only exception made is the
inclusion of the normal fixed format digital words in the data stream. Priority data
handling operations are suspended for the duration of the commanded data readout, and
normal system operation is resumed only upon receipt of a command controlled data
readout terminate command from the ground control station.
Analog to Digital Converter The PAM analog signal output of the commutator is
converted into a digital word by a 10 bit analog-to-digital converter employing the
successive approximation technique. Recent advances in 140S integrated circuit
technology have made it possible to reliably integrate the digital logic and analog switch
portions of a 10 bit binary A/D converter on a single monolithic chip. The external
circuitry required to complete the A/D converter consists of a precision passive resistive
ladder network a differential comparator, and a few logic level converters.
The telemetry encoder A/D converter is instrumented around a Fairchild type 3751
MOS-LSI A/D converter circuit. This unit contains on one chip the timing register,
holding register, control logic, synchronization logic and analog switches necessary to
perform a 10 bit successive approximation binary conversion. The ladder network is a
precision standard R - 2R binary weighted hybrid network which converts the reference
voltage and MOS switch status into a proportional analog voltage. The differential
comparator receives the analog input and ladder output signals, and determines whether
the ladder voltage exceeds the analog input. The comparator output signal is level
converted and used to control the A/D conversion.

In system operation the A/D converter analog input signal is the PAM data from the
commutator, with a conversion initiated at each channel step of the commutator. The
A/D conversion clock rate is 100 kHz so that a complete conversion is made in 100 Fsec.
Since the anticipated channel rate is 100/sec the aperture is then one-hundredth of the
channel dwell time. The A/D converter data output is provided serially during the
conversion and is merged in the output buffer with the other encoder data signals.
Channel Address Logic The channel address logic provides all the signals required to
sequentially address the fixed format data channels. Operating upon the word clock and
control unit mode information, the address counters provide first and second tier
commutator address signals. The row and column counter provides first tier address and
a clock signal for the sub-frame counter, while the sub-frame counter provides the
second tier address, and the frame complete signals.
The word clock is counted down in a five bit variable modulo counter to provide row
and column address for 16, 24 or 32 channels per sub-frame. Selection of the number of
channels per sub-frame is accomplished through simple wiring options external to the
counter hybrid IC. Distributed commutator elements will each contain a row and column
counter unit, with central control achieved through common clock and reset signals from
the main counter. The five bit variable modulo sub-frame counter is incremented by the
carry or sub-frame complete signal from the row and column counter. As before, simple
wiring options external to the counter hybrid IC are used to determine the number of
sub-frames per frame. A maximum capability of 32 subframes per frame is provided for
in the counter.
The address data from the word and sub-frame counters are continuously applied to the
commutator switch decoders. The two tier switch array is organized in row and column
sub-frame blocks in the first tier and by sub-frame in the second tier. Thus the word
counter row-and-column address selects one switch in each first tier sub-frame array for
connection to the second tier. The sub-frame counter address then completes the
selection of a single channel by enabling only one second tier switch.
Word and sub-frame counter data also is made to address the standard digital
housekeeping data storage registers, synchronization words and data identification
words. The first four to eight words of each sub-frame are dedicated to digital data by
hard wired logic options. The first two channels of each sub-frame are reserved for
synchronization and data identification words. The rest of the digital data channels are
used for handling spacecraft data.
Clock Generator The clock generator provides a stable central time reference for all
telemetry encoder operations. The basic reference element is a temperature compensated
crystal oscillator operating at 1.024 MHz. The oscillator squarewave output is digitally

divided in a series of binary counters and linear shift-register dividers to provide all
clock signals required within the telemetry encoder.
The 1.024 MHz oscillator signal is divided down to provide a two-phase bit clock, word
clock, A/D converter clock and telemetry subcarrier. Division is performed either with
synchronous counters for binary division or with linear shift-registers for non-binary
division. The use of linear shift-registers for non-binary division allows the designer to
employ standard building block shift-registers and add only a feedback logic circuit.
The word clock is generated by dividing down the bit clock in a four bit linear shiftregister divider by the number of bits per word. The shift-register feedback logic is
configured so that the pattern generated is also the optimum synchronization word for
the selected word length. Thus this register performs as both a divider and
aynchronization word generator. The feedback logic is designed so that simple logic
inputs select between a division ratio of 8, 9 or 10 to 1, and also provides the proper
length synchronization code word.
Conclusions The system design and implementation techniques described in this paper
show that a flexible adaptive telemetry encoder is feasible. Implementation with modular
units allows for maximum system flexibility by not requiring significant design effort to
reconfigure the system. The inclusion of data controlled adaptive format capability
greatly improves data handling efficiency with a minor increase in system complexity.
The use of hybrid arrays and complex monolithic circuits increases system reliability and
reduces the number of interconnections.

FIGURE 1 TELEMETRY ENCODER SYSTEM BLOCK DIAGRAM

FIGURE 2. THIRTY-TWO CHANNEL REMOTE COMMUTATOR
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Summary The application of core storage elements directly in the ground station data
path could add greatly to the solution of increasing telemetry input data load problems.
Decommutator control information loaded into these elements at mission set up time
allows complete front end control by the main processor. Indeed, more complex formats
such as PCM sub-subframes could be handled, depending only on the extent and
sophistication of the control routine. Prestoring FM muliplexer addresses on prescribed
sequences with a selectable rate clock can provide a discriminator sampling scheme
approaching the theoretical in terms of sample rates relating to signal frequencies. The
data content is again only limited by the degree of sophistication of the control program.
In general, these control programs are just extensions of the main processor. By using
storage devices external to the processor, however, the dynamic decommutation can be
performed in a fairly optimum manner without the high I/O data transfer from the
computer.
A second function provided by the core memory in the telemetry data stream is data
identification. Particular preassigned bits stored with the control information can be
attached to the telemetry data word as this word is transferred from the front end. These
flag bits can be used to route the particular sample to the main processor or to display
equipment for quick look purposes. Unique flag bits may also be used to key any special
data handling required on that particular sample, such as attaching a time tag or selecting
a special subroutine in the main processor.
Introduction Telemetry ground station data handling requirements are becoming
increasingly complex. Range users are considerably more sophisticated now than 10
years ago and demand more data, higher rate data, and usable results more quickly than
before. Ground station users are also expecting greater equipment performance. Station
setup time and mission turnaround time are now important evaluation parameters to a
potential system user. To meet these increasing data handling requirements, the industry
has been guided into the field of automated equipment. From the old patch panel and
thumbwheel ground station equipment, numerous units aimed at handling more data

faster and with less human intervention have evolved. Tunable discriminators, variable
rate multiplexer-A/D convertors, and stored program PCM decommutators are examples.
Almost all of this new equipment is provided with a computer Interface for both static
setup and dynamic mid-mission change capability. This computer control of the front
end seems to be successfully addressing the rapid station turnaround problem. The
problem that remains–how to handle and distribute the increased data streams–is slightly
more complex. The basic idea presented here is to insert small core storage elements in
the data path between the decom equipment and the computer. The flexibility of the core
memory allows this device to be used both for control purposes in the front end and for
data rate buffering. Control information such as dynamic word length data can be stored
for PCM. For FM, prestoring multiplexer addresses in various sequences can greatly
enhance the sampling scheme. Source identification bits and routing tags can be stored
along with the front end control information for distribution to the appropriate end
device. Finally, a portion of the core can be assigned as a buffer to absorb data rate peaks
from the front end and to act as a data smoother-for more efficient data transfer to the
main processor.
The telemetry ground station data handling growth problem is serious. Most general
purpose processors cannot, and should not, accept telemetry data at the present front end
equipment rate capabilities. A better way must be found to work the front end equipment
efficiently and still utilize the central processor for the computing load, not just data
handling.
Problem Definition The basic problem to be solved by a telemetry ground station is
the acquisition and presentation, in a meaningful form, of data from a remote source.
Orginally, many systems were hardwired for a particular program and either required
extensive modification or were rendered useless if any ‘major program changes occurred.
These problems were solved, to a great extent, by the adoption of telemetry standards.
Now, the user that operates within these standards finds a wide selection of equipment
that will meet his requirements. Flexibility has been further enhanced by the
incorporation of programmable patch boards for data selection and routing.
Prior to the advent of the computer, the basic presentation of data has been in the form of
strip chart and oscillograph recordings and quick-look type displays. These methods
were sufficient when the amount of data telemetered was relatively small and slow and
when a high degree of accuracy was not required.
Figure 1 depicts two methods of acquiring and displaying PCM data. In the hardware
method, format flexibility is provided by being able to select bit rate, frame length, frame
sync pattern, etc. The patchboard decommutator provides the flexibility to route selected

data to the display devices. This method is sufficient for some applications, but has
disadvantages for others:
a.
b.
c.
d.
e.
f.
g.

Data rates must be relatively slow due to the response of the analog display
equipment and the operator observance of the digital displays.
Data is displayed in raw form, and no provision is made for further analysis
(except by analyzing strip chart recordings).
Mission reconfiguration is relatively slow due to complete manual setup.
A replay of the mission would have to be derived from an analog tape that may not
exactly duplicate the original data.
No provision is made for data quality (sync status) monitoring (a sync status line
could be recorded on the strip chart for low rates).
Time resolution is relatively coarse, even if a time code is recorded on the chart.
Data words must be of common size.

The software method utilizes a bit synchronizer to condition and reconstruct the data and
to provide a noise-free bit stream to a computer. The computer performs the serial-toparallel conversion, acquires word (if used), frame, and subframe sync, and identifies
data by word location within the frame. Selected data may then be linearized, have its
limits checked, be averaged, and be converted to engineering units. The raw or processed
data, as selected by the program, is provided to the various display devices. Several
advantages are offered by this method:
a.
b.
c.
d.
e.
f.
g.
h.
i.

Highly accurate data may be provided by use of the computer printer.
Data has the necessary computations performed to relate readily useful
engineering/performance data.
Data provided as quick-look information is in a more useful form.
Reselection of data to the display devices may be accomplished dynamically
through the computer operations console.
Mission configuration is accomplished by the loading of new mission. parameters
through a card reader, tapes, or a paper tape reader.
Much higher data rates may be meaningfully presented.
Real time decision making may be performed either directly by the computer
program or by presenting a set of parameters for operator action.
Data words may be variable in size.
The system can provide the final report of the mission in the form of printouts,
charts, graphs, etc., within a short period after the end of the mission.

Even though the result of the software method provides a desirable solution to the
problem, it has several disadvantages:
a.

b.
c.

The prime reason for using a computer is the speed and accuracy at which it can
perform computations. If the functions, such as serial-to-parallel conversion,
synchronization, are performed in the computer, the available computation time
must be reduced.
All data may not require real time processing. The software approach required all
data to be input to the computer. This also reduces available computer time.
The total composite throughput rate of the system is determined by the speed of
the data, the quantity of the data, and amount of computation required. Any means
of reducing redundant data, or parameters that are not required at this time, leaves
more time to perform computations; and the throughput rate of a given system is
proportionally increased. This also means that a smaller processor may be used to
perform a given job.

Figure 2 depicts a typical PCM application utilizing a general purpose processor,
standard telemetry front end equipment, and a stored program decommutator (SPD). The
SPD controls the length of each data word/syllable, time tags the data, monitors
synchronization status (search, check, lock), identifies the data, buffers peak data, and
selectively routes data to the display system or processor.
The heart of the SPD is a core memory that is loaded via the processor prior to a mission
and that may be dynamically changed during a mission. Figure 3 depicts a typical
memory address allocation. A 2048 address memory is used in this application. Each
address from 0 through 511 is assigned to a main frame segment, providing a main frame
length of 512 words. Two independent subframes are provided. Addresses 512 through
1535 are assigned to each segment of the subframes, providing two subframes of 512
frames each. Addresses 1536 through 2047 are assigned as rate buffers. This provides
512 addresses of temporary storage for data in excess of the input rates of the processor.
The front end equipment consists of standard bit, frame, and subframe synchronizers.
These units perform the same function as they did in the hardware method. The units
depicted are capable of selecting all format parameters via computer instruction. This
feature provides rapid mission configuration and reduces mission turnaround time to a
minimum. The frame and subframe synchronizers acquire synchronization on the
respective patterns and provide the rate pulses and synchronization status to the SPD.
Figure 4 depicts a typical memory control word. The information consists of word length
(bits per syllable, syllables per word, and bits per last syllable), subframe 1 and 2
segment identification, computer entry tag and source ID, and display tag and DAC
address.

Once the SPD and front end have been loaded from the computer and the serial PCM
wavetrain has been applied to the bit synchronizer, the frame synchronizer searches for
the proper sync pattern. When the proper sync pattern is detected, the SPD will advance
one memory location per word. As each control word is extracted from memory, the
word length information is provided to the frame synchronizer. The frame synchronizer
truncates the serial data into parallel data of the proper number of bits. This data word is
provided to the SPD, and the next word length is requested. The computer entry tag is
then examined. If the tag is on, the data word and source ID are stored in the rate buffer.
If the display tag is on, the data and the display address are provided to the display
system. The data is then displayed on the addressed digital display or converted and
displayed on strip charts, meters, etc.
As each control word is extracted from memory, the subframe 1 and 2 bits are also
examined. If one of these bits is on, memory will be addressed again, under control of
the respective subframe counter. The contents of this location will be used to route and
identify the data sample.
All data tagged for computer entry is stored in the rate buffer section of memory. The
rate buffer is addressed by the computer program for input to the computer. The capacity
of the rate buffer depicted is 512 words. The computer would be required to empty the
rate buffer once per 512 data samples; otherwise data would be lost and an overflow
alarm generated.
Another feature incorporated into the SPD is data quality monitoring (synchronization
status). Once per frame, the status lines of the frame and subframe synchronizers (search,
check, lock) are sampled, encoded into a digital word, uniquely identified, and input to
the rate buffer. This also serves as a reinitialization point, if the frame synchronizer
should revert to search. The SPD also provides for data time tagging. Depending upon
the application and the resolution required, the time sample may be taken once per frame
and input in the same fashion as the sync status word. If a more finite resolution is
required, the timing system may be sampled once per data word and input to the rate
buffer with the data.
The system utilizing the SPD offers all the advantages of the software method, but
allows a much smaller general purpose computer to be utilized. The tasks such as sync
acquisition, sync maintenance, and serial-to-parallel conversion are provided by standard
telemetry equipment. The SPD performs the functions of sizing the data, selecting data
(telemetry data, time, status) for direct input to the display system, and selecting and
buffering data selected for computer input. The general purpose processor performs the
arithmetic functions, the front end and SPD setup, digital recording, and display of
processed data.

PAM/PDM Applications To adapt the previously discussed PCM system to PAM/
PDM applications, the front end would be replaced by a PAM/PDM synchronizer that
incorporates an A/D converter. The SPD performs the same functions, except the word
length information is not required.
The front end synchronizes the data stream and converts each channel to a digital word
of the required resolution. The SPD selectively routes the data to the processor and
display system, buffers peak data, identifies and time tags the data, and monitors sync
status.
FM Applications An FM system that inputs data to a computer requires the same
functions of data identification and routing. The FM ground station must also time
division multiplex the discriminator outputs. Each output must be sampled at a high
enough rate to ensure proper data reconstruction. This rate is determined by the
bandwidth of each channel. If the rate is too high, over-sampling will occur; and
redundant data is introduced to the system.
If only constant bandwidth subcarriers are employed, the available bandwidth of each
channel is the same. In this case, the channels could be sampled sequentially using a
single sampling rate.
If proportional bandwidth subcarriers are employed, the bandwidths vary from a few
cycles to several kilocycles. To use the sequential method, the sampling rate would have
to be a multiple of the widest channel. This could result in up to 1000 samples of data
from a channel, where I sample would have sufficed.
The stored program decommutator in an FM system actually commutates the data. The
word length information of the PCM system is replaced by a discriminator address. Each
memory location now contains information regarding which data to sample, how to
identify it, and what to do with it.
In operation, the computer would select a basic sampling rate (performed by SPD static
storage) and start the SPD. The SPD extracts the first memory address, digitizes the
selected discriminator, and routes the data as specified. The next memory address is
extracted, and the same functions are performed. In this fashion, the computer would
load a table that optimized the sampling rate of each channel to a value that allowed data
reconstruction, but reduced oversampling to a minimum. Subframes could also be
utilized to further optimize sampling.
In addition to the routing flag information, each telemetry data sample could have
attached a unique identification word. This ID tag would identify that particular sample
for all further data handling. The ID tag could be used as a D/A converter address for

raw data or as a means of tracing that telemetry data through the processing loop. By use
of the routine flags and the ID trays, both of which could be loaded prior to the mission
or changed in midmission, a great deal of front end flexibility is provided in using the
main processor in selection of the data to be input in selecting the processing routine,
and in maintaining telemetry data integrity throughout the system.
The final function provided by the insertion of a core memory into the data stream is data
buffering. When the telemetry data word rate exceeds that of the processor I/O speed,
buffering is required. By assigning a section of the online core to rate buffering, it is
possible to operate under the above conditions for short periods of time. Obviously, this
time duration is directly proportional to the amount of core required. It is feasible,
however, to consider an average data word rate on a frame basis that is within the
processors I/O capability but that contains points of peak data rates that must be
buffered. Use of the online core for this purpose again allows the main program access to
possibly critical data without the high I/O data exchange or special interrupt handling.
The online core memory or stored program telemetry documentation technique described
above should provide a key to the solution of the increasing data input requirements of
present telemetry ground station systems.

Fig. 1 - Software

Fig. 2 - Typical PCM Application

Figure 3. Typical Address Allocation

Fig. 4 - Typical Memory Control Word
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Summary The high power versatile feed system for communications satellite usage is
of the three-channel monopulse type capable of simultaneous operation over the
receiving frequency band of 3700 to 4200 MHz and the transmitting frequency band of
5925 to 6425 MHz. The feed system provides an on-axis transmit beam for the upper
frequency range and three-channel monopulse tracking and receiving outputs for the
lower frequency range. These simultaneous transmit and receive functions are
orthogonally polarized.
The feed system consists of a multi-element aperture array with an associated remote
polarization control panel. The system is capable of processing transmitted signals of
power levels up to 12 kw for the purpose of satellite command and data transmission. It
is also capable of processing the relative azimuth and elevation error signals for satellite
tracking.
The feed system is suitable for primary focal point excitation of parabolic reflectors (F/D
between .45 and .6), and for dual reflector or Cassegrainian systems. The sum and
difference mode of operation are precisely controlled with a front aperture to provide the
proper illumination functions for the particular reflector systems, thus achieving high
system efficiencies and correspondingly high G/T ratios.
Introduction The Antenna Feed System discussed in this paper was specifically
designed for large earth station ground terminals for use in communications satellite
links. The antenna feed is a three-channel monopulse tracking system capable of low
noise reception in the 3.7 to 4.2 GHz range while simultaneously transmitting up to
12 kw of average power in the 5.925 to 6.425 GHz frequency range. The feed systems,
already in field operation with the INTELSAT series of satellites, provide remotely
controlled selection for the reception and transmission of circular left-hand, circular
right-hand, and any rotating linear polarizations. These feed systems are the result of
intensive development, and have proven their performance in the field. A total of seven
such systems in various forms are now in operation throughout the world.

The earth station feed systems consist of the following basic assemblies:
!
!

Feed assembly package with its polarization control panel and cabling.
Feed horn aperture.

The basic feed assembly package is suitable by itself for primary focal point excitation
provided the F/D of the focal point system is consistent with the illumination
characteristics of the feed assembly package.
The feed horn aperture is specifically designed to interface the common feed assembly to
a particular Cassegrain reflector system.
For typical Cassegrain systems the feed horn adapter can be designed to provide
optimum illumination tapers to a particular configuration. The variable parameter of the
horn is its included angle. This versatile design parameter allows an earth station system
designer to locate the basic feed and its sum and difference output terminals at any
desired position relative to the vertex of the main parabolic reflector.
A key factor in this feed system for Cassegrain excitation is the constant beamwidth
characteristic achieved with the feed horn adapter. It is this characteristic which allows
the achievement of high system efficiencies and correspondingly high G/T ratios.
In this paper, attention will be directed to the antenna feed and conical horn aperture
design technique. Typical performance characteristics will be presented along with
measured and computer-predicted Cassegrain system characteristics.
The Basic Three-Channel Monopulse Feed Assembly The three-channel monopulse
feed assembly is shown in block diagram form in Figure 1. It consists of the following
components:
!
!
!
!
!
!
!
!
!

front horn aperture
polarizer assemblies
waveguide transitions
a transmit/receive transducer
comparator network
low pass filters
interconnecting cables and waveguide runs
mechanical drive mechanisms
polarization control panel

A photograph of an actual feed assembly is shown in Figure 2.

The front horn aperture is a nine horn ring cluster. A single central horn and eight
peripheral horns. The central horn generates the required sum mode pattern for both
transmit and receive operating functions. The peripheral horns generate error patterns for
both azimuth and elevation tracking functions.
Each of the nine aperture horns is excited by two quar-ter-wave polarization assemblies:
A front polarizer and a rear polarizer. The polarization modes are controlled by rotating
tandem quarter-wave plates relative to each other.
The eight outer peripheral horns are connected to a comparator network that provides the
proper amplitude and phase excitation functions to each horn in the outer array
configuration. This generates the two orthogonal azimuth and elevation tracking error
channel beams. Low pass filters are connected to each of the three monopulse system
outputs (sum, difference azimuth, and difference elevation) to prevent transmit energy
from appearing in any of these terminals.
The polarization control assembly is equipped with two digital readouts: one for the rear
polarization assembly, and one for the front polarization assembly. These digital
readouts have a resolution accuracy of 0. 1 degree. The panel is calibrated for the linear
and circular polarization modes. The operator has the capability of matching any
incoming polarization, independent of its ellipticity, because each polarizer assembly is
separately controlled.
These polarizers are circular waveguide sections with metallic vanes (irises). The
individual polarizers in each assembly are aligned in such a way that the vanes are
parallel in all of them simultaneously. All nine polarizers in each bank are controlled by
a common drive mechanism via servo motors, precision drive belts and roller shafts.
These drive mechanisms form a pair of open servo control loops which are controlled by
the operator at the polarization control panel.
The central sum channel connects to a dual mode transmit/receive transducer with one
output of the transducer serving as the transmit (5.925-6.425 GHz) terminal and the
second output serving as the orthogonal receive (3.7-4.2 GHz) terminal. This
transmit/receive transducer also includes a specially designed probe (null probe) to allow
accurate polarization orientation matching.
Feed Horn Aperture The feed horn aperture is a conventional dominant (TE11) mode
conical horn with a specially designed interface adapter for attachment to the feed
assembly. The purpose of this horn is to shape the radiated pattern of the feed for use in
Cassegrain systems. The horn configuration design provides the following radiation
pattern characteristics:

!
!

Pseudo constant beam shapes over the desired frequency bands
An almost total absence of near in and far out sidelobes

These two features provide high system efficiencies and correspondingly high G/T
ratios.
Focal Point Excitation This type of operation applies to the instance where
conventional paraboloids are excited by the feed located at the focal point of the
parabola. It also applies to special applications such as those typified by the Cassegrainhorn, or “ Casshorn” , where the included angles approximate those of conventional
parabolic-like systems.
Typical receive pattern characteristics of the feed assembly package are shown in
Figure 3 for the frequency of 3.7 GHz. The figure contains the E- and H-plane patterns in
the azimuth plane. The elevation plane shapes are generally identical by virtue of the
symmetry of the aperture. The high level of the difference channel patterns relative to the
sum channel patterns is simply attributable to the fact that the difference channel
aperture is larger. Examination of these pattern functions will indicate that high quality
secondary patterns would result if parabolic dishes with F/D’s ranging from 0.45 to
0.6 were utilized. Lower F/D ratios would not be acceptable, since the H-plane
difference channel function would begin to under-illuminate at 4200 MHz. The E- and
H-plane pattern characteristics are typical of the E- and H-plane pattern shapes for all
polarization modes.
The design of the feed assembly package radiating aperture is such that the sum channel
beam shapes narrow very slowly with increasing frequency. These pattern shapes
monotonically change character from those shown at 3700 MHz to those shown in
Figure 4. This figure contains the E- and H- plane patterns at 6425 MHz. An F/D range
of 0.45 to 0.6 is also compatible with transmit band operation as the data of Figure 8
indicates. Once again, the elevation plane pattern shapes are similar to those shown in
Figure 4 by virtue of the symmetry of the feed system.
The focal point of the feed assembly package is fixed, lying approximately at the
aperture surface.
The data of Figures 3 and 4 indicate that the feed assembly package has high quality
primary pattern characteristics over the full range from 3700 to 6425 MHz. While the
feed assembly has very low loss and a low noise system would result, there can be no
question that such a system would not fare well compared to a Cassegrain-type system. A
focal point excited system with the feed adapter assembly as the exciter fares no better
than any other parabolic type system of the focal point variety when used for a low noise
application. The spillover region occurs in the zone near the dish periphery, causing a

large amount of energy (relative to Cassegrain-like systems) to impinge on the earth’s
surface with an attendant increase in the spillover noise temperature. A notable except
occurs in the instance of Casshorn assemblies, where spillover is eliminated by enclosing
the sides of the structure with metal walls. Casshorn system temperatures have been
measured ranging from as low as 48E to as high as 56E relative to the antenna terminals
and at an angle of five degrees above the horizon. This temperature includes all feed
contributions, all far field temperature contributions, and the sky temperature.
Cassegrain System Excitation This mode of operation requires the attachment of the
horn aperture to the basic feed assembly. The design of the horn aperture varies from one
Cassegrain system to another. The principal variable design parameter is the included
angle of the horn adapter. This included angle generally matches the included angle of
the subreflector. A secondary design variable is the length of the horn. The length of the
horn is fixed for optimum electrical performance.
The following discussion will describe the results obtained with a conical horn aperture
having a 35-degree included angle. A computer program was established for predicting
the characteristics of the horn adapters. It will be shown that the correlation between
theory and practice is excellent, thus allowing the design of any horn adapter to be
checked before actual implementation.
Figures 5 through 8 contain the E- and H-plane patterns for frequencies of 3700, 4200,
6000, and 6400 MHz, respectively. These frequencies approximately coincide with the
upper and lower frequency limits of the Earth Station receive and transmit bands. The
solid lines represent the measured data, while the dashed lines indicate the performance
predicted by the computer program. Both the measured and computed data show a
complete absence of secondary sidelobe structure. The remarkable feature of the horn
adapter is the almost perfect constancy of the illumination characteristics. When used
with a 35-degree included angle subreflector the horn adapter has an edge illumination
which varies randomly from 12 to 14 db across the entire spectrum from 3.7 to 6.4 GHz.
The dropoff in the E-plane pattern shapes is rapid, thereby minimizing system noise
temperature resulting from spillover energy falling on the earth’s surface.
The H-plane patterns for the frequency spectrum from 3700 to 6400 MHz are almost
completely constant with frequency. The more conventional beam shape derives from the
fact that the distribution in the H-plane is tapered, whereas that in the E-plane is not. The
ripple at the peak of the beam is, accordingly, smaller because of the lower energy
density at the edge of the horn radiating aperture. No sidelobe structure is evident within
30 db of the main lobe peak. This is in accordance with theory. Edge illumination in the
H-plane, with a 35-degree subreflector, will be approximately 20 db for all frequencies.
The correlation between theory and practice is remarkable, with the theoretical curves
being almost a direct trace of the measured pattern data.

Measured pattern beamwidths for both the E- and H-plane patterns are plotted in
Figure 9. The curves represent (-10 db), (-15 db), and (-20 db) beamwidths for a ninefoot long conical horn having a total flare angle equal to 35-degrees. It should be noted
that the (-20 db) H-plane beamwidth approaches the conical horn angle of 35-degrees.
It is important to note that the data of Figures 5 through 8 were taken in the near field of
the horn (relative to the normally used 2D2/8 criterion). The measured data were actually
obtained by swinging a test horn over an arc that simulated the surface of a hyperbolic
subreflector located the proper distance from the horn adapter. This test method
simulates the actual patterns which would illuminate the subreflector. It is for this reason
that the angular scale of the data of Figures 5 through 8 is riot linear. Since a spherical
wave front is deliberately established at the radiating aperture, there should be no
material difference between near and far field pattern data. This is, indeed, the case.
Figure 10 is the pattern of the 35-degree horn over a full 360-degree azimuth sector, with
the data taken in the far field. The pattern shape remains essentially identical to the near
field pattern shape. This pattern also clearly indicates the total absence of sidelobe
structure within 32 db of the main lobe peak.
The difference channel patterns are also very well shaped for operation in Cassegrain
systems. Measured difference channel patterns are shown in Figure 11 at frequencies of
3700 to 4200 MHz. The edge illumination for a 35-degree subreflector ranges from
16 db down at 3.7 GHz to 20 db down at 4.2 G Hz.
The net system gain was computed for a conventional reflector system with quadrapod
supports. The reflector was assumed to have a diameter of 98.4 feet, with an 8-foot
subreflector. The computed gain at the antenna feed assembly package terminal was
60.0 db at 4000 MHz. The computed noise at the antenna terminals was 48.2 degrees.
The resultant figure of merit is 41.4 db, with an assumed 23.5EK receiver noise
temperature. Both the gain and the figure of merit would increase by approximately
0.5 db if shaped surfaces were used.
Pattern data were computed for 25-degree included angle subreflectors, using the
computer program developed as part of the RSi-sponsored development effort. The same
dish assembly was assumed for this computation as was noted for the 35-degree horn
computation. The computed gain was 60.7 db at 4000 MHz, while the computed noise
temperature was 50 degrees. The figure of merit, assuming a 23.5EK receiver noise
temperature is 42.1 db. This figure of merit is based on a 5-degree elevation angle.
Similar calculations were run for the same conditions, using a 15-degree conical horn.
For this instance, the computed gain was 60.8 db, while the computed noise temperature
was 49 degrees. The resultant G/T ratio was 42.2 db, assuming a 23.5E K receiver noise
temperature.

The curves of Figure 12 summarize the frequency dependence of the figure of merit
(G/T) of a Cassegrain system having a 98.4-foot main reflector. Two curves are shown,
one for conventional reflectors and one for shaped reflectors.
Conclusions The three-channel monopulse feed system discussed in this paper
presents a new feed system configuration for communications satellite earth stations.
The feed provides optimum illumination tapers for focal point excited and Cassegrainian
reflector systems. In its final configuration the antenna feed system provides the
following features:
!
!
!
!
!
!
!
!

Constant Beamwidth Feed Excitation Patterns
High Figure of Merit (G/T)
Simultaneous High Power Transmission and Low Noise Reception
Excellent Tracking Accuracies
RHC, LHC and Any Other Rotating Linear Polarization
Digital Polarization Readout with 0.1EAccuracies
Null Probe Output for Fine Polarization Orientation Tuning
All Moving Parts Are Integral to the Pressurized Feed Assembly Package
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S-BAND PHASED ARRAY TELEMETRY RECEIVER*
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Summary A phased array receiver operating at S-band has been developed to
automatically track a moving telemetry transmitter by electronic beam steering. Each
array module consists of an antenna, mixer, IF amplifier and local oscillator. Beam
steering is accomplished by a unique method of controlling the output phase of the local
oscillator.
The antenna beam may be moved in a continuous scan through 120E in azimuth and
elevation. Tracking rates as high as 100E per millisecond are achieved with no moving
parts.
Introduction The requirement for vacating the 215-265 MHz telemetry band has
created the requirement for improved receiving and tracking systems to offset the
additional propagation losses encountered at the higher frequencies. Two antenna
configurations may be used to fulfill the requirements for ground based tracking
receivers in the UHF telemetry bands. Parabolic reflectors with conical scan or
monopulse feeds have been designed and tested. Such antennas are motor driven and the
narrow beam requires a high precision servo system to acquire and track the target. The
reflector antennas have slow tracking rates due to excessive size and weight of the
antenna mount.
A second antenna system is an array of antenna elements connected through variable
phase shifters to a combined output. Beam steering is accomplished by shifting the phase
of the signal received by each antenna element. Maximum energy is received when all
signals are in phase.
If each antenna signal is converted to an intermediate frequency by mixing with a local
oscillator signal, beam steering may be accomplished by controlling the phase of each
local oscillator. This eliminates the loss of a phase shifter placed in the signal path.
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Receiving System The receiving array is composed of a number of identical antennas
attached to miniature superheterodyne receivers or receiving modules. The array may be
arranged in linear or planar configuration and the number of elements or modules is
determined by the required gain.
In a linear array of n isotropic equally spaced elements, the phase between successive
elements required to steer the antenna beam is

where

d = element spacing
8 = operating wavelength
2 = angle between the beam maximum and the normal of the array axis
n = number of elements in the array.

If the reference is in the center of the array the phase becomes

The phases shift symmetrically about the reference in the array center and the phase shift
between adjacent elements is equal for uniformly spaced elements.
Receiver Module The receiving modules are identical units containing an antenna
element, preselector filter, mixer, local oscillator, and IF preamplifier.
Antenna Element The antenna elements may be any type of radiator such as dipoles,
spirals, horns, slots, etc. Dipoles are commonly used for linearly polarized arrays and
spirals orcrossed dipoles are used for circular polarization.
An experimental S-band receiver module with a spiral antenna is shown in Figure 1. The
antenna is a two-wire Archimedean spiral printed on teflon fiberglass. The spiral is fed
by a split-tube balun in the center and is cavity-backed to produce radiation from one
side.
The spiral antenna receives right hand circularly polarized signals over a wide band of
frequencies. The antenna gain is approximately 3.0 db over isotropic.
The phase of the signal received by a spiral antenna may be shifted by rotating the
antenna about its axis. One degree of mechanical rotation produces a corresponding
change in phase of one electrical degree. This provides a convenient and accurate

method of adjusting the initial boresight phase of the receiver modules by mechanical
rotation of the antennas to trim the phase of the array.
Preselector Filter An RF bandpass filter is connected between each antenna and its
associated mixer to suppress spurious signals and image frequencies. The filter also
prevents reradiation of any local oscillator energy from the mixer. This filter provides at
least 60 db rejection from dc to 2.15 GHz and f rom 2.3 5 to 11.0 GHz. It has an insertion
loss of 0.35 db in the passband of 2.2 to 2.3 GHz.
Mixer The microwave signal mixer is a stripline hybrid ring connected to form a
balanced mixer. The mixer is designed to provide maximum isolation between the local
oscillator and signal arms. The ring provides greater than 40 db isolation between
opposite ports when terminated in 50 ohms at the local oscillator and signal frequencies.
The signal frequency VSWR is less than 1.2:1.
The Schottky barrier diodes are selected in matched pairs. One diode is reversed and the
output connected in parallel. The noise figure of the receiver module is less than 8.0 db.
IF Preamplifier The IF preamplifier is a high performance unit designed to provide
35 db gain with a noise figure of 2.0 db. The transistors are connected in an overcoupled
circuit which has a 3.0 db bandwidth of 100 MHz at a center frequency of 265 MHz. A
voltage-variable attenuator is used to vary the gain of the IF amplifier to adjust the
amplitude distribution of the array. This attenuator stage provides continuous gain
adjustment from 0 to 35 db with negligible change in phase.
Local Oscillator The local oscillator of each module consists of a VHF driver
amplifier and a step recovery diode (SRD) frequency multiplier. Input to the driver is
supplied by a common crystal controlled source operating at 165.4 MHz. Output from
this master oscillator is divided equally by the number of array elements and applied to
each driver amplifier.
Output from the driver amplifier is applied to the input of the SRD multiplier which
multiplies the frequency by twelve to an output frequency of 1985 MHz. The phase of
the multiplier is shifted by controlling the bias current of the SRD. A continuous phase
shift of greater than 720E in input is obtained as shown in Figure 2. Variation in the
output power with phase control is less than ±1.0 db.
Phase shift due to ambient temperature changes is minimized by a temperature network
in the bias circuit. The heat sensitive elements of this network are embedded near the
SRD to sense the temperature of the diode. The compensated output phase shift is less
than 0.3 electrical degrees per degree centigrade ambient temperature change.

Output from the SRD multiplier is passed through a narrow bandpass filter to suppress
the unwanted harmonics. This is a four section stripline interdigital filter centered at
1985 MHz. Rejection of the llth and 13th harmonics is greater than 40 db.
Steering Control The voltages required to scan the beam are produced by a resistive
matrix connected according to the form of the array. The matrix for a planar array of
equally spaced elements is a quadrille of equal value resistors. Isolation resistors are
added to the sides of the matrix so the voltage applied in one axis is independent of the
voltage applied in the other axis.
Voltages from the matrix are applied through current sources to the bias circuit of each
SRD multiplier. In a balanced array, the center of the matrix is the fixed reference and
the voltages across the matrix vary in a +3V/2, +2V/Z, +V/2, -V/2, -2V/2, -3V/2
relationship. These voltages applied to the multipliers produce the +30//2, +20//2 +0//2,
-20//2, -30//2 phase shift required to scan the beam.
In large arrays with wide scan angles the steering voltages pass through a steering logic
circuit which “steps” the matrix voltages so that the SRD multipliers never shift phase
more than 360 electrical degrees. When the matrix output increases above the voltage
required to shift the phase by 360E, the logic circuit steps the bias voltage by an
equivalent of 360E. For example, if the required phase shift is 400E, the receiver element
phase will shift through 360E, and then step back to 40E which is the exact equivalent of
400E. Thus, the SRD multipliers are always operated over the most linear 360E portion
of their phase shift characteristic.
The circuit switches within a millisecond in either direction of phase shift. There is no
“dead zone” or “zone of indecision” in the logic switching. As the phase of a module
increases, the SRD multiplier may shift 363 degrees before switching occurs. However,
the logic will step the phase back to 3.0 degrees so that no switching phase errors occur.
Automatic Tracking System The receiver array may be connected in several
configurations to automatically track a moving signal source. Figure 3 is the block
diagram of the array connected in a monopulse tracking configuration. The array is
divided into four groups of modules and the sum of each group designated A, B, C, and
D. The IF outputs of A and C are applied to a “magic tee” hybrid which produces the
sum (A+C) and difference (A-C) signals. Another hybrid combines the output of B and
D into (B +D) and (B -D). The s um s ignals are applied to a third hybrid which produces
the total sum of A+B+C+D and the difference of (A+C)-(B+D) which is the azimuth
difference signal. imilar y a ourth hybrid combines the difference signals to (A+B)(C+D) which is the elevation difference signal. The azimuth and elevation signals are
applied to a 90E hybrid which adds the difference signals in quadrature.

The sum signal and quadrature difference signals are applied to a dual channel receiver
operating in the 215 to 315 MHz band. The dual channel receiver demodulates the sum
channel to produce the TM data. The sum channel is also used as a reference in a
tracking error demodulator to produce azimuth and elevation error voltages. These error
voltages are applied to the steering control circuit which moves the antenna beam to
maintain the Az and El nulls and the sum channel maximum.
The antenna beam position may be controlled manually by means of azimuth and
elevation control dials or the beam may be scanned by a search and lock circuit. This
circuit produces a triangular waveform which is applied to the horizontal axis of.the
steering matrix causing the antenna beam to scan in azimuth. A similar triangular
function is applied to the vertical axis to-scan the beam in elevation. Application of both
functions produces a raster scan of the beam through the sector covered by the array.
Both scan function frequencies and amplitudes may be controlled to vary the scan rate
and the search angles. The beam may be scanned through 120E in 0.5 milliseconds in
either axis.
When the beam intercepts the desired signal, the error voltage is applied to the scan
circuit to stop the scan at the point of crossover and add the error output to maintain
track. If the signal drops below a readable level for a specified interval, the scan circuit
becomes unlocked and the beam starts to search until the signal is reacquired.
Experimental Results A thirty-six element (6 x 6) receiver shown in Figure 4 was
constructed to demonstrate beam steering by phase controlling the SRD multiplier local
oscillators. The receiver operates at 2290 MHz with an 8.0 db noise figure. The dipole
antennas are spaced approximately 0.5 8 in azimuth and elevation.
Figure 5 shows the control unit which contains the steering matrix, logic circuits and
power supplies. The top panel contains the switches and indicator lights for the various
power supplies. The second panel contains the beam steering controls and beam position
meters. The beam may be positioned by the azimuth and elevation controls and the
position indicated by the azimuth and elevation meters.
High speed scan may be obtained by the application of function generators through
coaxial connectors to the steering matrix.
The third rack contains the printed circuit logic cards or “stepper” circuits. These circuits
step the phase of each module by 360E to the equivalent phase. A logic card was
provided for each module in the experimental array to provide a number of beam steering
tests. Arrays with symmetrical phase shift about the center use a common stepper for

complimentary modules such as 1 and 10 or, 5 and 6 in a ten element array since these
modules have identical control voltages with opposite polarity.
Figure 6 is the broadside pattern of the array in the plane of a diagonal. The antenna
patterns with the beam steered to angles of 20E and 40E from boresight are shown in
Figures 7 and 8. The low sidelobes are due to the taper achieved by the diagonal or
diamond array. The gain was practically constant as the beam was scanned ±6oE.
Similar patterns were recorded while the beam was scanned rapidly from one side of
boresight to the other by the application of square waves to the beam steering input.
Rapid scans of ±60E were made without beam distortion at rates up to 1.0 KHz.
An experimental 1 x 8 array was constructed to demonstrate monopulse tracking in
azimuth with circular -polarization. The modules were combined in groups of four on
each side of boresight. The combined output f r om each side were applied to a hybrid
ring junction to obtain the sum and difference of the signals received by each group.
Figure 9 is the broadside (2 = 0) pattern of the eight receiver elements. The solid line is
the sum pattern which is approximately 12 degrees wide at the 3 db points. The dashed
line shows the amplitude of the deference signal from the hybrid. The sharp null and
symmetrical pattern is an indication of uniform amplitude and phase characteristics of
the receiver modules.
Figures 10, 11 and 12 are the sum and difference patterns with the beam scanned 15E,
30E and 45E from broadside.
The sum and difference signals were applied to a phase detector to produce an azimuth
error signal. This signal was amplified and connected to the steering matrix. The beam
was scanned in azimuth by a triangular wave function generator connected to the matrix.
A portable S-band signal source was acquired and tracked from -60 to +60E in azimuth
with a tracking accuracy of less than 1.0 degree. Additional tests are being conducted to
determine the tracking accuracy with a high velocity target.
Conclusions Phased array receivers using SRD phase shift local oscillators have been
designed to receive telemetry signals in the UHF bands. The SRD phase shift system
provides a simple and accurate method of high speed scanning, acquisition, and tracking.
The modular array is very flexible in beam shape or gain. Increased gain in a given plane
is obtained by adding identical modules. Maximum gain with minimum sidelobes may be
obtained by adjusting the gain of the modules to produce an amplitude taper across the
face of the array.
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Summary This paper describes a dual circularly polarized feed system for operation In
incremental bands over the frequency range from 136 to 2300 MHz. The characteristics
of a 60-foot parabola excited by the feed system are discussed. Tracking data for this
system have also been obtained using a helicopter, the Apollo VIII vehicle, and
Cassiopeia A. It will be shown that the two-channel monopulse technique allows the use
of antenna feeds which, in turn, provide sidelobes of greater than -20 db relative to the
main lobe peak for all frequencies. This sidelobe performance reflects the fact that the
feed is approximately focused at all frequencies, unlike its earlier log periodic type
predecessors.
The characteristics of a similar feed used in the Apollo Range Instrumented Aircraft
(A/RIA) will also be described in this paper.
General Theory of Operation The block diagrams for two- and three-channel
monopulse systems are shown in Figure 1. The details involved in the operation of a
three-channel monopulse system are presumed to be well known and will not be
delineated here. The two-channel monopulse system, as its name implies, utilizes only
two channels: a sum channel and a complex difference channel. The complex difference
channel may be viewed as a quadrature combination of the conventional difference
channels of the three-channel monopulse system. The sum channel is.identical to that of
the three-channel monopulse system, having a beam maximum on-axis and being
symmetric about the axis. The complex difference channel differs from its three-channel
monopulse counterpart in that it is symmetric about the axis and has a point null on axis.
A very detailed description of the two-channel monopulse system has been presented

earlier and will not be analyzed in this paper1. Rather, attention will be directed to the
major advantages and disadvantages of the two-channel monopulse system.
First of all, the two-channel monopulse system requires two receiver channels as
compared to the three receiver channels for a three-channel monopulse system. This
advantage, however, is very often not of significant consequence in large’systems where
the cost of an additional receiver channel may not be a significant factor. Errors in the
excitation of a two-channel monopulse system will cause motion of. the null but will
never cause null filling. Thus, nulls of greater than 40 db depth have been measured over
greater than octave bandwidths2). The three-channel monopulse system will either null
fill or null shift, or both, as a function of network errors. In certain situations,
particularly where tracking axis correction is possible, the deep null of the two-channel
monopulse system may represent an advantage. The principal feature of the two-channel
monopulse system lies in its ability to make use of relatively simple circularly symmetric
feed systems. Examples of a number of different types of feed system were described by
Shelton and Chadwick3 . The most common of these systems is a conventional multiple
arm spiral antenna. This spiral antenna provides an aperture in the difference channel
which is twice that of the sum channel, thereby allowing approximately equal edge
illumination to be realized in both sum and difference channels. Equivalent performance
in a three-channel monopulse system generally requires anywhere from five to twelve
separately excited feed apertures. The spiral provides almost perfectly symmetric
excitation, thereby making it ideal for the illumination of parabolic dishes. The
symmetric pattern shape and controlled edge illumination allow very low sidelobes to be
achieved, in the two-channel monopulse system for both tracking functions. Thus, one of
the most significant deteriorating factors in any tracking system – a high difference
channel sidelobe level – is significantly mitigated in two-channel monopulse systems.
One disadvantage of the two-channel monopulse system occurs in the presence of in-line
multipath for low angle tracking (i.e., where the main beam shape intercepts the horizon
line). The azimuth channel of a three-channel monopulse tracking system has a vertical
null and is essentially independent of the effect of in-line multipath. The elevation
channel of the three-channel system is effected by the in-line multipath to the extent that
an elevation error will occur. In a two-channel monopulse system, the complex
difference channel will cause errors to exist in both planes as a function of in-line
multipath. The total angular error resulting from the vector sum of the azimuth and
1
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elevation errors in the two-channel system will be no greater than the error in the threechannel elevation plane. For those cases where the integrity of the azimuth tracking
channel is to be maintained, the three-channel monopulse system would offer an
advantage providing the terrain was symmetric. In practical ground installations, where
in-line multipath is less likely to occur because of environmental anomalies, both
systems would perform in approximately the same manner.
In effect, the two-channel monopulse concept represents another addition to the
designer’s library. In the final analysis, the selection of the tracking system, whether it be
two-channel, three-channel, or synthetic conical scanning, is dependent on many factors
and no attempt is made in this paper to influence the designer in the direction of any of
these three approaches. The decision must be made on the basis of the desired system
characteristics, its intended use, the availability of system components, and other design
and cost factors. It is the intent of this paper to update the reader with the latest available
data for two-channel monopulse systems.
Background The first two-channel monopulse effort was implemented under the
sponsorship of the National Aeronautics and Space Administration in early 19614. This L
and S-band system was used to demonstrate the broad bandwidth, low sidelobe and
tracking characteristics of the technique. A series of contracts on this subject were
subsequently funded by NASA, each adding to the technology needed for the technique.
These efforts led to the development of an 8-foot diameter spiral of the type discussed
herein. This preliminary developmental model also operated in incremental bands over
the frequency range from 136 to 2300 MHz and was described in a paper by Lantz5. This
developmental model was followed by a more refined model which is reported on in this
paper. A continuous 8:1 bandwidth spiral was developed in 1964 and reported on by
Franklin, et al6. It was this referenced program which initiated much of the broad
bandwidth technology presently being used in broadband tracking systems of the present
day. One of the very earliest two-channel monopulse systems was developed in 1961 to
provide the tracking head for a communications link between Rome, New York and
Trinidad via the Echo Satellite. This system differed from the prior described units in
that it was a high power system formed in waveguide. Furthermore, it utilized the twochannel monopulse format to generate simultaneous dual polarized synthetically conical
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scanning beams 7. This latter referenced paper is of particular interest to the designer
who might wish to convert the two-channel monopulse system to a synthetic conical
scanning system or “one-channel monopulse system”.
One of the later systems which use the two-channel monopulse concept was developed
for the Apollo Range Instrumented Aircraft (A/RA)8. This system, shown in Figure 2,
uses a six-arm cavity backed spiral to excite a 7-foot parabolic dish. It operates over the
frequency range from 1435 MHz to 2300 MHz, providing simultaneous sum and
difference channel outputs for both right- and left-hand circular polarizations. This
system, which has been successfully used in tracking and communicating with Apollo
VIII and Apollo X, is characterized by very low sidelobes. Its overall performance is
summarized by the following Table.
TABLE I
CHARACTERISTICS OF A/RIA SYSTEMS

In summation, the two-channel monopulse technique has been the subject of
considerable investigation since its inception in early 1960. The above referenced
efforts, with their attendant references, will provide a near complete bibliography for use
in the design of, such systems.
Feed System Description Figure 3 is a photograph of the 136 MHz to 2300 MHz.
spiral antenna feed. This spiral, ultimately designed to excite an 85-foot parabolic dish
7
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“UHF Antenna Feed Assemblies”, developed by RSi for Bendix Corporation under P. O. S95281.

with an f/D of 0.425, consists of three nested spirals. The large outer spiral provides the
sum and difference channels for the 136 to 138 MHz region. It also provides the
difference channel for the 234 to 236 MHz region. The mid range spiral provides the
sum channels for the 234 to 236 MHz region and the 400 to 402 MHz region. This spiral
also provides the difference channel for the 400 to 402 MHz region. The center spiral
provides operation over the frequency range from 1435 MHz to 2300 MHz in three
discrete bands.
Simultaneous sum and difference excitations for both senses of circular polarization is
achieved by the simultaneous excitation of the inner,and outer feed points of the multiarm spirals, as described by Yaminy9. The center spiral element uses six spiral arms
whereas the two outer spirals each have four arms. All spirals were of the log periodic
equiangular type.
A block diagram of the feed system is shown in Figure 4. This block diagram delineates
the various bands needed for operation in the STADAN system. It also shows the
diplexers needed to provide the necessary band splitting. All components were formed in
strip transmission line and attached to the rear of the spiral cavity.
Figure 5 is a plot of measured left-hand circularly polarized feed patterns at 400 MHz for
the sum and difference channels. These patterns illustrate the near equal edge
illumination attainable for both pattern formats. The patterns are typically symmetric
about the boresight axis of the feed system. A more complete description of the feed
characteristics is contained in the Table below.
TABLE II
Summary of Primary Characteristics of Feed 136 - 2300 MHz
Efficiency
Edge Illumination
Axial Ratio
Boresight Error
E to ) Amplitude
E to ) Isolation
VSWR
Phase Center Deviation

> 40%
12 to 21 db (E)
0.1 to 1.5 db
-0.1E to +2.2E
0.5 db to 6.1 db
-15 to -37 db
1.0 to 1.72
2.45 inches

The above characteristics indicate that the edge illumination is well controlled for
achieving low sidelobes in the secondary far field patterns. The efficiency and input
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VSWR include the effect of both the strip transmission line matrices and the diplexers.
The worst observed boresight shift is approximately 1/30 of the half-power beamwidth
of the feed pattern. The apparent phase center was measured at a range simulating the
approximate distance of the parabolic dish from the feed system surface. In actual
operation, the individual spiral positions will be adjusted so that all three spirals are
focused. Even without adjustment the defocusing at 136 MHz amounts to less than 1/35
of a wavelength, assuming the high band spiral is focused.
Tracking System Characteristics In order to evaluate the feed system (developed by
Radiation Systems, Incorporated) as an integral part of a monopulse tracking system, a
contract was negotiated by the National Aeronautics and Space Administration with theCollins Radio Company of Dallas, Texas. The Collins Arapaho tracking station is a fully
instrumented satellite and data acquisition station. The solid surface 60-foot diameter
reflector (f/D = 0.417) has a surface accuracy of 0.030-inch rms and is mounted on a
hydraulically driven elevation-over-azimuth pedestal. A quadrapod spar arrangement
supported the spiral feed at the focus allowing ±12 inches of axial adjustment. Figure 6
is a photograph of the feed mounted in the 60foot diameter reflector. Extensive tests of
the drive and servo readout system were conducted after the feed system was mounted. A
boresight camera was used to determine that the jitter was less than approximately 0.02E
for either axis with an absolute error of less than 0.05E for the two axes (1F). Two RF
ranges were established with remote field generating sources located a distance,
R$2D2/8, for the 60-foot system. A thorough program of range reflection probing was
carried out to facilitate location of dual diffraction fences for minimizing spurious
ground reflections. Tests conducted on the system consisted of focusing measurements,
boresight measurements, pattern measurements, axial ratio measurements, gain and
VSWR measurements, error channel cross-coupling measurements, and a tracking
demonstration. All tests were conducted at frequencies of 136, 400, 1700, and 2300 MHz
for both left- and right-hand circular polarizations. A helicopter-borne signal source, as
well as radio stars and satellite sources, supplemented the test range capability.
The center feed was focused in the L and S-band ranges when the center of the spiral
face was at the focal point. The phase centers for the mid and large outer spiral were
found to lie between the spiral faces and the cavity backs. Therefore, it was necessary to
move the feed slightly toward the reflector to focus at frequencies of 400 and 136 MHz.
A slight adjustment,of the relative cavity positions of the three spiral cavities will
produce an infocus feed over the 136 to 2300 MHz band with no need for adjustment.
The similarity of pattern performance for right- and left-hand circular polarizations is
demonstrated in Figure 7 where sum and difference patterns are shown for a frequency of
2300 MHz. Later patterns at other frequencies are only shown for left-hand circular
polarization in order that the presentation be simplified. Figure 7 indicates that the

sidelobes are 30 db below the sum pattern maximum for the sum channel and 28 db for
the difference channel. Figure 8 shows a theoretical 1700 MHz pattern computed for the
Collins reflector. This theoretical pattern includes the effect of the measured illumination
taper and the blockage by both the spars and the feed (the effect of reflector tolerances
and phase front errors are not included in this calculation). The measured 1700 MHz
pattern of Figure 8 shows that good agreement exists between theory and practice. This
comparison of theory and practice was used as a measure of the quality of the test range.
Figures 9 and 10 show that excellent pattern performance was maintained at frequencies
of 400 and 136 MHz.
The axial ratio measurement was difficult to conduct because of specular reflections
from the test range. Figure 11 shows a plot of axial ratio versus frequency and indicates
that the axial ratio was generally better than 2 db except at 136 MHz. Measurements at
136 MHz were not conclusive because of the broad beamwidth of the 60-foot dish and
the resultant effect of ground reflections at this frequency.
The gain of the antenna system was measured at each test frequency for each
polarization. The measurement was accomplished using calibrated standards mounted on
the rim of the reflector (see Figure 6). For this test, the RF field was generated both by
the collimation tower and by a helicopter located in the far field at an elevation angle of
50 degrees. This latter method was found to be quite rep eatable. Figure 11 is a plot of
the measured data showing the gain ranging from 50 db at 2300 MHz to 25 db at 136
MHz. The efficiency is estimated to range from 50 percent at 136 MHz to 55 percent at
2300 MHz.
The coalignment of the effective boresight axis with the mechanical boresight axis is a
factor which establishes the accuracy of a monopulse tracking antenna system. After the
feed had been aligned by optical techniques the boresight error of the entire system was
measured. Measurements were made against radio star sources as well as a helicopterborne RF source. Figure 12(a) is a composite plot of measured data for all frequencies
and polarization senses. The maximum error of 3-1/2 milliradians occurred at 136 MHz.
For the most part, the boresight error is less than ±1 milliradian.
The, tracking error voltage of the receiver was measured as a function of angular error to
the RF source to determine the tracking channel cross-coupling. With one axis locked on
boresight, the RF source was scanned by the other axis from one to two beamwidths on
each side of boresight. If no tracking channel cross-coupling was occurring, this error
voltage for the locked axis should read zero. Any voltage recorded was defined as
coupling voltage. Figure 12(b) is a plot of data from the analog strip chart recorder for
one of these tests at 2300 MHz. The analog voltages are shown to be 1 volt/degree for
the azimuth axis and 0.7 volt/degree for the elevation axis. Coupling in the figure is

shown to be 25 percent for the azimuth channel and 6. 6 percent for the elevation
channel. These values for all cases ranged from 0 percent to 50 percent.
Operational Tracking Data The sun, moon, Cassiopeia A and Cygnus were
autotracked in the open loop mode at all four frequencies. Acquisition for this pur .pose
was easily accomplished using a nautical almanac and computer printouts of azimuth and
elevation angles by four-minute intervals. Figure 13 illustrates one track of Cassiopeia A
in which the source was tracked to the horizon. During the period December 22-24,
1969, the Apollo VIII spacecraft was tracked in the phase locked mode of operation.
Figure 14 illustrates the schematic of the equipment used for this operation. Acquisition
was easily accomplished and it was demonstrated that the sense of polarization could be
freely reversed with no loss of track. Following the transearth injection, high gusty winds
in the Dallas area forced abandonment of the tracking operation.
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Summary Some thoughts are presented concerning methods of obtaining reliable RF
Telemetry links at S-Band, by sharing the effort to obtain such reliability between the
airborne and ground station antennas. The form the specifications for airborne antenna
system may take is discussed, as are methods of presenting and evaluating performance
data. A brief history of the development of the S-Band antenna system for the Athena H
Missile is related. In conclusion a variety of antenna types suitable for missiles are
presented with a discussion of their virtues and deficiencies.
Introduction In the four years of preparation for the transfer of telemetry activities to
S-Band, we have had the opportunity, in the Aerospace Division of Granger Associates,
to actively participate in many of the experimental and pioneering programs. We have
supplied S-Band Antennas and system radiation patterns for the Pogo, Walleye, Shrike,
Sidewinder, Sparrow, Tow, Phoenix, Scout, Pershing, Athena Standard, Athena H, and
Maverick; we have studied and prepared a, pattern report on the S-Band installation for
the Talos Missile.
A small, flush mounted antenna which requires no modification to the airframe and
which provides omnidirectional null-free pattern coverage would have satisfied the
requirements of all the missiles listed above; none such exists, however. Each of the
antenna systems met minimum requirements for a successful mission but no large
performance margins were obtained, as at VHF. S-Band antennas are smaller, of course,
than the units they replace, and have a much wider bandwidth, but these advantages do
not compensate for one major disadvantage - even the smallest missile to carry telemetry
is large in terms of wavelength at S-Band and missiles such as the Athena H, which is
40" in diameter (nearly 8 8 ) are gigantic. Thus the attainment of an omnidirectional, or
null free, radiation pattern is virtually impossible, assuming an antenna system
reasonable in cost and complexity. (For further reading on shadowing and interference
effects, see reference 1. ).
How then, are reliable telemetry links to be established? It is herein suggested that a
large share of the effort must come from the ground station antenna and receiving

antenna system. With a ground station receptive to all types of incident polarization, the
missile antenna system is then only required to radiate power in all directions without
constraint as to the sense of polarization radiated. As will be shown, this can simplify the
airborne system considerably. One obvious advantage to placing the greater part of the
burden on the ground station is that it only need be done once, whereas putting it in the
missile means it must be done over and over again. As rugged as the Granger Antennas
are, we rarely find our customers using one for more than a single flight.
It is realized that certain practical problems may exist in obtaining reliable diversity
combining for all signal conditions. But there is an ample theoretical basis for diversity
combining, whereas an omnidirectional radiation pattern with all energy contained in one
polarization is theoretically impossible. 1, 2
Specifying the Antenna Radiation Pattern The systems engineer, faced with the task
of specifying an antenna system, presumably has knowledge of mission requirements,
vehicle trajectory, transmitter power and ground station capability. From this
information, minimum pattern levels can be established. This minimum level may vary
over the sphere, depending on the trajectory. This minimum level, and its variations, may
be stated as in the following typical requirement:
“The gain of the antenna must not be less than -3 db with respect to isotropic, over 90%
of the area bounded by 2 = 0E to 2 = 60E and 2 = 0E to 2 = 90E, and in the hemisphere
bounded by 2 = 90E to 2 = 180E no pattern minima wider than 4E by 4E below -10 db
are allowed. Measurements are to be made with right hand circular polarization.”
We at Granger are frequently asked: “How many antenna elements are necessary, arrayed
around a cylinder, to produce the specified pattern?” The answer we prepared for a
12-inch diameter missile is typical. As the missile had four fins extending nearly its full
length, the original specification quite logically called for four blade antennas arrayed
around the cylinder. Patterns of the four antenna system were recorded with right hand
circular and with left hand circular illuminating polarization. A two element system was
then tested. An evaluation of the patterns proved the two antenna system to be superior,
as shown in Table I, when evaluated using minimum null width and percentage area
above minimum levels as the criteria. The values listed in the table are percentages of the
total area of the sphere in which the signal level falls below a minimum value, assuming
a polarization diversity receiving system. Also shown is the coverage with a single
polarization ground system assumed.
The substantial difference of apparent pattern quality resulting from differences in
ground station capability make it necessary that the polarization characteristics of the
ground station which will be tracking the missile be known before the airborne antenna

can be evaluated. Thus the most important part of the pattern specification and
subsequent evaluation is consideration of polarization effects.
One S-Band antenna installation on the Pogo Missile is an example of a system designed
for comparability with a ground station, which in this case was equipped with right-hand
circular only. The trajectory was to be essentially straight up then straight down, which
means that the tracker would be first looking at the tail, then at the nose, of the rocket. A
conventional array of elements around a cylinder may be fed in phase, which results in a
power null on the fore and aft axis. They may be fed with a progressive phase to produce
maximum signal fore and aft, but with right hand circular forward and left hand circular
aft or vice versa). There is a third arrangement which will produce the same sense of
polarization in opposite directions, however, which was implemented as follows:
The system consisted of four radiating elements mounted on the missile, at N = 0E, N =
90E, N = 180E and N = 270E. The antennas at N = 0E and N = 180E were displaced
longitudinally along the missile by 8/4 with respect to the antennas at N = 90E and N =
270E. The pair at N = 90E and 180E were fed in phase. The pair at N = 0E and 270E were
fed in phase but with a delay of 8/4 with respect to the first pair. All phasing was
accomplished by selection of cable length. This feeding method results in the equivalent
of two in - phase crossed dipoles separated in space by 8/4. The resulting radiation
pattern is circular of the same sense in both the fore and aft directions, and linear in the
transverse plane.
“IRIG Standard Coordinate System and Data Formats for Antenna Patterns”, IRIG
111-65, contains an excellent discussion of polarization, and is recommended reading for
anyone who desires to improve his understanding of this often hazily understood
phenomenon. The discussiai includes in part the following definitions: “Polarization is a
term used to describe the behavior of the electric vector in a fixed plane normal to the
direction of propagation as an electromagnetic wave moves through a medium. Linear
and circular polarization are limiting conditions of the more general elliptical
polarization. “ The terms are then further defined and are illustrated.
The installation of multiple radiators on a cylinder will produce, in different directions, a
variety of polarizations simultaneously. Stated in terms of elliptical polarization, the
polarization ellipse may vary, over the sphere, from linear vertical, to linear horizontal, I
ssuming all values of ellipticity and orientation between these limits.
When we discuss the polarization of a missile antenna system, then, we must define the
point P(2, N) on the sphere at which the polarization is measured. Only when the
receiving antenna is capable of receiving all polarizations is the missile antenna system
polarization of no concern. Table III “Polarization Mismatch Loss” has been prepared to

illustrate the losses possible when the ground station and airborne system are of different
polarizations. Obviously all possible combinations of polarization are not considered.
For the ground station four commonly used polarizations are entered: E 2 (vertical) E N
(horizontal) right hand circular and left hand circular.
Several possible polarizations of the airborne antenna system are entered: E 2, EN, RHC,
LHC, E 2, at J = 45E (slant linear) and elliptical polarization with the orientation of the
major axis of ellipse (J), with respect to the ground stationconsidered in increments,
22 1/2E.
The values listed in the polarization diversity columns assume, in order to simplify the
presentation, that a 2.5 db enhancement of signal level is realized when the two received
signals are equal, and that no enhancement of the stronger signal is realized when the
received signals are unequal. (A more precise analysis of polarization combining is
beyond the scope of this paper. Several papers on this general subject are listed in the
bibliography for reference. 5, 6, 7).
Note, from Table III, that with a circularly polarized diversity system no polarization
mismatch loss greater than 0.5 db is suffered for any missile antenna polarization. For a
linearly polarized diversity system no mismatch loss greater than 1.6 db is suffered. For
each of the single polarization receiving systems received levels vary substantially and
for each case there is one missile system polarization which will be completely rejected.
Pattern Presentation The manner of pattern presentation is of most importance during
the design of an antenna system, for often many patterns must be recorded so that the
relative merits of different antenna configurations may be weighed. Also some simple
means must be provided to permit the basic question to be answered: Does the system
meet the specification?
The purpose of an antenna pattern, whatever form it may take, is to make visible the
distribution of RF energy around the missile in order that judgement may be made
concerning the adequacy of the antenna installation-but “to make visible” is easier said
than done. A radiation distribution plot, or matrix plot, contains 16,200 squares, each
contain-ming a number between 0 and 40. This is more information than can be easily
assimilated by the observer. An individual’polar plot can be viewed, understood and
evaluated, but a single plot does not contain enough information to permit conclusions to
be drawn.
The contour plot has been devised, which consists of a series of lines connecting points
of equal amplitude. The detail or complexity of the presentation depends upon the

intervals at which lines are drawn. This type of pattern is difficult to prepare and
therefore, costly.
A computer, of course, may be programmed to analyze the pattern, but other, and
relatively simple, means of performing the analysis are available. At the Aerospace
Division we have modified’our radiation distribution printer to permit the selection of
particular levels to be typed out. As a first step the conventional recording..is, made, with
the entire sphere scanned and the pattern recorded in 2E increments of angle and 1 db
increments of amplitude. The tape record is then re-run and selected values typed out; as
for example, only values less than -10 db isotropic may be typed. A counter counts the
number. of strikes of the typewriter per row. This number is recorded by the operator and
normalized by multiplying by the sine of the angle of the row, These normalized values,
summed over a particular sector of the sphere and divided by the normalized total area of
the sector, yield the percentage of the total in which the signal level is below the selected
level. (See the appendix for further details of the normalizing procedures). Some
interesting effects are produced by this presentation arid, as is true of many phenomena,
patterns emerge to delight the observer’s esthetic sensibility while possibly offending his
engineering or practical sense, for here an absence of pattern is a measure of quality.
Figure 1 is a plot of the S-Band antenna system on the Athena H Missile illuminated
with right hand circular polarization and recorded in the normal manner. Figure 2 is of
the same Athena System, but in this plot the X indicates a point at which the pattern
amplitude is below -10 db with right hand circular illuminating polarization. The 0
indicates a point at which the pattern amplitude is below -10 db with left hand circular
illumination. Figure 2 illustrates an important feature typical of missile antenna patterns:
the alternate bands of nulls resulting from illumination by opposite polarizations.
In this paper “null” refers to areas of the radiation pattern in which the level is below an
arbitrary minimum value, and not necessarily to a complete absence of signal. A
distinction must also be drawn between two types of nulls: polarization null, and power
null. The former results from polarization mismatch between transmitting and receiving
antennas; the latter from cancellation or shadowing. Signal cannot be received in the
power null with any type of receiving antenna. In the pattern of Figure 2, the separate X
and 0 symbols indicate polarization nulls. When they are coincident a power null must
exist, for with two oppositely polarized antennas receiving the same signal, no kind of
incident polarization will be rejected by both. Table I further illustrates this. The greatest
percentage of null area in any system we have tested to date has been in polarization
nulls.
The Athena H Antenna System The following paragraphs, narrating the history of the
antenna system for the Athena H are presented to illustrate the moral that when numbers
of antennas are discussed, It more is not necessarily better”.

In March, 1969, Granger Associates, then Dorne and Margolin, Inc., submitted a
proposal to Atlantic Research Corporation outlining a design for the S-Band antenna
system for the Athena H Missile.
A set of six slanted monopole elements arrayed circumferentially around the missile was
proposed. The diameter of the missile in the area available for antenna mounting is 40",
or 7.68. The elements would be fed to produce a phase rotation which would result in
right hand circular polarization in the direction of vehicle travel, and left hand circular in
the opposite direction. It was thought, at the time, that three of the six elements would be
fed at a reduced power level in an attempt to lessen the effect of complete cancellation in
certain directions. It was predicted, however, that sectors would remain, both fore and
aft, in which the amplitude and phase summation would result in circular polarization of
the sense opposite to that desired, and so a polarization diversity system at the ground
receiving station was suggested.
The six-element S-Band system produced a multilobed pattern, as expected. The attempt
to reduce null depth by feeding alternate elements with reduced power produced
inconclusive results, however, mainly because the changes in the patterns were slight
and difficult to analyze as relative power levels were changed. It was then decided to try
a three-element array, with the surprising result that the null structure with only three
antennas was better than with six. Coverage from the statistical or percentage-area point
of view, was also improved.
The coverage of the three-element system is shown in Figure 2. These patterns show
somewhat the same gain in the forward direction as in the aft direction with the major
nulls located in the roll plane between 2 = 80E to 2 = 100E. The critical area where more
coverage is preferred is in the forward cone, 2 = 0E to 2 = 60E where the vehicle is
acquired by the down range receiving station as the vehicle comes over the horizon.
The possibility of obtaining adequate pattern coverage with half the originally
contemplated number of antenna elements was very attractive, for this approach
permitted two three-element antenna systems to be installed, allowing 100 percent
redundancy of S-Band telemetry with the use of two transmitters and without the need
for a diplexer. (It is of interest to note that three antennas and associated cables and
power divider weigh less, and cost less, than a diplexer. ) Additional patterns were run
for the R and D telemetry antenna system, which is located forward where the diameter
of the vehicle is 24". The investigation here started with a three-element array and ended
with a two-element array. The two-element array provided sufficient coverage and was
thus chosen.

Types of Missile Antennas The suitability of an antenna type for a particular missile is
determined by the missile structure, the environment and the mission. Two basic types
are available: The flush slot and the external blade. This classification, of course,
considers only the most obvious characteristic of an antenna: its appearance when
mounted for use. The external antenna is generally a monopole, and the flush antenna
generally a rectangular slot. The external type could be a loop, and the flush type a cavity
backed spiral, annular slot or helix, but the former types are the most useful for
telemetry, however.
The rectangular slot can assume a variety of shapes and sizes. A dielectric-loaded,
waveguide fed slot may be 2.00 X 0.75 X 1.75" deep, (not counting mounting flanges) or
3.00 X 0.75 X 1.75" deep. A flattened cavity type slot may be .125 thick with a 2" X 3"
surface area. This type may be attached end-to-end and wrapped completely around the
missile, to form a ring array. This “wrap around” approach produces very nearly the
desired omnidirectional coverage with its multiplicity of radiating elements. Its use,
however, is limited to the smaller missiles, less than 15" in diameter, because of
problems of manufacturing the device in long lengths.
An axially mounted turnstile and a radial waveguide antenna have been described8 which
also produce excellent patterns. These latter two designs require extensive structural
modification to the vehicle, which is not usually possible, for the telemetry antenna
system is often installed on only a selected few of many missiles of a particular type for
test purposes, and therefore, provisions for mounting them are not included in the missile
design.
Many vehicles employ heat shields, which present additional antenna mounting
problems. In one type, the antenna is mounted behind a heat shield and must look
through it. On another the antenna protrudes through the heat shield. The Athena Missile
jetisons its heat shield and so the antennas mounted beneath it must first radiate through
it, then operate without it.
Some heat shields are quite dense, of asbestos and phenolic resin composition, and so
have a substantial effect on the antenna if contiguous to it. In this case the antenna must
be designed specifically for this condition.
If the heat shield changes state during flight from ablation or carbonization, it may affect
the antenna adversely. A ready solution to this problem has not yet been devised.
Figure 3 illustrates several of the types developed by Granger Associates. Two blades
(external) antennas are shown; the difference between them is their temperature
capability. The KSE-U-1A can operate at temperatures to 1300E for 5 minutes. The

KSE-U-2A is less costly and can operate at 400EF. continuously, or withstand a pulse of
1000E for 30 seconds.
The flush mount DMAK512-4 can withstand a temperature pulse of 1000E for 30
seconds. At high temperatures, the dielectric material of the antenna is its Achilles Heel.
High temperature dielectrics are available, but antennas using them are more costly to
build.
The DMAK522 antenna was designed to protrude through a heat shield. Its dielectric
cover can withstand a pulse of 5000 F for 5 minutes. The requirement that this antenna
extend above the metallic surface of the missile, and through the heat shield became an
advantage, for it was not necessary to use a conventional cavity - backed slot. The feed
element is outside the cavity, which simultaneously improves the bandwidth and
efficiency of the antenna. The KSF-21-1A is a cavity backed slot of small dimension,
and also small bandwidth. It will operate over any 30 MHz segment of the band with a
VSWR under 1.5 = 1. It must be factory tuned, during fabrication, to a specific portion of
the S-Band.
The wrap-around antenna, KSF-8-1A, is a circular array of six slot antennas and so it
produces nearly omnidirectional coverage. It is contoured to a particular missile
diameter, and so must be specially modified for each application. The one illustrated is
for an eight inch missile.
The DMAK36 is a circularly polarized antenna of high temperature capability, designed
to radiate a relatively narrow beam. The DMAK526-1 is the nose cone of a small missile
with an array of two slots an integral part.
Conclusions A variety of S-Band antennas have been designed for missiles, permitting
considerable latitude of choice for the telemetry systems engineer. A fund of experience
has been accumulated on the performance of these antennas installed on various size
missiles. The most significant result appears to be the realization of the importance of
polarization. The fear prevalent during the early stages of S-Band development, that the
new shorter wavelength would result in loss of pattern coverage may be allayed by the
thought that there is a way to overcome the difficulty: employ polarization diversity
receiving systems.
Appendix The recording of the radiation pattern in the matrix form results in a value
being typed in each interspace of the matrix. This value is the relative amplitude of
signal at a point but is taken to be representative of signal amplitude over the 2E X 2E
area in which the point lies. The mechanism which causes the value to be typed requires
that the sphere be represented on a two dimensional surface with linear scales (equal

increments) for both N and 2 , whereas the N increment on a sphere is non-linear,
decreasing in either direction from 2 = 90E (the “equator”)to 2 = 0 and 2 = 180E (the
“poles”). The incremental area (2E X 2E) on the matrix chart is therefore larger than the
corresponding area on the sphere with the difference being greater near the poles. The
value typed in an interspace near a pole is still the relative amplitude of a signal at a
point but represents the amplitude for a smaller area than does the value for a point near
the equator.
The area of the matrix plot is related to the area of the sphere by:
(1)
Where:
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ANTENNA PATTERN ANALYSIS -A COMPUTER METHOD
F. M. WOLFF
Engineering Department
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Summary This paper describes a digital computer program which is used to calculate
certain performance parameters for a telemetry antenna on a flight vehicle. Ground tests
of the antenna, or its mockup, are performed and readings taken of the observed gains.
This gain pattern is in the form of paper tape which is converted to a computer,
acceptable punched are format. The program was written for the IBM 360/65 computer
operating under multiprogramming with a variable number of tasks. A visual
representation of the pattern is presented and radar tracking site information is displayed
in tabular form. Examples of predicted data and flight data are shown.
Introduction Antennae are physical structures which act as an intermediary between
guided waves and free-space waves or vice versa1. The method by which an antenna
performs this intermediary task can be described by certain characteristics; among these
are efficiency, radiation pattern, and polarization. Specific interest was focused on
polarization and its effect on the antenna radiation pattern, especially insofar as it
effected the pattern structure. If antenna patterns were visible, the effect of the
perturbation of certain parameters could be more easily studied.
The Scientific Atlanta Corporation developed a method2 by which data is acquired and
the radiation pattern is presented in terms of power per unit solid angle, for a
predetermined input power to the antennas. This method and equipment are utilized by a
local firm which performs the ground tests under contractual agreements, and prepares
the initial data representation namely the paper tapes and array maps. (Figure 1) Each
data point in the array represents the magnitude of a vector whose sense was determined
from a suitable coordinate system. Thus, the basis was formed for a visual presentation
of the radiation pattern.

1

J. S. Korsus, “Antennas, “ McGraw Hill Book Company, Inc. New York, New York, pp 1: 1950

2

J. S. Hollis, “Antenna Measurements, “ Microwave Journal; Vol 3, No. 2, February 1960.

The data is quite voluminous and an extensive period of time would be required if
manual methods of reduction were employed. This, then, formed the incentive and basis
for the development of a computerized method of processing the information.
This paper presents the results of that development effort.
The Antenna Gain Factor program was developed at the Missile Systems Division of
Atlantic Research Corporation. Development took place under the auspices of the
Athena Vehicle program under contract to the U. S. A. F. Advanced Ballistic Reentry
Systems Program. In August 1968, effort was initiated on a method of adequately
examining the S-Band telemetry antennas used in the Athena research vehicle as well as
at the tracking sites along the inland test range between Green River, Utah and White
Sands, New Mexico.
The data were obtained from testing methods and procedures developed by the Scientific
Atlanta Corporation. The data consisted of punched paper tapes and a representation of
the information in array form.
The array containing the test data consists of 16,200 numbers in 90 rows and 180
columns (Figure 1). Each row and column represents a strip, two degrees wide, on the
surface of a sphere. Each row represents an aspect angle (2) of two degrees, where the
aspect angle is defined as shown in Figure 2. Similary, the columns or roll angles (N) are
defined as shown in Figure 2.
Each element in the array is a number which represents the power ratio in decibels (db)
below the isotropic level for that antenna.
If these are considered as vector lengths whose sense is 2 degrees from the roll axis and
N degrees from the pitch axis, then these vectors will describe a spheroid shape which
can be considered to have a volume and a surface area.
Let G2 N represent the vectors in the array, then the average vector magnitude would be:
(1)

The projection of the sphere onto an X-Y plot tends to foreshorten the polar region and
compensations must be made for this. Equation (1) becomes:

(2)

Similarly, the average gain over the forward, mid, and after thirds of the spherelike
antenna pattern are calculated.
The antenna efficiency is defined as the ratio of gain to directivity. However, this
program was designed for a particular application where directivity was not required,
hence the classical efficiency is not calculated. There exists a further hinderance to
calculating efficiency, the patterns most frequencly analyzed were tested under
polarized, reception. The total gain for such instances is the vector sum of the two
polarizations (i.e., left and right). For the instance where E2 or EN polarization is used, the
phase angle must be considered unless perpendicular antennae were used and each
polarization accomplished by maximizing gain at each 2 and N grouping.
The numeric value shown as antenna efficiency is a relative index of the ratio of
propagated power to applied power. Test data was taken for mockups of flight
equipment, where the antenna was viewed through various materials, of different
dielectric constants, which were to be used as heat shields.
(3)
One of the requirements was to calculate the percentage of area, of the irregular
spheroid, which was above or below a given reference. The . reference was specified as a
sphere whose radius was equivalent to a given db level.

(4)
where Ri = unit radius
The sum is computed for all points where
(5)
The information discussed above is displayed in printed form as shown in Figure 3.

Radar Subroutine This routine provides information for tracking stations along the
flightpath of a ballistic vehicle. The routine depends, for its input information, on the
output of a six-degree-of-freedom (SDF) trajectory program. The SDF program produces
a magnetic tape with a time history of aspect angle, roll angle, and slant range3 for a
given vehicle and a given radar site. The routine calculates average gain, received
intensity and signal-to-noise ratio for this time history.
Two vehicle conditions are considered. First, in the event that the vehicle is rotating
about the roll axis, evaluation of the exact pointing angle is difficult , to obtain due to the
spin rates involved. The trajectory program in its simulation will always be in the same
attitude, whereas the vehicle operating in a changing environment does not always
present the same view. It was, therefore, assumed that examining the entire “roll strip” at
the particular aspect angle present a fair approximation. The minimum, maximum, and
average gain are determined for this “strip” and the average gain is used to calculate
received intensity and signal-to-noise ratio. Second, in the event the vehicle is not
spinning, the roll angle and aspect angle are used to determine the average gain from the
data array. Interpolation is used where applicable and the gains are assumed to be linear
over a 2-degree increment. A sample printout is shown in Figure 4.
A typical formulation is shown:
The magnitude of the power received by an antenna from an incident wave whose
intensity is given in watts per square meter, is equal to the product of the wave intensity
and the effective area of the receiving antenna.
(6)
The effective area of an isotropic receiving antenna is equal to
(7)
where 8 = c/f
c = 300 x 106 meters/sec
f = frequency in cps
The power received by an isotropic receiving antenna is
(8)

3

Slant Range. Line of sight distance between the receiver antenna and the vehicle.

or, in dbm
(9)

The received signal strength in dbm by an antenna having a gain (G) in decibels relative
to an isotropic antenna is

(10)
Receiving gains at a particular radar site have been reported as 39 db at a frequency of
2250 MHz
(11)

Hence, the received intensity is

(12)

(13)

(14)
Assuming the noise input at this rate has been previously determined for a 1.0 MHz
bandwidth as -109 dbm this value would become for a 300 KH bandwidth in terms of the
received signal strength in watts per square meter
(15)

(16)

A sample oscillograph trace of the received signal is shown in Figure 5. Figure 6 shows a
comparison between the received signal and the predicted strengths.

Display Routine A routine is incorporated into the program, which causes Stromberg
Carlson SC4020 cathode ray tube and an associated camera system to produce
photographic records of the computed information. One example is the display of holes
in the pattern at various gain levels. As discussed earlier, the areas above certain db
levels are computed based on a unit radius sphere. Similarly, during execution of this
routine those vector lengths which are greater than a given db level are marked with an
asterisk, others are left blank. This procedure can be repeated as often as desired with a
new picture being produced each time.
A picture is also taken of the plot of percent area greater than a given db level versus db
level. A sample of this plot is shown in Figure 7.
Conclusion The results obtained to date indicate the feasibility of these digital
methods as applied to antenna analysis. The work, here reported, appears to be only a
threshold to more advanced techniques. Studies have already been initiated to remove
some of the assumptions and move toward more exact solutions. Specifically, in the
determination-of “look angles for spinning vehicles.
The program was designed for a particular vehicle - antenna system operating in
conjunction with a given test range, future developments will incorporate means by
which any antenna system on any range can be analyzed.
Another aspect of the visual analysis was to compare relative power levels and pattern
structures under left and right hand polarization. This led to the conclusion that
significant advantages can be achieved by use of diversity reception. Figure 8, shows a
typical example of the degree of opacity which can be -achieved by diversity reception.
TABLE OF SYMBOLS
G
G'
2
N
0
A
R
PR
8
C
f
W

= gain in db’s
= antilog of gain
= aspect angle - degrees
= roll angle - degrees
= efficiency index
= area - square units
= radius - linear units
= received power - watts
= wavelength - meters/cycle
= speed of light - meters/second
= frequency - cycles/sec
= power - watts
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TRACKING AND DATA RELAY SATELLITE SYSTEM
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Summary As a result of three years of study, it has been determined that
implementation of a Tracking and Data Relay Satellite System (TDRSS), using satellites
in synchronous orbit to relay data between low altitude earth orbital spacecraft (both
manned and automated) and the various mission control centers could improve the
capabilities of the NASA tracking and data acquisition networks. Such a system, by
providing nearly continuous, real time access to low altitude spacecraft, would improve
mission reliability; contribute immeasureably to the safety and morale of the crews of
manned spacecraft; permit real time command and control of automated spacecraft,
making their operation more versatile; enable experimenters to monitor their experiments
in real time, perhaps thereby reducing the workload on data processing facilities; and, in
general, relieve constraints upon mission planning and operations that are imposed by
the short duration, intermittent contacts characteristic of ground based T&DA facilities.
Furthermore, studies indicate that this improved T&DA system will probably present
networks that it could pay operation.
The benefits outlined above are an operational TDRSS consisting of ground stations. If
initiation of commence in FY-1971, the launch of cost sufficiently less to operate than
for itself within a few years of realizable upon the implementation of three satellites and
their supporting the development of the system could the first two data relay satellites
would be possible by CY-1974. Allowing for a thorough system checkout and
evaluation, during which time the remaining satellites would be launched, a TDRSS
could become operational by the end of CY-1975.
Background Tracking and data acquisition support for NASA space missions is
currently provided principally by three specially configured networks of-ground stations,
augmented by instrumented ships and aircraft. These are: (1) The Deep Space Network,
(DSN) consisting of seven 85' antennas and one 210' antenna (with two more soon to be
constructed) spaced approximately 120E apart in longitude, which provide full time

support for planetary exploration missions; (2) The Space Tracking and Data Acquisition
Network (STADAN), consisting of the Minitrack system and several Data Acquisition
Facilities (DAF) which range from VHF Satan antenna systems to 85' parabolas, for
support of low altitude, high altitude, and eccentric orbiting automated spacecraft; and
(3) The Manned Space Flight Network (MSFN), which consists of two subnetworks, one
subnet having one portable and ten permanent ground stations with 30' antennas
primarily for support of earth orbital missions and the near earth phases of manned lunar
missions, and one subnet having three ground stations with 85' antennas colocated with
the primary DSN sites for support of the translunar and lunar phases of manned lunar
missions. In addition, instrumented ships and aircraft supplement the MSFN during
critical phases of manned missions that occur out of sight of the land based stations.
While these networks have thus far provided sufficient capability to support a vigorious
program of space exploration, the limitations inherent in ground based T&DA facilities
have in the past, and would in the future to a much more serious degree as missions
become more sophisticated, impose extensive constraints on mission planning and
operation. The limited visibility of spacecraft in near earth orbit results in sporadic,
intermittent contact between the spacecraft and the mission control centers, with
oftentimes excessively long periods between contacts. For automated missions, the result
is a need to rely upon on-board data storage devices for the information accumulated by
sensors when out of contact with ground stations, programmed command systems for
exercising the spacecraft, and limitations in orbit determination resulting from short arc
tracking.
The impact on manned flight includes all of the above factors and adds consideration of
crew safety and morale. As an example of the coverage limitations, daily contact
provided by the current MSFN for a typical space station orbit (260 nm altitude and 60E
inclination) is approximately 275 minutes a day, or 19% of the time. During a lunar
mission, when the 85' stations are not available for support of earth orbital missions,
contact time is reduced to 205 minutes a day, or 14% of the time. In addition, there
would be periods of up to 3 hours when there would be no contact at all. The longest
period of continuous coverage would be 16 minutes.
The most severe limitations in coverage occur, of course, at low altitude. As the
spacecraft altitude increases, so does the visibility from a point on the earth’s surface,
until by the time a spacecraft reaches some 8000 nautical miles, three ground stations
(such as in the DSN configuration) are sufficient to provide nearly 100% coverage for
near-equatorial orbits ( up to 30E inclination). Coverage of low altitude orbits can be
increased in either of two ways: (1) by increasing the number of ground stations, the cost
of which makes any substantial increase in coverage impractical; or (2) by changing the
vantage point of the tracking station from the ground to a point above the earth, i.e. to
put the tracking station in high altitude orbit, from where it will look down upon the

spacecraft which it is supporting. A most convenient orbit for such a Tracking and Data
Relay Satellite is at synchronous altitude, where it can be tied back to the ground through
a single supporting ground station, and from where it can see any spacecraft beneath it
for approximately half an orbit. A series of three such TDRS provides complete, and in
fact partially overlapping, coverage of spacecraft at any altitude up to the limit of the
TDRS antenna beamwidth and/or scan capability.
There is a cost tradeoff in determining the maximum altitude that a TDRS should cover.
As the altitude increases, the TDRS antenna beamwidth or scan capability must increase,
which reduces system gain, putting a greater burden on the user spacecraft to supply
transmitter power. A suitable compromise seems to be above 1600 nautical miles (3000
kilometers).
Most spacecraft that fly in circular orbits are either below that altitude or sufficiently far
above it that ground station support is far superior to that which could be provided by a
TDRS system. Also, the spacecraft of major concern that operate in the area between
1600 nautical miles (below which they have full support from a TDRSS) and 8000
nautical miles (above which the DSN type network gives full coverage) are usually in a
highly elliptical orbit or are in a transfer trajectory to some other orbit, are are therefore
not in the zone of limited coverage for any length of time.
Requirements for a TDRSS The TDRSS under study at NASA is intended to
augment, and to the extent feasible, to replace existing facilities of the present
T&DA’networks. Current studies are considering TDRSS configurations that would
provide support for all low altitude spacecrafts from the small, spin-stabilized, low data
rate, automated spacecraft of the explorer class to the large, 3-axis stabilized, super high
data rate spacecraft such as the manned Space Station and Earth Resources Survey
spacecraft. The latter two missions represent the greatest demand upon the TDRSS.
Requirements for communications support for the Space Station are currently projected
as follows:
Earth to Space Station
Mission Operations - Continuously available voice and low-rate data (a few kilobits per
second)
Experiment Support - Multiple voice, low-rate data, and video
Entertainment and Personal Communications - Multiple voice and video

Space Station to Earth
Mission Operations - Continuously available voice and low-rate data
Experiment Support - Multiple voice, high rate data, and video
Personal Communications - Multiple voice
Mission operations communications are to be provided via an “omnidirectional” antenna
on the Space Station to insure maintenance of contact at those times when a high gain
antenna cannot be deployed, such as during emergency conditions and during the initial
establishment of the station. Experiment support, which provides for transmission of
experiment data to the ground and for coordination between on-board and ground based
experimentors, will be provided via a high gain antenna on the Space Station, as will the
crew entertainment and personal communications circuits.
Replenishment of expendables and rotation of the Space Station crew will be
accomplished by periodic launch of logistics spacecraft. Communications requirements
for the logistics spacecraft will be limited to two-way voice and low-rate data and will
most likely be accomplished via an “omni-directional” antenna.
Current Agency planning for the Space Station is predicated upon data relay support
capability, since requirements for continuous voice and long duration video
transmissions cannot be met with the present Manned Space Flight Network or any
reasonable extension thereof.
Another flight program for which TDRSS support will eventually be required is the
Earth Resources Survey. During the early stages of development of multispectral
imaging of the earth’s surface, using the Earth Resources Technology Satellite (ERTS),
all activities can be accomplished while the ERTS is over the Continental United States,
which permits the use of existing ground stations to collect the data. For an operational
Earth Resources Survey system, however, it is planned to take data world wide.
Projected data rates for such a system (up to 100 million bits per second) far exceed onboard bulk data storage capabilities. The data must therefore be collected in real time,
requiring either the fulltime contact capabilities of a TDRSS or the implementation of a
ground station in each geographic area of interest. If all data is to be relayed to a central
data processing facility in the United States in real time or near real time, the cost of
transmitting the data from such a large number of remote ground stations via common
carrier would be prohibitive. Therefore a TDRSS appears to be the only economically
practical means of providing the required service.

While the Space Station and/or the Earth Resources Survey satellites are expected to be
the major users of the TDRSS, the system would also be used to support other low
altitude automated spacecraft. These may be conveniently divided into two categories,
3-axis stabilized spacecraft, such as the Orbiting Astronomical Observatories (OAO), the
Orbiting Solar Observatories (OSO), NIMBUS, etc., and the small, spin stabilized
spacecraft of the explorer class.
Exactly what kinds of missions will be flown in the post 1975 time period are, of course,
purely speculative at this early date. On the assumption that they will at least be similar
to the OAO, OSO, and NIMBUS missions, however, the data-rate requirements have
been projected as a few tens of kilobits per second. Being 3-axis stabilized, these
spacecraft can carry and point a steerable antenna.
The small spin-stabilized spacecraft, on the other hand, cannot be expected to carry a
directional antenna. Furthermore, their small size limits the electrical power available to
a few watts. The result is a low effective radiated power (ERP), which in turn translates
into a data rate capability through any realistic data relay satellite limited to a few
kilobits/second. Fortunately, current explorer class satellites (and therefore, presumably,
future spacecraft of that class) commonly have data rates of one kilobit/second or less.
While the data rates of the small satellites are low, the impact of these satellites on the
design of the TDRSS is, nevertheless, quite significant. The prediction of the number of
such spacecraft that may be in orbit in the late 1970’s (around forth, on the average)
indicates that a relay satellite must either have a very large number of antennas, or, more
likely, that it must have earth coverage from a single antenna, Also, the small ERP
available from these small spacecraft requires the use of a large aperture antenna on the
TDRS. The combination of large aperture and earth coverage implies a low operating
frequency. A most fortuitous coincidence is that at 136-138 MHz, the frequency band
currently used for telemetry by the Explorer satellites, a 25 foot aperture has a
beamwidth just sufficient to cover the earth plus a couple of thousand miles. Current
thinking calls for each relay satellite to be capable of supporting a number of spacecraft
simultaneously. At present this would appear to be two manned spacecraft (the Space
Station and a logistics spacecraft), up to three observatory class automated spacecraft,
and up to 15 of the small, Explorer class spacecraft.
There is another aspect to the requirements upon which the design of the TDRSS is
predicated, that part related to the ‘T’, for “tracking”. If the TDRSS is really to perform
all of the functions of the existing networks, then the orbit of the mission spacecraft
being supported must be determinable via the TDRSS. Requirements for tracking range
from that which is sufficient for a “go, no-go” decision at insertion for manned flight, to
post flight precision orbit determination for some of the automated spacecraft.

A summary of the communications and tracking requirements is shown in the enclosed
Table 1 Summary of TDRS Requirements.
TDRS System Description The TDRSS under consideration would consist of a
minimum of three data relay satellites in synchronous (but notnecessarily geostationary)
orbit, two or three (probably co-located) supporting ground stations in the Continental
United States, and possibly one overseas ground station in the western Pacific area. The
exact location of these ground stations will be such as to minimize the total cost to the
agency of providing the required data to the ultimate users, and will include such factors
as the cost of transmitting data from the supporting ground stations to the control centers
and data management centers via terrestrial communication lines.
Several optional relay satellite configurations are currently under study, ranging from
dual-spinning spacecraft of the Intelsat III and IV and the military TACSATCOM type,
to multiple antenna 3-axis stabilized spacecraft of about the same degree of
sophistication as the ATS-F. All options, however, have a.number of communications
subsystem characteristics in common.
1.
Housekeeping data and command and control functions for all automated
spacecraft, full support of the large numbkbr of small, spinstabilized automated scientific
satellites, and voice and low-rate data support of manned spacecraft would be provided
at VHF (136-138 MHz from the user spacecraft and 149-151 MHz to the user
spacecraft).
2.
Wide band data (including video) from manned spacecraft and the larger, threeaxis stabilized, automated spacecraft would be relayed at microwave frequencies,
probably S-band or X-band, with some consideration being given to Ku-band. This
service would require a high gain antenna on the user spacecraft.
3.
X-band is considered the likely choice for the TDRS-to-ground and ground-toTDRS links.
4.
Provisions for range and/or range rate tracking of the user spacecraft via the TDRS
are included.
Studies to further define all system parameters, including the characteristics of user
spacecraft terminals and supporting ground station terminals, are continuing.
Conclusion A Tracking and Data Relay Satellite System represents the most logical
approach to the next generation of tracking and data acquisition facilities for support of
low altitude spacecraft. The marriage of communications technology and space
technology can provide nearly full time, real time coverage of both manned and

automated spacecraft. It produces a system having several times the capability of present
day ground based tracking facilities at a cost that compares favorably with current
network costs. Among the benefits that would accrue from the implementation of the
TDRSS are:
•
•

•
•

•

Reduction in data acquisition costs by reducing operation or closing present
tracking and data acquisition stations.
Reduction in future augmentation of present ground stations and/or construction
and operation of new ground stations to meet future Tracking and Data
Acquisition MDA) requirements.
Enhancement of mission operations and astronaut safety and morale.
Increased reliability and lifetime of satellite systems by reducing dependence upon
on-board data storage equipment, a frequent source of failure in today’s
spacecraft.
Increased data acquisition capability due to greatly increased contact time.

COMPARISON BETWEEN A DATA RELAY SATELLITE SYSTEM
AND A GROUND-BASED MISSION SUPPORT NETWORK IN
TERMS OF MISSION SUPPORT CAPABILITY, SUPPORT
EFFECTIVENESS AND SYSTEM AND MISSION SPACECRAFT
REQUIREMENTS
J. A. DELANEY
Communications/Navigation Systems Operations
TRW Systems Group
Redondo Beach, Calif.

1. INTRODUCTION AND SUMMARY
1.1 Background The advent of artificial satellites initiated the need for a mission
spacecraft support system. Initial considerations, including technological capabilities,
directed that mission support systems be entirely ground-based, with the minor exception
of auxiliary “fill-in” aircraft. Reappraisal of the current rate of the entirely ground-based
system is forced by: the cost of mission support provided by the highly successful
ground-based systems developed by NASA, such as DSIF, STADAN and MSFN; the
trend in support requirements for service to many more spacecraft, more variations in
spacecraft orbital parameters and greater orbital “coverage”; and a more developed
technology. Technology now permits a mission support system augmented by relay
satellites in nominally synchronous equatorial orbits (TDRSS). Ostensibly, this system
has potential advantages over the entirely ground-based system in mission support
effectiveness growth potential and cost.
1.2 Task Objectives The objectives of this task are to compare the totally groundbased mission support system and the TDRSS in terms of (1) inherent support
capabilities and limitations, (2) resources required, and (3) mission spacecraft
requirements for interface with the support system. Constraints on time and space,
however, prevent a finely detailed evaluation in this broad area and confine study to the
major or first level considerations.
1.3 Approach The salient differences between the two mission support systems result
from the mutual visibility characteristics between the mission spacecraft and the support
systems. Quantifying these visibility characteristics by means of a set of generalized
mission spacecraft and a hypothetical ground station and TDRS configuration, the major
resulting characteristics of the support systems are deduced and the mission spacecraft

requirements for interface with the support systems are evaluated by means of a
reference communications requirement.
1.4 Results The results of this evaluation are sensitive to the set of mission spacecraft
and the support system configurations selected for analyses. However, the results may be
generalized as follows:
1)

2)

3)
4)

The TDRSS is best applied to mission spacecraft in orbits less than about 3,000
km in altitude; the ground-based system is best applied to altitudes above this
except for special cases.
The coverage capabilities of a TDRS system for spacecraft altitudes below 3,000
km are much greater than the corresponding characteristics of a ground-based
system. Conversely, the operations loading on a TDRS system is much less than
the corresponding characteristics of a ground-based system.
Economic considerations will prohibit the ground-based system from approaching
the coverage effectiveness of the TDRS system.
The requirements on the mission spacecraft to communicate with the TDRS
system are more severe than with the ground-based system.

2. DESIGN CONSIDERATIONS OF A MISSION SPACECRAFT SUPPORT
SYSTEM
The Tracking and Data Relay Satellite System (TDRSS) is a mission spacecraft support
system. In order to compare the TDRSS with the familiar ground-based mission support
networks, it is advantageous to consider those general factors which influence the design
of a mission support system. In this, it is appropriate to review applicable
!
!
!
!

Objectives,
Constraints,
Major design options, and
System evaluation criteria and procedures.

2.1 Design Objectives The design objectives of a mission spacecraft support system
may be generalized as follows:
1)

Minimum Operational Constraints on the Mission Spacecraft. It is highly desirable
that the permissible data acquisition regimes of the mission spacecraft be only
loosely bounded by the inherent characteristics of the mission support system. It is
presumed that all possible orbital positions of the mission spacecraft should be
“covered” and that it is undesirable for the data acquisition regimes to be closely
bounded by recording technology capabilities. Additionally, it is presumed that

2)

3)

4)

maximum operational flexibility in orbit determination and command/ control
should be provided.
Minimum Resource Requirements. The resources which may appropriately be
allocated to the support of mission spacecraft are finite and costly. It is necessary
that the resources required for this purpose - - - which include ground sites,
equipment, common carrier communications facilities and RF spectrum - - - be
minimized.
Maximum Utilization of Allocated Resources. Resources allocated to the mission
support system will have various and characteristic utilization factors. It is
important in the system design to avoid low utilization factors for dedicated
resources which have an intrinsically high utilization capability. Low utilization
factors of this type generally imply that the system is overdesigned and/or the most
return for resource invested is not being obtained.
Minimum Hardware/Cost Impositions on the Mission Spacecraft. The fundamental
purpose of the mission spacecraft is to acquire or aid in acquiring information. The
necessity for a mission spacecraft to interface with a support system adds
complexity and cost to the mission spacecraft. A system design which minimizes
this additional complexity and cost permits greater participation in spaceborne
experimentation than otherwise, permits extension of the scope of spacecraft
missions and reduces the per-unit-cost of the acquired data to the experimenters.

2.2 Constraints The major design constraints of a mission spacecraft support system
may be generalized as follows:
1)

2)

3)

Mission Operations Centers Are Ground-Based. Mission operations and the
support functions which they provide are inherently ground-based. The interface
or portal between mission operations and the mission spacecraft is a number of
communications terminals on the ground.
Mission Spacecraft Orbital Parameters. The required numbers and locations of the
ground-based communications terminals are strongly influenced by the orbital
parameters of the mission spacecraft requiring support.
Mission Spacecraft ERP Capabilities. The inherent communications capability
between the mission spacecraft and the ground-based operations centers is
fundamentally limited by the ERP capabilities of the mission spacecraft. Many
unmanned spacecraft have an inherently low ERP capability, while all manned
spacecraft have a relatively high ERP capability.

2.3 Major Design Options. Two major design options for a mission spacecraft support
system have been identified and are considered here. These are: (1) the totally groundbased system, and (2) the relay satellite system. In the former, the mission spacecraft
interface directly with the ground-based communications terminals. In the latter case, the
interface is with one or more relay satellites in nominally synchronous, equatorial orbit:

these relays function as extensions of the ground-based terminals. Many variations on
these two major themes are possible but we are concerned here with major differences in
mission support characteristics resulting from these major themes. The two support
systems do differ substantially in: (1) their ability to meet the overall design objectives;
(2) their inherent support capabilities; (3) the resources and utilization of resources
required for a common support capability; and (4) the mission spacecraft requirements
for the interface with the support system.
2.4 System Evaluation. The advantages and disadvantages of the two major classes of
mission support systems can be indicated readily by considering the interaction of these
systems with a hypothetical but relevant set of mission spacecraft and their associated
characteristics. In the following section we define this mission spacecraft set. In the
evaluation process we consider how well the design objectives are met by presenting
information on coverage capability, resources required for this coverage capability,
utilization factor of the resources, coverage period characteristics, and mission spacecraft
requirements for interface with the support systems.
3. MISSION SPACECRAFT CHARACTERISTICS
The mission spacecraft considered are divided into two major subsets: manned and
unmanned. Manned missions are characterized by being few in number (from 1 to 4),
having high bit rate transmission requirements and a correspondingly high ERP
capability, and a requirement for full-time coverage. In contrast, unmanned spacecraft
are many in number (between 40 and 70), have low bit rate transmission requirements
and a correspondingly low ERP capability, and do not generally have the requirement for
full-time coverage. There are, however, several notable exceptions. The ERTS mission,
for example, has an inherently high bit rate transmission requirement and full-time
coverage is patently highly advantageous to this mission.
The mutual visibility characteristics between the mission spacecraft and the support
system communications terminals -- ground stations in one case and relay satellites in the
other -- largely define the capabilities and limitations of the respective support systems.
These visibility characteristics in turn are strongly influenced by the orbital parameters
of the mission spacecraft. It is convenient to handle the mission spacecraft orbital
parameters in the form of a multi-variate probability density function in the six orbital
parameters. In this density function the orbital parameters of a particular class of mission
spacecraft appear inherently weighted by the number of satellites in that class. This
weighting is not necessarily the most appropriate since some satellites are patently more
important than others and have higher bit rate transmission requirements: these bit rate
transmission requirements are not necessarily related to the number of satellites in that
class. The question of more appropriate weighting is deferred to a more detailed analysis
than is warranted here. Additionally, the multi-variate probability density function would

show the six orbital parameters to be dependent. In this case, for convenience and with
little loss of validity, we have assumed that they are independent. Furthermore, the
incidence of high eccentricity is so low that we have considered all orbits to be circular.
The density functions on altitude and inclination are shown in Figures 1 and 2,
respectively. The right ascension of the ascending node and mean anomaly of epoch are
assumed to be uniformly dense.
4. SUPPORT SYSTEM VISIBILITY CHARACTERISTICS
4.1 General Considerations. The fundamental difference in capability between the
two general types of support systems may be appreciated from examination of Table 1
which shows the lower bound on the number of ground stations required to provide fulltime coverage of mission spacecraft as a function of the mission spacecraft altitude.
These numbers were deterministically derived and imply, in a probabilistic sense, that all
orbital positions on the surface of the sphere indicated by the satellite altitude are
considered to be equally probable. This, of course, is unrealistic and a more careful
analysis is required, but it serves to scope the difference in this capability between the
ground station support system and the relay satellite support system. In the latter case,
only two relay satellites are required to cover all orbital positions for all altitudes
indicated. Roughly, it can be concluded that the number of ground stations required for
mission spacecraft altitudes above about 3,000 km are “reasonable” while for altitudes
below 3,000 km, the relay satellite approach is apparently the more “reasonable”.
For more careful analysis, it is desirable to characterize a support system/mission
spacecraft visibility situation by a set of complete, but mutually exclusive, visibility
states and to examine the statistics associated with these states.
4.2 Visibility State Definitions For a numbered set of ground stations or relay
satellites, wherever located, it is possible from the orbital parameters of the mission
spacecraft to determine whether or not that mission spacecraft can be seen by 0, 1, or any
combination of ground stations or relay satellites. If there are n communications
terminals, there are 2n mutually exclusive visibility possibilities for the support system
and these possibilities provide the complete mutually exclusive set of visibility states.

Table 1. Minimum Number of Ground Stations Required for
Full Time Coverage of Mission Spacecraft (2) (3)

(1)
(2)
(3)

Lower Bound
Minimum ground station antenna elevation angle = 5E
No restriction on ground station placement

A unique number can be assigned to each visibility state by means of this standard
expression:

In order to proceed further, it is necessary to choose and identify the numbers and
locations of the relay satellites and the ground stations.

4.3 The TDRS System For this analysis a three relay satellite configuration is chosen
with the satellite numbers and locations as indicated below.
Satellite No.
1
2
3

Altitude
Synchronous
"
"

Inclination
Zero
"
"

Longitude
16EE
88EE
180EE

4.4 The Totally Ground-Based System To compare directly with the relay satellite
case, three ground stations were selected which were numbered and located as shown
below.
Latitude
Longitude
Ground Station No.
1
35E N
243EE
2
35ES
149EE
3
35EN
277EE
5. VISIBILITY STATE PROBABILITIES
In the following sections the Monte Carlo method is used to determine the influence of
the mission spacecraft orbital parameters on the visibility state probabilities. System
factors resulting from or indicated by these probabilities are presented.
5.1 The TDRS System
5.1.1 Probability of a Mission Spacecraft Appearing in Each State. Table 2 shows
the probability of a representative mission spacecraft appearing in each of the eight
visibility states. Note that:
1)
2)
3)

The probability of not being seen by any relay satellite is extremely small;
The probability of being seen by Relay Satellite No. 2 only is very small resulting
from overlapping coverage from relay satellites No. 1 and No. 3;
The probability of being seen by only one relay satellite is only about 0.22.
Table 2. Probability of a Mission Spacecraft Appearing in Each Visibility State

5.1.2 Number of Mission Spacecraft in Each Visibility State From the visibility
state probabilities of the previous section and the total number of mission spacecraft, it is
possible to determine the probabilities associated with various numbers of mission
spacecraft appearing in these visibility states. Table 3 shows the probabilities of finding
various numbers of mission spacecraft in these visibility states and the probabilities that
no more than a certain number will be in these same visibility states. Note that while it is
possible for all 40 mission spacecraft to appear in one visibility state, this case is highly
unlikely and, in fact, it is highly unlikely that more than 14 will ever appear in any one
visibility state.
Table 3. Probability of Finding (1) N and (2) No More than N Mission Spacecraft in
Each Visibility State When 40 Mission Spacecraft Are in Orbit

5.1.3 Number of Mission Spacecraft Supported by Each TDRS From the results of
the previous section it is possible to ascertain how many mission spacecraft should be
serviced by each relay satellite. A suitable rule for determining the number of mission
spacecraft to be assigned to a particular relay satellite is to sum the number of mission
spacecraft in each visibility state which includes the particular relay satellite but to weigh
each element of the sum inversely by the number of relay satellites in those visibility
states. The assigned number generally needs to be rounded off to the higher adjacent
integer. This is not necessarily an optimum rule, but is convenient for comparison

purposes. Table 4 shows the results of applying this rule to the most likely number of
mission spacecraft in each visibility state and the number of which has a 95 percent
probability of not being exceeded. The latter case is the more realistic for design
purposes.
Table 4. Number of Mission Spacecraft Supported by Each Relay Satellite (TDRS)

5.1.4 TDRS-To-Mission Spacecraft Visibility Period TDRS mission spacecraft
visibility period probabilities are important in determining coverage capability of a
single relay satellite in the contiguous period within which mission support operations
can be performed. Figure 3 shows the probability that a TDRS mission spacecraft
visibility period will be exceeded versus the visibility period. Note that:
1)
2)

There is a 66 percent probability that a mission spacecraft will be seen by any one
relay satellite;
If the mission spacecraft is seen by a particular relay satellite, there is a 50 percent
probability that the visibility period will exceed 84 minutes.

5.1.5 Conclusions The major conclusions which can be derived from the foregoing
are as follows:
1)
2)

Three relay satellites, in the non-optimum configuration chosen, can provide 100
percent coverage of all mission spacecraft considered.
For a set of 40 mission spacecraft, it is not necessary to require each relay satellite
to handle more than about 23 mission spacecraft simultaneously. However, these
numbers clearly show that the relay satellite cannot cover each of its allocated
mission spacecraft simultaneously with a high gain antenna. Simultaneous

3)

coverage of all assigned mission spacecraft can probably best be accomplished by
a fixed beamwidth antenna on the relay satellite pointing toward the earth center.
The contiguous visibility period between the relay satellite and mission spacecraft,
and the coverage capability of the TDRS system provide great operational
flexibility in orbit determination and command/control, mitigate the need for
command and data storage aboard the mission spacecraft and minimize any
potential communications acquisition problem. Additionally the relatively large
overlapping coverage capability greatly simplifies the “handover” from one TDRS
to another.

5.2 The Totally Ground-Based System
5.2.1 Probability of a Mission Spacecraft Appearing in Each Visibility State
Table 5 shows the probability of a representative mission spacecraft appearing in each
visibility state. Note that the probability of not being visible at all is very high and that
the probability of being seen by more than one ground station simultaneously is quite
low.
Table 5. Probability of a Mission Spacecraft Appearing in Each Visibility State

5.2.2 Number of Mission Spacecraft in Each Visibility State Table 6 shows, for the
ground situation, the data which Table 3 shows for the relay satellite situation. Note that
it is extremely unlikely that more than five mission spacecraft will appear in any one
visibility state, and that is highly likely that most mission spacecraft will not be visible
by any of the three ground stations.
5.2.3 Number of Mission Spacecraft Supported by Each Ground Station Table 7
is the counterpart of Table 4, and is derived the same way. Note that each ground station
should be designed to handle at least two mission spacecraft simultaneously and, six
would be a more appropriate design goal. It is quite feasible for a ground station to have
six independently steerable high gain antennas for covering the mission spacecraft which
appear in its field of view. However, while this would take maximum advantage of the
visibility situation, the probabilities associated with being visible from a single ground
station are so low that relatively large numbers of ground stations are required for full

Table 6. Probability of Finding (1) N and (2) No More Than N Missions Spacecraft
in Each Visibility State When 40 Mission Spacecraft Are in Orbit

orbital coverage, and the cost of six high gain antennas for each ground station would
probably force less effective utilization of the useful visibility states.
Table 7. Number of Mission Spacecraft Supported by Each Ground Station

(1)
(2)

Based on most likely number of mission spacecraft in each visibility state.
Based on number of mission spacecraft in each visibility state which has 95%
probability of not being exceeded.

5.2.4 Ground Station-to-Mission Spacecraft Visibility Period Figure 4 shows the
probability that a ground station-to-mission spacecraft visibility period will be exceeded
versus the visibility period. Note that there is only about a 6 percent probability that a
mission spacecraft will be seen by a ground station and that, if it is seen, there is a 50
percent probability that the visibility period will exceed about 21 minutes. While not
shown in the example chosen, the visibility period and probability of being seen are
highly sensitive to the latitude of the ground station: both decrease with increasing
latitude.
5.2.5 Conclusions The conclusions which have been drawn from the foregoing are as
follows:
1)

2)
3)

A lower bound of at least 25 ground stations is required to approach the coverage
capability of three relay satellites. All but two of these ground stations would have
to be outside of the contiguous Continental United States, and all would have to be
interconnected with communications links to the complex of mission operations in
contiguous Continental United States.
To take full advantage of the visibility states, each ground station should be
designed to handle about 5 mission spacecraft simultaneously.
While the contiguous visibility period between the ground station and the mission
spacecraft is relatively long, the overlapping average provided by the ground
station and the number of ground stations required severly constrain the
operational flexibility in orbit determination and command/control, establish the
need for command data storage aboard the mission spacecraft and complicate the
“handover” from one ground station to another.

5.3 Comparison Summary Table 8 shows in side-by-side comparison the
characteristics of the TDRS system and the ground-based system. It can be concluded
from this table that for economic reasons, the ground based system will not provide full
coverage, and furthermore, will not take full advantage of the relevant visibility states.
Additionally, mission support operations are severely complicated by the constraints
imposed by the ground-based system, including the number of ground stations which
must be dealt with and the characteristics of the communications links which tie the
ground stations to mission operations. The resources required for this type of mission
support system are vast and would be spread throughout the world, but while the
utilization factor of these resources may be acceptably high, the benefits from
centralization of common support functions may not be closely approached. In contrast,
full coverage is an inherent TDRS characteristic and no more than three ground stations
are required, and no more than one of these would be overseas. Full utilization of the
relevant visibility states is not prohibited by economic considerations, and mission
operations are greatly simplified by the few ground stations required and the inherent

coverage overlap provided by the TDRS system. In types of resources common to both
systems, the TDRS system requires much less and makes much more efficient use of
those required. However, peculiar to the TDRS system is the requirement for launch
vehicles and relay satellites.
Table 8. Comparison Summary

6. VISIBILITY STATE TRANSITIONS
In the comparison between the TDRS system and the ground-based system, it is
important to consider the interactions between the respective visibility states. These
interactions describe the operations loading flow in the system and, in particular, such
things as where and when handovers occur and the time permitted for handover. We may
examine these interactions by evaluating the probabilities associated with the visibility
state transitions. In the following sections, we evaluate as a function of time the
probabilities of transiting from one visibility state to-another and, from these, determine
the number of handovers which will occur in the system as a function of time.
6.1 The TDRS System
6.1.1 State Transition Probabilities Table 9 shows the probability of transition of
one visibility state to another in a 5-minute interval.

Table 9. Probability of Transition from One Visibility State to
Another in a 5-Minute Interval

Tables 10 and 11 show respectively the same information for a 10-minute interval and a
30-minute interval. Note that the boxes along the principal diagonal of these tables show
the probability of remaining in the indicated visibility states in the indicated time
interval. Note that in a 5-minute interval the most likely true transitions, in decreasing
order of probability, are from State 7 to State 6, from State 3 to State 7, from State 6 to
State 4, from State 5 to State 1, from State 1 to State 3, and from State 4 to State 5. Note
that in the 10-minute interval, while the transition probabilities have changed, the order
in probability of the true state transitions remains the same except that the transitions
from State 5 to State 1 and from State 1 to State 3 are interchanged. For both the 5 and
10-minute interval, the probability of remaining in any given visibility state is greater
than the probability of transiting from or to this state. In the 30-minute interval the most
likely probabilities are no longer associated with remaining in respective visibility states
and, in descending order of probability, the corresponding true state transitions are as
follows: from State 3 to State 7, from State 7 to State 6, from State 5 to State 3, from
State 6 to State 4, from State 1 to State 3, and from State 4 to State 1.
6.1.2 Handover Charactertistics In evaluating the handover situation, it is important
to distinguish between state transitions which have no relay satellite in common and
those which do. In Table 12 are shown the number of state transitions to states with one

Table 10. Probability of Transition from One Visibility State to
Another in a 10-Minute Interval

Table 11. Probability of Transition from One Visibility State to
Another in a 30-Minute Interval

or more and also no relay satellites in common, presuming 40 mission spacecraft to be in
orbit. These state transitions are shown as a function of time. Note that in transiting to a
visibility state with a common relay satellite there is virtually no handover problem,
while in transiting to a visibility state with no relay satellite in common, there is a
handover problem. In the analysis which resulted in Table 12 the total system state was
examined at the beginning and the end of the indicated time intervals and not in between.
While one may normally expect the number of state transitions to increase nearly linearly
with time, this method of analysis would not find those transitions which began and
ended on the same visibility states in the indicated time interval. However, the time
resolution chosen is sufficient to show that about one handover problem occurs every 4
minutes in this system and slightly more than 24 transitions (inwhich there is a common
relay satellite) occur within 5 minutes.
Table 12. Number of State Transitions to States with (1) One or More and
(2) No TDRS in common with 40 M/S in Orbit (1) (2)

6.1.3 Conclusions The postulated TDRS system is required to handle a handover only
about once every 4 minutes. However, depending upon the designed communications
loading capabilities of the individual relay satellites, there may be an advantage to
performing additional handovers in the same time interval.
6.2 The totally Ground - Based System
6.2.1 State Transition Probabilities In Tables 13 through 15 are shown matrices of
state transition probabilities for the ground-based system corresponding to those shown

for the TDRS system in Tables 9 through 11. Note as before that the boxes along the
principal diagonal of these tables show the probability of remaining in the indicated
visibility states in the indicated time intervals. The probability of remaining in the zero
visibility state after 5 minutes is a high of 0.8173 and decreases only to 0.7307 in a
30-minute interval. True transition probabilities, in decreasing order of probability, for
the 5-minute interval are from State 4 to State 0 and from State 0 to State 2, from State 2
to State 0, from State 1 to State 5, and from State 0 to State 1. In a 10-minute interval the
corresponding true state transitions, in decreasing order of probability, are from State 0
to State 2, from State 4 to State 0, from State 2 to State 0, from State 0 to State 1, from
State 5 to State 4. In the 30-minute interval, the corresponding order of true transition
probabilities is from State 0 to State 2, from State 2 to State 0, from State 4 to State 0,
from State 1 to State 0, and from State 0 to State 1.
Table 13. Probability of Transition from One Visibility State to
Another in a 5-Minute Interval

Table 14. Probability of Transition from One Visibility State to
Another in a 10-Minute Interval

Table 15. Probability of Transition from One Visibility State t
Another in a 30-Minute Interval

6.2.2 Handover Characteristics In Table 16 is shown the same information for the
ground stations as is shown for the TDRS system in Table 12. Note that, in this case, as
in the TDRS case, transitions are occurring which are not being counted, but the time
resolution chosen is sufficient not only to detect that counts are being lost but to recover
them. In the ground-based system, about 6 handovers are occurring in a 5-minute interval
in which there is no common ground station, and. about 40 state transitions are occurring
in which there is at least one common ground station.
Table 16. Number of State Transitions to States with (1) One or More and (2) No
Ground Stations in Common With 40 M/S in Orbit (1) (2)

6.2.3 Conclusions The state transition time scale for the ground-based system is
apparently, but not surprisingly, shorter than that for the TDRS system. The high
probability that a mission spacecraft will not be seen by any of the three ground stations

impacts strongly on the trend shown in Table 16. The 6 handovers in a 5 -minute interval
for the three ground station configuration translates into more than 48 handovers in the
same time interval for the 24-ground station system which is required to approach the
coverage capability of a three-relay satellite configuration. While the handover problem
would be distributed throughout the world-wide facilities of a 24-ground station system,
nevertheless, handover in a groundbased system imposes a much larger penalty on
system operations than does the TDRS system.
6.3 Comparison Summary In Table 17 a side -by-side comparison was made of the
handover situation as it applies to both the TDRS system and the ground-based system.
Table 17. Handovers per 5 Minutes

7. COMMUNICATIONS PARAMETERS
The basic communications parameters which may be derived from the interaction
between the orbital parameters of the mission spacecraft and the locations of the relay
satellites and the ground stations are range and antenna azimuth and elevation angles. In
this portion of the analysis, azimuth angles are ignored and angle from nadir on the relay
satellite is chosen as the counterpart of elevation angle at the ground station.
7.1 Ground Stations
7.1.1 Range and Elevation Angle Table 18 shows the bi-variate probability density
function in range and elevation angle of ground station No. 1 resulting from the
interaction of the ground station with the orbital parameters of the mission spacecraft. In
the analysis from which this table was derived it was assumed that elevation angles less

than 5 degrees should be excluded from consideration. If the ground station location
were changed, particularly in latitude, it is expected that the probability density function
would also change, but for the purposes of this analysis, it is assumed that the density
function shown may be considered to be “representative. “ Note the following: When a
mission spacecraft is in view of the ground station, (1) it is more likely to be found
between 5 and 10 degrees of elevation and between 4525 and 6400 km than in any other
block; (2) virtually all contact will occur in the range between 565. 7 and 6400 km while
approximately 40. 5 percent of the contact will be in the range between 4525 and 6400
km; (3) virtually all of the contact will occur between 5 and 85 degrees of elevation, with
32 percent of the contact occurring between 5 and 10 degrees of elevation; and (4) if the
communication system is designed for a range of 6400 km and has a dynamic range of
21 db, all contact ranges will be adequately provided for.
Table 18. Probability Density Function on Range and Elevation
Angle at a Ground Station (1) to the M/S

7.1.2 Conclusions
1)

2)

It may be concluded from the previous section that:

If the ground station antenna were excluded from elevation angles between 80and 90 degrees, there would be negligible loss of contact with the mission
spacecraft.
The communications parameters should be sized for a communications range of
6400 km and the dynamic range between 18 and 21 db.

7.2 Relay Satellites
7.2.1 Range and Angle from Nadir Table 19 shows the probability density function
of range and angle from nadir at the relay satellite to the mission spacecraft. Note the
following: When a mission spacecraft is in contact with the relay satellite, (1) it is more
likely to be within 39, 142 and 46, 549 km in range and between 9 and 1 0 degrees in
angle from nadir than in any other block; (2) only about 3 percent of the contact is lost if
the communications system is designed for a range of 46, 549 km and a dynamic range
of 3 db; (3) the most likely angle slot is between 8 and 9 degrees and if the range in angle
from 0 to 2 degrees were eliminated from consideration, only about 2.7 percent of the
contact would be lost.
7.2.2 Conclusions The small angular range in which the mission spacecraft appear
and the small dynamic range which the communications system must accommodate,
suggest that a single Earth-pointed antenna be considered for use aboard the relay
satellite to service the mission spacecraft and that the required dynamic range, as a
function of angle from nadir, be provided by the antenna pattern. Note, however, that the
dynamic range mentioned here and in the previous sections results solely from the
differing distances between the mission spacecraft and the communications terminals,
assuming a constant ERP from the mission spacecraft. The actual dynamic range
required for the communications system is governed by factors in addition to this which
will undoubtedly increase the magnitude of the dynamic range, but not necessarily
change the suggested antenna pattern.
7.3 Comparison Summary Table 20 shows a comparison summary between the
ground station situation and the TDRS situation. Note that, while, for the ground station
situation, the compensation for the variation in distance from the mission spacecraft to
ground station may not adequately be provided by the antenna pattern of the ground
station antenna, and that multiple ground station antennas will be required to service the
mission spacecraft within view of the ground station, in the TDRS it is feasible to
compensate for the variations in this distance by the antenna pattern of a single earthpointing antenna which would be required to service multiple spacecraft. However, the
use of this type of antenna aboard the TDRS does not preclude the use of additional

Table 19. Probability Density Function on Range and Angle
from Nadir at a Relay Satellite

mission spacecraft tracking antennas for servicing the small number of particularly
important and high bit rate requirement mission spacecraft.
Table 20. Comparison Summary

8. LINK CONSIDERATIONS
In this section we examine from the communications links points -of view, the gross
feasibility and general constraints of providing the mission support function by each of
the two candidate support systems. In order to do this it is useful to define standard
requirements against which both systems can be compared. For convenience, a 10 db
signal-to-noise ratio in the 1 kHz bandwidth, received on the ground from each mission
spacecraft, was chosen. Link requirements for tracking and command/control can be
roughly extrapolated from the requirements for this standard capability. Additionally, the
known characteristics of both systems will be grossly simplified, but,not dangerously so,
in order to highlight the essentials. Table 21 shows the required ground station antenna
gain to provide the standard communications capability at 140 MHz for characteristic
values of mission spacecraft RF power. Note that current ground stations are apparently
grossly over-designed in terms of providing this standard capability.
Table 21. Required Ground Station Antenna Gain Versus MIS
RF Power (10 db S/N in 1 kHz Band)

Table 22 shows the required mission spacecraft RF power as a function of received
signal-to-noise ratio at the TDRS in the 1 kHz band beginning at a 10 db signal-to-noise
ratio. Note that because of the need to go through the relay satellite to ground, a higher
than 10 db signal-to-noise ratio is required at the TDRS, but because of the
characteristics of the link from the TDRS to ground, very little more than 10 db will be
required. A single earth-pointing TDRS antenna operating at 140 MHz and servicing all
mission spacecraft in the field of view was considered for this table. it may be concluded,
considering the technology capabilities in prime power generation and RF power
generation at 140 MHz, that the mission spacecraft power requirements to provide the
standard communications capability can be readily attained. The use of a higher gain but
mission spacecraft tracking antenna aboard the TDRS reduces further the mission

spacecraft power requirements and even a semi-directional antenna aboard the mission
spacecraft could reduce the mission spacecraft RF power requirements substantially
further. When a higher gain but mission spacecraft tracking antenna is used aboard the
TDRS, S-band frequencies are more appropriate than 140 MHz. Table 23 shows the
TDRS RF power required for the link to ground versus the required signal-to-noise ratio
at the ground assuming 40 channels, each 1 kHz wide and separated by a guard-band, are
being sent. The 13 db signal-to-noise ratio at the ground requiring 1.38 mw from the
TDRS corresponds to requiring 3.14 watts from the mission spacecraft as shown in
Table 22. Raising the power in the link from the TDRS to ground reduces the required
RF power from the mission spacecraft and it can be seen from the magnitudes of the
numbers shown that no more than about 2 watts RF would be required from the mission
spacecraft to provide a 10 db signal-to-noise ratio in the 1 kHz band on the ground, even
when the mission spacecraft antenna has an effective gain of -3 db.
Table 22. Required MIS Power Versus Received S/N at TDRS (1 kHz band)

Table 23. TDRS RF Power Required for Link to Ground versus G/S Required S/B
Ratio (Assuming 40 Channels 1 kHz Wide Separated by Guard Bands)
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RFI CHARACTERISTICS OF A DELAY RELAY
SATELLITE SYSTEM
JOHN W. BRYAN
Goddard Space Flight Center

Summary The use of geosynchronous satellites for relay of data from near earth
orbiting satellites is being considered by NASA. Since these relay satellites will have
directional antennas beamed toward the earth at all times any earth based emitter is a
potential source of radio frequency interference (RFI). An investigation has been made
in an effort to determine the magnitude of this interference. The information presented
here is based upon known frequency assignments and known equipment capabilities. All
data and analysis presented are for the continental U. S. only and in some respects
depicts a bleak picture.
Introduction A vital area of the radio frequency communication field is concerned
with the utilization of the frequency spectrum. The expanding use of space
communications has brought new emphasis to electromagnetic compatibility. With each
new space communication system comes the search for an uncrowded portion of the
spectrum. Nobody wants to be surprised by interference after launch. The concept being
considered by the Goddard Space Flight Center -for the relay of data from multiple low
data rate user is simply to relay the entire frequency band used by these satellites.
Individual users will then be selected by narrowband demodulators on the ground. This
concept requires a relay repeater bandwidth of 2MHz.
User spacecraft signals received at a data relay satellite will be embedded in a
background of white thermal noise and in addition, be perturbed by undesired radio
frequency interference (RFI), co-channel or otherwise. The user signals, the magnitude
of user signal/noise ratios, and the nature and relative severity of RFI play important
roles in determining the performance of a TDRS system and establishing the design
parameters of the TDRS spacecraft repeater and ground control center.
Members of the Tracking and Data Relay Satellite (TDRS) system study group at
Goddard Space Flight Center (GSFC) have conducted a search and analysis of possible
sources of radio frequency interference (RFI). Since the TDRS uses an earth coverage
antenna at VHF, any earth based source with sufficient effective radiated power (erp)
will be a source of RFI. For this reason, a great deal of emphasis has been placed on the
investigations of this portion of the spectrum. RFI at S- and X-bands will be discussed

later in this paper. Frequency selection studies have indicated that the present 136-138
MHz band is ideal for communications between the unstabilized user satellite and a
synchronous TDRS. Since the unstabilized user is inherently a low power source as
much gain as possible in the TDRS antenna system is desired. A high gain antenna on
the TDRS at VHF requires the unfolding of a large structure in space. Fortunately the
unstabilized user is also a relatively low data rate user (10Kb/s or less). This requirement
combined with the large number of this type user dictates a design choice of a single
wide beam (26E) fixed orientation VHF array. The field pattern of the proposed VHF
antenna for the TDRS is graphically depicted in figure 1. The 26E beam is bored-sited on
the center of the earth. Thus, any sources on the earth’s disc, and aircraft immediately
above it, plus near earth orbiting spacecraft will be within the antenna field of view. The
interference effects caused by orbiting spacecraft can be virtually eliminated by various
means, such as frequency assignment, coding, time sharing, and so on. However, earth
based sources, including aircraft, are not under NASA control and, therefore, present a
major problem.
Survey and Analysis A recent survey of possible sources of interference in the
136-138 MHz band has uncovered 72 potential RFI sources within the United States
alone.1 (If the band of interest is extended 500 kHz at both ends the number of possible
RFI sources increases to over 2000.)
Figure II shows the spectral distribution and the effective received power at the TDRS
assuming a 16 db antenna gain on the TDRS. This spectrum is predicated upon all
sources radiating simultaneously and being unmodulated. If these sources were
modulated the same mean square sum would result only the peaks would be reduced.
The mean square sum of the 72 sources is approximately -92 dbm at the receiver input.
Since the number of sources is large, the central limit theorem can be applied and a peak
to rms ratio of 12 db assumed.2 This leaves us with possible peaks of interfering power
as great as -80 dbm. While it may be argued that the circumstance of all 72 sources being
on and unmodulated at any one time is remote and, thus, the number unrealistic, the
author feels that an appropriate worst case must be considered in the design of a repeater
to operate in this environment. The “bent-pipe” concept of relay repeating calls for a
minimum of processing in the TDRS. The VHF relay as envisioned will receive and
relay the entire 2 MHz band from 136 to 138 MHz. Goddard has set a goal of a
maximum degradation of the signal to noise ratio (SNR) of one (1) db. The nominal
noise in this bandwidth with a 1000EK system noise temperature is -105.6 dbm. This
1

Data for this survey was supplied by The Electromagnetic Compatibility Analysis Center
(ECAC-A Joint DOD Center)
2

Private communication from Paul Heffernan of Goddard Space Flight Center

coupled with the above interference results in an effective input noise of -91.82 dbm. In
this environment a single user radiating 10 watts will be received with a SNR of -21.2
db. If one considers other spacecraft in the same frequency band this ratio will be further
reduced. A conceptual design of a linear repeater capable of maintaining the user signal
to noise ratio within the desired limits has been completed. Results of this design effort
indicate that while it can be done, some efficiency is lost due to the RFI requirements.
The above data is based upon a TDRS at approximately 80E west longitude and of
course zero degrees latitude. While this analysis does not claim to be complete, it is
representative of what might be expected.
An even more difficult RFI effect to design around is associated with the TDRS to user
command link. By comparison the user to TDRS link just discussed is relatively free of
RFI effects.
A survey of the space command band from 148 to 155 MHz discovered over 15000
potential RFI sources. While most of these do not emit at the NASA command
frequencies their combined spectral density is sufficiently great to cause concern of
adjacent channel interference. Many of these adjacent channel emitters radiate as much
as 600 watts from omnidirectional antennas. these represent significant (-75 dbm) input
power to the user command Once again, no one can predict which or how many of these
sources may radiating at any instant in time.
Co-channel interference also may be represented as a bleak picture TDRS. A sample
listing of these potential RFI sources within ±50 kHz presently assigned VHF command
frequencies is given in Table I. This represents the continental U.S. only. A cursory
inspection of this table shows that commanding in presently used 148.25, 148.26,
148.54, and 149.52 should be difficult. At present several of the NASA spacecraft are
experiencing severe interference at these command frequencies. Using command
receiver agc reading as an indicator, interference as high as -40 dbrn has been reported
by the OSO program. The OAO program has reported several instances in which the
command code was not recognized by the spacecraft. This they believe to be due to
interference sources inserting erroneous bits into the system. The operational satellite
NInUS has reported receiver saturation in their command system over portions of the
globe.
A combination of the recent RFI survey and of interference reports from ongoing
programs, indeed, leaves an impression of impossibility of command capability from
even an earth based high power command system.
Today command receivers on most spacecraft are somewhat desensitized in an effort to
overcome the 10 to 100 watt interference sources. This method is acceptable when the

actual command transmitter has several kilowatts of erp and a few hundred miles range.
Neither TDRS spacecraft nor any other spacecraft can afford such substained power
levels even considering 1972 technology.
If the TDRS system is to command user sp acecraft in the VHF range, a search for a less
crowded portion of the spectrum must be made. Even a less crowded frequency band will
require some unique command.signaling technique to solve the problem precipitated
when several users are simultaneously within the TDRS antenna beam. This problem of
simultaneous illumination of several users while accessing only one may perhaps be
resolved by the same spread spectrum and coding schemes proposed as solutions to the
multipath problem.
A preliminary investigation of the RFI problem at S- and X-bands is also underway.
Here RFI is reduced by the use of directional antennas. Since most of the higher
frequency users are also high bit rate users, directional antennas are a must. Also, these
high bit rate users are the larger spacecraft that can afford the higher power.required by
Traveling Wave Tube Amplifiers. The survey thus far has uncovered many potential RFI
areas on the globe in this frequency band.
Perhaps the biggest help in these frequency ranges is the fact that the potential RFI
sources also use directional antennas. It is felt that a judicious choice of operating
frequency in either or these bands will almost eliminate the RFI problem.
NASA, along with industry, is now in the process of investigating methods, approaches,
clear channel requests, or anything else that might aid in the reliable transmission of data
from a user to the earth and command security from the earth to a user using a
synchronous satellite.
Conclusions As stated earlier, a linear repeater for the user-TDRS-earth link has been
designed to operate in the known RFI environment. This linear repeater is very
inefficient. The high peak power required to linearly reproduce the RFI is some thirty
(30) db above that required for the user plus noise. However, it can be done.
Several experiments have been proposed for flux measurements on a worldwide basis.
The results of actual flux measurements may decrease or increase the RFI intensity
presented in this paper. However, this type of information must be available before a
finalized system can be designed.
The earth-TDRS-user command link also requires more information before an operable
command system can be designed. Experiments have also been proposed for the 148-156
MHz band in an effort to obtain sufficient information concerning clear channels or
coding schemes that may prove reliable.
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TABLE I
EFFECTIVE RADIATED POWER PER EMITTER IN WATTS

TABLE I
(Continued)

1)

An equivalent mean square sum of these emitters is not meaningful since a user
will not be exposed to all of them at one time.

2)

The NASA command transmitters have been excluded from this listing.
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10.6-MICROMETER LASER COMMUNICATION SYSTEM
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NASA, Goddard Space Flight Center
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Summary A laser communication system weighing 30 pounds and consuming
30 watts is to be flown on the ATS-F satellite for a space-to-ground experiment. An
identical system proposed to be flown on ATS-G will complete an experimental
intersatellite communication link. A 6-inch aperture optical antenna with a 92 dB
antenna gain and a 500 mw carrier provide a minimum 23dB carrier-to-noise ratio for a
5 MHz bandwidth system. This experiment will permit analysis of laser Communication
system parameters as a base line for future operational system designs, such as could be
employed on a Data Relay Satellite. In addition to the NASA ground station, a station
prepared by Bell Telephone Laboratories will perform atmospheric propagation
experiments on the beam received from the satellite.
Introduction The purpose of the coherent wide-bandwidth spacecraft-to-spacecraft
laser communications experiment to be flown on ATS-F and proposed for ATS-G is to
use the present laser state-of-the-art to establish the feasibility and value of optical
communications. The experiment requires implementation and testing of a highly
efficient wide-bandwidth high data rate communication link between the ground and
ATS-F and between two geosynchronous satellites, ATS-F and ATS-G. The chosen
spectral range, 10.6 micrometers, offers optimum channel capacity per pound of satellite
weight and watt of satellite power budget.
The proposed experiment combines Goddard Space Flight Center’s capability in relay
satellites - the technology of geosynchronizing and stabilizing the orbits of ATS-F and G - with recent developments in laser communications to provide high-quality
transmission from ATS-F to a small, portable laser-receiving station. The simplicity of
the proposed flight packages, the use of laboratory-proven components, and the use of
existing NASA facilities establish confidence that the experiment goals will be achieved,
contingent only upon the normal performance of critical spacecraft subsystems. A high

data-rate communications system at 10.6 micrometers (28 THz = 28 x 1012Hz) has been
realized over an 18 kilometer ground link (1).
The experiment will include its own telescope and steerable reflector. This 6-inch
diameter optical antenna will beam through a small hole in the skin of the earth-viewing
module (Figure 1). The experiment must be placed so that its line-of-sight toward the
earth and to ATS-G is unobstructed.
The incidence on the satellite of laser radiation received from the earth can be kept as
low as 10-13 watt per square centimeter throughout the communications experiment;
consequently, it will not interfere with infrared equipment in the satellite.
The objectives of the experiment are as follows:
•
•
•
•
•

Establish the feasibility of high data-rate 10.6 micrometer laser satellite-to-satellite
communications and evaluate operational performance
Provide baseline data necessary to design satellite-to-satellite optical links for the
Data Relay Satellite and deep-space probes
Provide information to directly compare microwave and infrared laser systems
Provide 5 MHz wide, clear-weather, back-up channels between ATS-F and the
earth
Provide 5 MHz wide, earth-to-earth, real-time, all-weather channels via ATS-F
and -G, using both X-band and infrared links

The experiment will perform the following functions:
•
•
•

•
•

Measure overall communication parameters, such as signal-to-noise ratio, bit-error
rate, and system efficiency
Measure laser transmitter frequency stability and drift under space environment
Establish interrelation between receiver noise bandwidth and laser local oscillator
automatic frequency control (LO AFC) loop and its dependence on spaceborne
laser-frequency stability and Doppler shift
Measure the noise figure of radiation-cooled infrared detectors/ mixers in space
Measure background noise presented to the infrared coherent received when
pointing at the earth, the sun, and other planets - Measure telescope tracking
servoloop parameters.

The following table lists the salient specifications for the proposed laser communication
system.

TABLE I - COMMUNICATION SYSTEM PARAMETERS
Carrier Frequency
28 THz (10.6 micrometers)
Modulation Mode
FM
System Noise Bandwidth
10 MHz
Modulation Bandwidth
5 MHz
Antenna Aperture
6 in.
Antenna Gain
92 dB
Prime Power Required
30 w.
Mass
30 lb.
Minimum Detectable Signal per Hz
-164 dBm
Intermediate Frequency
20 MHz
LO Power
50 mw
Transmitter Power
500 mw
Transmitter Efficiency
10%
Carrier-to-Noise Ratio at Optical
Mixer Output
23 dB
Range
3.6 x 107 meters
Atmospheric Loss
4 dB
Loss in Optical Components
6 dB
Experiment Description As stated previously, the overall objective of the
10.6-micrometer laser communication experiment is to establish the feasibility of a widebandwidth laser intersatellite communication link. The experiment will be conducted in
two phases: The first phase, establishing a high data rate link between ATS-F and a
ground terminal, will fulfill most of the experiment objectives; the second phase will
establish the high data rate link between ATS-F and -G. Most of the technology required
to provide a satellite-to-satellite laser communication link can be demonstrated by the
first phase. Although ATS-G will not fly until approximately one year later, the ATS-F
systems are designed to be operational when ATS-G is in orbit. Satellite lifetimes, which
now average two years, are expected to increase to 3 or 3.5 years in the 1972 or 1973
period (2).
The laser communication link will then be established between ATS-F and ATS-G by
“cross-strapping” the laser communications signals to the satellite-to-ground radiofrequency (RF) link. Similarly, the RF signals will be impressed on the laser
communication link. The cross-strapping of signals will thus provide for the
implementation of a real-time data-relay link from a low-orbiting satellite to ATS-G via
radio, from ATS-F to -G by laser, and finally from ATS-F to a ground-based dataacquisition facility via RF. This multifunction communications capability is a prototype
of the operational functions required of the DRSS.

The laser optical communication equipment consists of two basic parts: two flight
packages and the operational ground equipment.
Flight Package The flight package, Figure 2, consists of five parts: (1) The optical
subsystem contains a coarse beam-pointing mechanism (slewing mirror), a 6-inch
Cassegrainian telescope, image-motion compensator, directive mirrors, and beam
splatters. (2) The laser subsystem contains the 500-mw transmitter, the 50-mw laser local
oscillator, the frequency stabilization servo, and laser power meters. (3) The infrared
mixer and radiation cooler subsystem contains the signal mixer, image motion error
sensor, preamplifiers, and radiation cooler. (4) The signal-processing subsystem contains
the IF post amplifier, image-motion compensator drive electronics, laser transmitter
modulator drive electronics, laser frequency control electronics, beam-pointing
mechanism drive electronics, and command and telemetry interface electronics. (5) The
power supply subsystem contains the laser high-voltage and modulator power supplies
and the low-voltage signal processing and drive electronics power supplies.
Optical Subsystem The optical subsystem (see Figure 2) is designed to scan the
transmitted beam and receiver over the acquisition field-of-view, form a narrow
transmitted beam, collect energy in the infrared portion of the spectrum, divide it
between image-motion sensor and information mixer, and superimpose local oscillator
and received radiation to produce heterodyne action.
The coarse beam-pointing mechanism serves to direct the transmitted modulated beam
toward the earth-based terminal and to direct the received laser signal into the
Cassegrainian telescope. In the initial phase, the coarse pointing mechanism on ATS-F
will be positioned to point to any ground station within view of the satellite. In the latter
phase, it will be positioned to point to the ATS-G satellite which, for an equatorial
trisatellite position, would be displaced from the symmetry axis by ± 30 degrees. This
requires moving the coarse pointing mirror over a 30 degree range both east and west
and over a nominal 5 degree range in the north-south direction to provide adequate
coverage. To effect a desired angular movement of the laser beam, the mirror has to
move only half as much. Therefore, to position the mirror within the ± 0.1-degree
satellite stabilization uncertainty, a 50-position resolver is required in the north-south
direction and a 300-position resolver in the east-west direction.
The bearing on the 6-inch coarse pointing mirror will not experience much motion
during the satellite lifetime. Only a few ground sites will be used, and ATS-G will be in a
fixed position relative to ATS-F. After acquisition, corrections to the beam direction will
be accomplished by a fine-control mechanism; therefore, very little repetitive positional
movement is required of the coarse beam-pointing mechanism. This item is the only
mechanically rotating device in the system.

The coarse-pointing mechanism mirror is a lightweight mirror consisting of aluminum or
beryllium overcoated with Kanegen before optical polishing. Metal mirrors are
especially attractive because of their weight, ease of mounting, high modulus of
elasticity, and favorable thermal properties. For 10.6-micrometer wavelength, the mirror
flatness is not seriously degraded in the expected space environment and can be achieved
more easily than in the visible wavelengths.
The telescope (optical antenna) is a 6-inch aperture Cassegrainian system with a
0.2-degree field-of-view. It acts much in the manner of an RF antenna; that is, it focuses
the laser output into a high power density beam during transmission and provides
maximum power-gathering area during reception.
The telescope is composed entirely of reflective aluminum or beryllium mirrors. After
optical polishing, the mirrors are coated with vacuum-deposited aluminum, either pure or
in combination with other materials, to provide high infrared but low visible reflectance
(3). These films, as well as pure aluminum, provide a reflectance as high as 98% at the
10.6-micrometer wavelength. Special paints and baffles used in the telescope and
telescope housing will reduce scattered light and provide temperature control. Because
many of the optical elements and associated mounting structures radiate thermally to
space, the mirrors will operate at a temperature lower than that of the surrounding
satellite.
After the telescope collects and focuses the received energy, the energy passes through a
negative lens that also acts as a filter. This negative lens collimates the converging
telescope rays into a pencil-thin parallel beam which is then directed into the imagemotion compensator, or finepointing mechanism. Selective mirror coatings and lens filter
material eliminate the -necessity to shutter the system from direct sunlight.
The image motion compensator corrects instabilities in satellite pointing. The satellite
will be earth-oriented and stabilized by a 3-axis inertial-wheel control system to a
specified accuracy of ± 0.1 degree, with a jitter rate of 0.0003 degree per second. The
required pointing accuracy of the optical system, on the other hand, is approximately
± 0.0003 degree, representing a dynamic control range of only 36:1. Satellite operational
fine-guidance systems operate at dynamic range levels as high as 200:1 (200 resolution
elements). To implement fine control of optical beams over a relatively narrow field-ofview, new operational techniques are being developed to supplement older, well proven
techniques, such as the galvanometer movement that can steer optical beams very
precisely without causing large bearing-supported components to be moved.
One technique the Goddard Space Flight Center Optical Systems Branch employs for
optical beam steering is based on small piezoelectric bender bimorphs as the active
deflection elements (4). A simplified diagram of the optical beam-steerer configuration is

shown in Figure 3. By moving one mirror in a direction orthogonal to the movement of
the other mirror, an infinite number of beam directions may be obtained to within the
resolution of the system. For initial beam acquisition, the coarse beam pointing
mechanism is commanded to point to either the ground station or ATS-G. The ground
station or ATS-G laser transmitter beam bypasses its 6-inch optical system and is pointed
at ATS-F within ± 0.1 degree. By bypassing the transmitter beam around the optical
system, a diffraction-limited beam with an angular divergence of ± 0.11 degree is
produced. This beamwidth is greater than the angular uncertainty of ATS-F. Therefore,
the ATS-F satellite is illuminated by the broad beam. A command is then sent to ATS-F,
via the telemetry link, to start the search-scan operation. Once ATS-F has achieved
“lock-on”, the ATS-F transmitter is turned on and it serves as a beacon for lock-on by the
receiver at the ground station or on ATS-G. The search-scan operations are performed by
the application of appropriate voltages to the piezoelectric bender bimorphs.
Laser Subsystem Two prime lasers will be used in the spacecraft package: a 50-mw
laser local oscillator and a 500-mw laser transmitter. A modulator crystal, constructed of
either cadmium telluride or gallium arsenide, mounted inside the transmitter’s optical
resonant cavity provides frequency modulation with a 5-MHz bandwidth. Two
approaches can be taken to ensuring the frequency stability of the transmitter and local
oscillator lasers; either active or passive stabilization can be employed. A functional
diagram of a primarily passive system is shown in Figure 4.
An open servoloop makes it possible to maintain the LO frequency to within 15 MHz
± 1 MHz of line center (of the laser’s spectral line) and the transmitter carrier within
5 MHz ± 1 MHz of line center on the other. To guarantee freedom from interference and
crosstalk, in a given transceiver, the local oscillator and transmitter laser will operate on
different vibrationalrotational transitions, e.g. the P(20) and P(22) lines.
Infrared Mixer and Radiation Cooler Subsystem The mixer and radiation cooler
subsystem has two functions; heterodyne detection of the signal information and
heterodyne image motion sensing. Each function is discussed below.
The optical subsystem directs the incoming infrared signal to the signal mixer. Coherent
heterodyne detection is used because it is superior by six orders of magnitude to direct
envelope detection in sensitivity and the ability to discriminate against background
radiation. Heterodyne detection involves the coherent mixing of the incoming laser
signal with the local oscillator in a square-law detector. The emergence of coherent laser
technology has now made possible the performance of this function, analogous to RF
techniques. The ultimate sensitivity limit for infrared heterodyne detection, termed the
quantum limit, is 2hfB or nominally 3.76 x 10-20 watt per cycle of noise bandwidth.
Recent measurements by Arams (5), Teich (6), and Mocker (7) have shown that
sensitivities within 3dB of the quantum limit are attainable.

The infrared mixer used will be a sensitive, wideband mercury cadmium telluride
(HgCdTe) detector which can be operated at temperatures in excess of 100E K. This
capability makes possible-the use of lightweight radiation coolers instead of the more
cumbersome, limited-lifetime solid cryogens. Further, unlike cryogenic refrigerators,
radiation coolers place no burden on the satellite’s prime power supply.
The output of the video mixer is supplied to a broadband preamplifier which is
connected to a coherent demodulator. The modulated signal may, for example, be then
directed to the RF cross-strap. The fine beam pointing error sensor provides the servo
signals necessary to operate the image-motion compensator that controls the direction of
the transmitted and received rays. Sensor operation can be divided into two modes:
acquisition and tracking. The acquisition mode starts when the image motion
compensator initiates a scan program; it terminates when the error sensor registers
acquisition and sends a command to the scan generator to halt the scanning operation.
The tracking mode starts with the acquisition of a signal. After acquisition, the image of
the incoming laser beam,is automatically centered on the sensor. Subsequent drifts in the
image position result in azimuth and elevation error voltages that cause the imagemotion compensator to recenter the image.
While the above discussion broadly covers the acquisition process, the precise form of
the error sensor has not been given. Two types are under active consideration and
evaluation. The most straightforward is merely a quadrant mixer array employed in a
manner analogous to the four feed horns in an RF amplitude-sensing monopulse system.
An alternative to the quadrant mixer which places a smaller thermal load on the radiation
cooler is the use of a rotating element in front of the signal mixer to produce a nutation
of the beam which can be used for angle sensing.
Operational Ground Equipment The function of the operational ground equipment is
to provide a self-contained mobile test facility which, when located at an ATS ground
station, is capable of evaluating both uplink and downlink experiment performance. It
will exercise and evaluate the experiment in a variety of operating modes and collect
data for analysis.
Current plans call for the operational ground equipment to be installed at the Mojave
ATS ground station during initial satellite tests and then to be moved to Europe after the
ATS-F spacecraft assumes its final position over the African continent. In addition to the
NASA ground station, a station prepared by Bell Telephone Laboratories will perform
atmospheric propagation experiments on the beam received from the satellite.
The operational ground equipment will consist of a standard astronomical dome, the
laser heterodyne transceiver, boresight equipment, calibration tower and source, and a

vibration-isolated mount for the transceiver. All operating controls, test panels, and data
readout instrumentation will be located in the ATS ground station,
Conclusions The ATS-F laser communication experiment is the first effort to develop
the technology of laser intersatellite communication systems. In terms of either payload
pound or watts of prime power the carbon dioxide laser offers an attractive alternative to
microwave or millimeter wave intersatellite communication systems.
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Figure 1. Communication link geometry.

Figure 2. Laser system conceptual diagram.

Figure 3. Image-motion compensator, simplified diagram.

Figure 4. Laser subsystem functional diagram.

THE S-BAND TELEMETRY, TRACKING, AND
COMMAND EXPERIMENT
R. H. PICKARD, P. E. SCHMID, and P. J. HEFFERNAN
Goddard Space Flight Center, NASA.

Abstract The ATS-F S-band Telemetry, Tracking and Command Experiment is
designed to develop and demonstrate critical aspects of the technology necessary to an
operational tracking and data relay satellite (TDRS) system within the framework of
NASA’s existing applications flight programs. The experiment involves the
implementation and operation of a two-way radio link between a synchronous satellite
(ATS-F) and a near-earth orbiting satellite (Nimbus E). The link will be used for
precision range and range-rate tracking of Nimbus E from ATS-F, relay of Nimbus E
telemetry to the ground via ATS-F, and command of Nimbus E from the ground through
ATS-F. The basic purpose of the experiment is to gain experience in the implementation
and operation of real time telemetry, tracking, and command links using a synchronous
satellite relay. A specific major program goal is to establish the extent to which it is
possible to determine the orbit of a near earth orbiting spacecraft using tracking data
obtained from a synchronous satellite. It is anticipated that the experiment will be of
great value in defining the theoretic and practical problems associated with the design,
implementation, and operation of a future TDRS system.
Introduction Existing space research and applications satellites require the support of
an extensive network of ground tracking and telemetry gathering stations augmented by
ships and aircraft. There are currently over one hundred such ground stations operated by
the United States alone. Many of these stations, however, have specialized capabilities
which constrain their use to particular tracking and telemetry data transmission schemes.
Thus the tracking and telemetry coverage afforded on earth orbiting spacecraft is
obtained by means of a series of relatively short observations and despite the large
number of ground stations many tracking and telemetry data relay gaps exist. This has
led to the requirement for orbit computations based on sequential tracking by multiple
ground stations, the “dumping” of on-board recorded data at opportune times, and, in the
manned spacecraft case, the augmenting of fixed-site ground stations with RF-equipped
ships and aircraft.
While the possibility of using synchronous tracking data relay satellites (TDRS) to
supplement and perhaps replace existing ground based facilities was pointed out as early
as 1963 by Dr. F. O. Vonbun of the Goddard Space Flight Center, the early state of

communication satellite technology at that time necessarily precluded any immediate
implementation. Subsequently, both NASA and the Air Force have conducted extensive
studies in the area of TDRS [1-6] . These studies have shown that a properly
instrumented network of synchronous relay satellites can provide complete tracking and
data acquisition coverage for a wide range of missions including manned and automated
space research and applications spacecraft. Potentially, such a system could reduce the
present number of ground stations and at the same time provide significantly increased
capabilities in the areas of tracking and communications.
Up to this point in time, these parametric studies have had little impact on the design of
next-generation low-orbiting satellite missions which would be the eventual users of a
TDRS. Such a system would necessarily impose specific constraints on mission
spacecraft, and it is entirely reasonable that managers of future space programs should be
reluctant to base the design of their spacecraft on the as yet undefined and unproven
support capability of a TDRS.
The high-gain S-band antenna of the ATS-F spacecraft provides a timely opportunity to
develop, exercise, and demonstrate numerous elements of the technology essential to an
operational TDRS within the framework, constraints, and schedules of presently planned
NASA applications mission launches. As presently configured, the experiment will have
the capability for providing limited incidental support to the Nimbus E mission
spacecraft. However, the planned system design is sufficiently flexible that additional
mission spacecraft could be readily accommodated, when provided with the necessary
S-band RF equipments. Hence, the ATS-F tracking, telemetry, and command experiment
will provide a comprehensive information base for future operational TDRS system
design.
Experiment Testbed The basic elements of the experiment are shown in Figure 1.
They are: an ATS ground station (Rosman, Mojave, or Cooby Creek); the ATS-F
spacecraft in geosynchronous orbit; and the Nimbus E mission spacecraft which
communicates with the ground via the ATS-F spacecraft; and a STADAN* ground
station for direct low altitude satellite tracking. GRARR** tracking of the Nimbus E by a
STADAN ground station will provide a reference for evaluating the GRARR tracking
performance using the data relay link.

*

Satellite Tracking and Data Acquisition Network, with S-band equipped sites at Rosman, North
Carolina; Quito, Ecuador; Tananarive, Malagasy Republic; and Fairbanks, Alaska.
**

Goddard Range and Range-Rate S-Band Tracking system; see [10].

Nominal link frequencies are:
•
•
•

X-band for the ground/ATS-F/ground link: ~1 8.0 GHz up and ~ 7. 3 G Hz
down.***
S-band for the ATS-F/Nimbus E/ATS-F link: 1.800 Ghz ATS-F to Nimbus E and
2.253 GHz Nimbus E to ATS-F.
S-band for the STADAN/Nimbus E/STADAN link: 1.7992 Ghz STADAN to
Nimbus E and 2.253 GHz Nimbus E to STADAN.

Communications between the Nimbus E mission spacecraft and the ATS-F relay are
based on the use of the scanned 30' parabolic reflector on the ATS-F and a mechanically
steered (programmed or commanded) antenna on the mission spacecraft. The data
transmission capacity of the Nimbus E-to-ATS-F link is determined by the transmitter
power and antenna gain available on the Nimbus spacecraft.
Communications between the ATS-F spacecraft and its ground station will use a
moderately directive spacecraft antenna and a high gain antenna on the ground. The data
transmission capability of this link will normally exceed that of the Nimbus E-to-ATS-F
link so that the overall data capacity of the combined links will be determined by the
Nimbus E spacecraft’s EIRP (effective isotropic radiated power).
The experiment will require the repeater on-board the ATS-F to have the 8.0 GHz earth
to relay link cross strapped to the 1.8 Ghz relay-to-mission link, and the 2.253 GHz
mission-to-relay link cross strapped to the 7.3 GHz relay-to-earth link. The measurement
for range rate tracking will require a phase locked local oscillator on the ATS-F. System
bandwidths will be a nominal 500 kHz (3db) in the earth-relay-mission link, and will be
nominally 8 MHz (3db) in the return mission-relay-earth link. It is anticipated that all
these requirements can be met within the framework of the integrated communications
subsystem concept presently under consideration for ATS-F.
Tracking Experiment The system testbed shown in Figure 1 will allow Nimbus E to
be tracked in range and range-rate (a) from ATS-F, W from the STADAN site, and (c)
from ATS-F and STADAN simultaneously. This implementation has been designed to
yield comprehensive data for establishing the feasibility of precision trajectory analysis
and orbit determination of near-earth spacecraft from a synchronous tracking station. The
results of this investigation will have major impact on both the scientific and
applications areas of NASA’s space program.

***

Exact frequencies depend on allocations to be made available for the ATS-F&G program and
are not known at this point in time.

Scientific First, it will be determined to what extent and with what metric tracking
errors a near-earth spacecraft (Nimbus E) can be tracked from another spacecraft
(ATS-F) in the system configuration typical of those proposed for future operation MRS
systems [6].
Second, a precision orbit will be determined using data from the orbiting tracking station
for both the near-earth spacecraft (Nimbus E) as well as the orbiting station itself (ATSF). In addition, precision orbits of both spacecraft will be determined using our
conventional ground tracking modes. This will then permit a comparison with and,
hopefully, verification of theoretical orbit error estimates.
Third, tests will be conducted to determine to what extent gravitational and systems
errors can be separated by this orbiting tracking station technique. A better
understanding of this problem may well lead to a better orbit determination capability for
near-earth spacecraft in general.
Applications First, the results of this experiment will lay the foundation of the tracking
and orbit determination capability for a future tracking and data relay satellite system and
thus will influence the design and/or even determine the desirability to build such a
system. Once it has been shown that trajectory determination from an orbiting station is
feasible and advantageous, a final TDRS system design can be established with full
confidence as to its operational capabilities (and limitations) for support of near-earth
spacecraft.
Second, this experiment will show what trade off can be achieved between tracking and
orbit determination using a ground network and an orbiting network. This, in turn, will
give an indication under what conditions ground stations can be eliminated. At this time,
only theoretical studies, [6, 7, 8 and 9] not supported by experimental evidence, have
been performed to determine the trajectory errors to be expected for a near-earth satellite
when tracked by a synchronous “orbiting station”. These published studies reflect a
rather conservative view since their original purpose was to serve as a guideline for the
design of a future orbiting tracking system [6].
In contrast, this proposed experiment will show what actually pan be done using the
most sophisticated approaches we have available for precision orbit determination. We
will learn how best to handle metric information for orbit determination. We should be
able at that time to determine orbits significantly improved in precision compared to
what we can provide today for the following reasons: (a) current orbital development
programs will have been completed, providing a much better capability for precise orbit
determination using more sophisticated gravity terms, drag terms, solar pressure, earth
tide effects and lunar and solar gravitational perturbations; and (b) there will exist for the
first time the option to “select” tracking data along the orbit in an optimum fashion,

permitting better orbit and tracking data geometry which in itself reduces trajectory
errors.
At present, we have to accept tracking data from whatever station happens to have the
spacecraft in view during a pass. Experience over the last ten years unfortunately shows
that this is not often that portion of the orbit which is optimally suited for trajectory
determination (error minimization). In addition, we will be able to further improve our
knowledge of the earth’s gravitational potential, and the other unknown forces acting on
a spacecraft mentioned previously. With an orbiting tracking station such as ATS-F, we
have the opportunity to observe a near-earth spacecraft over large portions of its orbit
and thus may be able to detect earth harmonics through variations in the measured range
rate.
Anticipated Tracking Performance The difficulty in extrapolating existing
techniques for satellite trajectory analysis and orbit determination to include the case of
range and range-rate data obtained through a synchronous satellite is such that
experimental verification of predicted results is considered essential ‘ Nevertheless,
some idea of the performance to be expected may be obtained from a consideration of
the excellent correlation between theory and practice in the case of earthbased satellite
tracking.
In the following, a tabulation of the trajectory errors of the present ATS-I and III
spacecraft is shown. Orbit errors based upon (A), error theory as well as (B), errors from
orbit overlap techniques using our Definitive Orbit Determination System are presented:
(A)

ATS - Position Errors
Error Theory

Using tracking system errors of ) R = FR = 15m, and ) R0 = FR0 = 0.5cm/s and tracking
the ATS spacecraft for 24 hours (5 min. of 1 per sec. (R+R0 ) - tracking every 1/2 hour)
one obtains total r.m.s. position errors of:****
Case (1) ) S = 300m
Case (2) ) S = 1200m

)R, FR, ) FR0 are respectively bias and random uncertainties in range and range-rate (R+R0 ;
)S is a positional uncertainty in absolute space. It should be pointed out that the orbit
determination procedure is essentially a transformation of range and range-rate data uncertainties
into uncertainties in position and trajectory. Thus, while precision tracking systems can obtain
R&R0 data with small uncertainties indicated, uncertainties in knowledge of vehicle position and
trajectory tend to be relatively great.
****

The value under (1) is based upon hypothetical tracking by Toowoomba and Mojave.
That under (2) is based upon hypothetical tracking by Carnarvon and Toowoomba. The
reason for the large difference in the error is the good tracking geometry of (1) (EW and
NS separation), and the poor geometry of (2).
(B)

ATS -

Position Errors
Definitive Orbit Determination

Using real data, orbital overlap techniques, and our Definitive Orbit Determination
System, the following r.m.s. position errors have been obtained in the past:
)S = 1500 meters
for a case in which Rosman and Mojave were used as tracking stations. This corresponds
geometrically to the Carnarvon-Toowoomba case mentioned under (A) above. As can be
seen, the theoretical and practical errors are in good agreement.
(C)

Expected Nimbus Trajectory Errors Using ATS as an Orbiting Station Theory Only

Using expected tracking systems errors of )R = F R = 8m and )R = F R0 = 0.5 cm/s and
tracking the Nimbus spacecraft for 24 hours (5 min. every 2' hour as mentioned before
for ATS) via the ATS spacecraft, existing theory [7, 8, & 9] predicts the following total
position errors for Nimbus E when tracked by ATS-F alone:
Case (1)

) S = 250m
(Using a total ATS error of 350 meters.)

Case (2)

)R S = 100m
(Assuming one solves specifically for the “fixed” ATS position and
the major error of the ATS is 250m perpendicular to the orbit plane.)

Either of these predicted performances represents a Nimbus orbital uncertainty at least an
order of magnitude better than generally obtained with earth-based tracking techniques.
Of particular importance is the fact that these predicted positional uncertainties would be
obtained with a minimum of data preprocessing and editing prior to actual orbit
computation. To obtain comparable positional accuracies with the most sophisticated
earth-based tracking techniques requires relatively large amounts of raw tracking data
representative of optimum system geometries and view times. This generally requires
weeks or months of actual satellite observations from multiple tracking stations.

The predicted improved performance in trajectory analysis and orbit computation in the
synchronous tracking case can be attributed to a number of factors including:
•
•
•

Improved system geometry, i.e., continuous viewing allowing selection of
optimum data points leading to rapid convergence of the orbital solution;
Minimization of tracking data preprocessing to correct for tropospheric and
ionospheric effects;
Substantial reduction in uncertainties associated with individual ground station
calibration and data time-tagging.

Verification of the predicted performance of near-earth orbiting spacecraft orbit
determination using tracking data obtained through the ATS-F synchronous satellite is
considered to be the major scientific and applications goal of the overall experiment.
Nimbus E Subsystems The experiment package to be included in the Nimbus E
spacecraft payload consists of an augmented two-channel GRARR S-band transponder, a
top mounted articulated antenna, and a programmable antenna control system. These are
described briefly below.
GRARR Transponder Tracking of Nimbus E will be performed using the GRARR
S-band system using multiple side tones for range and carrier doppler shift for rangerate. The Nimbus E communications and tracking package will be a modified version of
the basic GRARR transponder described in [10]. The transponder is designed to permit
simultaneous range and range-rate measurements from the relay link and from a
STADAN Station. This arrangement permits independent tracking of Nimbus E both
from the ground and from synchronous altitude. This is a particularly attractive feature of
the proposed experiment. The transponder receive frequency will be 1800 MHz using the
data relay link and 1799.2 using the STADAN link. There is a single output frequency,
2253 MHz, with the input signals appearing as angle modulated sidebands at ±3.2 MHz
for the 1799.2 MHz input and at ±2.4 MHz for the 1800 MHz input.
Figure 2 is a block diagram of the transponder. The design is essentially as discussed in
[10] except for inclusion of: low-noise RF preamplifier; an output powef’amplifier;
several gating circuits; a command receiver discriminator; and a predetermined data
source, designated digital evaluation module (DEM).
The RF preamplifier and output power amplifier are necessary to permit precision twoway range and range-rate tracking in the link with ATS-F. The discriminator will serve
to detect up-link command signals for operating the experiment package in its several
modes during the course of scheduled experiment on-time. The DEM will generate
pseudo-random binary data at selectable rates for purposes of evaluating the
communications performance of the Nimbus/ATS RF link.

Top-mounted Antenna Subsystem The top-mounted articulated antenna will provide
a nominal 16 db of directivity in links to ATS-F and will simultaneously serve as an
effective omni antenna in links to STADAN. The latter is possible because the range
differential to STADAN is so great that viable two-way tracking links will be possible
even when operating in the extreme nulls of the directive antenna back-lobes. The
proposed antenna implementation is a quad helix array of the type shown in Figure 3. It
will be mounted atop the Nimbus controls package on a bi-axial gimbal of the type
shown in Figure 4. This gimbal assembly will permit the antenna beam to be moved in
stepped fashion anywhere in a circular cone of approximately 120E about the spacecraft
local vertical, permitting links to ATS-F under all conditions of spacecraft mutual
visibility.
Antenna Control System The control electronics for the bi-axial gimbals will drive
the gimbals in stepped or articulated fashion during an experiment pass. The prime mode
of operation of the control system will be through a programmer up-dated and activated
through the conventional Nimbus stored command system. A secondary mode of
operation is through the real time command link through ATS-F. The antenna 3 db
beamwidth of roughly 26E requires the order of 16 distinct stepped antenna positions in
each of the orthogonal axes to keep antenna pointing losses below a design goal of 1 db.
ATS-F Repeater The ATS-F satellite functions as a two-way communications repeater
between the ATS ground station and the Nimbus E. The ATS-F performs this service by
using a two-way transponder, an earth viewing X-band antenna and an S-band Parabolic
Antenna tracking the Nimbus E.
The proposed experiment imposes a number of very specific requirements on the ATS-F
communications transponder. For simplicity, these are tabulated below:
•

•
•

•

Receive at 8.0 GHz (nominal), with conversion to 1.800 GHz (nominal) using a
local oscillator which is phase-locked to the carrier component of 8.0 GHz signal
at the spacecraft;
Transmitted S-band EIRP $ 47 dbw (on-boresight);
Receive at 2.253 GHz (nominal), and up-convert to 7.3 GHz (nominal) using
mixer frequencies derived from the same local oscillator used in the previous
conversion from X-band to S-band;
ATS-F S-band receiver sensitivity G/T $ 10 db/EK(on-boresight).

A proposed approach to ATS-F communications subsystem design is to use a single local
oscillator in the spacecraft and convert all signals to an IF of approximately 150 MHz.
Selectable IF band-pass filters would be provided to control the noise bandwidths of the

signals. A phased locked local oscillator is required to preserve the accuracy of the
range-rate tracking using carrier doppler shift. A candidate design is shown in Figure 5.
The earth viewing antenna will be an X-band horn antenna having an approximate
directivity of 25 degrees for both receive and transmit. The Nimbus E viewing antenna
will be the thirty foot electromechanically steered S-band antenna on ATS-F. One
proposed configuration is a feed structure consisting of a row of cavity backed spirals.
Any single feed can be selected by command to move the S-band antenna beam up to
±7 1/2 degrees off bore-sight in one plane. Mechanical rotation of the feed structure
produces scanning in any plane.
The ATS-F S-band antenna will track the Nimbus E by antenna commands sent from the
ATS-F ground station. The ATS-F antenna position to obtain a line of sight view of
Nimbus E will be provided for at the ATS ground station from Nimbus E orbital
predicts.
ATS Ground Station The ATS ground station equipments for the ATS-F/Nimbus E
Data Relay Experiment will be located at one fixed ATS ground station, an adjacent
collimation tower and at a mobile ATS ground station. The equipment located at the
fixed ATS ground station will provide for Nimbus E tracking and data acquisition. In
addition, the fixed ATS ground station will contain instrumentation for measuring the
performance of the data relay link. The collimation tower is the test target for evaluating
and calibrating the fixed ATS ground station tracking equipments. The mobile ATS
ground station will be used to simulate Nimbus E on the ground and will function as a
test target for the orbiting ATS-F prior to ATS F operation with the Nimbus E. The three
basic elements are shown in some detail in Figure 6.
A distinctive feature of the proposed ground station implementation is the use of existing
ATS-R range and range-rate measurement equipment to generate the experiment tracking
signals. The ATS-R system [11] is a high precision tracking scheme designed to work
with wideband communications repeaters such as those flown in the ATS-I and III
spacecraft. In its normal mode of operation it measures range with sidetones as in
GRARR but measures range-rate on a 5 MHz subcarrier rather than on the carrier. The
receiving equipment alone need be modified to permit the existing ATS-R system to
measure coherent carrier doppler in the experiment with Nimbus E.
Power Budgets, Multipath, and RFI Illustrative power budgets for the several critical
RF links involved in the experiment are shown in Table 1. Link capability is computed in
terms of a Pr/KT ratio, i.e., the ratio of total available signal power to white thermal
noise power density measured at the input to the receiver of the link in question. As the
RF links between the ground and ATS-F are significantly stronger than those between

ATS-F and Nimbus E, signal/noise degradation effects due to tandem link transmissions
are not included.
It has been shown [12] that the Pr/KT ratios of the ATS-F/ Nimbus E and Nimbus
E/ATS-F links will support precision two-way range and range-rate tracking using
GRARR sidetone techniques with the remodulating transponder implementation shown
in Figure 2. Alternatively, it may be readily seen that the Nimbus E/ATS-F link will
support one-way digital data transmissions at rates of the order of a hundred
kilobits/second with bit error probabilities of 10-5 using coherent phase shift keying.
Preliminary studies [13] have indicated ‘that multipath effects on tracking and
communications in the ATS-F/Nimbus E S-band links except under pathological
condition which exists when the Nimbus is entering into or emerging from earthoccultation. At such times, severe interference is to be expected, rendering the links
unviable for purposes of communications and tracking.
A survey [14] of earth-based emitters operating at the system S-band frequencies of 1800
and 2253 MHz has indicated that RFI will not be a serious or systematic problem. While
it is anticipated that earth-based RFI will disrupt the 1800 MHz ATS-F/Nimbus E link
for as much as 5% of the total available mutual viewing time (assuming an ATS-F on5tation location over the western coast of South America), this is not considered to be a
problem from the point of view of long-term experiment operations. The 2253 MHz
Nimbus E/ATS-F link, on the other hand, is expected to be RFI-free virtually 100% of
the time. Thus, based on available data on earth-based S-band sources, RFI is not
considered to be a significant factor in either experiment design or operations.

Table 1
Illustrative System Power Budget
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CONCEPTS OF INTEGRATED ADAPTIVE DATA
TRANSMISSION SYSTEMS
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SUMMARY Telemetry systems require the transmission of information in analog,
sampled, and digital forms. There also are requirements for spectrum conservation, for
minimum spurious transmission outside the assigned band, and for highest flexibility in
multiplexing and in accepting a wide range of sensors.
The paper describes the conceptual design of an advanced information transmission
system that operates basically in the sampled mode, but that can accept analog inputs
through an information compressing sampler or digital inputs by taking one sample of
each input bit and making binary decisions in the receiver.
The system uses three different encoding processes in an integrated manner.
The first encoding process is performed by a redundancy reducing computer-like
subsystem called the contractive encoder. Its purpose is to eliminate unnecessary
samples while keeping the essential samples at their correct place on the time scale.
Repetition of already transmitted samples. or the insertion of samples from other
channels will fill the space of samples that have been removed.
The second encoding process is performed by a distributive encoder The purpose of this
part of the information processor is the protection of the information against sudden
pulsive disturbances. The distributive encoder spreads the information content of each
sample over tens to hundreds of other samples in an ordered manner. If, during
transmission, one sample or a group of samples is heavily mutilated by pulsive
disturbances, the corresponding decoder in the receiver will recover most of the
information of these mutilated samples from the other undisturbed samples while
spreading the energy of the pulsive disturbances over all samples so that it contributes
only a negligibly small error to any one of them.
The third encoding process is performed by the modulative encoder. This device has the
task of shaping the samples that are produced by the distributive encoder into

bandlimited waveforms so that a noise-like, bandlimited composite transmission signal
with a uniform spectral distribution is finally fed into the communication channel.
Many adaptive features and the option to use a return channel for repetitions of blocks of
samples give the system high stability, high efficiency, and low error ratio.
INTRODUCTION. The 1966 Telemetry Standards call for utmost care in designing
telemetry systems as far as spectrum conservation is concerned.1 The problem of
assigning channels so that there is a minimum of mutual interference is becoming
increasingly difficult to solve. The calamity of the overcrowded spectrum affects all
services to approximately the same degree.
There is no single answer to the problem of spectrum conservation. It can be attacked
only by a combination of many efficient design measures in concert with a well-planned
integrated system optimization. This idea of integrated data transmission systems is not
new. The individual design measures that have to be combined into an efficient
integrated data transmission system evolved in the 1950-60 period. They were
summarized into ten cardinal principles in 1959:2
•
•
•
•
•
•
•
•
•
•

Redundancy reduction
Statistical evaluation of the transmission medium
Matched energy distribution in time and frequency domain
Large signal alphabet in an economical signal base (WT product)
Bandlimited waveforms (preferably orthogonal sets)
Protective encoding
Variable transmission rate or power matched to the variations of the channel
characteristics
Optimum signal extractors in the receiver (matched filters or cross-correlators)
Optimum deciders in digital systems (maximum likelihood deciders)
Application of reliability checks and mode control over a return channel.

The engineering means for the implementation of all these ten cardinal principles
underwent extensive exploration since 1960. For the first time, it now seems possible to
attempt at least a conceptual design of an integrated information transmission system. It
is exactly twenty years since C. E. Shannon published his mathematical theory of
communications. 3 In that theory Shannon separately defines a discrete channel and a
continuous channel. It is the continuous channel for which he derived the famous
formula that relates the maximum error-free information transmission rate (capacity) of a
channel to the bandwidth and the signal-to-noise power ratio. Shannon states that this
capacity can be reached with a “sufficiently involved encoding system.” Error correcting
systems, also called protective encoding schemes (cardinal principle number six),
represent only one of the methods that are available to design a “sufficiently involved

encoding system.” All the other nine cardinal principles have to be applied as well and
many of them are indirectly discussed in Shannon’s 1948 publication. Because of this
concentration on the sixth principle, however, most approaches preferred binary digital
encoding schemes.
It is only in the last few years that communication theory has reconsidered the older art
of sampled information transmission. Encoding processes have now been suggested that
involve the transmission of linear real number codes.4 This fact, together with the
development of advanced circuitry for implementing efficiently all the ten cardinal
principles, leads this author to believe that sampled information transmission rather than
binary data transmission will be the preferred subject of advanced development efforts in
the next two decades.
This paper intends to show, by way of a conceptual design example, how all the ten
cardinal principles could be implemented in an information transmission system
operating on a sampled basis. Evidently a system that can handle continuous samples can
handle discrete samples as well; i.e., two level samples (binary) or multilevel samples
(nonbinary). A decision device in the receiver will make full use of any a priori
information that should indicate a digital input. The implementation of the processing
circuits may well be on a binary digital basis, though the binary words will represent
continuous samples to any desired degree of precision.
THE OVERALL SYSTEM DESIGN A triple encoded sampled information
transmission system (TESIT) consists basically of three different encoders at the
transmission end and three corresponding decoders at the receiving end. Around these
subsystems a designer may arrange a number of additional circuits and devices to
implement virtually all the ten cardinal principles listed in the introduction.
The first encoder may be called the contractive encoder. It accepts the samples (or digits)
at a constant rate, either directly from the input source or from a synchronous sampler, if
an analog input source is connected to the equipment (block 2 in figure 1). If large scale
integrated (LSI) hardware is used throughout the TESIT equipment, the designer may
prefer to perform all the processing operations in binary logical circuits. In this case the
designer may provide a quantizer at the input to encoder 2 and all samples will be
processed in the form of binary words.
A sufficiently large number of samples is submitted to the contractive encoder 2 before
any output is released to the next encoder. An analyzer/programmer (block 3 in figure 1)
investigates the statistical characteristics of the samples that will be in the contractive
encoder at any given time. It programs the contractive encoder in accordance with the
result of the analysis or in line with a prepared information compression program. Some
examples of this action will be given later. The result of the contractive encoding process

is two outputs: one output transfers over line 4 a smaller number of samples, on the
average, than had been received by the encoder. The other output transfers over line 5 a
few digits of service information for each group of samples that goes over line 4. These
digits, which are called “flags, 11 indicate the kind of encoding that had been applied to
the group of samples. This group of samples itself is called a “contractive word. “
Notice that this contractive encoding process performs a redundancy reduction process
according to cardinal principle number one. Many such redundancy reduction processes
have become known in the last decade. Some that are particularly useful in a TESIT
system will be explained later in the paper.
The second encoder may be called the distributive encoder (block 6, figure 1). It first
accepts several groups of “contracted samples” along with the corresponding flags and
forms them into a longer “frame” of such contracted samples and digits. Notice that any
binary digits, such as the flag digits, will be processed just as any other samples. They
simply represent samples of fixed positive or negative height. Then these longer frames
(comprising, for example, 32 samples) are submitted to the distributive encoding
process. The result of this process is a new frame, the output. frame; usually, but not
necessarily, it has the same number of samples as the input frame. The output frame
contains in each sample contributions from all samples of the input frame. Such
distributive encoding processes can be performed with the help of orthogonal binary
sequences as commutating means. 5 However, it may be expected that nonbinary
orthogonal sequences will lead to more efficient distributive encoders.
Notice that this encoding into long frames is in agreement with cardinal principle
number four. To meet also the requirement of spectrum conservation the distributive
encoder may be programmed in the multiorthogonal mode. 5 In this mode many spreadout samples will be linearly superimposed so that they all occupy the same frequency
band in the same time interval. In this limiting case each output frame of the distributive
encoder will have the same number of samples as the corresponding input frame. In this
mode of operation the distributive encoding process offers protection against pulsive
disturbances. Alternately the distributive encoder can be programmed to produce output
frames that are much longer than the corresponding input frames. Redundancy is thereby
introduced and the process is, in sampled form, the equivalent of the digital error
correction encoding process (cardinal principle number six). In this mode the
information is protected against Gaussian noise as well as against pulsive noise. The
transmission can then take place over channels with low signal-to-noise ratio, but the
larger number of samples will lead to an increased bandwidth occupancy or to a lower
information transmission rate.
The third encoder is designated as modutative encode,% (block 8, figure 1). It receives
the output samples, called “distributed samples, from the distributive encoder through an

amplifier. The modulative encoder modulates special bandlimited waveforms with the
individual sample values. , Usually the designer will use orthogonal sets of bandlimited
waveforms. 6 These sets may be operated in one of several modes:
The modulative encoder may be programmed to use only one waveform for each
sample interval. In this single signal mode the encoder operates in a bandspread
mode with the result that transmission may take place with a slightly smaller
energy per sample than without bandspread action, provided the noise power
density is constant over the whole band over which the energy can be spread.
Alternately the modulative encoder may be programmed to operate in the
multisignal mode or in the multiorthogonal mode. In these modes several or all of
the orthogonal bandlimited waveforms will be transmitted simultaneously. Each
waveform interval will now carry a larger number of samples. These modes will be
used if sufficient transmitter power is available and spectrum conservation is of
highest importance.
Notice that this modulative encoding process meets the requirements of cardinal
principle number five and, in connection with the distributive encoder, it also meets the
requirements of cardinal principle number three, If the mode selection is coupled to a
measurement of the channel characteristics, the system will adapt itself to variable
channel conditions. This operation follows the seventh cardinal principle.
The output of the modulative encoder, whether in the single signal mode, the multisignal
mode, or the multiorthogonal mode, is called the composite transmission signal. This
signal is mutilated in the transmission channel (15 in figure 1) and noise is added to it. In
most channels there is a background of random noise on top of which individual noise
spikes (pulsive noise) appear occassionally.
The receiving system (lower part of figure 1) extracts the information from the
disturbances of the channel and restores the original input samples as precisely as
possible and in the correct order and position on the time scale. If digital input is used,
digital output will be restored at point 23 in figure 1. If sampled input is received, the
corresponding output samples will appear at the same place. If analog input is received, a
smoothing filter will be applied to restore a continuous wave from the sampled values.
The essential subsystems of the receiving system perform the converse functions of the
corresponding subsystems in the transmitting system.
The modulative decoder (block 16, figure 1) is the principal signal extractor in the
receiver. It cross-correlates individually in separate correlators all the participating
orthogonal waveforms with the incoming composite signal. At the outputs of some or of

all of these correlators will appear the distributed samples evidently still contaminated by
noise and distortions.
Notice that the modulative decoder performs the function demanded by cardinal
principle number 8. If the transmitter encoder operates in the single signal mode, the
receiver cross-correlator will apply decision rules or a ptioti information to determine the
one output that corresponds to the waveform that has been selected by the transmitter
modulative encoder. If the transmitter operates in the multisignal mode, the receiver
crosscorrelator will attempt to determine or will select those outputs that correspond to
the waveforms that the transmitter modulative encoder has modulated. If the transmitter
operates in the multiorthogonal mode, the receiver cross-correlator will use all the
available outputs. Evidently, since the total energy that can be applied at the transmitter
to any waveform interval is limited, there is the possibility of giving the whole energy to
(1) one waveform in the single signal mode, (2) a limited numb, er of waveforms in the
multisignal mode, or (3) all waveforms in the multiorthogonal mode. Correspondingly,
the system will operate with low sampled transmission rate in low SNR, with medium
rate in medium SNR, or with high rate in high SNR.
It is also important to recognize that no final decision device can be used for the
information samples immediately after the modulative decoder. Remember that the
output of the modulative decoder is the contaminated distributed samples and these
samples have to be reconverted to the contractive samples in the next receiver
subsystem. Decision devices may be used at this point in the system for any service
signals (synchronization etc. ) that must be branched off (25 in figure 1), or when a
hybrid modulative encoding process should be used with some quantization involved.
The second essential subsystem in the receiver is the distributive decoder (17 in
figure 1). It performs the converse function of the distributive encoder in the transmitter.
The distributive decoder reassembles each of the original contracted samples by crosscorrelating each word of Contaminated distributed samples in a separate correlator with
replicas of all the orthogonal binary sequences that had been used in the distributive
encoder. The outputs of some or of all of these cross-correlators deliver the original word
of contracted samples.
Notice that this second decoding process completes the application of cardinal principle
number four. If the distributive encoder has been programmed into a redundant mode,
the resulting large WT can be used as a means of improving the transmission efficiency.
That efficiency is also called the “utility”, 7-9 and it is defined by the ratio of the noise
power density in the channel to the energy per bit of information as referred to the
receiver input. The improvement in utility is particularly significant if the original input
is digital and if the distributive decoder is equipped with a maximum likelihood decider.
Such a design approach will meet the requirements of cardinal principle number nine.

The third subsystem, the contractive decoder (block 18, figure 1), will receive two
outputs from the distributive decoder. Output 20 in figure I will carry the words of
samples that originally had left the contractive encoder over connection 4. Output 21 will
carry the flag digits that are necessary to tell the contractive decoder (group by group)
what to do with the contracted samples for restoring the original information to an
optimum degree.
Notice that at this point in the system the information samples do not correspond exactly
to the original contracted samples. The sample error evidently is due to the distortion and
due to the noise in the channel. If the samples are taken from digital input data, the
decider within the distributive decoder may take care of much of these sampling errors
and will submit to the contractive decoder clearly defined quantized samples (two levels
for binary input). Naturally, some of these quantized samples will be wrong; i.e., digital
errors will have resulted from sample errors that are too large. Yet, notice that the
preceding two decoding processes will have “smeared out” most of the pulsive
disturbances. If any band-spreading or time-spreading modes were chosen for the
distributive and/or modulative encoders in place of the fastest mode, the multiorthogonal
mode, the preceding decoding steps will have resulted in eliminating most of the
damaging influence of Gaussian noise as well as the pulsive noise. If it is known in
advance that digital input will, be applied, the distributive decoder will contain a decider
that will be programmed with the optimum decision rule for the case at hand. Under such
circumstances the distributive decoder becomes an error-correcting decoding system
with the redundancy having been selected by the distributive encoder. Thus, we see that
any such action completes the fulfillment of the requirements of cardinal principle
number six.
OPTIONAL SYSTEMS FEATURES One of the most impressive characteristics of a
TESIT system is its extreme flexibility. When applying the latest progress (1968) of LSI
solid state hardware, it is possible to assemble a tailor-made TESIT system for almost all
particular systems requirements. Hence, a designer does not need to feel limited in his
choice of word length, coding and decoding complexity, buffer capacity, etc. A basically
flexible system design will be executed in the future in hundreds of special variations,
provided the basic building blocks will be designed in perfectly compatible modules.
Another feature of TESIT is the programmable character of all the three principal
encoders or decoders. They all are basically small special purpose computers and they
can be designed in a way that they may be programmed to operate in hundreds of
different modes. An adaptive design of TESIT will permit an automatic operation
whereby the system will continuously monitor its own performance, and it will adapt its
mode of operation to the slowly changing, characteristics of the input information and of
the transmission channel.10 Some of the optional systems features that will support such
an adaptive system design will now be mentioned.

The Incorporation of a Return Channel The most important optional feature in
TESIT is the use of a return channel to make the system an adaptive system. Such a
return channel may be a separate channel of much smaller capacity than the forward
channel or it may be another forward channel in a full duplex system where each forward
channel reserves a small percentage of its total capacity for return messages of the other
forward channel.
The application of a return channel is shown as connection 14 in figure 1. The primary
purpose of a return channel is the transmission of requests for the repetition of
completely destroyed parts of forward messages. For this purpose it is necessary to
provide in the transmitter a repeat buffer (9 in figure 1) where duplicates of all
distributed samples are kept until they are obsolete; i.e., until the time has lapsed during
which a repetition could take place. These duplicate samples are preferably stored in
smaller groups, called blocks, and not in complete frames of the distributive encoder. In
the present design example they are stored in block lengths suitable for the modulative
encoder. In the receiver each of these blocks of samples is checked in the modulative
decoder by methods to be explained later. If such a check shows heavy noise or
distortions during any one of these blocks of samples, a request for repetition of the
mutilated block goes at the next opportunity over the return channel back to the repeat
buffer. There the stored copy of that block of samples will be selected and the block will
be transmitted a second time.
The receiving system needs another repeat buffer (19 in figure 1) so that all other groups
of samples can be held back until the repetition is completed. All distributed samples
must finally be submitted in their correct sequence to the distributive decoder.
A secondary purpose of the application of a return channel is the transmission of short
status reports from the receiver to the transmitter. Such status reports may cause the
transmitter to change the mode of operation in many ways. The transmitter may elect to
use more redundancy by going from the multiorthogonal mode to the multisignal mode
or to the single-signal mode. Conversely, the transmitter may go to a higher rate by
switching modes in reversed order. Such mode changes may take place in the modulative
encoder or in the distributive encoder. The transmitter programmer alternately may elect
to change the mode in the contractive encoder; for example, it may decide to tolerate
more redundancy in the messages so that errors may be more clearly identifiable in the
final output.
Notice that the application of a return channel meets the requirements of the second,
seventh, and tenth cardinal principles.
Average Power Control The use of orthogonal binary sequences and of Orthogonal
bandlimited waveforms offers an excellent opportunity to apply a forward-acting

automatic power control system. This is shown by line 13 and line 12 in figure 1. Line 13
receives a control signal from the distributive encoder for regulating the gain of amplifier
13a. This control signal will remain constant during each frame of distributed samples,
but it will change from frame to frame. The control signal will be of such a magnitude
that the total energy used for each frame will remain constant, regardless of the value
(height) the individual samples will assume in any particular frame. Because each frame
will contain certain samples in digital form (i.e., with known amplitudes), it will be easy
at the receiving side to evaluate (on an average basis over all digital samples) the value
of the control signal that has been applied to any particular frame of distributed samples.
The reciprocal value of this control signal can be applied to an amplifier in the
distributive decoder with the result that the contracted samples leaving the distributive
decoder will have been restored to their correct values.
Evidently this method will contribute to an improvement in signal-to-noise ratio (SNR)
during the transmission of all those frames where a majority of samples has rather low
values. The contractive encoder can be programmed to make all non-essential samples
zero, thus automatically causing the essential samples to absorb a larger energy per
sample.
The same principle of power control can also be applied to the modulative encoder in
connection with the final amplifier (11 in figure 1). In this case the correction at the
receiving side must be applied in the modulative decoder. In FM transmission channels
this same process may be used for deviation control.
Optional Multiplex Capability The high flexibility of TESIT permits its application
for telemetry and also for voice or picture transmission; it may operate with a single
input or with multiple inputs. Any input may be a time-division multiplex tr i ain of
hybrid character; i.e., the pulses may be quantized digits,or sampled pulses.
One particularly interesting possibility is indicated in figure 2. That figure shows a more
detailed block diagram of a TESIT transmitter, which will be explained completely in
one of the following sections. Here attention shall be drawn to the two inputs that should
symbolize a so-called delay sensitive source (at point 30) and a delay proof source (at
point 42). The first source is an analog source, such as the output of a microphone during
voice conversation or the output of a mechanical sensor for vibration measurements in
telemetry. In both cases there may be the requirement to process the signals with a
maximum delay, not exceeding, for example, 500 ms. The second source may be a digital
message source; for example, outputs of some counters or some telegraphic messages or
some digitized temperature measurements of routine nature--in any case, a kind of
information that may be delayed up to a minute or more.

The contractive encoder will multiplex these two sources in a way that the first source
will always have priority access to the channel while information from the second source
will only be accepted when there are gaps in the information flow from the first source.
Such asynchronous, yet information-dependent, multiplexing methods have been
suggested in the past;11 and a prototype model of a svstern that places digital data into
the gaps of voice transmission has been built. 12 Another distantly related system is Time
Assignment Speech Interpolation (TASI) where individual voice channels are switched
off from the transmission medium during any measurable gap in the speech waveform,
while they get instantaneously a new transmission channel assigned when the speech
waveform continues. 13
The TESIT system has an advantage over these systems of prior art: the asynchronous
multiplexing function is part of the overall adaptive TESIT system. Automatic trade-offs
can be programmed into the system so that the multiplexing function can contract the
information from several sources to a stronger and stronger degree at the cost of a
gradually decreasing quality when other elements in the system (for example, pulsive
disturbances in the channel) demand such an action. This may be the case when
frequently required retransmissions have cut out some of the useful transmission
intervals. It is this feature of “graceful degradation” that makes the optional multiplexing
capability particularly attractive in connection with TESIT.
Continuous Channel Analysis Cardinal principle number two calls for a statistical
evaluation of the transmission medium. In adaptive systems this evaluation has to be
performed as frequently as possible to enable the analyzer/programmer (3 in figure 1) to
update the optimum mode selection in real time.
The selection of trigonometric product waveforms 6, 16 as the bandlimited signals in the
modulative encoder offers a very interesting option for channel analysis. The method is
called a “noise window.” It has been discovered that one waveform out, of an orthogonal
set of product waveforms has a very flat energy density spectrum (white noise character).
Consequently, it has been proposed to use this waveform as a noise window. This means
that this waveform will never be generated by the modulative encoder. It is not used to
carry any information sample; nevertheless, the noisy composite transmission signal is
cross-correlated with this waveform in the modulative decoder in the receiver. The result
of this cross-correlation process will be a good measure for the total noise in the channel.
A new measurement can be taken during each waveform interval or after integration over
several waveform intervals. Remember that all the waveforms constitute an orthogonal
set of bandlimited functions. Thus they all cross-correlate to zero output. The noise
window waveform will not receive any contribution from other waveforms in its
correlator output, no matter what kind of information is carried in an interval. Noise and
distortions, however, do not cross-correlate to zero with the noise window waveform,
except for very special noise patterns that should coincide exactly with one of the other

waveforms of the orthogonal set. Following this idea, a designer has only to provide a
monitor for the output of that particular correlator and to let it report any essential
changes to the transmitting side. Even in systems without return channel, one can use the
variations at this output to give an indication of the changes in the transmission
reliability (error probability).
Adaptive Power Division for Synchronization The use of trigonometric product
waveforms as bandlimited transmission signals offers one other significant advantage--a
very easy method to maintain and update synchronism.
It was pointed out in the first publication about trigonometric product waveforms 6 that
in each set of orthogonal waveforms there will be one waveform with discontinuities at
the ends of the interval. It is suggested that this waveform be used for synchronization.
If, at the transmitter modulative encoder, the input corresponding to this “pulsive
waveform” is kept constant, the waveform will smoothly continue from one interval to
the other. It will alternately have positive and negative peak values exactly at the
separation line between the waveform intervals. Since all other waveforms of an
orthogonal set go to zero at the ends of an interval, it can be seen that only the
synchronization waveform will supply energy to the receiver during a very small time
interval exactly at the transition between two waveform intervals. Moreover, this pulsive
waveform is orthogonal to all other waveforms of a set. These desirable characteristics
make this waveform ideally suitable as a synchronization signal. Notice that no separate
time slot nor any separate pilot channel is needed for this kind of synchronization. Yet,
because of the orthogonal character of the whole set of waveforms, one can arbitrarily
decrease and increase the amplitude of this synchronization waveform, thus dividing the
total available power to a lesser degree or to a higher degree in favor of the
synchronization signal. This process can be made adaptive via a return channel so that
more synchronization power is demanded when synchronization difficulties are
threatening or when updating of the synchronization epoch is required (in mobile
systems). More power can be assigned to the information-carrying waveforms as soon as
there is a firm locked-in condition.
AN OVERSIMPLIFIED DESCRIPTION OF THE BASIC OPERATION OF
TESIT An adaptive system of the complexity of TESIT is difficult to describe, due to
the many different modes of operation that such a system may assume. For the benefit of
readers who are not familiar with the many facets of an adaptive communication system,
we shall now try to give an oversimplified description of a typical operation by using an
example with reasonable numbers.
The first encoding process, the contractive encoding, is explained in figure 3. We assume
that a typical analog telemetry signal of less than 1 kHz information bandwidth is

entering in point I in figure I and is being sampled 2000 times per second. All these
samples go into the contractive encoder (31 in figure 2). The encoder must process these
samples and send them in the form of “contracted words” to a “sample-and-hold” buffer
B, which is shown as 34 in figure 2. Figure 3 shows a 56-ms-long time interval of the
analog input. The first 12 ms is an active period that will best be transmitted in a
continuously sampled mode. although any of the predictive compression modes could be
used likewise. 14 For the purpose of this example we assume that the words at the output
of the contractive encoder contain 8 samples each, plus 2 ternary digits called a “flag. 11
In an actual system these words will have 12 to 24 samples to keep the percentage of the
redundancy for the flag smaller. For simplicity of the following simulation in numbers,
the samples are represented by integers +9, +8, ...0. ..-8, -9. In an actual system they may
assume any real number between the plus and minus peak values.
A typical flag code is shown in figure 3. The simplest contractive encoding procedure
calls for the omission of words when the channel is inactive. In our example that is the
case from 13 to 32 ms on the time scale. Five words can be omitted; this is indicated by
the flag, +-, at the third word. When reading this flag, the contractive decoder in the
receiver will wait 20 ms after having decoded and delivered the third word before
delivering the continuation of the output signal. The ternary digits are transmitted as
bipolar samples of maximum height (+9, 0, -9). It will be shown that this procedure gives
them a larger share of the transmission energy and thereby offers a higher protection to
the important information conveyed by the flag. At the designer’s discretion a binary
code or a code of higher order may be used for the flags. As will be seen, the system
handles flags or any other digits (quantized samples represented by integer numbers)
exactly in the same manner as it handles analog samples (real numbers). The only
difference for handling digits is that the final detector (reading device) will have one or
more thresholds, preferably of the variable kind, to be adjusted manually or by program.
The flag code in figure 3 shows examples of many other contractive encoding modes.
One mode is used for the fifth and sixth words. The flag of the fourth word predicts by
the code, -+, that a service word from another channel (in this case, a data channel) will
follow. This again is an oversimplification. The data channel (42 in figure 2) symbolizes
any number of other channels. The flag could be used as an address and words could be
selected from low capacity data channels with sporadic activity. In this manner TESIT
would work as an asynchronous multiplex system. 11 The example in figure 3 shows that
such side information from data channels is inserted into the main analog channel
whenever the latter displays low activity. Figure 2 shows that the acceptance of such side
information is adoptively dependent on the level of contracted words in the message
buffer (34). If there are less than 10 words in the buffer, a signal goes over line 45 to ask
for such side information, here symbolized by the term “service messages.” If, on the
other hand, the message buffer is being filled much faster than the system can transmit
the words, a signal goes over line 38 to the compression programmer, which will adapt

by selecting an encoding mode with higher compression ratio. The switch in the
encoding mode will be communicated to the receiver by an “inner service word” to
enable the contractive decoder to switch the mode at the correct instant. These inner
service words will be particularly protected by redundant digital codes. They are called
inner service words because they will be encoded in the distributive encoder in the same
way as all the contracted information words. In addition, the system requires “outer
service words” that are added only after the distributive encoding process; they are
branched out in the receiver before the distributive decoding process (63 in figure 2 and
137 in figure 7).
Two further adaptive procedures may be mentioned in connection with message buffer
34 in figure 2. The one procedure is a kind of overflow protection. When a dangerously
high word level (50 in our example) is reached in the buffer, line 46 orders the repeat
controller to reject repetitions. The other procedure is a kind of protection against the
other extreme; i.e., against an interruption of continuous operation by an empty message
buffer. This is a natural situation at the beginning of an operation or during any
interruption of the input from the main channel. Connection 47 signals this event when
less than three contracted words are in the message buffer. A special null frame generator
inserts dummy words into the system until at least three contracted words are assembled
in the message buffer. The dummy words are flagged as inner service words, recognized
by message reader 162 in the receiver (figure 7), and, consequently, are dumped.
Returning to figure 3, one can see that the fifth word has the flag, indicating that another
word follows from the data channel. This sixth word has the flag, -- , indicating that an
outer service word will follow with an announcement of a change in the encoding
procedure. The code for such change announcements may be designed specifically with
the special application in mind for which the system will be programmed. Indeed it may
be foreseen that at least compression programmer 36 and service generator 41 in figure 2
and their counterparts 162 and 109 in the receiver (figure 7) will be programmed
computer-like devices. It will then be easy to program any TESIT equipment for any
special application. Assume, for example, that the analog input to the TESIT transmitter
is actually a timedivision multiplex train, where pulse position modulation (PPM)
channels are intermixed with pulse amplitude modulation (PAM), with analog, and with
digital channels. The designer may then program a digital transmission of the position
and/or the’ height of a pulse into his contractive encoder. The encoder would identify the
position within a given interval and the height of the pulse, and would encode this
information into a code word such as the seventh word in figure 3. In this particular
example the code has three groups of ternary digits:
•

A group of two digits indicates the length of the interval to be encoded (5 words in
this case, represented by the combination, +-).

•

A group of three digits indicates the position of the pulse within the interval (here,
in the second fifth of the third word, represented by the code, +0+).

•

A group of three digits to indicate the polarity and the amplitude of the pulse (here,
amplitude minus seven in a scale, -9 to +9; this is expressed by the code, -- 0).

Finally, we see that the flag of the seventh word in figure 3 indicates that a service word
will follow with data indicating a gap of more than 5 words. Figure 4 continues this
exercise for an interval of 250 ms, incorporating at the beginning the first 56 ms of
figure 3. It is the purpose of figure 4 to go through one complete cycle of operation
including a retransmission. Any details of the word contents are therefore omitted.
However, the figure shows the timing and the buffer levels with fair details. Note that at
the end of the 56-ms interval described in figure 3 there follows a longer period of a
constant high positive level at the input to the main channel (lowest line in figure 4). The
contractive encoder operates with a processing delay, )1, which is assumed to be 28 ms
(7 standard word intervals) in our case. In a large scale system it may be much longer in
terms of the number of samples involved. (Here the contractive encoder will take only a
maximum of 56 samples into one observation and processing interval). This will be
sufficient to conclude that the long positive constant level from 60 to 82 ms will be
better encoded by a differential process (first order prediction). The eighth word will
therefore be a standard word with 12 samples transmitting the slope (56 to 60 ms) in full
detail. The ninth word will be a service word announcing the code change to a first order
prediction code and no further transmission will be required until the constant value
starts changing again. Before continuing with the discussion of figure 4, we must
understand the distributive encoder and the adaptive interaction between all TESIT
functions.
Figure 2 shows that the distributive encoder in our example uses a 32 by 32 element
matrix. Three contractive words, W1, W2, W3, and their flags, F1, F2, F3, are transferred
from the message buffer to special buffer 49. Two “distributed flags” 55 are added. The
total of 32 samples forms the input to one distributive frame. Writing the distributive
flags first, one arrives in our example at the column of samples shown at the left side of
figure 5. The three words are the first three words formed in figure 3.
Using this input the distributive encoder forms a new sequence of 32 samples simply by
multiplying each input sample with every element of an orthogonal binary sequence and
then adding all the products column by column. The sums of each of the 32 columns are
the new 32 samples. This process has been called a multiorthogonal encoding process. It
can be easily simulated on paper as it is shown in figure 5. A set of orthogonal binary
sequences required for this process can be generated in many different ways. In this
example an orthogonalized binary pseudo-noise (PN) sequence is used. 15 All binary,
elements in such a sequence are either +1 or -1. The first sequence of the set is a

sequence of 32 positive elements. It has to be multiplied with the first sample--in this
case, of zero value. All products in the first row are zero in figure 5. The second
sequence and all the following sequences start with a positive element that is followed
by one phase of the PN sequence. This first positive element in all sequences is the
reason that the first column is always the input sequence itself. The algebraic sum of all
numbers in this column is therefore the sum of the input sequence itself (cumulative dc
value). It is +36 in the case of our example. The sums of all the columns are marked as
s1.... s32 and their numerical values are marked on the right side of figure 5.
The second orthogonal binary sequence is written out on the top of figure 5. It can be
formed by putting 5 minus symbols into the second to sixth element and then forming
always the n-th element by the modulo two addition (the so-called half adder operation)
of the (n-3)th element and the (n-5)th element. Thus the seventh element is -r- = +. The
eighth and ninth elements are also +. The tenth element results from the modulo two
addition of the seventh element (+) and the fifth element (-). By applying the truth table
on the right, the reader can easily continue the operation until the whole sequence is
formed.

The second row is the multiplication of the second input sample (+2) with the second
binary sequence as shown at the top. The third binary sequence is formed by shifting the
PN sequence for one element to the right and taking the last element of the original
sequence to the second place. The fourth binary sequence is again started by a positive
element and is followed by the second phase shift of the PN sequence. Accordingly, one
arrives at the last sequence being a positive element followed by the n-2 shift of the PN
sequence of n-1 elements, or, if one prefers, by the PN sequence shifted for one element
to the left. Notice, however, that the last input element has a negative sign. Therefore, all
products in the last row have the opposite signs of the last orthogonal binary sequence.
The sums of all columns (new sample values) are marked at the right side of figure 5.
The largest sum is negative (-60). The smallest absolute sum is 2. It is always useful also
to form the squares of all new samples (sample power). This is done at the utmost right.
The sum of all these squares represents the total energy of one distributed frame, 22976
in this case. Dividing this number by 32 gives the average power of a sample. It is
interesting to note that this average power must be 32 times the average power of the
input samples, no matter what message is being processed. The root of the average
power is the root mean square (RMS) level of the samples. It must be %32 times the RMS
level of the input samples.

The two distributed flags at 55 in figure 2 are for the purpose of transmitting a measure
of the RMS value (or peak value or average value, depending on the application) and for
permitting a noise check. The first objective is desirable whenever the structure of the
frames may be significantly different from one to the next. In this case it may be
desirable to adjust the gain of an amplifier anew for each frame so that the transmitter
power may be continuously used in the most efficient way. The second objective is
achieved by keeping one input to the distributive encoder permanently at zero level. Any
output signal at the corresponding output terminal indicates the presence of disturbances
(or cross-talk). Again the selection of only two such distributed flags is imposed by the
small total number of elements in all the encoding processes. If very large frames were
used, more such flags could reasonably be used to communicate with higher precision
between transmitter and receiver. Also it is conceivable to use the absolute value of those
digits that are known to be of constant absolute level (binary or ternary digits) as an
indication of any automatically operating amplifier adjustment. As there will be a
number of such digits in most frames of greater length, one can make a statistical
evaluation at the receiving side and use the RMS value of such digits as scaling factor
for restoring the correct levels of all samples at the receiving side while using the mean
square deviation from this value as a measure of the residual noise in the received frame.
Returning to figure 2 one can recognize that the new distributed samples leave the
distributive encoder via connection 53 and amplifier 54 until they are stored in serial-toparallel converter 56. There they are split into words of smaller length, suitable for the
modulative encoder. These words are now called ‘modulative blocks’ to distinguish them
from the contracted words and the distributed frames. In particular they may be called
modulative blocks at the input side of modulative encoder 33 and modulated blocks at
the output side of the encoder. Notice that modulative blocks consist of discrete samples
while modulated blocks consist of analog bandlimited waveforms that are continuous
within one block, each waveform having been continuously modulated in at least one of
its parameters with one of the samples of a modulative block.
In the present example the 32 samples of a distributed frame are loaded into seven
modulative blocks in the following manner: the first two distributed samples of a frame
are carried in a start block and again in an end block. The other 30 samples are carried in
5 modulative blocks that are interleaved between the start and the end blocks. The start
and end blocks carry, in addition to the two distributive samples, four service digits
indicating in a special code all the information that is necessary to operate an automatic
repeat request (A RQ) system over a return channel.
Although any kind of bandlimited waveform can be used in the modulative encoder, sets
of orthogonal bandlimited waveforms are recommended. In the present conceptual
TESIT design, trigonometric product waveforms are preferred. 6, 16 Figure 6 shows the
waveform pictures of a set of eight orthogonal product waveforms with a nominal

WT-product of 4. A frequency synthesizer (58 in figure 2) provides the fundamental
frequency, fo, and the second and fourth harmonic, all in sine and in cosine phase with
respect to the central clocking phase supplied by timer 71 in figure 2.
Again it must be stressed that the particular numbers are an oversimplification. A system
will operate more efficiently with sets of 32 or 64 orthogonal waveforms. Yet, all the
fundamentals can be better explained with an example of only eight waveforms. Notice
that only six of the eight waveforms are used to carry samples. The seventh will be used
for synchronization and the eighth is never transmitted. It is, however, used in the
receiver correlator to measure the noise content of each block.
For synchronization it is advantageous to use the waveform with a sine factor of the
fundamental frequency and cosine factors in all other harmonics. This is the only
waveform in any set with a discontinuity at the ends of the interval. If the modulative
encoder input S at 67 in figure 2 receives a constant value, this waveform will not be
interrupted at the ends but will produce alternately positive and negative peaks at the
separation line between blocks. At these instances all other waveforms have zero
amplitude so that the modulative blocks can be changed without causing transients.
If an orthogonal set of waveforms is used in the modulative encoder, the designer has the
choice of transmitting one waveform at a time or of superimposing several or all of them
in any waveform interval. If only one waveform is used in each interval, the full average
power (or peak power or peak deviation in FM) can be assigned to that single waveform.
If more waveforms are used simultaneously, the available power or deviation must be
shared. The extreme case, when all waveforms are used all the time, is called the
multiorthogonal case and it is the one used in the present example. It will be preferred
when the SNR is relatively good and the bandwidth is costly. The other cases require that
the waveform intervals be made shorter than the block intervals, since several waveforms
have to follow each other in time division during any block interval. Accordingly, the
bandwidth must increase in proportion to the number of waveform intervals that are
required for each block interval. The system operates in a bandspreading mode.
Evidently there are many different encoding procedures, depending on the number of
waveforms used in each interval. The simplest case is the one applied in this example
where each sample in buffer 57 modulates the amplitude of one of the six waveforms.
All waveforms are then superimposed in summation network 59. The waveform interval
is identical with the block interval. Since all the waveforms are orthogonal to each other,
they form a composite signal similar to that in a frequency division multiplex system
where each component can be raised and lowered in amplitude, independently of the
other components. Thus, one can indiscriminately use continuous samples or fixed
amplitudes for binary, ternary, or higher order digits at any one of the input terminals (57
and 67 in figure 2). This characteristic can be used to adjust the share of the

synchronization power in an adaptive mode. A special sync amplifier will control the
sync power according to the information to be received over the return channel from the
other side. High: sync power will be supplied during the initial acquisition phase or
when operating with low SNR in the receiver (slant range). Relatively small sync power
will be required under constant operating conditions with good SNR.
Modulative blocks that have been transmitted are not discarded; they are ‘ kept in repeat
buffer 35 whence they can be selected for retransmission when so requested by the other
station.
The receiver block diagram of figure 7 shows the complementary subsystems of the
transmitter. Modulative decoder 102, distributive decoder 103, and contractive decoder
104 are self-explanatory. Two devices, however, have no counterpart in the transmitter.
These are noise sampler 122 and comparator 133.
The noise sampler receives the output from the correlator that samples the “noise
window.” As explained before, one should never transmit one of the orthogonal
waveforms with the uniform spectrum; for example, the eighth waveform of figure 6.
That particular waveform has a nearly uniform spectrum over the transmission band. It
will therefore be best suited to sample the white background noise. This is done by
cross-correlating in an integrate-and-dump correlator a locally generated waveform of
this kind with the incoming noisy composite signal. Because all information-carrying
components of the composite signal are orthogonal to this noise sampling waveform, the
special noise correlator output, N (in 113), will contain contributions only from the
noise- -not from the composite signal. The noise window enables the system to ‘look
through’ the useful signal and to watch continuously the noise only. Distortions of the
composite signal will likewise cause some indication in the noise window. An excessive
output from the noise window during a single block will cause a repeat request (via 124)
for that one block only. A repeatedly high output from the noise window will cause a
change of the encoding modes or a readjustment of the repeat threshold (via 123).
The comparator (133) has the task of comparing the start block with the end block. It
was said before that start block and end block carry the service information for operating
the ARQ system. It is particularly important that this information be well protected. Start
block and end block are therefore identical and the comparator assures that the maximum
advantage is taken from operating in this time diversity mode. Simultaneously, it assures
that the beginning and end of each frame are duly recognized. The comparator is also
used to compare any original block with its retransmission, again to make maximum use
of this kind of adaptive time diversity operation in the ARQ system.

It is impossible to explain in this paper in full detail all the other features of figure 7, but
it is hoped that, with the help of the extensive explanation of the transmitter, the reader
will be able to identify the corresponding blocks in the receiver.
We may now return to figure 4 to go completely through the example of an operational
phase of 250 ms. The symbols used in figure 4 are explained in the legend on that figure.
The numbers in the squares and circles indicate the continuing sequence of contracted
words entering buffer 34 in figure 2. On the bottom of figure 4 one can see in the first 56
ms the same input signal as has been used in figure 3. The contractive encoder takes
eight samples during any 4-ms period. The total processing delay of the contractive
encoder is 28 ms. This means that as many as seven such 4-ms periods (i.e., up to 56
samples) are simultaneously in the contractive encoder. At the end of this 28-ms period a
decision is made, and, if necessary, a contracted word will leave the contractive encoder.
Thus, we see that the first, second, and third words go in 4-ms intervals into buffer 34. If
the buffer does not contain any other words from previous encoding periods, null frames
will be taken from generator 48. Such null frames will contain special inner service
words to indicate. to message reader 162 (figure 7) that those words have to be dumped.
Notice that figure 4 indicates the number of contracted words that are at any time in
buffer 34. They can be counted by drawing a vertical line at the desired time instant and
counting the number of horizontal lines that are crossed. At instant 74 ms, one may count
6 words in the buffer. The crossings are marked by small circles. At instant 218 ms, there
are 13 words in the buffer. Thus, one can see that a diagram such as the one in figure 4
clearly displays the adaptive operation of the system.
We assume that the system in our example will be programmed to form a distributed
frame as soon as there are at least three contracted words in buffer 34. It can be seen that
this situation is first achieved at 44 ms. Naturally, a distributed frame will be encoded
only when all words of the previous frame and all repeated blocks have left buffer 56.
The distributive encoder may then use a time interval equivalent to one modulative block
length to encode a new frame and to deliver all distributed samples to buffer 56. It is
assumed that the first such opportunity will happen at 76 ms. The large triangle A
symbolizes that the first frame containing words number 1, 2, 3 will be formed and
delivered in a maximum processing time of 4 ms. From 80 ms to 108 ms the small
triangles indicate that a start block, five message blocks, and an end block will be
encoded by the modulative encoder. These blocks will leave the transmitter in time
sequence. While the modulative encoder will process the end block from 104 to 108 ms,
the distributive encoder will process the next frame, marked B.

The reader will now be in a position to follow the rest of the operation. Three interesting
events may be pointed out.
(1) The word nine is an inner service word indicating the switch from standard
contractive encoding to first order prediction. Therefore, no contracted words will
leave the contractive encoder from 96 ms to 112 ms. During all this time there are
still at least three words in buffer 34. No null frame will be inserted. At 136 ms the
contractive encoder sensed that the main input was inactive for about 50 ms. It
therefore calls for words from the side channel (13 to 18).
(2) A particularly interesting operation is the ARQ procedure; i.e., the repetition of
mutilated blocks. It has been mentioned previously that the noise window (or error
detection codes in digital operation) will indicate to the receiver the desirability to
call for the repetition of a block. To show one such operation we assumed a oneway transmission delay of 20 ms, marked by small crosses at the top of figure 4. The
small triangles with falling slope indicate the periods when the received blocks will
be processed in the modulative decoder in the receiver. Assume now that noise
contaminated the second block of frame A. This is marked by the letter N in
figure 4. At 116 ms a repeat request goes via 124, 119, 128, 129, and 130 back to
the transmitter of figure 2. There it arrives over 61 and 62 at the repeat controller.
The request is read and the word that is to be repeated will be selected by 63 and
transferred to buffer 56. It will be transmitted after the end block of the frame
currently in transmission. Figure 4 shows that the retransmission takes place from
220 to 224 ms. The corresponding diagram of the receiver operations (not enclosed)
would show that selector 140 in figure 7 would have transferred the originally
received block number 2 of frame A to buffer 127 at the time when the repetition of
this word would arrive from 114 via 126 at the same buffer. Comparator 127 would
then make the best weighed decision, using the information from the original
transmission and from the repeat transmission along with any additional information
gained from noise analysis (not shown in detail).
(3) The contracted word number 19, marked T, is a special inner service word,
transferring a time reference. This may be necessary in complicated encoding
modes, where it could happen that certain errors could cause the receiver decoders,
particularly the contractive decoder, to lose track of the correct time line when
counting omitted words or when switching decoding modes. The transmission of a
time reference word will be necessary to correct the receiver timing. The reference
word will carry a code indicating where, placed on a time line, the word originated
(in our case, 176 to 180 ms). The receiver can correct its own timing when the
reference word does not appear at the correct place. If an absolute clock is available
at the transmitter, such time reference words may be initiated; for example, every

second at 000 ms. This procedure is particularly important in mobile systems with
variable transmission delay.
A Numerical Decoding Example It is very instructive to demonstrate the noise
reducing characteristics of the distributive decoding process by means of a numerical
example. It may be recalled that the purpose of the distributive encoder is the “smearing
out” of the information contained in any one sample over all the other samples of a
frame. It has been claimed in this paper that this distributive encoding process offers
protection of the information against pulsive noise when applied in the fastest mode, the
multiorthogonal mode. It has also been claimed but not discussed in detail, that a certain
amount of protection against Gaussian noise may be achieved when applying the
distributive encoding process in a slower mode; for example, one of the multisequence
modes.
It shall now be demonstrated in figures 8, 9, and 10 that there seems to be a good basis
for such claims. At the present time no rigid analytical investigation of the multisequence
modes and of the multiorthogonal mode is known to this author. It is hoped that such an
analytical treatment of the problem will be performed in the near future.
The multiorthogonal encoding process has been demonstrated numerically in figure 5.
The output of the distributive encoder after performing this process is the 32 samples
listed on the right side of figure 5 from s1 = +36 to s32 = +2. The RMS value of this
sequence of samples is 26.796. The reader is invited to modify any one of the input
samples and to observe that surely all 32 output samples will change. Raise, for example,
the third input sample from +1 to +2 and one can see that the third row will change to
+2, +2, -2, ... -2, +2. Correspondingly, the sum of the first column (i.e., the first output
sample) will change to +37; s2 will change to +17; s3 will change to +19; and so on to s31,
which will change to -25; and s32 will change to +3. If the output sequence is reduced to
the same RMS value as the input sequence (i.e. , to 4.737), one can see that each output
sample will only be changed by plus or minus 0.177 when one of the input samples is
changed by ±1.0. The process is actually smearing out the information of any input
sample over all the output in such a way that each output sample contains a small
contribution from each input sample.
This sequence of distributed samples, s1, s2, ... s32, is shown in the second column in
figure 8. Gaussian noise is now added in a simulated paper experiment. The third column
in figure 8 is a random selection of noise samples from a Gaussian distribution with zero
means. This particular random selection (noise record) has a mean value of +0.172, an
RMS value of 4.85, and a peak value of +10.8. As the signal sequence has an RMS value
of 26. 8, one can easily calculate that the SNR is +14.8 db.

The fourth column shows the signal-plus-noise of the received samples. This sequence is
now submitted to the distributive decoding process and the output samples of the
decoder are reduced in size (32:1) so that the output RMS value in the noise-free case
would be the same as the original input RMS value, (4. 737). Comparing each decoded
sample in the fifth column with the corresponding input sample in the first column shows
the error of each sample. All the errors are written out in the sixth column. As to be
expected, the RMS error is exactly the same as the RMS value of the noise when
accounting for the power reduction after the decoder (32:1). It is, however, interesting to
note that the peak-to-average ratio of the error is much smaller than the peak-to-average
ratio of the noise record.
Though the encoding process is basically operating in the multiorthogonal mode, one can
see in the same example the advantage of the multisequence mode. The latter may better
be designated in this case as “sample diversity.” Assume that the 9th, 110th, 13th, and
14th input samples all carried the same information. One sample had been submitted
simultaneously to four encoder inputs. Under this assumption one would transmit the
same information four times and one could call this process sample diversity. If the
receiver had full a priori information about this mode of operation, it would take the
mean value of the corresponding four received samples as the best possible estimate . .
Evidently, such a sample diversity mode is fundamentally identical with any wellknown
time diversity or frequency diversity mode. The advantage is primarily in the flexibility
that the system offers. Diversity operation can be introduced at any time without any
change of any fixed parameters of the system. It can be programmed into compression
programmer 36 (figure 2) and into expansion programmer 109 (figure 7) without
requiring any change in the structure or the hardware of the system. The switching of the
diversity modes can be done adoptively during the operation of the system. This is
particularly desirable when the system has to operate in the presence of intentional
disturbances. The extreme case of such diversity operation is reached when the same
sample value would go to all 32 (or at least 30) inputs of the distributive encoder. The
received decoder can then calculate the expected value of all the noisy outputs and it
would eliminate from the calculation those output samples with the largest deviation
from the expected value. Notice, however, that when using orthogonalized PN sequences
as encoding sequences, the sample must be put in positive polarity to half the inputs and
in negative polarity to the other half of the inputs. This measure will avoid an
excessively large sum in the first column, while all the other columns will be zero.
Figure 9 shows the same numerical example for the case of Gaussian noise plus pulsive
noise in the channel. The first three columns are identical to those of figure 8 except that
the noise sample marked A is taken as a high impulse of 6.3 times the RMS value of the
Gaussian component. The example shows clearly how much,this pulsive disturbance is
flattened out in the decoding process. The largest error is now -2.72 (i.e., only 0.58 times

the RMS value of the noise-free sequence), while the noise pulse was 30.6 or 1.14 times
the RMS value of the undisturbed sequence in the channel.
Figure 10 shows that, even under the influence of a noise burst that would
catastrophically contaminate five of the transmission samples, the decoding process can
flatten out the influence of the noise. In this last simulation example, the SNR is only
6.54 db. The peak-power to averagepower ratio of the noise is 10.75 db, while the peakerror to averageerror ratio has been reduced to 7.2 db. The largest noise spike in the
transmission channel is 41.1 or 1.5 3 times the R MS value of the signal, while the
largest output error is 6.12 or only 1.08 times the RMS value of the output samples.
Ternary digits (the last two input samples) would be detected correctly despite the low
SNR and the pulsive noise character in the channel.
Despite these good results on numerical examples, the reader should be warned that
more fundamental analytical investigations are required before generally valid results
can be made available. For example, a devil’s advocate could always invent a noise
record (sequence of noise samples) that, at least in the polarity sequence, would
completely match one of the 32 orthogonal sequences. In such a case a very large output
w6uld occur in only one of the correlators--due to the noise and not due to the signal. An
error would result. There are special cases where the receiver decoder would actually
increase the peak-to-average ratio of the noise instead of decreasing it. Evidently, the
longer the encoding sequences are, the less will be the probability that any such
coincidence could ever happen. Moreover, in any TESIT system the modulative
encoding process has a further randomizing influence and the other adaptive procedures,
such as the noise window together with the ARQ procedure, will eliminate any periods
with excessive noise. Exactly how well the combination of all these measures will really
work will have to be studied by simulation. The precise analytical evaluation would be
too complex.
CONCLUSIONS it has been demonstrated that the realization of an integrated
information transmission system operating on a sampled basis is possible with methods
known today. Ways have been shown how to implement in a single system all the ten
cardinal principles discussed in the introduction. So far the system that has been
discussed in this paper is only a conceptual design. Many more investigations of an
analytical and experimental nature are required before it will be possible to estimate the
cost and performance of such systems. Simulation studies will be needed to arrive at
trade-off curves for the many design parameters. Yet, this author is convinced that
adaptive systems along the lines of TESIT will be essential for the conservation of one of
our most precious national resources, the frequency spectrum.
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Figure 1. Simplified Block Diagram of TESIT

Figure 2. Complete Block Diagram of a TESIT Transmitter (Simplified Example)

Figure 3. Encoding of 56 ms of a Test Message

Figure 4. Encoding Operation Lasting 200 ms

Figure 5. Example of a Distributive Encoding Process

Figure 6. Set of 8 Orthogonal Trigonometric Product Waveforms

Figure 7. Complete Block Diagram of a TESIT Receiver (Simplified Example)

Figure 8. Transmission over a Channel with Gaussian Noise

Figure 9. Transmission over a Channel with Gaussian Noise Plus one Single Pulse A

Figure 10. Transmission over a Channel with Gaussian Noise Plus a Noise Burst A + B

PERMUTATION AND CIRCULANT MATRICES AND THE FAST
FOURIER TRANSFORM*
N. I. HEENAN
The MITRE Corporation
Bedford, Massachusetts.

Summary This paper provides a description of the Fast Fourier Transform and its
connection with the circulant and permutation matrices. It is written for the case where
the number of discrete time samples is equal to the number of discrete frequency samples
but is otherwise not restricted. The paper demonstrates that since the modal matrix of a
permutation matrix contains only one bit of information, the evaluation of the discrete
Fourier Transform involves considerably fewer than N2 multiplications where N is the
number of samples involved and is also the order of the matrices involved.
Circulant and Permutation Matrices An n x n matrix of the following form is known
as a circulant matrix.

It is noted that there are at most n distinct elements, all elements on the main diagonal
are equal, all elements on the off -diagonals are equal. Each row is a cyclic permutation
of the row immediately preceding it.
It is well known that the eigenvalues of C are determined readily through the use of the
permutationa1 matrix P defined as:

*
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Restricting C to a 3 x 3 matrix, we have, without loss of generality:

where

where I is the identity matrix. The eigenvalues of P can be obtained by solving the
eigenvalue problem:
where Y isa 3 x 1 column vector and 8 is a scalar. The eigenvalues are the cube-roots of
unity given by 83 = 1 and are denoted by 1, a, a2 where a = ei2B/3 and a2 = ei4B/3 . For each
of these eigenvalues the three components of a direction defining the eigenvector of P
are given by 1,8,82 . Hence, the modal matrix [1] of P is given by:

As in the case of C both P and M have at most n distinct elements and not n2 elements as
might be found in a matrix of order n. Furthermore, there are
, when n is odd,
and
, when n is even, complex conjugate pairs of elements in M. The n-roots of
unity reduce the plane to n pie-shaped sectors each subtending the angle
. Since the
first root has the value 1, it is only necessary to know the angle
to determine all

other roots. Thus only one distinct element besides 1 is needed to completely
determine N.
The inverse of the third order modal matrix is M-1 = 1/3 M*, where M* is the complex
conjugate of M.
Circulant Matrix in Diagonal Form. -The spectral matrix of P, S, is related to P as
follows:

where

Similarly the spectral matrix [2] of a polynomial in P, aI + bP + cP2 is given by aI + bS +
cS2 .
We note that since Pn = I polynomials of degree n - 1 span the entire space represented
by the modal columns of M. In the above the spectral matrix of P2 is S2.
The spectral matrix S0 of the circulant matrix C = c0I + c1P + c2p2 can be written
immediately as:

Note that when these eigenvalues are complex they occur in complex conjugate pairs.
The three eigenvalues of S0 can also be thought of as the elements of the following row
and column matrices:

The General Circulant Matrix of order n. -The following extends the 3 x 3 results above
to the cases of n x n matrices:

where M* is the complex conjugate of M.
The spectral matrices of P, Pm and C are:

and

where

The Discrete Fourier Transform The above treatment of circulant matrices indicated
that an arbitrary vector C could be represented in terms of basis vectors consisting of the
n-roots of unity. This fact is of use in the evaluation of discrete fourier transforms of
arbitrary waveforms.
The fourier pair

can be represented as one-sided sums of weighted discrete samples as follows:

where the total frequency interval TN is divided into N equal increments of width )T
and the time interval tk = K)t. The following relations are used or implied in the above
equations:

If the following change in notation is made

the discrete fourier transform pair can be written:

This is the Modal Matrix for the n x n permutation matrix discussed in Section 1 of the
paper. When K > N the modal columns repeat after every N columns. When K < N some
of the modal columns are missing. For the rest of the discussion we restrict the
discussion to N = K since very little is lost in doing so [3].
The elements of the G vector (G0, G1, G2, . . . GN-1) are given by the eigenvalues of the
Circulant matrix whose first row is F0, F1, . . . FN-1. We noted in section one that these
eigenvalues are obtained as the inner product of M and the first row of the circulant.
Hence, we have directly

where the coefficients are the n-roots of unity and complex eigenvalues occur in
conjugate pairs.

If the second and third rows of M are interchanged, the resulting matrix can be expressed
as a product of two matrices as follows:

This is still written as M since the modal columns are unaffected by an interchange of
rows. This will result only in the eigenvalues coming out in a different order in the
spectral matrix.

In the case of an 8 x 8 matrix M can be written as:

where the rows have been placed in the order 0, 4, 2, 6, 1, 5, 3, 7 as is obvious from the
second modal column. Since N = 8 = 23, this matrix can be written as the product of three
matrices. Although we shall later state general rules from which these three matrices can
be found we shall indicate here the way in which the 3 matrices entering the product are
formulated. The Modal matrix M can be written as a partitioned matrix as follows:
For a 16 x 16 matrix the partitioned matrices are as follows:

For a 16 x 16 matrix the partitioned matrices are as follows:

where

M for the 16 x 16 case is shown as a single partitioned matrix on the following page. The
following relationships should be noted:

A more accurate count of the different multiplying operations involved in finding G =
MF can be made by noting the above enumerated relationships and the following facts:

G0 = M1j Fj is real
G1 = M2j Fj is real
G2 to G7 are comprised of 3 complex conjugate pairs
G8 to G15 are comprised of 4 complex conjugate pairs
With these facts in mind there are 52 multiplying operations involved in calculating the
components G0 to G15 in the case of a 16 x 16 matrix. For an 8 x 8 matrix the number of
multiplying operations is 8. These operations involve products of real numbers (as
opposed to complex numbers). The number of operations is independent of the
decomposition of the Modal matrix into the product of 2 or more matrices but it may still
be simpler to use a fast fourier technique such as the Cooley - Tukey technique.
The Cooley - Tukey Method. -The Cooley - Takey Method [4] establishes efficient rules
by which the components of the G vector can be calculated without actually writing
down the matrices involved. It is the purpose of this section to state these rules after
some preliminary remarks concerning the case involving a 4 x 4 modal matrix.

The basic vector-matrix equation is G = MF where F is known or measured. When M is
4 x 4 this can be written explicitly as:

By direct multiplication it can be verified that this equation can be written:

where for convenience we have denoted the intermediate state of F as K.

In the Cooley - Tukey method the order of the components of the G-vector is determined
as follows: The subscripts of these components are written as binary numbers. These
numbers are inverted and the inverted binary numbers are converted to decimal numbers.
The result is the new order for the G-vector components. The following examples
illustrate method for N = 4 and N = 8.

Multiplications and additions performed in obtaining the elements of K and G can be
obtained directly from a suitably constructed logic tree diagram. The following tree
diagram indicates the operations to be performed to obtained the K and G vectors for the
4 x 4 case discussed previously. The original F matrix is placed on the left and the G
matrix appears on the right.

Solid lines represent multiplications, and dashed lines represent additions. The numbers
in the small circles are the powers of a. For example, K2 is obtained by multiplying F2 by
a2 and adding F0 to the product. The logic of determining the powers of a in the circles,
and the multiplications and additions is as follows:
1.

Assume N sampled values F0, F1, F2, ... FN-1 where N = 2(. The integer ( equals the
number of bits in the binary representation of N.

2.

Arrange F0, F1, F2, ...FN-1 in N rows and label these F column 0.

3.

Draw R columns to the right of F and label these 1, 2,... (. The ( column is G, the
remainder are intermediate columns.

4.

Let the number in a circle which represents the power of “a” be denoted by p. To
find p for row k and column R write the binary number k, slide this number ( - R
places to the right filling the newly opened locations with zeros, reverse the order
of the resulting binary bits to obtain p.

5.

The solid lines in the tree diagram denote multiplication. The rule to obtain these
is given as follows: Represent k in binary form as k = k (-1,... k2k1k0 where k0,k1,...
k (-1 are each either 0 or 1. in column R, node k has a solid line drawn to it from a
node in the (R - 1) column having a one in the k (-R bit location but otherwise
having the same binary representatium as k. For example, for ( = 4, R = 3, row
zero (k = 0 = 000) will have a solid line drawn to it from the node in column 2 for
which k = 0010 = 2.

6.

The dashed lines in the tree diagram indicate addition. Node (k, R) is connected by
a dashed line from a node in the R - 1 column having the binary representation as k
except that the k (-R digit is replaced by a zero.

The tree for N = 8 is shown below.

The Inverse Fourier Transform The equation G = MF for a given F permits
calculation of G. The components of G occur as complex conjugate pairs which can be
written in complex notation and substituted back into the discrete fourier transform pair
to obtain the inverse Fourier transform F. This can be a useful check on the calculated
results for G.

In the evaluation of G = MF where N discrete equispaced samples of F(t), 0 # t # T, are
known, we have shown that the known values of F may be used to form a circulant
matrix

The transform of F consists of N discrete samples of G. These are given by the N spectral
values of C which in turn can be represented as the direct product of M, the modal matrix
of the permutation matrix P, and a vector

where it is assumed that the samples of F(t) are ordered with respect to the time interval
(0, T).
To evaluate F = M-1 G where N equispaced samples of G(w) are known we form a
circulant matrix and take its transpose

and take its transpose

The transform of G consists of N discrete samples of F. These are given by the N spectral
values of K' which in turn can be represented as the direct product of M, the modal
matrix of P and a vector

the subscripts of the components of G imply a set of ordered samples in the frequency
interval Tmin # T # Tmax . The inverted vector G can then be operated on in accordance
with the Cooley - Tukey algorithm or with any other desired approach.
The above description of the evaluation of F and G indicates that where a positive sense
for the independent variable is unknown only F or F* (and G or G*) can be calculated.
However, the observables <F, F*> and <G, G*> can be determined in any case.
Conclusions This paper provides an elementray description of the Fast Fourier
Transform and its connection with the circulant and permutation matrices. The paper
includes the transform and its inverse of a discrete set of sample values. The Cooley Tukey technique applies specifically to N = K = n (. This paper applies to the case where
N = K and shows that, since the modal matrix of P gives only one bit of information
(viz., an angle between two directions) the evaluation of the discrete Fourier transform
involves considerably fewer than N2 multiplications. The Cooley - Tukey algorithm
mechanizes the evaluation of the transform to take advantage of this fact.
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FLEXIBLE FORMAT GENERATOR DESIGN TECHNIQUES
W. M. RATHBONE
Lockheed Electronics Co.
NASA Manned Spacecraft Center
Houston, Texas.

Summary A Flexible Format Generator is described for use in a Manned Spacecraft
Data Management System. The design uses a memory for storing and controlling a wide
variety of sampling formats. Design techniques and their benefits are discussed.
Particular emphasis is placed upon functional organization. Techniques are described for
combining truncated relative addresses with Mode Codes and Programming Instructions.
Software counters are stressed and close attention is given to Power Strobing. These
techniques should find application in a wide variety of data management systems.
Introduction As Manned Space Missions, become more ambitious the requirements
for quantity, quality and variety of data increases. This places greater demands on
available power and bandwidth and overloads ground receiving networks and data
storage archives. This has prompted development of highly flexible sampled data
systems that can adapt data management to mission needs.
Conventional systems are limited in flexibility due to the relatively fixed counting
sequence of their programmers. Although some variations in format can be accomplished
by changes to the Decode Matrix, these are usually quite limited and often involve
hardware change.
These limitations can be overcome by the addition of a FFG (Flexible Format
Generator), using a programmable memory for storing multiple formats that can be
accessed as required and can be reprogrammed with only software change.
This paper proposes some FFG design techniques for minimizing power, size, and
weight consistent with reliability and ease of programming. These techniques resulted
from the design and development of a Laboratory Model Stored Program Data
Acquisition System at the NASA Manned Spacecraft Center. The system is an outgrowth
of some preliminary design concepts formulated in NASA Study Contract NAS 9-4326
by TRW Systems and presented in NTC ’67 proceedings (References 1 & 2). Some of
the capabilities described were not built into the Laboratory Model but are presented as
suggestions for future design.

System Description/Capability The DCCU (Digital Control & Combiner Unit) is the
Nucleus of the system and manages all peripheral units. It addresses and accepts analog
and Bi-level data serially through party-line RAU’s (Remote Acquisition Units) and
controls Serial Digital data inputs. An External Control interface allows an Onboard
Computer or Data Compressor, on command, to randomly address and accept data via
the DCCU. An FFG is added to provide the DCCU a wide variety of stored formats. The
DCCU contains a conventional fixed format Counter/Decoder; a channel Address
Register; a variable Bit Rate Generator (1-100 Kb/s); a CSR (Command Storage
Register) to control operating mode, bit rate, and modulation code; and a Command
Processor to decode and process incoming instructions (FFG memory programming or
CSR up-dating). The CSR can also be controlled by Discrete (switch) inputs.
System operating mode determines DCCU Address Register control. In the Fixed Format
Mode, the Counter/Decoder controls the register in a fixed sequence. In the Flexible
Format Mode, the FFG controls the register in any sequence desired. In External Mode,
the register is slaved to an Onboard Computer or Data Compressor. Selected time slots
can be allocated for CA (Computer Access) via the external control interface. This is
especially useful for on-board status checks and for monitoring time-critical crew or
equipment parameters when contact with receiving stations is delayed or obscured. A
FID (Format I. D. ) channel monitors the CSR to notify the ground station prior to format
changes.
Each RAU can accommodate 64 analog and 64 bi-level channels. Thus a 10 bit channel
address code can address any of 8 RAU’s, with 3 bits, and specify within an RAU any of
64 analog/bi-level channels, with 7 bits. This gives a total system capacity of 512 analog
and 512 bi-level channels. An 11 bit channel address code would double channel
capacity with 16 RAU’s. All system coding is binary.
FFG Description The FFG, shown in figure 1, consists of a 12 bit X 2048 location
random access NDRO (non destruct readout) memory and associated control logic for
storing and generating formats for the DCCU.
The FFG has two basic modes of operation: Standby and Flex. The Standby
(Store/Verify) mode is used for loading and/or verifying the contents of memory. The
Flex mode is used for supplying the DCCU with stored Address Codes (Analog, Bilevel, Serial Digital, FID, CA) and stored Data Codes (Frame Sync, Frame Count,
Subframe Count) in any format desired. The number and length of formats that can be
stored at any given time is limited only by memory capacity. Memory can be
reprogrammed, in flight, during a mission.
In implementing such a design, lowpower integrated circuits should be used wherever
practical. Considerable design effort should be devoted to minimizing power

consumption by use of power strobing, with close attention to functional organization
and interface coordination with DCCU and memory designers.
Interface lines should be held to a minimum. For example; in figure 5, mode control is
established with four lines. Codes 1 through 12 specify a Flexible mode and also form
the four active bits of a truncated address for the format Start Cell (the missing bits are
automatically zero). The remaining four codes indicate Standby modes to the FFG; one
for Fixed Format, one for External Control, and two spare codes. Programming and
verification is interfaced serially through the Store/Verify shift register. Address and
Data codes to the DCCU are interfaced in parallel (10 lines) between the FFG I/O
register and the DCCU Address/Data register. Other control lines and power bring the
total to 30.
The Timing Generator is a counter driven from the DCCU clock. It is powered-up and
started with the DCCU word rate sync pulse. The sequence length is established by the
shortest process time; longer processes are accomplished by allowing the counter to
recycle. The longest process (3 cycles) is used in restoring initial sub-subcom Jump
Addresses. By borrowing DCCU Clock and using a recycle counter, Timing Generator
power and components are minimized.
The 16 bit Shift Register serves several needs - In the Standby mode it is used for Uplink Programming and Down-link Verification. In the Flex mode it is used for
momentarily holding subcom Jump Addresses. Multifunctional use minimizes power and
logic.
In the Standby mode, cell location Zero is used in conjunction with the Address Counter
to store its contents between DCCU programming and verification commands. This
allows the Address Counter to be powered-down between commands. Cell Zero is thus
designated as the “Address Count Save Cell”, behaving as an alter-ego for the Address
Counter. Since this feature requires one Read/Write cycle, some duty cycle trade-offs
would be required to justify its use in the Flex mode --- especially at high word rates.
Addresses from four sources and data from two sources are controlled through address
and data Selection Gates. These gates are power gated on only during Read/Write cycles
(approximately 1.5 Fs). All control logic for loading or verifying memory is powereddown during Flex mode while memory is in use. Most of the process steps in all modes
are sequentially power gated from the Timing Generator at 3.0 Fs intervals.
Memory Organization Cell locations Zero through Twelve are “Absolute Locations”
that are normally accessed with a truncated (4 bit) address from the DCCU Mode Code
lines or the message instruction bits in the Shift Register. Cell Zero is an Address Count
Save Cell and also the transfer point for random access to memory (explained under

programming). Cell locations One through Twelve are called Format Start Cells and
form the index of available format starting addresses. The remaining locations in
memory are allocated to completely unrestricted format loading.
Mainframe, subcom, and sub-subcom lists may be loaded anywhere in any order; this
simplifies programming. “House keeping” lists or others requiring multiple use, need be
stored only once; subsequently they can be used by any format and can also be repeated
within any format. This increases storage efficiency.
An example of a format containing two Subcoms is shown in figure 2. To enter the
format the DCCU Mode Code 0011, accompanied by a word rate sync pulse, addresses
Start Cell #3. This cell contains the format starting address (S), prestored, which is then
transferred to the Address Counter. The Address Counter increments to S + 1 and reads
the first word in the Main Frame list. Successive word sync commands step through the
list to S + N EOF (End-of-Frame) which refers to location #3 whereupon the starting
address is restored to the Address Counter and thus the format repeats. Subcom “b” is
addressed twice during a frame and subcom “a” once. The sub-subcom list is addressed
from subcom “all once per subframe. The subcoms in this example were stored in the
low ordered cell locations; however, they could be stored anywhere and also accessed by
other main frame lists. In the same manner, the sub-subcom list could be shared by other
subcoms.
If a format is to be entered manually (discrete command), a Manual Select signal
accompanies the Mode Code which allows the format starting location (S) to be Read
(before incrementing) and its contents transferred to the DCCU Command Register. (S)
contains the Command Word (bit rate, mode, etc. ) for the manually selected format.
The foregoing illustrates the simplicity, flexibility, and. storage efficiency that can be
achieved.
Memory Programming/Verification In Fixed Format mode, memory can be stored
and verified. Figure 3 shows the Command Message Structure and the Process Flow for
the store sequence. Immediately upon detecting an FFG message, the DCCU Command
Processor sends a Store Gate signal to the FFG that interrupts any verification that may
be in progress; powers-up the Shift Register; and inhibits all other commands from
entering the FFG until that message has been stored. The message, accompanied by a
clock, is entered into the Shift Register. With proper Parity, an Execute pulse powers-up
the remaining logic after which the message
is processed and all logic powered-down.
The instruction repertoire is limited to four basic operations: Prestore, Reload,
Sequential Load, and Readout. The Prestore instruction loads the format Starting

Address (SR data bits) into the format Start Cell (loc. 1- -12) and also into location Zero.
Thus the format Starting Address is already accessed for subsequent loading. A Reload
instruction fetches the address that was stored in Zero, places it in the Address Counter,
and loads that address with the data bits held in SR. Sequential Load increments the
address stored in Zero before loading SR data bits. Subsequent verification commands
will verify the contents of only the location whose address was last stored in Zero. To
resume Sequential Verification, a Readout instruction is sent that resets the Post-Store
Flip-Flop.
Random access to any location in memory is accomplished with a Prestore instruction.
This is usually done through cell Zero to prevent disturbing Start Cell data. As soon as a
location is accessed, Down-link verification words reveal its content. A Reload
instruction will correct or up-date the contents.
Three consecutive time slots are allocated periodically to transmit memory cell content
and its associated address for verification purposes. This process is shown in figure 4.
Up-link/Down-link interfaces were simulated for the Laboratory Model System with a
PDP-8 Computer. Programs were developed for Automatic Loading, Echo Checking,
and Status Monitoring.
Mode Control Mode Decode logic in the FFG monitors the DCCU Mode Code lines
shown in figure 5. In Flex mode the FFG looks to the Mode Code during every EOF
branch process for the proper Start Cell address.
The format’s Starting Address is always restored during the last portion of an EOF cycle.
If a Flex format is manually selected, the discrete for the new format is decoded (top of
figure 5) which generates the new Mode Code and sets the Manual Select latch. This
momentarily enables the Manual Select gates and disables the Command gates (both
DOT OR’ed with the initialization gates). The new Mode Code, along with the Manual
Command signal, is processed during the first portion of an EOF cycle. The new Starting
Address location is read into I/O and its contents (the command word for the new
format) transferred to the DCCU CSR. The Command Word transfer signal also resets
the Manual Select latch, allowing the existing format Starting Address to be restored
during the last portion of the EOF branch and operation continued until the CSR Output
Register is up-dated with the New Command Word --- normally at EODC (end-of-datacycle). Manual select from a Standby condition momentarily places the FFG into a Flex
mode EOF condition (for approximately 12 As) while the Command Word is fetched
from memory. The FFG then powers-down and waits until the CSR output is up-dated.
Change over to a new format normally occurs at EODC; however, especially at low bit
rates, the FFG may be requested to change formats immediately. This leaves the previous

format uncompleted and its subcoms and sub-subcoms may be out-of-sync. To minimize
data loss upon re-entering that format, provisions are made for initializing it.
Initialization is commanded (bottom of figure 5) from a register analogous to Manual
Select. The Initialization Command forces the FFG Timing Generator to recycle
continuously, thereby processing the selected format at the highest possible rate. At this
rate, the maximum (worst case) time for initializing a 128 word X 50 frame format is
approximately 50 milliseconds. The Initialization Complete signal resets the initialize
latch and normal operation is resumed. Formats that get out-of-sync during Flex mode
(from power faults, glitches, etc.), are automatically commanded into initialization,
internally, by the FFG Power Detect or Sync Detect logic. This helps to keep data loss to
a minimum and eliminates the necessity for outside intervention; this is especially
convenient if the up-data link is occupied with other tasks.
Mode Control was purposely illustrated and described in considerable detail to show its
relative simplicity and efficiency, with a minimum of logic and interfaces.
Flexible Format Processing The Process Flow shown in figure 6 is straightforward;
however, the power strobing should be emphasized. The only logic continuously
powered-on in this mode is the Address Counter, the process latches for establishing
branch paths, and the subcom and subsubcom sync detection/restoration latches. The
word rate pulse powers-up memory, control logic, and timing. If a main frame word is
processed, it is transferred to the DCCU within 9 Fs and logic powered-down until the
next word rate pulse arrives. When a subcom jump address is recognized, the subcom
branch is established and the subcom Address Register powered-up. The subcom word is
transferred to the DCCU within 21 Fs. Sub-subcom words are processed in a similar
manner within 33 Fs. Process times were included to give the unfamiliar reader an
appreciation for the efficiencies that can be achieved with power strobing.
A sample format is shown in figure 7. The Main Frame is commutated into 21 channels
of which 4 and 14 are subcommutated into 4 frames and 8 frames respectively. Channel
14 is further sub-subcommutated into three subframes at frame 6. Word 1 is a stored
Frame Sync code. Word 2 is a Frame Count code. During the first frame, when cell 2 is
read into I/O, the I/O contents are cleared except for Op code and a zero count restored
to MF cell 2. On subsequent frames, the I/O contents are incremented by one before
restoring, thus producing a binary frame count. Word 3, 5 thru 13 and 15 thru 21 are
Main Frame channel addresses. Cell 4 is the Jump Address cell for subcom list #1. This
Jump Address, read into I/O, is also transferred into and held by the Subcom Address
Register. One is added to the address bits in I/O (making them the Jump Address for the
next subcom word) which are now restored to cell 4 (still addressed by the Address
Counter). The original Jump Address, held in the Subcom Address Register, is now used
to address the first cell in the subcom list. Thus, in each successive frame, the contents of
cell 4 are incremented for use in addressing each successive word in the subcom list.

When subcom cell 4/5 is read, its Op code identifies it not as a subcom word but as the
Initial Jump Address which must be restored to main frame cell 4. Timing is recycled
and the first word in the subcom list is processed again as above. Subcom #2 is
processed in the same manner. In a like manner, sub-subcom lists are addressed from an
incrementing Jump Address stored in a subcom cell. Subframe Count (14/1) is handled
similar to Frame Count; however, its contents are incremented at the subframe rate and
restored to a subcom cell. Extra sub-subcoms were excluded from this example for the
sake of clarity. There are several methods of detecting and restoring sub-subcom sync;
however, these impose some restrictions on their placement within the format. These
restrictions can be eliminated at the sacrifice of automatic sync detection and restoration,
i.e. by requiring outside intervention.
Subcom synchronization is accomplished by making all subcoms some multiple of the
longest subcom. Thus, all subcoms will end in the same frame in which the longest
subcom ends. Sub-subcom sync is accomplished in a similar manner on a subframe basis.
A 12 bit memory Bit Assignment chart is shown in figure 8 for controlling 8 RAU’s (10
bit address code). This chart was included to show that Op codes can be stored in the
same cell location as their associated data which allows efficient processing in terms of
speed, logic, and memory. However, a 16 RAU system using the same memory and
requiring 11 address bits necessitates placing the Op codes in separate cell locations
immediately ahead of their respective data. Increasing memory word length would
overcome this difficulty.
Conclusions FFG design techniques have been described that minimize power, logic,
and interfaces while enhancing reliability and ease of programming.
Memory has been organized to allow up to a dozen formats to be accessed either
manually or by command with no further programming. A single prestore instruction
alters the format index to allow access to other formats.
The use of an Address Count Save Cell was described that conserves Standby power.
Software counters for frame and subframe identification were described that simplify
design and conserve both logic and power. A highly efficient mode control scheme was
described that minimizes both logic and interfaces.
Although automatic synchronization can easily be provided, future efforts should be
applied to minimizing restrictions on sub-subcom placement and elimination of any
necessity for outside intervention.
Future requirements will place an increasing premium on design efficiency. It is hoped
that some of these techniques will help fill that need.
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MAP, A MODULAR DESIGN CONCEPT FOR RECOVERABLE
SCIENTIFIC ROCKET-BORNE EXPERIMENTS1
W. W. WRIGHT
Division of Atmospheric and Space Sciences
Southwest Center for Advanced Studies
Dallas, Texas.

Summary A series of scientific payloads have been built and flown aboard Nike
Apache Rockets. During the design phase heavy emphasis was placed upon realizing a
modular configuration both structually and electrically. The payload was divided into
two sections according to functions. The support section included such things as
telemetry, batteries, power supplies, timing, aspect sensing and programming facilities.
The experiment section was composed of six independent experiments each provided by
a different group. Each experiment was built to conform to the shape factor, and
electrical requirements of the payload.
This paper will discuss the modular nature of the experiments only. The theoretical and
instrumental features of the different experimental problems are to be published in other
literature along with the research results from the 1969 flight program. The features of
the support system which make for maximum modularity will be emphasized in this
paper.
Introduction Rocket investigation of atmospheric phenomena usually involves the
assembly of several complex and interrelated experiments into a composite payload. The
rocket vehicle will determine the overall weight and size restriction for a given payload
to achieve a predicted trajectory. So for any given scientific objectives a vehicle must be
selected which will provide the trajectory required. If the scientific instruments that
make up a payload are carefully analyzed it will usually be found that a savings in
weight and cost can be achieved by the use of common equipment to provide power,
timing, data handling and telemetry function. Such considerations led to the design of the
MAP payloads.2 A comprehensive experimental investigation of high-latitude
disturbances during high levels of solar activity was the basic scientific objective. This
1
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objective could only be accomplished by a payload of multiple experiments, each
providing detailed observations. It was also envisioned that it would be desirable to
make program changes to instruments as well as to substitute new or different
experiments on successive flights of the payload. Payload recovery is considered
essential to a continuing program. It was decided that these requirements could be met
through the use of modular experiments combined with a flexible support section
equipped with a convenient means of programming the various services required for the
experiments.
Every effort was made to forsee the possible requirements of the substitute experiments
and to incorporate the facilities necessary to accommodate the change. In addition, the
programmer was designed to allow a maximum of changes in the field on very short
notice.
This modular concept combined with a programmable support section will make it
possible to achieve many rocket flights with only a few payloads by the use of a suitable
recovery system. The Capache recovery system has been flown on four (4) successful
recoveries of the MAP payloads this year (1969). There are many economic and
scientific advantages possible through the use of modular-programmable-recoverable
payloads.
The modular concept together with a reliable recovery system will make rocket-borne
experiments more practical for use in graduate education programs. The cost of the
experiment will be less, because advantage can be taken of the programmable support
functions available in the support section of the payload.
A failure of a particular instrument will have less severe results on a graduate program
since it may be possible to correct the fault in the recovered instrument and fly it again
on a later flight.
In the following section, particular attention will be given to the features of the MAP
payload system which are associated with the modular programmable concept.
Structural Features The basic structure for the MAP payloads has been dictated by
the Nike Apache vehicle. Although oversize payloads have been flown it is best for
aerodynamic reasons to make the payload appear to be an extension of the second stage.
The payload consist of instruments mounted inside four vertical struts with a cylindrical
tube forming the outer skin of the system. Figure 1 is a photograph of the inner structure
along with a fully assembled structure and housing. The inner structure is attached to the
housing by bumpers located two-thirds of the way from the base to the nosecone.

Each experiment is packaged in a substructure which makes it mechanically independent
of and removeable from the payload. The experiment substructure then mounts to the
payload structure which is common to all experiments.
An experiment substructure is shown being removed from the payload structure in
Figure 1. An experiment substructure height may be any multiple of one inch. Usually
they are limited to six or seven inches of vertical space. In dross-sectional area the
experiment substructure must fit within the payload struts and not have any projection
which would interfere with the housing as it is slipped over the payload.
Electrical Characteristics The encoder unit of the support section provides the
principal interface with the experiments. Programming of the support function is
accomplished in this unit. Each experiment makes electrical connection with the payload
through a single 25 pin D series subminiature connector. The encoder unit provides six
mating D connectors to receive the cables from six modular experiments. Ten of the
twenty-five contacts have fixed assignments in a standard arrangement. The fixed
assignments include the power supply voltages, bit rate clock and the PCM input line.
The remaining 15 lines are taken to a 300 point patch board where a unique arrangement
of payload services is patched to each experiment. This patching capacility is the heart of
the modular concept insofar as the electrical features are concerned. The payload
services that are available on a patch up basis include:
(1) Umbilical Cable - Test and checkout of the payload is accomplished remotely
through a 27 contact fly-away umbilical cable. Fourteen of these lines are available on
the patch board for distribution to the experiments.
(2) Analog TM Channels - An FM/FM telemetry system consisting of 12 IRIG channels
is employed on the MAP payload. Eight of these analog channels are available on the
patch board for assignment to the experiments.
(3) Logic Timing Signals - A major portion of the data transmitted from the MAP
payload is in digital form. To facilitate timing and synchronization of the experiments
with the payload encoder, logic timing signals are available on the program board for
patching to the experiment. These timing signals range from the master oscillator at 256
KHz down to the slowest signal having a period of approximately 34 minutes. These
signals are derived from the master clock by means of a binary ripple counter. Fifty-eight
lines are available for patching to the experiments.
(4) Event Timing Signals - An event sequencer, independent of the digital logic, is
activated by a ten thousand foot altitude switch. Four electronic timers are available to
provide such events as range change, high voltage turn-on, door ejection, power on, and
power off. Eight lines are available on the patch panel to facilitate distribution of the
event timing signals to the experiments.

(5) PAM Channel Inputs - A thirty channel PAM commutator is provided for use by the
experimenters and the payload engineer in determining the GO-NO-GO condition of the
payload and each individual experiment. Four teen PAM channels are available to be
patched to the experiments. The remainder are utilized for frame synchronization and
housekeeping functions. The PAM frame is synchronous with the PCM frame at a rate of
31.25 frames per second. This allows correlation of data on PAM to the PCM. PAM is
transmitted via IRIG channel F.
(6) PCM Word Data - Six P04 word gate outputs are brought to the program patch
board. The PCM word assignments are agreed upon a t the time the experiment is
accepted for flight on the MAP payload. The PCM frame consist of sixty-four 8 bit
words. The digital bit rate is 16 KBS. The PCM word gates are programmed by inserting
a logic module into a matrix of timing signals. The logic module combines signals using
combinational logic to generate the desired word function. The word gate furnished to
each experiment is regenerated and supplied to the digital bit stream. Eight of the sixtyfour words are used for house-keeping and synchronization. The remaining fifty-six
words are available for relaying experiment data. PCM is transmitted via channel H.
(7) Digital Monitor - Sixteen bits have been assigned as digital monitors for on-off type
functions. These monitor lines are available on the patch board.
The available services will be assigned by the project scientist on the basis of need and
overall importance to the scientific objectives of the planned rocket flight. In general the
assignments will be worked out well in advance of the payload test and checkout phases
of the program. However should the need arise, extensive programming changes can be
accomplished on short notice. Most changes can be accomplish ed by a wiring change in
the patchboard of the encoder unit.
The fixed assignments for the connector are as follows:
1.2.3.4.5.-

+15 VDC
-15VDC
-6.3 VDC
+3.5 VDC
+30 VDC

6.- 100 VAC p.p. 32 KHz
7.- CKT/PWR Gnd
8.- PCM Data
9.- Bit Clock 16 KHz
25.- Chassis Gnd.

Aspect Instrumentation The payload instrumentation includes magnetic aspect and
solar aspect measuring instruments. The m.agnetometer used is the Heliflux. Type
RAM-5C manufactured by Schonstedt Instrument Co.
A solar cell in combination with a discrete operational amplifier is used for solar sensing.
Payload Power The payload primary voltage is derived from a package of 20 HR3
batteries. The secondary voltages are produced by a set of highly efficient switching

inverter/converter regulators. A single modular experiment would normally be alloted
one-sixth of the available power from each of the supply voltages. The power available
for assignment to experiments is obtained by appropriately derating the power supplies
and substracting the support requirements. Typically an experimenter could expect the
following power to be available for his modular package.
1)
2)
3)
4)
5)
6)

+3.5 VDC, 1.000 amperes
-6.3 VDC, .300 amperes
-15 VDC, .150 amperes
+15 VDC, .300 amperes
+30 VDC, .200 amperes
100 Vpp, 32 KHz, .010 amperes p-p

Each of the links supplying power to the experiments is protected from overload by
either a fuse or a current limiting transistor circuit.
System Checkout Each experiment is fully tested with the payload support system to
verify the settings of the programmer, power requirements, and data interface. The
mechanical assembly is checked for proper clearance and field of view of all sensors and
external attachments.
The checkout will generally be divided into three stages. The first stage checkout will
consists of checking the individual experiments for overall compatibility with the
payload support sections. After all experiments have successfully completed stage 1, a
complete payload is assembled and tested to insure against interference of one
experiment with another. This test also provides assurance that the payload support units
will function properly under full load conditions. This second stage checkout is the final
check before the system is available for shipment to the rocket range.
The third stage checkout is that which can be conducted under count down conditions.
At the rocket range a large portion of the second stage checkout may be repreated prior
to taking the payload to the launcher. Once the payload is on the launcher, the checkout
will normally be done remotely by means of the umbilical cable and the telemetry
system. Each experiment will be assigned two umbilical lines and two PCM channels
from which he must be able to determine a GO or NO-GO condition for a particular
instrument. The umbilical cable and the telemetry system. Each experiment will be
assigned two umbilical lines and two PAM channels from which he must be able to
determine a GO or NO-GO condition for a particular instrument. The umbilical lines
should be used to initiate calibrate functions which can then be monitored on the PAM
channels to determine the status of the payload.

Qualification Testing Prior to the second stage of system checkout each instrument
must have been qualified by appropriate vibration testing as specified by NASAGoddard for the Nike Apache vehicle.
Recovery The MAP payload has been designed for use with the Capache recovery
system. The Capache system provides parachute recovery of payloads up to 130 pounds.
The payload location is normally determined by radar impact data. A helicopter is
vectored to the impact position by voice contact with the radar site personnel. A CW
Beacon is normally flown as a recovery aid. In general the payload will impact at 20 to
30 feet per second when coming in on the Capache parachute. Since most auroral rocket
studies are conducted at night and the helicopters can only fly during daylight, the
payload must withstand the moisture and cold of the impact location. This usually means
temperatures of -20EF for periods of eight hours or more. Figure 2 illustrates a recovered
payload from a recovery flight at Churchill Research Range in February 1969.
The recovered payloads may be rechecked and flown again within a period of several
days. Usually selected instruments from the recovered system will be reflown during the
same launch period. This refly capability of a recovered instrument offers the
opportunity to adjust gains, windows, or otherwise to repeat the test for calibration
purposes.
Data Analysis The FM/FM telemetry signals are recorded on instrumentation tape by
the range TM section. The Churchill Research Range has the capability to provide
extensive paper records as well as magnetic tape records of flight data for each launch.
With proper planning the scientist may obtain a good qualitative quick-look at the data
gather ed during the flight. Good quick look data will enhance the possibility of
improving the settings for further flights in the same campaign.
In addition to the quick-look data from Churchill, SCAS has developed a series of
computer programs for processing PCM, PAM, and analog data through the IBM 360/50
computer.3 The large volume of data available from the PCM input makes automated
data reduction highly desirable.
Conclusion The experience gained to date using the modular programmable technique
has proved satisfactory for the five launches completed to this time. A second series of
flights has been planned for early 1970 which will further expand the MAP concept.
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Figure 1. Modular Payloads Undergo System Integration.

Figure 2. Modular Payload Recovery at Churchill Research Range

DATA REDUCTION SYSTEM FOR THE MODULAR
AURORAL PROBE1
N. EAKER
Division of Atmospheric and Space Sciences
Southwest Center for Advanced Studies
Dallas, Texas

Summary A data processing system has been developed to process PCM and analog
data received from the Modular Auroral Probe series of rocket payloads. The system has
been designed to take advantage of the availability of an IBM 360-50 general purpose
digital computer with IBM 1827 and 1828 input/output terminals. Utilizing a general
purpose computer which has the above mentioned terminals has resulted in a minimum
cost in new equipment required to perform the processing operations.
Introduction Sounding rocket programs are generally operated on a relatively small
budget. Unlike programs where the data processing is performed for the experimenter by
the contracting agency, sounding rocket telemetered data must in many cases be
processed by the experimenter. In most sounding rocket programs, the telemetered data
is processed by hand from paper records. With the present series of payloads developed
for the Modular Auroral Probe (MAP)2 program, one of the twelve data channels
contains PCM (Pulse Code Modulation) data operating at 16000 bps. With this high data
rate and with several flights planned each year it is necessary to have some automatic
technique of processing the data.
The telemetered data is obtained in much the same manner as in all sounding rocket
programs. The data is transmitted from the rocket during flight and recorded by analog
instrumentation recorders at the launching facility. During flight the PCM data is patched
from the ground station discriminators to a PCM decommutator for bit synchronization
ana waveform reshaping. A bit synchronized signal, PCM reshaped waveform, telemetry
receiver video, NASA 36 bit time code, and other necessary information is recorded on
the same magnetic tape.
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The function of our system is to (1) accept the data from the analog tape, (2) store the
data as required to match the speed of the computer input terminals, (3) insert time into
the data stream so that a PCM word or analog sample may be located in time and
position throughout the flight, and (4) provide proper timing signals and data levels to
the computer. The PCM or digitized analog data and time code is placed on magnetic
tape to await further data analysis.
General Description Figure 1 is a simplified block diagram of the data processing
system. The system may be separated into three distinct groups (1) data reproduction, (2)
data multiplexing, and (3) computer.
The data reproduction group is composed of an Ampex FR1800L instrumentation
recorder, and Astrodata 5220 time code translator, and five EMR 287 frequency
discriminators with associated IRIG proportional bandwidth filters.
The data multiplexer group is composed of a special purpose Data Multiplexer which
provides all of the necessary timing and storage for handling digital and analog data plus
time code. The Multiplexer will handle MAP PCM data or 4 channels of analog data; it
will not accept PCM and analog data simultaneously. The Data Multiplexer is
constructed in a 5 1/4" x 19" rack mounted enclosure.
The computer group uses an IBM 360-50 digital computer with IBM 1827 and 1828 I/O
terminals respectively for digital and analog data. The 1828 contains a multiplexer and
an A-D converter for digitizing analog data. The computer group is located
approximately 200 feet from the Data Multiplexer; the groups are connected by two
cables - one for digital and one for analog data.
Computer Terminal Considerations The 1827 input as used with this system consists
of 16 input data lines plus a sync line commanding the 1827 to read the terminals at a
given time. A “READY” line is available from the 1827 but it is not used. During PCM
data processing 8 of the terminals are used for parallel input of an 8 bit PCM word. The
remaining 8 bits are used for the time code input. The data is fed in a continuous stream
of 2000 bps and is synchronized in the data multiplexer so that the 8 bits appearing on
the terminals are aligned as a PCM word. The data could be read out of alignment;
however system check-out is made much simplier if the data is sent through the
computer with the 8 bits not only a PCM word but a computer half word. This alignment
allows a tape dump to be made of the processed data and the data to be scanned manually
to determine quickly if the data is being transmitted through the system properly. Since
the 2000 bps input rate is continuous for the full length of the input tape it is difficult to
perform calculations on the data while it is being read into the computer. The system
could be used with a large buffer storage; however in the initial check-out stage it has
been more convenient to use the first pass through the computer as a tape formating

operation. The computer used at this facility must be fully devoted to the 1827/1828
terminals when it is desired to process data; therefore, quick check-out at the beginning
of a processing run is desirable to detect improperly processed data to avoid a large
computer cost. Using the computer only as a formating device is not an efficient use of
computer time, but until the processing system has enough operating history to prove
that the data will be processed correctly, the cost to the rocket program will be less.
Time Code The time code translator produces a BCD (1248) output of the time read
from the NASA 36 bit time code on the magnetic tape. The translator output is separated
into four groups which are multiplexed into the data sent to the computer. The output is
separated as follows:
(1)
(2)
(3)
(4)

milliseconds - bits 1, 2, 4, and 8
hundreds of seconds - bits 1, 2, 4, and 8
tenths of seconds - bits 1, 2, 4, and 8
units of seconds - bits 1, 2, 4, and 8
tens of seconds - bits 1, 2, 4, and 8
units of hours - bits 1, 2, 4, and 8
tens of hours - bits 1, 2, and 4

The translator output is fed to the Data Multiplexer where the four groups are placed in a
storage register. The storage register stores the time code after each translator update.
The output from the storage registers are fed to NAND gates where four of the inputs to
each gate are from one of the above groups. The other input to the gates is a strobe pulse
which commands a certain group to be sent to a NOR gate. Four strobe pulses are used
during each time read cycle which causes the time to be read in order from group 1 to 4.
The data is then fed to a buffer where level adjustments and line driving capabilities are
obtained. The buffer places the time on inputs 1 thru 8 of the 1827.
The time code translator inhibits updating its output registers 0.5 msec before the time
code is read from the registers. Neglecting tape skew and any other time delay problems
in the processing system the time code read into the data should be accurate to within
0.5 msec.
If real-time data is being processed or if there is no NASA 36 bit time code, a marker
may be manually set into the data stream to mark an event. When the marker push
button, located on the Multiplexer front panel, is pushed and held-in, code A716 is placed
on the eight bits normally used by the NASA time code data. Code BF16 is placed on the
terminals with the marker released. The marker is primarily designed for manually
indicating rocket liftoff if a time code is not used and the operator is forced to use the
voice countdown to determine the liftoff time.

PCM Data The PCM data is fed to the Data Multiplexer where it is stored in an 8 bit
register (series in, parallel out). A clock pulse operating at the PCM bit rate is fed to the
register and to a 23 scaler. The scaler which is preset at the PCM frame or wo rd rate,
produces an output pulse for every 8 input pulses. The scaler output is fed to a delay
circuit which produces the necessary sync pulse to the 1827 terminal. The 8 bit PCM
data words which are stored one word at a time in the word register are read by the 1827
each time the 1827 receives a sync signal- The word register output feeds a buffer circuit
which places a PCM word on inputs 9 thru 16 of the 1827 terminal.
The time code is normally inserted into the PCM data at the beginning of each PCM
frame; however, it may be inserted more often by an appropriate inhibiting action. The
time code storage register is inhibited for 2 msec while the computer is reading the time
code.
Analog Data Analog data is fed to the Data Multiplexer line drivers and on to the IBM
multiplexer associated with the 1828. The multiplexer is programmed to select the
desired analog input lines and to preset the signal to the A-D converter for digitizing.
The analog sync signal supplied by the Data Multiplexer logic and control section is
used to command the 1827 to commence a read cycle. The read cycle (sampling rate)
may be varied from 15.624 Hz to 2 kHz. The read cycle rate is determined by the
Multiplixer; however the length of time required by the computer to read the analog
inputs will, of course, depend upon the number of inputs being read.
The computer is programmed to read first the time code from the digital (1827) terminal
and then to read the desired number of analog (1828) inputs. testing of the system has
shown that there is a delay which varies from approximately 190 to 220 microseconds
from the time the sync pulse is sent to the 1827 until the first analog channel is read.
There is also a 57 microsecond delay between reading of adjacent analog channels. The
190 to 220 microsecond delay has a direct effect when it is desired to sample analog data
at a precise time - such as sampling PAM (Pulse Amplitude Modulated) data. The 30
microsecond (220-190) variation is primarily due to the software used to control the I/O
system.
When processing analog data the 4 time groups are multiplexed into the data stream once
every 8 samples. Four analog samples are required to transmit the 4 time code groups;
therefore, for 4 samples the time code is being processed and for the next 4 samples the
Multiplexer input registers are being updated. The actual inhibit and processing time
varies with the cycle time.
The time code is multiplexed on the same 8 lines for both the PCM and analog data;
however, as an aid in computer reduction of the analog data a tag word has been added to
the time code data during the time the analog data is being processed. This tag word is

placed on the 8 digital terminal inputs normally used for PCM data - changing circuit
boards performs this operation. The tag word identifies each one of the 4 time code
groups multiplexed with the analog data.
Specifications The following specifications apply to the system when it is used to
process MAP data.

Conclusions This special processing system suscessfully allows rapid data analysis to
be performed for the Modular Auroral Probe series of sounding rockets. Experimential
results can be obtained quickly from a series of flights, and the data from any flight may
be rapidly processed to determine the success or failure of an instrument prior to the next
flight. The data is processed in real-time and stored on magnetic tape. Analysis of the
computerized data may be performed in minutes.
Acknowledgement Appreciation is given to B. T. Ford who contributed to the system
design and spent many hours in constructing and testing the system.

Figure 1. Block Diagram - MAP Data Processing System

EVALUATION OF PROTECTIVE MASKS BY USE OF
RADIO TELEMETRY
R. J. REDD
Defense Development & Engineering Laboratories
Edgewood Arsenal, Maryland.

Summary A telemetering system developed to enable research and development
personnel to evaluate physical performance aspects-of US Army protective masks on a
quantitative basis is described. Respiration, acceleration, and temperature data generated
by a subject wearing a mask can be monitored simultaneously at a point remote from the
mask wearer. The system operates in the 216-235 MHz telemetry band using an FM/FM
mode. Data transmission in excess of 1/2 mile (via ground wave) has been obtained
without experiencing signal deterioration. Data generated can either be recorded directly
on a strip chart recorder, magnetic tape recorder or both simultaneously. Data recorded
on magnetic tape can be analyzed by use of an Analog Computer. Measurements
obtained using this equipment compare in accuracy with that obtained through use of
conventional laboratory instrumentation.
Introduction Suitable instrumentation for measuring dynamic performance for
protective masks by remote means has long been desired. Conventional laboratory
instrumentation has been used for approximately twenty (20) years to measure flow and
pressure drop within a protective mask worn by a subject exercising on a treadmill.
Normally, these measurements are made using two differential pressure transducers
mounted on a laboratory bench and connected to the subject using mechanical linkage
(plastic tubing) and to an amplifier-recording console using electrical cables. Movement
of the subject was restricted to walking in place on a treadmill or cycling on a stationary
bicycle. It was never certain that data obtained through use of the above setup described
indicated what was happening to the same mask being worn by a subject in the field,
wherein his movement was not restricted.
Approximately (12) twelve years ago a portable respiratory recording system was
developed for the US Army under Contract DA18-108-CML-5948. The heart of the
system developed was a flow sensor of the strain gage type, containing bonded strain
gages mounted on stainless steel vanes, that move back and forth with changing airflow.
After electronically conditioning and amplifying, the signal was recorded on a portable
(backmounted) magnetic tape recorder which was activated and deactivates from a
remote transmitter. The primary function of the equipment was to measure minute

inhaled volumes of air before a mask was donned by a subject exposed to a simulated
gas attack, in addition to breath-holding time required from the initial don mask
command and the actual donning of the mask. The radio equipment used in conjunction
with this system operated in the 27 MHz (Citizen Radio Band) and in the amplitude
modulation mode. The circuit employed closely resembled those used by hobbyist in the
control of model aircraft and boats.
The system described in this paper differs considerably from the above since it was
designed to dynamically measure airflow, pressure drop, temperature, and acceleration
simultaneously for a subject wearing a protective mask.
General Description The system developed for the US Army under US Government
Contract DA18-108-AMC-228 by Spacelabs, Inc. Van Nuys, California in 1964 operates
in the frequency modulated mode. Up to eight data channels per subject are sensed,
conditioned, and transmitted to a remote ground station for detection and recording.
Earlier backpack designs were only capable of measuring flow and pressure drop within
a mask. The earlier units did not contain a separate removable battery unit as does the
latest model backpack. The latest model backpack as shown in photograph-il consist of
the following: (1) An upper compartment containing two differential pressure
transducers, electronic conditioning circuits required by the accelerometer, voltage
controlled oscillators, conditioning circuits for temperature sensors, and an FM
transmitter, (2) A lower compartment containing rechargeable nickel cadmium battery as
shown in photograph #2. A block diagram of this backpack is shown in Figure 1.
Components contained in the backpack are as follows: Two (2) Pace Wiancko Model
109D variable reluctance type differential pressure transducers used to sense flow and
pressure drop within the mask. The output from each transducer is fed into a Pace Carrier
Demodulator Model CD32, which applies an excitation of 5KHz to a bridge, including
the two inductance ratio arms of the transducers.
A solid state amplifier and demodulator converts the bridge outputs to dc. The dc outputs
from each carrier demodulator is used to drive a voltage controlled oscillator.
Temperature measurements within the protective mask cavity are made using three (3)
thermistor probes which use as a reference voltage the output of a 2280 volt reference
supply located inside of the backpack. This output is amplified by a signal conditioner
and then applied to a voltage controlled oscillator.
An Endevco triaxial accelerometer is used in combination with three signal conditioners
in order to measure vibrational effects associated with mask wear under conditions of
stress. The accelerometer has a nominal range of ±5 g’s and a frequency response of 3 to
160 Hz between 3db points. The outputs from the accelerometer signal conditioners (3)
are used to drive three voltage controlled oscillators.

Input and ground terminals, in addition to a series of test points, are also provided on the
matrix board, the output of any channel can be connected to the input of any voltage
controlled oscillator simply by means of the appropriate interconnection. The output of
the voltage controlled oscillators is summed in a mixing amplifier which in turn provides
the modulating drive voltage to the transmitter.
The frequency modulated transmitter operates with true frequency modulation at a
minimum radiated power of 1 watt. The transmitter is solid state with a crystal stabilized
reference oscillator, assuring frequency stability within 0.001% of center frequency.
Filters are provided to suppress spurious radiation well below levels where
intermodulation with other equipment and spurious receiving responses can impair
quality of transmitted data.
The modulating frequency range is flat within 3db from 20 to 300,000 Hz assuring more
than adequate the capacity for the subcarrier frequencies employed.
The antenna is a simple stub antenna terminated with a type N Connector. A 10 db and
20 db coaxial attenuator are used with the backpack to reduce the amount of radiated
power and allow the use of the system with the antenna in the laboratory.
A block diagram of the Ground Receiving Station is shown in Figure 2.
The Ground Receiving Station shown in Photograph 3 consists of (10) ten frequency
modulated receivers, a multicoupler, a multichannel, CEC Data Graph Strip Chart
Recorder, a tape recorder channel selector and eight EMR Subcarrier Discriminators
covering the following center frequencies; 1.70, 2.30, 3.00, 3.90, 5.40, 7.35, 10.5 and
14.5KHz. An Ampex FR 1300 magnetic tape recorder is also included for storage of
subcarrier frequency data to be analyzed at a future date. A real time tape speed
compensation circuit is also included in the console in order to correct for variations in
tape speed (referred to as wow and flutter) during recording or reproduction.
An EMR, Five Point Frequency Calibrator is also included in the ground receiving
console for calibrating each of the eight subcarrier discriminators (bandedge and balance
adjustments).
Performance To date, both laboratory and field tests have been conducted in order to
compare the overall accuracy of the field telemetry system to conventional laboratory
equipment. Tests originating in the laboratory were conducted with subjects fitted with
instrumented masks and exercising on an electronic bicycle (Ergometer). Photograph #4
shows a subject wearing an instrumented mask in conjunction with a Model 802
Backpack while exercising on an Ergometer.

Photograph #5 shows a subject wearing a mask while being monitored for pressure drop
and flow through use of conventional laboratory equipment. Recorded data generated
from both systems (related to respiration measurements) is similar, all being equivalent
in regard to amplitude level.
Field tests using the telemetry equipment were conducted in a field in front of the
laboratory building. A subject wearing a protective mask and equipped with a Model 802
Backpack, exercised by jogging and walking up and down a measured test course of 50
yards. A ground plane antenna mounted on top of the building (approximately (40) forty
feet high) is used for the reception of data transmitted from the subject in the field. The
data consisting of flow and pressure measurements are comparable to that generated
within the laboratory using the same system and conventional laboratory equipment as
shown in Figure #3.
Although the Model 802 Backpack contains acceleration and temperature channels as
shown in Photograph #6, extensive dynamic testing has been limited to the flow and
pressure channels. Neither the temperature or acceleration channels have been evaluated
as extensively as the flow and pressure channels. A preliminary evaluation of the
temperature channels has revealed that the response time of the sensors (thermistors)
used are too slow to accurately measure temperature changes occurring within the mask
while a subject is breathing. The best that can be expected from the present setup is an
average temperature measurement within the mask cavity.
Future plans involve the evaluation of other thermistors such as a small bead type
deposited on a thin film for use as a temperature sensor. Metro Physics, Santa Barbara,
California, a company involved in this type of development indicate that their sensor has
a response time less than 100 milliseconds, which should be sufficient for measuring
temperature changes in step with respiration.
It is also planned to incorporate a carbon dioxide detector into new telemetry backpacks
that will serve as a dynamic monitor to measure “dead space volume” within a mask
cavity.
Work is also underway to modify the present telemetry system now operating in the
216-235 MHz telemetry band to “S” Band (2300 MHz).
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BIOTELEMETRY OF EKG SIGNALS WITHIN A SMALL,
CLOSED CHAMBER
F. C. CARPENTER, Jr.
McDonnell Douglas Astronautics Co.
Western Division
Huntington Beach, California

Summary A requirement arose for reliably telemetering EKG data from personnel
within a closed metallic chamber to a receiver also located within the chamber. Although
there is much information in the literature on biomedical telemetry, it generally deals
with propagation of telemetry signals in the clinical laboratory or the field; little, if any,
pertains to the problem at hand. Analysis of the environment showed that mathematical
prediction of the propagation characteristics of the chamber would be difficult, if not
impossible, due to its odd interior configuration. An empirical approach was taken.
Several system approaches were considered; an FM/AM system and an FM/FM system
were built and each evaluated in the actual environment. Data are presented on test
results. A successful system is discussed, including a description of the receiving
antenna network employed to ensure reception of the transmitted signals regardless of
the location of personnel within the chamber. Conclusions regarding the chamber
characteristics are given.
Introduction Most of the biomedical telemetry information in the literature deals with
propagation of telemetry signals from transmitters attached to animals in the clinical
laboratory or in the field, or to hospitalized individuals such as cardiac patients. The
receivers and their antennas are usually located within 10 to 200 feet of the transmitter
and propagation is over a line-of-sight course, with relatively few RF obstructions or
perturbations.
Information with regard to transmission of radio waves within a closed chamber has been
quite limited. When a requirement arose for reliably telemetering EKG data from
personnel within a closed metallic chamber of an odd interior configuration, to a receiver
also located within the chamber, a number of problems had to be considered. The
chamber was relatively small (under 20 feet in length, 10 feet maximum diameter). It
also contained many surfaces presenting odd reflection angles. As it was required that
the transmitted data be received with accuracy regardless of the transmitter location
within the chamber, it was immediately apparent that propagation characteristics of the
chamber would be critical to the system design. These characteristics would obviously

determine the requirements for such system parameters as transmitter RF carrier
frequency, type of modulation, and transmitter RF power output.
Approach Several approaches might be taken to evalute the characteristics of such a
chamber. If it had the form of a right circular cylinder of a fixed diameter and height, it
could be evaluated as a waveguide section, the cutoff wavelength or frequency being
easily determined. If operated well beyond cutoff, end-to-end attenuation characteristics
are also easily determined. It might be considered as a resonant cavity and excited at
resonance. It could also be operated in the waveguide mode, and propagation equations
written for its behavior. However, only the exterior of the chamber to be evaluated could
be considered as a right circular cylinder. The interior, with angled panels, varying
diameter, etc., could only be evaluated in sections. Equations for such an evaluation
would be unwieldy, resulting in a very large analytic program of highly doubtful value. It
was evident that any analytical approximations made could only serve as a starting point
for an empirical approach to the evaluation.
The test program then initiated had a twofold purpose: (1) to determine the propagation
characteristics of the chamber, and (2) to provide sufficient data on which to base
requirements for the following system parameters:
a.
b.
c.
d.
e.
f.
g.

RIF carrier frequency.
Transmitter power output.
Modulation.
Transmitter antenna (radiation) characteristics.
System bandwidth.
Receiving antenna characteristics.
Receiver sensitivity.

A survey of the commercial biomedical telemetry field disclosed that a number of
approaches have been taken with regard to the characteristics of the transmission system
for the “out of doors” applications. Simple FM systems, FM/FM, FM/AM, and AM, as
well as some utilizing pulse techniques (Reference 1), are being employed. Most of the
systems are operated in the 88 to 90 MHz region and utilize FM or FM/FM although
other frequencies were also in use, both above and below that portion of the spectrum.
Although the literature showed a preference for FM systems (References 2 and 3), it was
expected that evaluation of several of these approaches would be necessary to establish
the optimum system for use in the closed chamber, in order to take into account not only
RF transmission efficiency but also dc power conversion efficiency, as battery life would
be a significant factor.
Man-worn telemetry provides radiation characteristics of the transmitted signal which
are significantly different from those obtained by free- space radiation from conventional

antenna systems. The human body acts as a capacitive antenna (1) when conductively
connected to the RF source, and (2) when the signal is radiated to the body, as a director
below approximately 70 MHz and as a reflector above 70 MHz. This is due to the fact
that at the lower frequencies, there is penetration of the tissue by the RF signal, whereas
at the higher frequencies the penetration is minimal (Reference 2). The body may be
used as part of the radiating system, or the transmitter may be designed so that radiation
is obtained from the tuned circuit of its output stage, with the body acting as part of a
directive array.
Evaluation of the chamber characteristics required that the radiation source be carefully
controlled and that it be electrically and mechanically configured to the proper
dimensions for the task at hand. It was also necessary to ensure that the radiation
characteristics of all approaches tested be matched as closely as possible, to guarantee an
objective comparison between approaches.
Practical aspects of the requirements dictated that the transmitter package be of a size
convenient for attachment to the subject by belt or in a garment pocket (for example),
and which would permit easy handling for battery replacement or operational adjustment
such as connecting or disconnecting a connector. Once a physical size was established,
constraints were thereby placed on methods of providing radiation from the transmitter.
Although the use of external wire antenna configurations was not prohibited, it was
anticipated that sufficient radiation could be obtained from the transmitter output circuit
by proper attention to- design. Utilization of this concept would reduce the number of
unknowns, as it would be a simple matter to measure the output power of the transmitter
and relate this to the signal strength patterns obtained in the chamber. Minimum and
maximum RF radiation power requirements could then be specified. The levels required
should not be greater than necessary, but sufficient to guarantee adequate reception
under all conditions. This was a critical factor, as the input power requirements and
therefore the battery life would depend upon the RF output power requirement and the
efficiency of the system.
Under the foregoing constraints, a package size of 3-3/4 x 2-1/2 x 1 inch was chosen,
which provided ample space for the transmitter and an 8.4-volt mercury battery rated at
600 milliampere hours. Plastic cases were constructed to these dimensions; each
transmitter configuration, representing a different modulation technique, would be
constructed to fit the space provided. Each transmitter output stage was to be constructed
so that the RF power output level could be quickly and easily adjusted as required.
In a first approximation, the chamber was considered as consisting of a relatively long
circular waveguide section about 7 feet in diameter, contiguous to a short section 10 feet
in diameter. Cutoff wavelength of the smaller section, assuming propagation of the
transmitted wave in the telemetry mode was

8c = 2.613r = 2.613 x 1.07m
8c = 2.8 meters
and for the larger section
8c = 2.613 x 1.52 rn
8c = 4.0 meters
corresponding to cutoff frequencies of 107 MHz and 75 MHz respectively (Reference 4).
If the system operating frequency were sufficiently low, propagation which could cause
reflections would be eliminated. For a maximum path distance, the transmitter could be
located at one end of the chamber, and the receiving antenna or pickup loop at the other.
Attenuation would then be
L = 54d/8c decibels
where d is the path length in meters and is independent of frequency for 8 » 8c
(Reference 4).
For the smaller section L = 59.4 db, and for the larger L = 12.4 db, giving a total path
loss of 71.8 db. A transmitter-radiated power level of 0 dbm would then provide a field
power level at the receiving end of -71.8 dbm. Allowing an additional 6 db for coupling,
mismatch, and cable losses, the receiver input signal power would be -77.8 dbm, or
approximately 30 microvolts across 50 ohms. This level could be considered as a worst
case. A sufficiently sensitive receiver would then guarantee adequate reception of the
transmitted signal under all conditions.
Armed with this gross approximation, the first approach taken wag to attempt to operate
the chamber as a waveguide well beyond cutoff. Choice of an operating frequency for
this approach was necessarily a compromise. The lower the frequency, the better
guarantee that the chamber attenuation is independent of frequency. However, as the
frequency is reduced, more power input to the transmitter is required to obtain a given
radiated power, or a longer transmitting radiator must be used. In addition, the size of
components for the RF circuits becomes prohibitive. Under these restrictions, a
frequency of 16 MHz was chosen as a hopeful compromise. As stability and simplicity
were desirable characteristics for the transmitter, the first approach was to employ crystal
control and amplitude modulate the carrier. However, as AM is quite susceptible to
noise, an FM subcarrier was employed that could be limited in the receiver to effectively
reduce the noise susceptibility of the system. Also, since the data input signal would be
of the order of I to 2 millivolts peak, use of an FM subcarrier oscillator (SCO) would

require only nominal preamplification at the data frequencies to frequency modulate the
SCO as required.
A transmitter was constructed to these specifications, providing an RF output of 1
milliwatt (0 dbm), amplitude modulated 80% with a 2,300 Hz (a standard IRIG
frequency) subcarrier. The subcarrier was frequency modulated ±100 Hz for 5 mv peakto-peak input. The preamplifier had a 3 db bandwidth of 0.1 to 60 Hz. During early tests,
the transmitter was equipped with a wire antenna about 6 feet long. This soon proved
impractical, and a multitum loop tank coil was installed in the transmitter. The loop
radiation was found to be quite satisfactory in far-field tests.
The preamplifier was designed for high input impedance, so that an input from
electrodes placed on a test subject could be employed. This would permit tests in which
the radiation characteristics of the human body could be included. An electrocardiac
simulator was used to provide a data input for most testing, as it was more controllable
and predictable than the electrocardiac output of a human test subject.
An Empire Devices NF-105 Field Intensity Meter was used as a receiver for the 16-MHz
signal., The output of the receiver was applied to a limiter, discriminator, and lowfrequency amplifier. An oscilloscope was used to observe the 2,300 Hz input to the
limiter and the output of the low-frequency amplifier. Signal strength measurements
were made by comparing the output of a standard signal generator with the received
signal, using the receiver panel meter for reference. These data displays permitted
observation of the ability of the system to transmit data under a variety of transmission
conditions, as well as to determine propagation characteristics of the chamber.
While construction of a test chamber of the proper physical and electrical (RF)
configuration was under way, preliminary investigations were conducted in a screen
room. This room was about 16 feet square by 8 feet high, which roughly approximated
the volume of chamber to be evaluated. The room contained benches, steel cabinets, test
equipment, and other paraphernalia which would provide many obstructions to signal
transmission. During the course of the tests, many receiving antenna configurations were
employed, including single and dual systems, in order to maximize received signal
strength. It was found that regardless of the antenna configuration employed, there were
specific locations within the screen room where received signal strength dropped well
into the ambient noise. It was also noted that with either a wire transmitting antenna or
the radiating transmitter tank coil, the nulls were extremely sharp with respect to
orientation of the test subject and the transmitter. Figure 1 illustrates a typical pattern of
signal strength vs. transmitter location in the screen room. The levels shown are
representative rather than specific. For any path taken, at least one point could be found
having the type of null illustrated in Figure 1.

The RF test chamber having reached a stage in its construction where it approximated
the wave guide-beyond-cutoff configuration, it appeared desirable to obtain data which
might support the original assumption, in spite of the result of the screen room tests. The
chamber at this time consisted of two cylindrical sections, one 3 feet long by 10 feet
diameter, and one 12 feet long Dy 8 feet diameter.
Wire antennas approximately one quarter wavelength long were placed parallel to the
axis of the chamber. Both a single antenna and a pair of antennas were used. As the test
subject could never be more than 3 feet from either of the dual antennas or 7 feet from
the single antenna, it was anticipated that signal levels would be fairly constant.
However, it was found that the tests essentially duplicated the effects noted in the screen
room, as illustrated by Figure 2. It was apparent that the propagation characteristics of
the chamber were considerably different than had been expected.
The possibility that the chamber could be used as a waveguide and the signal permitted
to be propagated was then considered. The FM/AM transmitter was retuned to 160 MHz
and tests were made. The nulls were still very much in evidence. It could not be
concluded, however, that frequency of transmission was not a factor in the propagation
characteristics of the chamber. It would also be necessary to consider the chamber as a
resonant cavity and evaluate that mode of operation.
At this point an FM/FM “belly button” transmitter (Reference 5), operating at 88 MHz
and having an output of about IO microwatts, became available. Radiation was provided
by the output tank coil which was a single turn about 3/4 inch in diameter. A McIntosh
commercial FM tuner was set up in the screen room with a typical “rabbit ears” dipole
antenna. A careful walkaround test showed that while there were large variations in
signal strength, there were no complete dropouts, as had been observed with the previous
approaches. As the screen room was only a crude approximation of the test chamber,
tests were also conducted in the latter. These tests also showed only broad nulls without
complete dropouts, although the weakest signal areas were quite marginal. More power
was required.
Since the “belly button” tests were most encouraging, an FM/FM transmitter was built to
provide the radiation characteristics originally specified. The carrier deviation was
adjusted to ±50 kHz, representing 67% modulation to a standard FM broadcast tuner.
Transmitter output was adjustable up to 2 milliwatts. Radiation was obtained from the
final tank coil, which was 1-1/4 turns of # 16 AWG, 1 inch in diameter.
As the McIntosh tuner had a 300-ohm input, it was convenient to perform initial tests in
the chamber using a folded dipole antenna which was placed on the diameter of the large
end of the chamber. The output of the tuner was fed to the same subcarrier discriminator

utilized for the FM/AM tests. Received signal strength was monitored by measuring the
bias developed at the receiver first limiter grid as reference.
A walkaround test in the chamber verified the results observed with the “belly button”
transmitter. It was found that null signal levels became marginal when the transmitter
output was dropped below 500 microwatts. With the transmitter output at 500
microwatts (-3 dbm), signal strength varied from 100 microvolts to 2 millivolts. Figure 3
shows a typical pattern obtained during this test.
Upon completion of this series of tests, construction of the test chamber was completed
by addition of the internal structure required to obtain the proper interior configuration.
A new series of tests was initiated. To preserve continuity of investigation, the 300-ohm
folded dipole antenna was retained for the initial tests. The receiving antenna was first
placed on the diameter of the large end at various angles with respect to horizontal. It
was next placed parallel to the chamber axis along a panel area. Walkaround tests
showed that signal strength was down 6 db or more for the parallel location of the
receiving antenna for all locations of the transmitter. Pattern data was taken for the
transverse locations. A typical pattern is shown in Figure 4. Comparison with Figure 3
shows relatively small differences, except that the average level of the received signal is
slightly lower with the chamber in its final configuration. A third location for the
receiving antenna, near the opposite end of the chamber, was also checked out. The
pattern obtained (Figure 5) is not significantly different from that obtained with the
antenna at the larger end.
As 300-ohm line was not practical for the final application, simple dipole antennas,
50-ohm coaxial line, and a 50-to-300-ohm matching transformer to the receiver were
installed next. Comparison of the signal levels obtained for the dipole with those for the
folded dipole showed essentially no differences except for the high level when the
transmitter was close to the receiving antenna. This was probably due to higher Q in the
dipole than in the folded dipole.
Although it could be seen that one antenna at either end of the chamber was sufficient,
the presence of a second person in the chamber was found to cause nulls when his
position was such as to place a shadow between the transmitter and receiving antenna.
To ensure that reception of the transmitted signal was guaranteed when a second person
was in the chamber, a second antenna was installed at the opposite end of the chamber
from the first. Tests were run with the two antennas fed to the receiver through a simple
Tee. This resulted in a 2:1 mismatch at the receiver, which is not generally critical to the
sensitivity of a receiving system (Reference 6). A typical pattern is shown in Figure 6.
The final step was to install a hybrid ring power divider in place of the Tee (see
Figure 7). This would permit connection of a second receiver to the antennas, so that the
EKG could be monitored for the second person in the chamber. The frequencies of the

two transmitters would be sufficiently different to prevent interference. The pattern for a
single transmission with this system is shown in Figure 8.
A final test was run to prove the effectiveness of the dual antenna system. It was found
possible to obtain a signal null if one antenna were disconnected and the transmitter
placed on a stand in the chamber, so that it was not in physical contact with test
personnel. A technician then stood near the transmitter. By orienting himself very
carefully, he could create a null condition. While this condition was maintained, the
signal level was noted and the second antenna then connected to the hybrid ring. Signal
strength changed from approximately 10 microvolts with the single antenna to 2
millivolts with both antennas. It was not expected that the test condition would ever be
encountered under actual operating conditions. In the actual case, the transmitter would
be worn by the man, with an electrical connection to his body via the EKG electrodes.
This connection generally enhances the transmitter radiation.
Conclusion The results of the foregoing tests led to a rather interesting conclusion. It
was seen that the assumption that the chamber could be considered as a waveguide
(although a considerably distorted one) did not hold, at least over the frequency range
evaluated. It is possible that the mechanism of a waveguide-beyond-cutoff would be
valid if the operating frequency were extremely low (say, below 1 MHz); however, this
case was not investigated because not only would the size of the RF components for the
transmitter become prohibitive, but the frequency range below 1 MHz could not be used
for operational reasons. The resonant cavity theory would appear more promising, except
the that the physical configuration of the chamber made it virtually impossible to
determine the true resonant frequency. The only alternative was to assume the presence
of many elements having resonant frequencies within the range of interest. The radiated
signal could then excite many modes, creating reflections which would arrive at a
receiving antenna with many phase differences. It would therefore appear that
transmission of a single carrier frequency from a fixed location could result in a vector
addition of reflected signals at a single receiving antenna, totalling zero induced voltage.
It would also appear that a similar situation could possibly occur even with two antennas.
However, if the transmitter frequency were then changed, with the location remaining
fixed, the phase relationships of the multipath transmissions would be altered and the
vector sum of the induced voltages would no longer be zero. Therefore, if the transmitter
were to be frequency modulated, one could expect that the null would be reduced
(average signal increased), since as the transmitter frequency was deviated, the signal
would increase both above and below the null frequency.
The frequency modulated system, then, appears to have a significant advantage for this
application. Although a deviation of the carrier frequency of ±50 kHz represented a large
modulation index and therefore appeared to utilize an excessive spectrum, it was
necessary to prevent loss of signal due to phase flutter (Reference 7). This would occur

whenever a person carrying the transmitter moved about. It was indicated than an even
greater deviation of the carrier was desirable to offset such effects. The 50 kHz figure is
felt to be a reasonable compromise.
Use of a subcarrier further enhances the noise rejection capabilities of the system,
ensuring that the EKG data is transmitted accurately. In addition, the FM/FM type of
system permits expansion of the telemetry link to include other data channels as need
arises, without the necessity of a complete system redesign. For example, blood pressure
and body temperature channels could easily be added. If all subcarrier channels were
held above 5 kHz, voice could be easily added as a simple FM channel occupying the
200 to 4,000 Hz spectrum.
It was concluded that combination of this flexible system concept with the dual antenna
system would be completely effective for the type of chamber discussed.
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Figure 1. FM/AM, 16 MHz Signal Strength in Screen Room

Figure 2. FM/AM, 16 MHz Signal Strength in Partial Mockup

Figure 3. FM/FM, 89 MHz Signal Strength in Partial Mockup

Figure 4. FM/FM, 89 MHz Signal Strength in Final Mockup

Figure 5. FM/FM, 89 MHz Signal Strength in Final Mockup
Receiving Antenna Near Small End of Chamber

Figure 6. FM/FM, 89 MHz Signal Strength in Final Mockup
Dipole Receiving Antenna Near Small End of Chamber

Figure 7. Hybrid Ring Power Divider Schematic

Figure 8. FM/FM, 89 MHz Signal Strength in Final Mockup
Two Dipole Antennas With Hybrid Ring

APOLLO EXTRAVEHICULAR COMMUNICATION
TELEMETRY SUBSYSTEM
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Summary The original Apollo Space Suit Communications System (SCC) was
designed to accommodate one Extravehicular Astronaut. Early in 1967, NAS.N
established a requirement for an extravehicular Communications System (EVCS) which
would enable two astronauts to simultaneously explore the lunar surface. Included in this
requirement was a telemetry subsystem to monitor the performance of the portable life
support system (PLSS), space suit performance and body functions of each astronaut
while on the lunar surface.
This paper reviews the EVCS telemetry subsystem design including electrical and
functional capability, packaging techniques, reliability and configuration control
programs utilized in meeting the stringent requirements of a miniature, high reliability,
man-rated electronic system for space applications.
Introduction The Gemini Program developed the initial personal communications
required in space exploration with the first system being carried aboard the Gemini IX.
Later, the Apollo Program established initial requirements for a space suit
communication system to accommodate an extravehicular astronaut. This requirement
was expanded in early 1967 to include the capability for two extravehicular astronauts to
explore the lunar surface.
In view of the advanced state of the Apollo design effort, a telecommunications system f
that would satisfy the following program and system design constraints was required:
1.
2.
3.

No impact on the existing lunar module (LM) communications system design.
Continuous telemetry data relayed to earth, simultaneously from each of the two
extravehicular astronauts.
Meet program scheduled (delivery of flight qualified hardware within sixteen
months after receipt of contract)

J.B. Tollison, “The Apollo Extravehicular Communication System”, National Telemetry
Conference Proceedings, 1968.

4.

Minimum inpact on the existing Portable Life Support System (PLSS)

The system designed to fulfill the above requirements is known as the extra vehicular
communications system (EVCS) and consists of a pair of extravehicular communicators
(EVC), one for each astronaut. The telemetry portion of the communicators differ in that
the subcarriers are 3.9 kHz and 7.35 kHz for EVC-2 and 5.4 kHz and 10.5 kHz for
EVC-1. Figure 1 shows an early model of an EVC with its top cover removed. The basic
form factor for an EVC was dictated by the available space in the PLSS, including
retention of existing mounting provisions. This system was flown on the Apollo 11
Mission.
Size, weight and reliability requirements for this equipment required advances in the
state of the art relative to circuitry and fabrication techniques. Utilization of high
reliability components required extremely high packing densities. Inasmuch as the EVCS
equipment is considered essential to mission success on the lunar surface, great emphasis
was placed on reliability and quality control. Co-ordination of the reliability
requirements, part procurement, configuration control and traceability was a major effort.
The telemetry subsystem portion of the EVCS described below, is indicative of how
these requirements were met by Sonex.
General Description The telemetry subsystem is contained in an aluminum chassis
having a volume of nine cubic inches and a weight of nine ounces (reference figure 2).
Each unit consists of an assembly of signal conditioners, voltage regulators, an electronic
commutator, voltage controlled oscillators and warning tone generator. A simplified
block diagram of the complete subsystem is shown in figure 3.
Transducer signals from the PLSS, space suit and the astronaut are applied to the active
and passive signal conditioners where they are converted to 0 to +5 signals suitable for
commutation. The electronic commutator processes the signals, adds a pedestal voltage
and then applys the signals to the appropriate VCO.
The output of each VCO is applied to the modulator of the RF transmitter where mixing
of the signals with the astronaut’s voice takes place.
The tone generator input signal is received directly from the 02 pressure transducer in the
astronaut’s space suit. The function of this unit is to alert the astronaut of a loss in 02
pressure by keying a 1500 Hz tone generator at a 15 Hz rate.
This emergency audio tone is applied directly to the earphones of the space suit. A
warbling tone is much more effective than a continuous tone for recognition.
The regulators are used to supply precise voltages to external transducers.

Electrical Design
Voltage Controlled Oscillator (VCO) The VCO consists of a proprietary hybrid
circuit designed by Sonex containing an astable multivibrator, a buffer stage, an output
stage and various resistor-diode circuits used for temperature compensation. This circ-dt
produces a square wave output with a 50 ± 5% duty cycle. The square wave signal is
then applied to a six pole low pass active filter. The filter provides an output signal of
approximately three volts peak-to-peak, into a 47K ohm resistor wi.th less than 1%
harmonic distortion. AM is less than 5% for ± 7.5% deviation in the VCO frequency.
The VCO output set-up tolerance and amplitude change over the temperature range of
20EF to 140EF was required to be within ± 3. 0% of each other with a design goal of ±
1.5%. Actual worst case measurements from any system indicated a variation of less than
1%.
Electronic Commutator The commutator is an all solid state design with a 30 x 1.5
PAM return to zero output format. MOS devices are used in the input switches and the
sequential stepping circuits. The clock circuit employs the same hybrid unit as the
VCO’s. The output of the clock feeds a level translator which converts the bipolar
voltage to a sufficient level for proper MOS transistor operation. The commutator
utilizes a pre-regulated DC-DC converter which permits proper operation over an input
power range of 14.5 VDC to 20.5 VDC.
Voltage Regulators - 5V (25 ma), 10V (50 ma), 10V (200 ma) All the voltage
regulators consist of a monolithic integrated circuit regulator driving a series pass
transistor (s). Each type is current limited to less than three times the designed output
level in case of accidental transducer shorting. Voltage set-up and regulation is within
±0.5% over the combined temperature extremes and no-load to full load conditions.
Signal Conditioners
a) Active - The active signal conditioner amplifies a differential 30 MV signal from the
water differential temperature transducer and a single -ended 300 MV signal from the
primary power current transducer to produce two five-volt single ended outputs. This
circuit employs monolithic amplifiers with metal film resistors for gain control.
b) Passive - The passive signal conditioner primarily utilizes metal film resistors with
0.25% to 1% accuracy for attenuating high level transducer signals to the normal +5 volt
range. The PSC also contains a zener diode network used in translating the battery
voltage from the nominal +17 volt level to the normal +5 volt level.

Isolating Circuitry The isolation circuit contains the output transformer of the
warning tone generator and two high current rectifier diodes used for reverse voltage
protection. One diode is common to all the transducer voltage supplies and a separate
one is used in series with the E KG VCO Power Supply.
Mechanical The EVCS telemetry subsystem was designed using a modular approach
as illustrated in figure 4.
Due to overall system constraints and high reliability requirements, volumetric efficiency
bad to be optimized in order to meet the volume allocation.
Listed below is a table indicating the actual volume, weight and component density of
typical subassemblies.
MODULE

VOLUME

WEIGHT

DENSITY (Parts /in3)

5V and 10V Regulators

.175 in3

.160 oz.

74

Passive Signal Conditioner

.226 in3

.176 oz.

75

Active Signal Conditioner

.362 in3

.318 oz.

110

Tone Generator

.33 in3

.282 oz.

76

VCO

.38 in3

.352 oz.

160

Commutator

2.48 in3

2.2 oz.

40

All major heat producing modules were designed in such a way that the heat producing
component fits into a heat sink mounted to the bottom of the system chassis.
Each module is assembled into a “mother board” which electrically interconnects the
system. All the modules are physically attached to each other with a solithane compound.
This prevents the movement of the individual units when the system is potted. After all
the modules are assembled to the “mother board” the assembly is placed into the chassis,
care being taken to insure that all heat producing components are seated securely in the
heat sinks mounted to the bottom of the chassis. The top cover is then installed and the
unit is filled with Scotchcast potting material. The potting is accomplished by vibrating
the system while pouring the Scotchcast through an access hole in the top of the cover.
After curing, the system is subjected to an acceptance test where each portion of the
system is checked electrically at ambient conditions and at the temperature extremes.
The system is then subjected to a random vibration test at 8.63g rms, during which time

all performance parameters are monitored. After vibration there is a final electrical
performance test at ambient conditions.
Thermodynamic Considerations The stringent size, weight and reliability
requirements dictates high packaging densities which made the thermodynamic
considerations very critical. To determine if the total heat dissipation in the system
would cause problems, a static and dynamic analysis was conducted assuming the system
to be essentially isothermal. This provided an early indication of expected temperature
rises shown below:
SYSTEM CALCULATIONS
Ambient Temp.
85EF
140EF

Stabilized Temp.
130EF
170EF

Rise EF
45EF
30EF

In order to determine if individual hot spots would occur within the system, each
component temperature rise had to be individually calculated. The calculations were
based on the mechanical design, location of components, and encapsulating material
used. Refer to Appendix A for a typical derivation of component heat rise.
The thermal design approach placed all power dissipating components in metallic heat
sinks which were directly connected to the base plate. This heat sinking technique
enabled the subassemblies to realize a very small heat rise above the base plate
temperature.
The actual temperature rise in the system was within the thermal rating of the individual
components. The maximum measured temperature within the system was 168EF versus
an allowable temperature of 175EF.
Reliability The EVCS is considered essential to mission success on the lunar surface.
As such a reliability goal of .9998 for the Telemetry Subsystem was required to be met as
a minimum. One of the methods employed to accomplish this was to apply derating
requirements to all components. The criteria for this derating is shown in the following
chart:

Each component selected for the Telemetry Subsystem was thoroughly investigated
concerning its performance history, failure modes, qualification status on manned flight
programs, etc.
All electrical components were subjected to screening test and power burn-in. Ever
integrated circuit, monolithic or hybrid, received a 200% pre -cap visual inspection
performed by the vendor and Sonex Quality Personnel.
Components having insufficient failure data or unique to the program, such as
transformers, chokes, and hybrid units were subjected to complete qualification tests
defined by Sonex.
Configuration Control Configuration control records were kept on every module in
every system such that each component and its test data was traceable back to a specific
manufacturing lot at each vendor.
Piece part control was maintained on the overall program. This control started at the
vendors where each component was serialized to identify it with screening tests, and
burn-in data. Serialization also permitted traceability back to the manufacturer’s lot
numbers of the raw material used in the manufacture of their particular component.
Sonex maintained this traceability by utilization of a Traceability Control Record (TCR).
The TCR was generated for each major subassembly in the Telemetry Subsystem. Ihe
TCR listed all the components and materials used in the applicable subassembly and
identified these parts by a minimum of purchase order number, procurement
specification number and revision and serial/lot number. The TCR was initiated as parts

were pulled from stock for subassembly kits and followed to the point of system
assembly. From this point on, traceability was via subassembly type and serial number.
Summary Within a very short procurement cycle and with tight mechanical constraints
and high reliability requirements imposed, a telemetry subsystem was designed and built
for the Apollo Extra-Vehicular Communications System. As a result of timely delivery,
circuit performance, environmental integrity and documentation control, the telemetry
subsystem met all the requirements of a highly reliable, qualified man-rated system for
use during lunar exploration and subsequent space programs.
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APPENDIX A
Component Thermal Analysis A component thermal analysis was conducted on each
part within the EVCS Telemetry Subsystem. The following is a sample of the method
used for calculating component heat rise.
Unit = Commutator Power Supply
R 18 = 320 MW dissipation
Q
= .320 x 3.413 = 1.09 BTU/hour
The unit will be constructed in the following manner:

Assuming that a steady state condition has been reached, the heat flow through the
various materials will be constant for a given temperature and can be expressed as
follows:

Q = BTU/hour
A = Area in Sq. Ft.
L =Thickness of material in inches
ta = 140 EF
L1 = .062
K1 = 1209 = AL
L2 = .001
K2 = 12 = Heat Sink Material
L3 = .062
K3 = 1209 =A1
L4 = .001
K4 = 12 = Heat Sink Material
Component Thermal Analysis
Solving equation for td

Therefore, it can be seen that the resistor R18 dissipating 320 MW will rise 1.43EF
above ambient.
This same procedure was used throughout the EVCS package to determine heat rise in
each component part.
It has been determined by actual test that the maximum heat rise in any component
within the system was 20EF which is within the reliability derating criteria for the worst
case component.

Figure 1 - Extravehicular Communicator Package

Figure 2 - Apollo EVCS Telemetry Subsystem

Figure 3 - Block Diagram

Figure 4 - Telemetry System Assembly

LOW COST WATER QUALITY MONITORING BY
RADIO TELEMETRY1
D. S. WOFFINDEN and A. D. KARTCHNER
Utah Water Research Laboratory
USU
Logan, Utah

Summary A radio telemetry water quality monitoring system has been designed and
constructed at the Utah Water Research Laboratory (UWRL). The system consists of a
central base station at the laboratory and remote field stations located in the river to be
studied. The remote field stations operate in the stand-by mode until interrogated from
the central base station. Each station is capable of monitoring dissolved oxygen (D. O.),
hydrogen ion concentration (pH), electrical conductivity, and temperature. Other
variables could be monitored by using appropriate sensors. The prime features that
characterize the UWRL system are low cost and relatively small size. These are both
realized through the use of printed circuit boards and integrated circuit amplifiers. The
remote station is small enough to be portable and can be installed either permanently or
temporarily at almost any river location with a minimum of effort. Such a system, costing
about $3,000 per field site, will make feasible the monitoring of water quality at points
which previously were uneconomical to investigate.
Introduction Water quality standards are now part of the legal code set up to control
water pollution. In order to ascertain that these standards are being met, it is mandatory
to monitor any river system over which control must be maintained. For optimum
usefulness, data on the monitored variables should be available on a real time basis at
any time throughout the 24-hour day. Remote sampling stations and a telemetry link
represent the most practical means of accomplishing this end.
There are presently systems available for telemetering water quality measurements.
However, these systems are typically large physical installations, such as semipermanent buildings or van-type trailers, which require external power and hard line
telemetry coupling with a central data receiving station. Therefore, a definite need exists
for a small, low cost system capable of measuring the most commonly monitored
parameters.
1
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A water quality monitoring system utilizing radio telemetry has been developed at the
Utah Water Research Laboratory. The system consists of battery-operated remote
sampling stations which measure a variety of water quality parameters and serially
transmit the data on call to a central calling and receiving station. Because the remote
unit uses radio telemetry and battery power, monitoring can be conducted at any desired
location, and site selection can be dictated purely by pollution measurement
considerations with little regard for proximity to power or telephone lines. The UWRL
system is small enough to be hand-carried to an installation site. This vast reduction in
size and a corresponding cost reduction ha-s been accomplished by the use of the latest
developments in solid state integrated circuits. A complete system, consisting of a central
base and one remote monitoring unit, costs less than $5,000. Additional monitoring units
can be added to the system for approximately $3,000.
Utah Water Research Laboratory System To test the feasibility of using radio
telemetry for water quality monitoring, a field system was constructed which used
battery operated, commercially available sensor units. The voltage outputs from each
separate unit were adjusted by signal conditioning circuitry to obtain a voltage level
compatible with a voltage controlled oscillator (VCO) which converted the signals to
frequency form for transmission on a radio frequency (rf) carrier. Such an approach,
although feasible, resulted in relatively high cost, much duplication of circuitry, several
different battery voltage levels for the different instrument requirements and a
considerable waste of space in the remote station housing.
To eliminate these undesirable aspects, a new consolidated system was designed. The
remainder of this paper will deal with the consolidated system.
The new unit was reduced in size considerably from the original by eliminating
unnecessary circuitry and by developing new circuitry for each individual sensor. In the
new unit, integrated circuits (IC) were used wherever possible. These IC’s, besides
reducing size and weight, have excellent temperature stability characteristics and low
operating currents. As each circuit was being developed, particular care was taken to see
that common battery voltages could be used. Through this effort, three voltage levels
were used (previously seven were required) and it was possible to get these from four 15
volt series-parallel connected batteries. The -15 volts being supplied by two batteries in
parallel because of the heavy drain during data transmission. The circuits were
constructed on separate plug-in boards so that modules could be repaired or replaced
easily.
The entire unit is housed in a portable fiber glass case (15x15x14) with connectors for
inputs from the sensors and for the cable to the antenna. The interior of the case is shown
in Figure 1. The top three plug-in boards on the left of the upper section contain the
timing, sequencing, and conversion circuitry. The fourth has voltage monitoring

circuitry. The bottom four boards are the analyzer circuits for temperature, conductivity,
and dissolved oxygen. The pH analyzer circuit is housed separately because it is a high
impedance instrument and must be shielded from stray leakage paths and noise pickup.
The radio transmitter-receiver is located in the upper right section. A calibrate switch
and skip switch are provided for field checking the unit. The four rechargeable batteries
are mounted in the bottom section of the case.
A typical field installation is shown in Figure 2. The case is mounted on the antenna
support mast which is located adjacent to the stream. The water quality probes are
mounted on a float and the probe leads enter the bottom of the case through water-tight
connectors. The entire system, including probes and antenna, weighs less than 50 lbs.
and can be easily carried by one man. The installation is completely self-contained
including enough battery power for two months unattended operation. Increasing the
period of unattended operation as far as batteries are concerned is merely a matter of
obtaining batteries of larger capacity. At this point in probe development, some probes
should be checked at least monthly so that a more expensive battery is not justified.
Water Quality Sensors The dissolved oxygen concentration of the water is measured
with a voltage generating cell-selective membrane probe. The oxygen dissolved in the
water diffuses through a selective semi-permeable (polyethylene) membrane to a silver
cathode where it is reduced. An electrolytic solution forms a conducting path between
the cathode and a lead anode. The generated voltage is proportional to the concentration
of oxygen in the water. This voltage is fed into a Fairchild FA. 741 IC amplifier for
interfacing to the VCO. Periodic calibration is necessary because of deterioration of the
lead anode. Eventually (approximately five months) replacement of the anode,
electrolyte, and membrane are required.
The measurement of pH (hydrogen ion concentration) is accomplished by the use of a
glass membrane combination probe, i.e., the reference electrode is included in the
assembly. The probe output is fed through a Burr-Brown instrument type amplifier with
1011 ohm input impedance. The high impedance amplifier is necessary to prevent loading
of the probe and to provide isolation from the natural electrical ground produced by the
impurities in the water and the material of the stream bed.
With such high impedances it is necessary to use great care in construction both to
eliminate stray leakage paths and to minimize noise pickup in the input. A triaxial cable
is used to provide shielding and to eliminate leakage resistance variation in the ground
circuit.
The temperature is measured by a thermistor with a linear voltage-temperature
relationship. This facilitates data reduction ease and accuracy. A high degree of accuracy
is necessary because the temperature value is used to correct for temperature dependence

in the D. O. and pH measurements besides being a quality parameter of interest in its
own right.
Conductivity is measured with an externally excited null balancing probe. The probe is
excited by a 500 Hz signal which produces a voltage gradient across the probe sampling
elements. The voltage across these elements is used in a negative feedback system to
maintain the voltage output constant. The conductivity measurements are made by
monitoring the changes in probe excitation necessary to keep the output from the probe
sampling elements constant. This signal is an AC voltage which is amplified, rectified,
and filtered before being used to modulate the VCO to transmit conductivity data. The
probe is particularly good for remote monitoring because it is very rugged and immune
to effects of fouling by deposits or growths on the electrodes. The electrodes are stainless
steel and require no special coating so that unattended service life is quite long (six
months or more).
System Operation The remote station operates in a stand-by mode awaiting a call
from the central base station. In this stand-by condition, the receiver unit requires about
4 ma, which represents two months of battery life.
The system (Figure 3) is switched from receive to transmit when two audio tones sent
from the base station are received which excite two resonant reeds. Each remote station
has its own unique calling frequencies. These frequencies are transmitted in series, first
the highest then the lowest. A holding circuit sustains the effect of the higher frequency
reed until the low frequency reed closes. This two-reed system gives some immunity
from accidental triggering without unduly complicating the circuitry. The resonant reed
relay circuit initiates the sampling process.
Timing and switching circuitry steps the station through a sampling period for each
parameter being measured. In addition to the water quality parameters, one period of the
transmission is devoted to a check of battery discharge rate and condition. The alkaline
rechargeable batteries used to power the, system are irreparably damaged if allowed to
discharge too much.
The voltage outputs of the probes are conditioned by the associated circuitry so that each
falls, in the range of 0 to 5 volts. These voltages are sequentially switched into the VCO
where they are converted to frequencies which are then transmitted to the central base
station. To interpret the transmission, the frequency is counted and, through calibration
curves, converted to individual parametric values.
System Cost The system developed at the laboratory is relatively low in cost. The cost
for equipment and assembly labor for one field station is approximately $3,100. The
probes and signal conditioning circuit (for the four parameters measured) represent about

$1,000, the telemetering and control system close to $1,200, and fabrication costs
account for the remaining $900.
The central base station is manually operated and consists of a transmitter-receiver, an
omni-directional antenna, an audio oscillator for generating interrogation signals, and a
frequency counter. The base station equipment costs about $1,750 and is capable of
handling as many remote stations as are desired. If automatic readout is required, it
becomes necessary to interface the basic components of the system with an automatic
control system and a data recorder.
Conclusions It is necessary that low cost systems for water quality measurement be
developed to handle the ever-increasing needs of states and industries to measure the
quality of the water. Since many units will be required, the low cost of the system is
important.
The system described by this paper has been shown to perform successfully in the
natural river environment. It is an important contribution to the area of water
measurement especially to those areas (such as the Western states) where power lines are
not available at river points where monitoring should be conducted. Coincident with the
lack of power lines is the lack of adequate road systems. A portable system is, therefore,
extremely desirable. The present battery-operated system is portable and can be easily
installed or removed.
An additional feature of telemetered data is its timeliness, since sampling is not limited
to weekdays and daylight hours. To adequately assess a stream’s quality, it is desirable to
be able to conveniently sample the parameters of interest at any time. Many stream
parameters reach potentially critical levels during night-time hours when manual
sampling is generally not conducted.

Figure 1 - Interior View of UWRL Remote Station.

Figure 2 - Field Installation of UWRL Remote Station.

Figure 3 - Pictorial Representation of a Base Station and One Remote Site.
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Summary A high frequency data transmission system which is unaffected by high
energy electromagnetic fields is described. The system utilizes a gallium arsenide (GaAs)
infrared light emitting diode as the transmitting source, a glass fiber optic light guide as
the transmitting medium, and a photomultiplier tube (PMT) as the optical receiving
sensor. The photomultiplier output is displayed on a real-time wideband oscilloscope
where it is permanently recorded on film.
The overall system concept was chosen and each major component type was evaluated
for optimum performance in this application. It was determined during the feasibility
phase of the program that cryogenic cooling of the GaAs diode would be necessary to
obtain high frequency response and high signal to noise ratio (SNR). Liquid nitrogen
(LN2) was chosen as the cryogen due to its low temperature, low cost, availability, and
relatively long holding time.
The described system results in a 40-ft fiber optic, analog data link with a frequency
response of 80 MHz and a dynamic range of 32 db. The system is not susceptible to
electromagnetic fields.
Introduction Many electronic systems require testing in an electromagnetic pulse
environment. The induced current data which result from this type of testing must be
monitored, processed, and recorded for subsequent data reduction and analysis. The data
must be of high quality, requiring the use of a data transmission system which is
impervious to the applied electromagnetic field, has high frequency response, and wide
dynamic range.
Alternative Solutions There are several methods by which data may be transmitted
through an electromagnetic field. Each method exhibits unique problems, depending

upon the particular application. One method employs an RF transmission link which may
be limited in the quantity of data channels processed on a given test due to bandwidth vs.
inter-channel crosstalk considerations. An RF transmission link is also susceptable to
external noise disturbances which may enter the system at the transmitting or receiving
antenna; and a line-of-sight must be maintained between the transmitting and receiving
antennas.
Another possible method would be the use of a continuous-wave laser, amplitude
modulated by the analog data signal. Although this method shows great promise, based
on the results of laboratory tests, it requires the development of a modulator for the laser
beam to meet the requirements of the system with respect to SNR and dynamic range.
The Solution The third method would make use of electro-luminescent GaAs diodes
and fiber optic light guides to transmit the data to an optical receiver. This method was
chosen because it was believed that the technology for a system of this type was
sufficiently advanced to enable production of a data transmission link which would not
require extensive research. Also, this system would not be limited in channel quantity
and does not require line-of-sight provisions between transmitter and receiver.
An attempt will be made in this paper to show some of the refinements that may be
applied to an optical system of this type and how the refinements result in system
performance characteristics exceeding those of previously reported work. The basic
system block diagram is shown in Figure 1. A photograph of an operWe laboratory
model is provided in Figure 2. The cryostat and diode array shown will accommodate 12
GaAs diodes and fiber light guides. A delay line is mounted beneath the chassis.
System Description Upon application of an external EMP field, signal current will
flow in the primary of the transducer, which is a current probe. The primary current
varies from ma to hundreds of amperes, depending upon the level of the EM field. The
transfer impedance of the current probe is approximately 1S, or a 1-a current in the
primary results in a secondary voltage of 1v across 50S. The applied EM field is
simultaneously sensed by the detector antenna, which energizes the bias insertion
network. This network generates a bias pulse 10 Fsec long and of sufficient amplitude to
inject a 500-ma current pulse into the light emitting diode. The probe input signal passes
through the coax switch and a 50 nsec delay line to an attenuator. The delay line is
required to enable the GaAs diode to become fully forward biased by the step from the
bias insertion network. The attenuator is required because of the approximately 120-db
range of inputs which may be obtained as a result of the amplitude of the applied EM
field. The signal will be attenuated if required and applied to the amplifier system, which
will be described in detail later. The outputs of the two power amplifiers are impedance
matched and applied to the GaAs diode, which is cooled to liquid nitrogen temperature

(77EK). The infrared light output fromth6 diode is directed into a 40-ft glass fiber, optic
light guide. The output from the light guide is collected by a photomultiplier tube and
terminated at a wideband real time oscilloscope.
The system includes calibration provisions consisting of a fast rise, repetitive pulse train
which is used as the calibration signal, and also as the applied EM field simulator which
energizes the bias insertion network. The calibration pulse train is attenuated in the
“calibrator attenuator” according to the voltage amplitude that is required to closely
simulate a given current probe input. The system end-to-end gain, frequency response,
linearity, dynamic range, and SNR may be determined by monitoring the pulse train at
the oscilloscope.
The data of interest contain frequencies as high as 80 MHz and the duration of the data
may be as long as 10 Fsec. The current probe used to monitor these data has a frequency
range of 80 kHz to 100 MHz for a ±2-db maximum variation in transfer impedance. The
primary RIP current range of the probe is limited to a maximum of 100 a at a 0.001-pulse
duty cycle.
The link will be discussed in terms of the components which comprise the overall
system, and they will be arranged in the sequence of signal flow as follows: transmitter,
fiber optic link, receiver, and data recorder, followed by a discussion of system
performance.
Transmitter Two of the basic requirements for the amplifier system are high frequency
response and current drive capabilities. It was determined that the optimum GaAs diode
response time is obtained when a resistor is placed in series with the diode to reduce the
effect of the diode’s dynamic impedance. This will be discussed in detail later in this
section. The preamplifier has a frequency response from 5 KHz to 400 MHz, a noise
figure of 6 db and a gain of 36 db; a 50-S power splitter to enable use of two power
amplifiers operating in parallel; and two pulse-optimized power amplifiers with a rise
time at full power output of 1.6 nsec, a gain of 30 db, and a noise equivalent input of
25 Fv. The combined amplifier system results in a net gain of 60 db and a rise time
response of 1.7 nsec. Each of the two output amplifiers has an output impedance of 50 S.
The amplifier system described has a maximum output drive capability of 20v peak-topeak and 800 ma peak-to-peak. The amplifiers are produced by Avantek, Inc.
The transient data to be telemetered are bi-polar and analog in nature. Therefore, the
GaAs diode, which emits radiation when biased in the forward direction, must be biased
“on” previous to the time the data appear so that the negative-going portions of the
waveform are not clipped. The diode must also be sufficiently biased in the forward

direction so that the maximum excursion of the data waveform in the negative, -or in the
direction to decrease the current through the diode, does not drive it into or near the
cutoff region, because of the nonlinear optical characteristic in this region.
The method by which the bias step is generated and applied to the GaAs diode has been
described. The higher the level of this bias step, the greater the available system dynamic
range will be. However, two factors limit the level of bias that can be used. The first
limit is the heating effect in the GaAs diode, which is a function of bias step width as
well as the amplitude. The second and limiting factor was found to be the maximum
driving current output capability of the power amplifiers.
In order to accommodate the longest expected data duration a 10 Fsec bias step is
necessary. The output radiation of the GaAs diode is a function of temperature, as shown
in Figure 3. Various GaAs diodes differ greatly irk the character of this relation, and the
curve shown is typical of the type used in this system. If the diode warmed excessively
during the bias step, a non-linear effect would be introduced into the data. A bias step of
1.0 a was applied to the diode and its width increased while observing the optical power
output. It was found that the emission level did not drop due to heating until the bias step
width exceeded 100 Fsec. Therefore, heating during the 10 Fsec, 500 ma bias step used
in the system is not sufficient to affect the optical output of the diode.
It will be shown that the optimum load, in the form of a resistance in series with the
GaAs diode, is 25 S . A wideband amplifier capable of driving a 25-S load was desired
and the amplifier system which was used to perform this function has been described.
The maximum current-driving capability of the amplifier system working into 25 S is
800 ma peak-to-peak or the maximum output signal range from the amplifier system is
from +400 ma to -400 ma. Therefore, the bias insertion network must supply a forward
current bias step to the diode in excess of 400 ma to ensure that the data signal does not
cause the diode to become reverse biased. It was found that a bias step of 500 ma from
the bias insertion network is sufficient to keep the diode operating in the linear region at
all times. Under these conditions the maximum dynamic current through the diode will
range from 100 ma to 900 ma resulting from an 800 ma peak-to-peak input signal.
Because the optical power output of a GaAs diode is proportional to the current through
the diode, it would be appropriate to use the lowest possible matching impedance in
series with the diode. In order to obtain a given current through the diode, less voltage
and output power would be required of the amplifier. Initial attempts, therefore, used an
amplifier with an output impedance of less than two ohms, which was capable of driving
directly into the GaAs diode. In these early experiments, the diode was connected
directly to the amplifier so that the problem of matching the transmission cable to the
load could be temporarily circumvented.

Operating directly into the GaAs diode was found to be impractical because the dynamic
impedance of the diode is not constant in the required operating range. The effect of this
changing dynamic impedance was an increase in rise time and system non-linearity. The
dynamic impedance of the diode was measured to be 0.5 S at a forward current of
100 ma. If the amplifier driving the diode is not a true current source, the change in
dynamic impedance of the diode due to the varying signal amplitude results in system
non-linearity. Amplifiers with the required bandwidth and power output are generally not
current sources but are either voltage or power sources; therefore, if the load varies about
a nominal 0.5 S, both the voltage across it and the current through it change. If a
resistance is placed in series with a GaAs diode, the changing dynamic impedance of the
diode will have less affect on the total effective load and, consequently, the current
through the load. In addition to these considerations, amplifiers evaluated for this
application showed undesirable distortion and frequency response degradation when
working into loads of much less than 25 S. The amplifiers selected for use in the system,
used two in parallel per channel, are limited in output to ±10 v and +400 ma. Under these
constraints 25 S is the obvious choice since a standard 50-S coaxial cable from each
amplifier summed together at the load provides maximum power transfer to the load.
Therefore, 25 S was selected as the most suitable matching load resistance.
Cooling the GaAs diode to LN2 temperature has three significant advantages over room
temperature operation:
1)

The efficiency of the diode increases greatly (see Figure 3). This increased
efficiency results in greater signal-to-noise ratio and greater system dynamic
range.

2)

The rise time of a GaAs diode improves as the diode is cooled. Diodes of the type
used in the system provide a system rise time of 4. 5 nsec when at LN2 temperature
and a rise time of only 15 nsec at room temperature.

3)

The wavelength emitted shifts from 9100 A at room temperature to 8400 A at
77EK. The spectral response of an S-1 PMT is generally peaked near 8000 A (see
Figure 4). Therefore, the GaAs emission is more closely matched to the peak
response of the PMT when operated at 77EK.

A relatively simple LN2 cryostat (see Figure 5) capable of maintaining an array of
12 GaAs diodes within 3EK of LN2 temperature for 4 hr, on a single filling, was
constructed. The cryostat has a volume of 3 liters and is shaped for efficient use of the
space allotted for the transmitter section. The basic structure is fabricated from stainless
steel and the entire container is insulated with a 1-in. thick layer of polyurethane rigid
foam. A cold finger extends from the cryostat cold mounting surface internally

approximately 5 in. to provide maximum temperature stability at the diode array
interface. The cold finger is made of 1-in. diameter oxygen-free high conductivity copper
and is terminated at the exterior cold mounting surface which is finished to a flatness of
better than 0.001 in. TIR and a maximum surface roughness of 0.00016 in. to provide a
high thermal conductivity mounting surface for the GaAs array. The components
described, and their relation to the fiber optic light guides and light guide retainer, are
shown in Figure 5.
Vacuum-type cryostats may be used in this application to provide longer operating times
while remaining within the same physical volume. However, the much greater cost for a
vacuum cryostat was not justified because a holding time of 4 hr. was adequate to meet
the system requirements; the additional LN2 dissipated in the polyurethane-insulated
cryostat is relatively inexpensive.
The GaAs diodes must be protected from the atmosphere when they are cooled to
prevent condensation of water which may cause damage to the diodes. To accomplish
this, the copper fixture on which the diodes are mounted and the stainless steel fiber light
guide retainer are separated by a nylon insulating spacer which provides a channel
through which dry nitrogen gas may flow (see Figure 5). The gas is obtained from boiloff of the liquid nitrogen within the cryostat. As the cryostat is being filled the boil-off
occurs very rapidly until the cryostat has cooled appreciably. Therefore, the channel is
automatically purged of air before the diodes cool to the dew point. When the cryostat
has been depleted of LN2, a dry nitrogen source is connected to the fill input to keep the
diodes free of frost as the unit warms to ambient temperature. This dry nitrogen flow is
required for approximately 1 hr after LN2 exhaustion. If use of the system is required for
longer than 4 hr, liquid nitrogen may be added to the cryostat. The nylon insulating
spacer described above also provides thermal isolation between the diode array and the
ambient atmosphere.
The heart of the transmitter in this system is the GaAs infrared light emitting diode.
Literature on the fabrication, electrical properties, and optical properties of this type
semiconductor device is quite extensive(2), (3). Several different techniques are
employed in the fabrication of these electro-luminescent diodes. GaAs diodes can be
fabricated in the form of coherent light sources (injection lasers) or non-coherent
sources. The techniques involved in the fabrication of these two types result in
differences in their properties even at low currents where both are non-coherent emitters.
The laser diodes do not begin to lase, or produce light by stimulated emission, until a
threshold peak current of 1 a or more is reached when the diode is operated at 77EK. The
lasing threshold is even greater at room with faster response times are available, but the
active area of these devices is so small that efficient coupling of the radiation out of the
fiber optic light guide is very difficult. These considerations lead to the choice of a PMT
as the most suitable detector for this application. Avalanche solid-state photodiodes are

becoming available which may offer a superior detector, but for the present application
they are not considered reliable or stable enough for field use.
The PMT used in the system is the RCA 7102. This is a 10-stage S-1 PMT. The spectral
response characteristic of the S-1 photocathode surface is shown in Figure 4. The
diameter of the active photocathode is 1.24 in. The fiber optic light guide is easily
coupled to this PMT by positioning the light guide termination against the PMT window.
Although the GaAs emitters could operate at 500-ma forward current continuously, the
background radiation level produced would cause the maximum average anode current
rating of the PMT to be exceeded. It is for this reason that the bias step is provided for
only 10 Fsec during which time the data are transmitted.
As the system was being developed, greater signal levels were delivered to the PMT, and
it became necessary to decrease the number of PMT dynodes used in order to remain in
the linear region and avoid saturation. In the final configuration, only 5 dynodes are used
as gain stages. Dynodes Nos. 6 through 10 and the anode are connected together and act
as the electron collector for dynode No. 5. The voltage between dynode No. 1 and the
cathode is set at the maximum rating of 400 v to reduce noise caused by the statistical
fluctuation of secondary emission(8). The total voltage across the divider network is
nominally 1 kv. A potentiometer is used to adjust this total voltage to vary the PMT gain
so that the individual channels of the system may be balanced. Capacitors shunt the
divider resistors on the last three PMT dynode stages to provide additional pulse current
surge capacity. A magnetic shield surrounds the PMT.
The lead from the dynode No. 6 collector to the output connector is as short as possible
to minimize output reactance and maintain high frequency response. The output of the
PMT is coupled to the oscilloscope through low-loss coaxial cable where it is terminated
in its characteristic impedance.
Data Recorder One of the significant limitations on the frequency response of this
system is the data recording device which is a real time oscilloscope. The current probe
data obtained from electromagnetic pulse tests is usually of a nonrepetitive nature;
therefore, a sampling oscilloscope which has much higher frequency response is not
useable. The oscilloscope used in this system is a Tektronix Type 454 in conjunction
with a C31 trace recording camera and Polaroid 10,000 speed film. The oscilloscope has
a 150 mHz bandwidth and a rise time of 2.4 nsec when used with a minimum sensitivity
of 20 mv/div.
Oscilloscopes with bandwidths from dc to 1 GHz are available, but the signal resolution
is very poor due to the small CRT display (2 cm x 6 cm). Instruments in this frequency
range generally exhibit vertical deflection factors of approximately 10 v/cm whereas the
output voltage of the photomultiplier in this system is on the order of 100 mv. The use of

an amplifier would provide a full scale deflection, but the poor resolution and dynamic
range would still exist making the system unacceptable.
System Performance The system performance characteristics discussed in the
following paragraphs refer to the system from the pre-amplifier input to the oscilloscope
display. The measured characteristics are:
System input sensitivity:

Output noise level:
Maximum output signal:
Maximum SNR:
Dynamic range:
Linearity:
Response time (tr):

240 Fv (input signal required to produce a SNR of
1:1, where SNR is the peak signal to peak-peak
noise ratio)
3 mv p-p
120 mv peak
40:1
32 db
±5% over entire dynamic range
4. 5 nsec to input step with 1 nsec rise time.
Figure 8 shows an oscilloscope photograph of the
system response to the 1-nsec step input.

The upper 3-db frequency (f2) for the system, excluding the current probe, can be
calculated from the 10 percent to 90 percent rise time and is given by f2 = 0.35/tr = 78
MHz. The current probe used with the system has a 1-S transfer impedance, which is flat
to within ±1 db at the high frequency end out to 80 MHz, where the transfer impedance
is +1 db. This increases to +3 db at 110 MHz. Therefore, when this current probe is used
in the system the upper 3 db frequency of the system is greater than 80 MHz.
The theoretical performance of the system based on the individual component
specifications will now be calculated. In particular, the system rise time and maximum
SNR will be calculated. The rise time capabilities of the individual components are:
Amplifier:
GaAs diode:
PMT:
Oscilloscope:
Input step rise time:

1.7 nsec (measured with 0.25 nsec rise time step
input and an HP 185 sampling oscilloscope)
2.0 nsec (specified typical value)
2.4 nsec (specified typical value)
2.4 nsec (Tektronix 454)
1. 0 nsec (HP 215 pulse generator)

The rise time of the system (tr) is given by the square root of the sum of the squares of
the individual components rise times, or tr = [(1.7)2 + (2.0)2 + (2.4)2 + (2.4)2 (1.0)2 ] 1/2 =
4.6 nsec, which is in close agreement with the measured value.

In order to calculate the theoretical maximum SNR, several PMT parameters must be
determined. The photocathode radiant sensitivity (q) at 8400 A is 3 x 10-3 a/w for the
RCA 7102 PMT, which was selected for high q. The current gain (F) of the PMT using
5-dynode gain stages as described in the receiver section can be determined from the
secondary electron emission coefficient as a function of dynode voltage(8). The first
dynode was operated at 400 v, and the remaining 4 dynodes at 120 v. The secondary
electron emission coefficient of the Ag-MgO-Cs dynode at 400 v is 7.4 and is 4.0 at
120 v. Therefore, the PMT current gain is F = 7.4 x (4)4 = 1900. The P MT total radiant
sensitivity (p) is p = Fq = 5.7 a/w. The measured light guide transmission is 2.5 x 10-2,
and the measured GaAs power output at a forward current of 400 ma is 14 mw. The
mirror configuration used with the GaAs diode insures that very nearly all of the emitted
radiation is directed into the fiber optic light guide within the acceptance angle. The peak
power incident on the PMT, when the maximum input signal is applied to the transmitter
pre-amplifier is, therefore,

and the PMT output current is
Since the PMT is working into 50 S, the maximum output signal would be (2.0 x 10-3 a)
(50 S) = 100 mv. The measured value was 120 mv.
The theoretical noise is calculated from the rms shot noise current formula,

temperature. Since the peak current used in this system does not exceed 90 ma (500 ma
step plus 400 ma signal), the diode does not operate in the coherent mode although it is a
laser type GaAs diode. The laser diode was selected after extensive evaluation of many
diodes of each type because these diodes were found to have faster response times and
about equal conversion efficiency at the low peak currents used in the system.
The dimensions of the diode selected for use in the system are 0.004 x 0.004 x 0.020 in.
The radiation is emitted from the junction of the diode which approximately bisects the
0.004 x 0.004 face, and runs the length of the diode. The diode is mounted so that the
0.004-in. junction length is directing the radiation outward to be collected by the fiber
optic light guide. A small mirror constructed of polished gold ribbon is mounted on each
side of the diode to collect the radiation emitted from the sides. The resulting diode
configuration is shown in Figure 6.

The peak wavelength emitted at room temperature is 9100 A, and decreases to 8400 A at
77EK. The spectral line width is typically 400 A at room temperature and 150 A at 77EK.
It was found that the addition of the gold mirrors typically increased the quantity of
radiation collected by the fiber optic light guide by a factor of two. The output power of
the diode is directly proportional to the current through the diode for peak currents up to
80 a in pulsed operation at 77EK. This is true for pulse widths on the order of 10 Fsec
and at low repetition rates. The peak output power of the diode type used in the system
was measured to be 35 mw at 77EK, with a 1.0-amp, 1.0-Fsec pulse input. These laser
diodes are produced by Electro-Nuclear Laboratories.
Fiber Optic Link The distance over which the data are to be transmitted is 40 ft. Two
mediums of transmission of the optical information to the receiver locations were
evaluated, i.e. , a collimated beam and a fiber optic light guide. The geographic location
of the transmitter and receiver stations are such that the collimated beam technique is
impractical. That is, several accurately-aligned mirrors would be required to guide the
beam and the vibration environment associated with the test facility would not allow
maintenance of the required optical alignment. Therefore, fiber optic light guides were
selected over a lens and collimated beam system, even though the optical losses are
greater. In this way alignment problems are completely eliminated.
Fiber optic light guides conduct light, including infrared, by the phenomena of total
internal reflection. The individual glass fibers making up the light guide are of refractive
index n1. A thin glass cladding of lower index n2 surrounds each fiber and causes light to
be completely reflected at the interface over a certain range of incidence angles. (See
Figure 7.) If the ray is incident from a medium of refractive index n0, then

The term n0 sin "m is the numerical aperture (NA), and is measure of the light gathering
power of the light guide. For the light guide used in this system, n1 = 1.62 and n2 = 1.52,
therefore, n0 sin "m = 0.56, and since the light enters the light guide from an atmosphere
of dry nitrogen gas, n0 = 1.0, the maximum acceptance angle is 35 degrees.
Another important parameter of the light guide is the transmission. The transmission
losses within the fiber are due to reflection, scattering, and absorption. The transmitted
intensity (I) is related to the incident intensity (IO) by

where $ is the attenuation coefficient and L is the length of the fiber. $ is both incidence
angle and wavelength dependent. A typical value for $ is 2.5 x 10-3 cm-1 at 8400 A. For
the 40 ft fiber the transmitted intensity is

This accounts for the losses in the fiber only. There are also reflection and packing
fraction losses at the insertion end, and reflection losses at the exit. Nominal values for
these are 30 percent and 10 percent, respectively. Therefore, the total transmission is
(0.048) (0.7) (0.9) = 0.030, or 3 percent. The measured transmission was 2.5 percent at
8400 A. The diameter of the light guide is 0.125 in. and the nominal individual fiber
diameter is 0.003 in.
Additional theory and characteristics of fiber optics may be found in the literature(4).
Receiver The function of the receiver is to convert the amplitude- modulated, infrared
radiation signal to an electrical signal which can be displayed on the recording
oscilloscope. The receiver output signal is a reproduction of the current waveform
monitored by the current probe. The transfer function of the system is determined by the
amplifier gain, GaAs diode conversion efficiency, light guide transmission,
photomultiplier (PMT) sensitivity, and PMT gain. The system transfer function (current
probe to oscilloscope) is nominally set at 12.5 mv/ma and is controlled by adjusting the
photomultiplier gain.
The sensor selected for the receiver is an S-1 PMT. The only other detector capable of
competing with the PMT at 8400 A and responding in the low nsec region is the solidstate silicon photodiode. The PMT has a clear SNR advantage in the direct detection of
amplitude modulated low level signals at frequencies above a few MHz when operating
under low background conditions(5), (6). A wideband amplifier must be used with a
solid-state photodiode because of its low level output. In order for a solid-state
photodiode to respond at high frequencies it is necessary for it to work into a small load
resistance. This makes the RC time constant of the circuit short enough to pass the
desired high frequencies, where R is the amplifier input resistance and C is the
photodiode junction capacitance, plus the input capacitance to the amplifier. For very
low values of amplifier input impedance, the photodiode internal resistance must also be
considered. With a small load resistance, the Johnson noise current becomes the
predominant noise source. The rms Johnson noise current is given by ij = [4k T )f/R]1/2,
where k is Boltzmann’s constant, T is the temperature in EK, and )f is the bandwidth.
The PMT is shot-noise limited, therefore, as the background radiation increases, the
noise in the PMT increases. The noise in the solid-state photodiode does not increase
until the shot noise component approaches the Johnson noise level. As the system is
operated, the 500-ma bias step to the GaAs infrared emitter produces a strong

background level out of which the signal must be detected. Under these conditions, it
was found experimentally that the solid-state photodiode was capable of providing a
somewhat greater SNR. Considerable care was required to couple the light from the light
guide to the small area photodiode. The photodiode must necessarily be of small area to
keep the junction capacitance low.
The system response time using the PMT is 4.5 nsec. Since the PMT alone has a rise
time of 2.4 nsec, (7) it can be shown that the other system components together have a
rise time capability of 3.8 nsec. The system response time using a photodiode detector
and wideband amplifier was measured to be 7.0 nsec; therefore, the response time of the
photodiode/amplifier combination must be 5.8 nsec. The receiver amplifier used with the
photodiode has a measured rise time of 2.0 nsec; therefore, the photodiode rise time is
5.4 nsec. Two types of solidstate photodiodes were evaluated with approximately the
same result. The manufacturer’s specified rise times of these photodiodes are 3 and 4
nsec. Photodiodes
where
e = electron charge (1.6 x 10-19 coulombs)
)f = system bandwidth (78 x 106 hz)
B = statistical factor (1.54) (Ref. 8, p. 56)
m = secondary emission ratio of first dynode (7.4)
Id = dc background current of photocathode.
The background current (Id) at the photocathode is caused by the 500-ma GaAs bias step.
This current can be calculated from the previously given parameters and is

with these parameter values, in = 1.2 x 10-5 amp rms, and the rms shot noise voltage at the
oscilloscope is en = in x (50 ohms) = 0.6 mv rms. The noise voltage of the system, as
observed on an oscilloscope, is approximately 3 mv p-p. Measuring noise on an
oscilloscope is a qualitative procedure and it has been found in working with this type of
noise measurement that what is measured on an oscilloscope as p-p noise is typically 5
times the actual rms noise as measured by a wideband true rms voltmeter. Therefore, the
theoretical and measured system noises are in reasonably close agreement.
Conclusions This system provides for the transmission of analog or digital data
through an electromagnetic field without introducing a disturbing element into the
applied field and without experiencing system interference due to the applied field.
Although the fiber optic link is not susceptible to the field, the electronics required for

the transmitter and receiver must be adequately shielded to prevent interference from the
applied field.
A system of this type provides a completely private communication link which can be
operated without an FCC license. The quantity of channels is not limited by carrier
frequency or crosstalk considerations. The number of channels used in a given system is
basically a function of the space available for the total system because the only major
components shared by all channels is the cryostat and power supply. Inasmuch as each
datum channel is essentially a separate system, virtually no interchannel crosstalk exists
provided normal precautions are taken regarding the power supply filtering and
grounding schemes.
This system was designed to transmit a distance of forty feet and system performance in
the areas of SNR and dynamic range improves appreciably as the transmission distance
is decreased. Conversely, as the length of the fiber optic light guide is increased, the
SNR and dynamic range are degraded.
The system performance can, in theory, be improved several ways. First, the amplifier
system’s output power could be increased in conjunction with the bias step level. This
would improve SNR and dynamic range by an amount equal to the square root of the
increase factor of the bias step amplitude as observed on the oscilloscope. The use of a
diode with a lasing threshold low enough to permit operation of the system in the lasing
mode would improve SNR, dynamic range, and possibly frequency response. A fiber
optic light guide with improved transmission characteristics would also result in
improvements in SNR and dynamic range.
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Summary This paper discusses some ideas about data system standards which have
been developed at the Goddard Space Flight Center (GSFC) of NASA over a period of
about nine years, mainly as the result of experience gained in using the Space Tracking
and Data Acquisition Network (STADAN), a collection of tracking, command, and
telemetry stations for ground support of scientific satellites. The authors have found that
the purposes and uses of data system standards are often misunderstood. To aid in
clarifying this situation, they have described the growth and current implementation of
the working approach to standards at GSFC. This approach is conditioned by the
operating environment and by a number of administrative decisions, which are
discussed. The areas ‘ included in the existing GSFC standards and some of those
planned for future coverage are described, and some considerations bearing on the
feasibility of combining GSFC and other data system standards are examined.
Introduction GSFC has maintained its own standards activity, the Data Systems
Requirements Committee (DSRC), since 1960, and has developed a group of data system
standards which differ substantially from the best known standards in this area, the MIG
106 series Telemetry Standards (currently 106-66)1. A simplified diagram of the systems
to which these standards apply is shown in Fig. 1.
Standards of this type, called “system standards”, are only remotely related to the
standards most people think of when the subject is mentioned: namely, such things as a
platinum-iridium meter bar or standard capacitor preserved at the National Bureau of
Standards at Gaithersburg, Maryland, and elsewhere. Such devices are used primarily to
ensure reproducibility of measurements at different places and times, and as such are of
great importance to technology., Data system standards, on the other hand, are useful
mainly to promote compatibility between the complex data systems in use today and to
establish tolerable performance thresholds. Because the names of both types of standards
are similar and because the same user groups tend to be concerned with them, users and
even groups charged with writing system standards, occasionally misapply measurement
criteria to data system standards. The purpose of this paper is to define and discuss a
reasonable approach to the development and use of data system standards, with emphasis

on how the standards approach functions as an efficient means for coordinating diverse
requirements.
History The committee responsible for developing system standards at the Goddard
Space Flight Center was created by the Center’s Director in 1960 for two basic reasons:
it was felt important for the purpose of economy to eliminate needless redundancy in
data system development; in addition, various situations arising in checking and
operating the spacecraft then extant had illustrated the necessity for guaranteeing a
minimum level of performance (especially with respect to security in command systems).
The telemetry standards adopted were based an systems then in use: the PC24 standard
followed the Orbiting Geophysical Observatory (OGO) satellite, while the PFM (Pulse
Frequency Modulation) standard followed the Explorer XII telemetry system.
The requirement for establishing a minimum performance criterion was illustrated
sharply when certain spacecraft exhibited false command responses with simple tone
command systems with no spacecraft address. Experience showed that, both before and
after launch, false Commanding by non-N&SA transmitters might occur. In fact, the
Alouette spacecraft (S-27) initially experienced extraneous commanding during its
ground testing phase because of RFI and hence the command system was changed to the
GSFC standard address system. The orbiting spacecraft was also equipped to record the
receipt of extraneous tones. Now the longest lived satellite supported by GSFC, Alouette
has not had trouble with false commanding of the spacecraft in spite of routinely
experiencing numerous false tones per orbit. This performance is due to the
discrimination provided by the address scheme.
In the period of standards activity at GSFC, the ground installations have increased
greatly in complexity and the investment has grown accordingly. The equipment
complement at various stations has been increased to include, to name only a few
systems, Goddard Range and Range Rate (GRARR) systems to augment the Minitrack
tracking capability, 5 kw command transmission systems, multifunction phase-lock
telemetry receivers, versatile PCM Data Handling Equipment (PCM/ERE), 85-foot dish
antennas, etc. The total value of this complex exceeds 100 million dollars. The output of
the STADAN stations is distributed to three principal areas (see figure) at GSFC, each
representing a major investment: Telemetry Process Facility, Satellite Control Centers,
and GSFC Computation Facility. The Goddard standards have developed into a major
tool for insuring an efficient passage of data through this complex.
Environment for Standards At GSFC, data systems standards are written primarily to
promote compatibility between future satellite project requirements (which tend to be
unique) and the already established capabilities of multi-project data-system ground
installations. Thus system standards typically represent constraints placed on spacecraft
systems design by the ground systems that will support them. As a result, a natural and

usually constructive contest sometimes develops between the designers of unique
systems who want ultimate flexibility and peak performance, and the multi-project
people who want to maximize both performance and system usage. offsetting this
problem, however, are the economies and improved efficiency resulting from effective
use of the system standards (GSFC currently supports between 40 and 45 earth orbiting
scientific satellites as well as some others, and receives weekly from ground sites around
the world about 1,800 reels of magnetically recorded data tapes).
As illustrated in simplified form in the figure, data flows from the spacecraft to
STADAN and GSFC facilities. Usually, there are three interlocking communications
loops for an operating satellite for tracking, command, and telemetry. In addition, within
each loop, there are several link-interfaces composed either of commercial equipment or
unique subsystems developed by GSFC for particular spacecraft. The GSFC data system
standards usually apply to these link-interfaces and to other areas where system
interference can occur.
Properties of System Standards The environment within which the system standards
operate is inherently somewhat better controlled for GSFC than for the DoD ranges, and
this accounts for some of the differences between the NASA and IRIG standards. The
GSFC data systems standards are obligatory on all projects managed by GSFC or
supported by STADAN or the GSFC data processing facilities, whereas the status of
IRIG 106-66 has been primarily advisory. A STADAN user may not be allowed to
launch without either conforming to the system standards or obtaining permission to
deviate from the standards. As a result, GSFC system standards are sometimes more
specific and restrictive than IRIG standards. IRIG, on the other hand, has tended to avoid
(recently) specifying performance levels except where compatibility requires it,
concentrating rather on defining measurement techniques and parameters.
The philosophy usually followed in formulating the GSFC standards is to state
functional requirements only, avoiding details of implementation except where
necessary. Thus to prevent radio frequency interference, we give channelization rules
and an attenuation profile for carrier components outside the channel. Sometimes,
however, the operating distinction between a functional description of a system and a
description of its implementation is difficult to make, and we are forced to specify
technical details. An example is provided by the command standards, in which the
character of the transmitted signal is given in great detail and is required to be observed
rigidly.
Returning to the distinction between classical standards and data system standards, we
note a very important operating difference: whereas a classical standard’s value lies
primarily in its absolute accuracy and stability, the value of a system standard depends
much more on its timeliness. This subtle point probably causes more problems than any

other in the use of system standards. Since system standards are intended to ensure only
compatibility and minimum performance, the type of precision normally associated with
classical standards is not needed. System standards usually deal with man-made entities
as opposed to physical properties; they are usually based on what has been implemented,
rather than on basic physical qualities, and are therefore subject to justifiable change
(always with timely notice). It is occasionally difficult for some system-standards people
and others to shake off the feeling that a system standard should not be published until it
is as firmly established as the value of the speed of light or the gravitational constant.
It also follows that system standards do not operate like laws or a judicial system; i.e.,
the system-standard philosophy is not that all things not specifically prohibited are
permissable. On the contrary, ensuring satisfactory compatibility and performance
demands that a proposed system for which no applicable standard exists must be treated
like a violation of the system standards in that a specific determination of acceptability
must be made. The reason is clear: only permissable and standardized spacecraft systems
will necessarily be compatible with existing or planned ground systems.
Many people take the position that standards are here to be obeyed without question and
find it difficult to accept the fact that a well defined mechanism for obtaining permission
to deviate from a standard, when necessary, is an integral part of the system. However, as
noted above, system standards can be restrictive, and may, if the users just accept them
without proper question, forestall system optimization or use of new and improved
technology. The concept of challenge is important and should always be remembered by
those charged with implementing system standards. At GSFC, two methods are used to
circumvent this difficulty. Projects may request, and frequently receive, waivers of
specific system-standards requirements. Also, the committee responsible for the
standards works continuously (with assistance from various ad hoc subcommittees it
appoints as needed) to create new system standards or revise and update old ones. With
such measures, the users continuously profit from an exact and proper application of
system standards.
How GSFC Standards Operate Most frequently, the GSFC system standards apply to
transactions across data system interfaces, defining the properties and contraints needed
to establish subsystem compatibility and minimum acceptable performance thresholds.
The system standards have four major objectives:
(a)
(b)
(c)
(d)

multi-project usefulness of costly ground support facilities; i.e., avoidance of
unnecessary and premature obsolescence of multi-project ground systems
specified minimum level of system performance
workable requirements for each part of the spacecraft/STADAN/data processing
complex
interface compatibility between systems

The work directly related to any spacecraft at GSFC is handled by a project organization
and goes through a number of steps in a quite well defined cycle in the course of its
development. The central figure in such activities is the Project Manager, who has the
principal responsibility for making the Project function successfully. In addition to
support from a Project Scientist, Tracking Scientist and others, the Manager usually has
a small staff working directly for him, and can also command varying contributions of
effort from cadres assigned to him from the staffs of the various GSFC support groups.
Among his many duties is responsibility to assure that an appropriate subset of the
following requirements has been met:
(a)
(b)

(c)

all systems used conform to GSFC standards
in special cases where unique requirements make it necessary to deviate from the
standard systems, application is made to the DSRC for a waiver of standards for
each non-conforming system. If the waiver is not granted by the DSRC, an appeal
may be made to the Director, GSFC.
denial of a waiver establishes a firm requirement for the project to conform to
standards

GSFC policy requires that systems using GSFC facilities or managed by GSFC personnel
must adhere to one of these acceptable alternatives.
Waivers ordinarily have been granted by the DSRC for one of several reasons:
(a)
(b)
(c)
(d)

the requested deviation from the standards has no appreciable impact on facility
operations, but is demonstrably beneficial to a project
the deviation has an impact, but is so promising for improved performance that its
experimental use is technically justified
conformance to the standards would be so inefficient for a given project that a
deviation is technically justified
the standard systems are basically incapable of meeting the requirements for a
given spacecraft

The DSRC considers only the technical aspects of waiver requests. If economic,
administrative, or other factors must be considered, they are presented to the Director.
The above concepts which are essentially management requirements, have been
developed over a period of about 9 years. Some of these concepts are enshrined in
official management instructions, others are still developing. Taken together, they have
produced a fairly high degree of conformance to standards among spacecraft projects:
more than two thirds at last count.

In addition to management requirements, there are inducements for projects to observe
the standards. For example, it is generally true that a project requiring substantially
modified facilities must pay the costs for changes, whereas conformance to the standards
reduces these larger costs to just operating expenses. Another inducement results from
the fact that the frequency-control group at GSFC is properly represented on the
standards committee. As a result systems requiring assignment of rf spectrum,
chronically in short supply, are closely checked for conformance to the appropriate parts
of the standards. Other proper management mechanisms aimed at creating a tendency for
systems to conform to standards unless specific reasons dictate otherwise are
continuously being worked out. Happily, there seems to be a natural trend for projects to
conform; the standard approach provides reliable and effective solutions to system
coordination problems. After all, a project having limited resources cannot afford to
reinvent solutions to all its problems.
It is sometimes felt that standards may create serious obstacles to progress in solving
data systems problems. Standards have been charged with carrying the danger of creating
many bad effects*; e.g., blocking creativity and encouraging inertia, difficulty of
interpretation and enforcement, limited applicability, and obsolescence. The authors
recognize that each of these faults could arise in some circumstances; however, our
experience has indicated that in practice they do not pose a serious problem and that the
increased efficiency resulting from making multiple use of proved solutions far
outweighs the constraints imposed by standards. The operational advantages of using
standard approaches in a network of remote stations or in facilities handling a large data
volume must not be underestimated.
Interaction of the GSFC Standards with Projects There are three basic situations
which affect the way GSFC system standards are used: the inception of a project, system
changes in a continuing project, or the addition of new spacecraft data systems
previously not standardized.
In the first instance, standards may operate to guide the early development of data system
planning. Rather than being an onerous burden, standards often operate at this point to
eliminate equally attractive alternatives and simplify the job of planning. This is a
particularly important phase both to a project and to those who benefit from the
standards, since choices made early often are costly to modify later; conformance to the
system standards for a,lengthy project may be determined simply by the initial adherence
to standards in the early stages of system planning.

*

For this list and a discussion of possible effects, the authors are indebted to H. J. Peake of
GSFC.

In the second instance, system standards are often invoked during the intermediate or
later stages of a program as new systems are introduced or new requirements arise. This
process is most frequently followed when a flight project requests a waiver of system
standards requirements from the DSRC and is denied the waiver.
In the third instance, there is a natural but, of course, undesirable tendency for the
standards to get behind actual use. The result is that much of the effort of the DSRC has
been spent on writing standards to remain abreast of current practice in the support
facilities. Many of the existing standards have been written around existing systems, but
a major effort is continuously expended on the timely development of standards for
systems that are presently under development. This is a difficult task since it must be
accomplished with limited operational knowledge. Our experience is, however, that it is
possible to satisfy the necessary standard objectives.
Areas Covered by the Standards The GSFC Aerospace Systems Standards 2 contain
three sections at present: Telemetry, Command and Associated Systems, as shown in
Table I. One tracking standard dealing with the Minitrack beacon is included under
Associated Systems. A standard for the new Goddard Range and Range Rate tracking
system is in preparation. Several other standards in process include: coded PCM,
magnetic tape units, orbital data format, FM/FM telemetry (restricted use only), and
ground time code.
Pulse Frequency Modulation (PFM) is a non-IRIG PAM/FM system unique to GSFC. It
has been one of the two major forms of modulation used at GSFC since the beginning of
the space program. When properly instrumented it exhibits some of the desirable
properties of the most sophisticated coding methods. However, using recently developed
techniques, PCH coding systems can now be designed to provide equal or better
performance without undue penalties of complexity, weight, etc. Also, there is a strong
desire in the data processing area to make the greatest possible use of PCM telemetry
rather than other forms of modulation for reasons of operating efficiency. Accordingly,
PFM will be eliminated from the rosier of standard telemetry systems, and work is
proceeding on development of a standard for convolutional PCM coding. As other
systems are superceded, they too will cease to be considered standard.
It appears necessary to create a standard for FM/FM telemetry for analog channels, even
though it is not operationally desirable. It is likely that this standard will limit the use of
FM/FM as much as feasible, and will attempt to follow IRIG wherever possible. It must,
however, deal with some areas not treated in the IRIG standards: compensation for tape
playback at accelerated speeds (either in a spacecraft or on the ground) and transmission
of reference frequencies suitable for a restricted system bandwidth.

Coordination with Other Standards The Goddard standards program continues to
profit from interaction with the IRIG and makes use of IRIG standards whenever
possible. The desirability of merging GSFC standards with the IRIG or other standards
has been considered. It must be carefully examined, however. The unique feature of the
GSFC environment, the very large flux of incoming data (approximately 1012 bits/year)
creates requirements not experienced elsewhere. For example, the IRIG standards can
afford to permit pre-detection recording with its high consumption of tape in order to
minimize operator error and equipment complexity at the remote DoD stations, whereas
this is not feasible in a system already generating nearly 2,000 reels a week. For similar
reasons, the IRIG standard does not include provision for handling multi-channel FM
subcarriers at faster than real speed. Several other examples could be cited. In general,
combining the GSFC standards with others would be feasible only when all systems
concerned are characterized by requirements for multi-satellite support and a large data
volume. This point of view is reenforced by the anticipated tripling of the flow of data
into GSFC by 1980.
There is also an important philosophical difference between the IRIG Telemetry
Working Group and the DSRC. The current IRIG standards specify performance levels,
dimensions,or other quantitative factors on where compatibility requires it; wherever
possible, they avoid citing performance levels and are confined to specifying test
methods and conditions. In contrast, the GSFC standards are intended to include
minimum acceptable performance levels as an integral part. Combining the two
standards would require resolving this conflict in approach.
It would appear that a good argument can be made for maintaining separate systems of
standards for NASA and DoD, provided close attention is given to maintaining liaison.
Similar attention should of course be directed toward coordination with the Electronics
Industries Association (EIA) standards and others.
Trends Experience with the development of the GSFC standards has led to a number
of rather concrete ideas about how standards should operate, and has suggested areas for
future investigation. As an example, the question of whether standards should precede
the adoption of a system or merely record general practice is effectively answered by the
production of both types of standards. Because it would be desirable from the user’s
viewpoint, Goddard will consider specifying the time interval over which a standard is to
be effective. System test procedures have not yet been treated, but this treatment seems
essential if consistent determinations are to be achieved. Finally, although much progress
has been made in finding ways to induce painless acceptance of the standards early in the
life of a project, there are still too many instances in which requests for waivers arrive
too late for proper evaluation and action; however, a major effort to improve this
situation is underway.

Conclusions Goddard’s program of standards development and applications aver
nearly a decade has contributed extensively to ground support of the unmanned scientific
satellite program. Space-ground links for highly complex missions have supported more
than 100 spacecraft projects. The standards provide an effective tool for the difficult task
of ensuring efficient operation of a complex of large systems for supporting multiple
users.
To avoid a number of inherent dangers, the standards require constant attention from a
staff of competent technical personnel representing the groups most directly concerned
with the systems involved. If this task is done well, the standard taken as a system will
have enough flexibility to accommodate the needs of various users. As a consequence,
users gain improved over-all system performance without undue restrictions.
An important part of a standards system is the method for gaining compliance. A
workable administrative approach is essential for this. In addition, various measures can
usually be found which create an added incentive for compliance to the standards.
Actually, when a set of data system standards has been in effect for some time and when
users have become sophisticated through experience, acceptance of the standards is often
spontaneous.
There is a tendency to want to standardize all the operations of different U.S. groups in
the area of data systems, and to combine their different standards. As we have seen, this
is not necessarily desirable. Standards are helpful when properly related to a particular
type of technical environment and organization. If standards applicable to one situation
were applied indiscriminately to another, a serious detriment might result. On the other
hand, actively pursued liaison between standards groups can produce a valuable transfer
of information, as has been the case between the IRIG Telemetry Working Group and the
DSRC.
Data systems standards in their current form are a relatively new phenomenon arising as
a response to the problems created by large data systems. Although they have proved
useful, the concept of their role in the technology of data systems is still in a state of
advancing development. As understanding of their use increases, one can expect the
standards technique to be extended into other areas.

TABLE I
GSFC Aerospace Data System Standards
Part 1

-

Telemetry Standards
Pulse Code Modulation Telemetry
Pulse Frequency Modulation Telemetry
Pulse Amplitude Modulation Telemetry

Part II

-

Command Standards
Tone Command Standard
Tone Digital Command Standard
PGM Command Data System Standard

Part III

-

Associated System Standards
Radio Frequency and Modulation Standard
for Space-to-Ground Telemetry
Spacecraft Clock System Standard
Spacecraft Minitrack Signal Source Standard
Magnetic Tape Track Standard
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IRIG TELEMETRY STANDARDS 1969*
R. STANTON REYNOLDS
Sandia Laboratories
Albuquerque, New Mexico

IRIG Telemetry Standards are used to define the majority of telemetry systems or
subsystems employed by the Department of Defense in development and testing of
missile and weapons systems. The telemetry standards are the responsibility of the
Telemetry Working Group of the Inter-Range Instrumentation Group, Range
Commanders Council. The RCC is specifically concerned with telemetry systems
employed at the U.S. National and Service Ranges, but the standards are also used by
many agencies not involved in missile range activities. Because of the wide use of the
standards, questions arc frequently raised concerning their content and scope, and the
philosophy governing their preparation.
The current standards, IRIG 106-69, evolved from a long series of Telemetry Standards
beginning in the days before IRIG when the Research and Development Board of the
Department of Defense had responsibility for missile systems development. The
following paragraph, from the last RDB Telemetry Standard, sets the stage.
“In 1948 it became evident that, from the wide diversity of approaches and equipment
existing in this field, some research and a large amount of development effort could be
saved by standardization of telemetering systems for guided missiles use. --- the (RDB)
Working Group on Telemetering recommended and FM/FM system as a standard, and
this was approved --- December 1948. --- the --- standards were set up in terms of the
characteristics of the signals to be transmitted in the data link ---, rather than by
specifying terminal equipment, in order to permit flexibility in the choice of components.
(In 1951)--- the Working Group recommended the PW/FM or PW/PM system.”(1)
The RDB document, MTRI 204/6, approved November 1951, was in effect at the time
the Department of Defense reorganization resulted in dissolution of the Research and
Development Board.
In August 1951, several of the missile range commanders met to discuss problems of
instrumentation support and missile flight safety arising from the development of long*
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range missiles. At that meeting, they agreed to meet regularly and to establish technical
committees to help resolve specific problem areas. Thus, in March 1952 at the second
Range Commanders’ Conference, the Inter-Range Instrumentation Group was formed.
The responsibilities given to IRIG were: (1) to interchange information on common
problems concerning range instrumentation, (2) to recommend standardization of
instrumentation systems, equipment, techniques, etc., (3) to facilitate the interchange of
systems and equipment, (4) to coordinate instrumentation system development and
procurement, and (5) to integrate and coordinate long-range R&D planning with the
Inter-Range Operations Planning Group.
The IRIG is technically supported by nine working groups reporting to a Steering
Committee. The Steering Committee has nine full members, one from each of the nine
ranges represented on the RCC, three management representatives, and thirteen technical
representatives representing government agencies having interests in common with
IRIG.
The Telemetry Working Group was the first IRIG working group to be formed. The
group met once in 1952 before the RDB working group was disbanded. In 1953, the
Telemetry Standards prepared by RDB were used on the ranges but, by 1954, it was
apparent that revision was needed. A committee, including two former RDB members,
was formed within TWG to revise the standards. At the same time, a committee was
formed to investigate problems of the then fledgling magnetic tape recording systems. In
early 1955, the first two IRIG Standards, 101-55 “Testing for Speed Errors in
Instrumentation Type Magnetic Tape Recorders” and 102-55 “Telemetry Standards”
were published.
Since its inception, the Range Commanders’ Council has been an informal organization.
IRIG, as a subgroup of the RCC, therefore cannot establish official DOD specifications.
The early IRIG documents were recommendations to the Range Commanders and bore
the notation “IRIG Recommendation No. —”. In recent years, the status of IRIG
documents has been raised by their wide acceptance and the designation has been
dropped.
IRIG 102-55 was essentially an extension of MTRI 204/6. More space was devoted to
commutation of FM/FM, systems and to “Pulse Duration Modulation” (designated PulseWidth in the RDB document).
A capsule summary of IRIG standard is contained in the introduction to IRIG 106-69,
Telemetry Standards.(2)
101-55
102-55

Testing for Speed Errors in Instrumentation Type Magnetic Tape Recorders
Telemetry Standards for Guided Missiles

103-56
101-57
102-59
101-60
106-60
106-60
106-65
106-66

Revised Telemetry Standards for Guided Missiles
Magnetic Recorder/Reproducer Standards
Standards for Pulse Code Modulation MW Telemetry
Magnetic Recorder/Reproducer Standards
IRIG Telemetry Standards (November 19060)
IRIG Telemetry Standards (Revised June 1962)
IRIG Telemetry Standards (Revised July 1965)
IRIG Telemetry Standards (Revised March 1966)

IRIG 101-55 and 102-55 were short documents related specifically to magnetic tape
recording and to FM/FM or (FM) or PDM/FM or (FM) telemetry systems. Document
103-56 dealt more thoroughly with commutated FM/FM systems and more explicitly
with PDM/FM systems. Document 101-57 was the first recorder/reproducer standard
generated by TWG. Its intent was to standardize tape speeds, tape widths, track spacing,
etc., to permit interchange of recorded tapes. It is interesting that the most sophisticated
recorder of that time, the Ampex Model 500, was not adopted as a standard because of
its low track density (4 tracks on 1/2-inch tape).
In early 1957, the Office of Chief Signal Officer, U.S. Army, contracted with
Aeronutronic Systems, Inc., to study the long-term telemetry requirements of the U. S.
Missile programs. After some negotiation, the TWG was allowed to provide
representatives to a Technical Steering Committee to help guide the course of the study.
A projection of requirements, based on a range and range user survey, was made by
Aeronutronics and the capability of telemetry systems available at the time to meet these
requirements was analyzed. The study highlighted the advantages of PCM systems for
large missile systems.
During 1958, Douglas Aircraft Company announced the development of a large PCM
system for testing the DC-8 aircraft. Lockheed announced the development of a highcapacity PAM/FM system. The lack of IRIG standards in these areas became of great
concern to the Range Commanders, and IRIG was instructed, in late 1958, to generate a
set of PCM standards by March 1959.
Document 102-59, the first IRIG PCM standard, marked the first major effort by TWG to
coordinate a standard with other agencies from its beginning. At the timel the largest
PCM users were the airframe manufacturers. The Aerospace Industries Association and
Aerospace Flight Test Radio Coordinating Council committees and representatives of
Aeronutronics met with TWG in several intense and agonizing sessions to prepare the
PCM standards. In March 1959, the IRIG 102-59 standards were adopted. In September
1959, TWG learned that the first major missile system to use PCM, Minuteman, would
fly with a system completely different from the standards.

During 1959, it became apparent that all TWG standards should be combined into a
single document. Thus, although a much more comprehensive and coordinated magnetic
tape recording standard was produced in 1959 (IRIG 101-60), it, and the revised PCM
standards were combined with the telemetry standards into a single document, 106-60.
IRIG 106-60 became the first comprehensive Range Telemetry System standard. It was
coordinated with AIA, AFTRCC, and many representatives of the telemetry and
recording industry. It also included another IRIG working group document, the FCWG
Frequency Utilization Parameters and Criteria (Telemetry Frequency Bands) as an
appendix.
The standard was revised in 1962, but had received such wide acceptance and
distribution that the 106-60 designation was retained.
IRIG 106-65 revisions included incorporation of the frequency parameters and criteria as
Part I. The Time Division Multiplex Systems included PDM/FM and PDM/FM/FM,
PAM/FM and PAM/FM/FM and PCM/FM systems. The magnetic-Tape
Recorder/Reproducer revision included much-needed extension of bandwidths, but
departed from previous practice by specifying expected performance levels. The
Appendices included a copy of MCEB Directive, M92-65, warning the Services that the
225-260 MHz band would not be available for telemetry after January 1, 1970, and
directing effort for a move to L- and S- bands.
By the time 106-65 was printed, TWG was hard at work on the next revision. Constantbandwidth W subcarriers were not included in 106-65 because of a study contract in
progress in 1965-66 relating to selection of CBW center frequencies and bandwidths.
The recording industry took serious exception to the performance levels specified in
Section 6. Therefore less than a year later, IRIG 106-66 was approved. This standard was
prepared, at the direction of IRIG, in the format of a military standard. Again, the
frequency parameters and criteria were included. Both proportional-bandwidth and
constant-bandwidth FM sub-carriers were included. Time-Division Multiplex standards
were improved and streamlined. Performance levels were deleted from the
Recorder/Reproducer section except where tape-to-tape compatibility was involved, and
a section of test procedures for tape recording systems (without corresponding
performance levels) was added.
The latest revision, IRIG 106-69, is again in Mil-Spec format. It includes the systems
covered in 106-66, but each section has been reworked for compatibility with the overall
document. A section on transducers was added. During the time of this revision, AMBaseband subcarrier systems were under discussion and investigation by MIG. It was not
possible, however, to include them in this revision. An amendment or addition to 106-69,
which will include DSB and SSB AM subcarriers, is in preparation.

So much for a fast review of the IRIG Telemetry Standards evolution. The questions
remain: “why standards?”; “What is the philosophy behind the IRIG Telemetry
Standards?”
Standards, as the term is used here, are a far departure from the platinum rods, Cesiumbeam clocks, and kilogram weights so carefully maintained for the nation by NBS. They
do not define the precision of a measurement; neither do they establish a moral climate in
which the business of range telemetry is conducted. The original intent, as stated in
MTRI 204/6, was to “standardize” telemetry systems used at the U. S. Missile Ranges so
that great quantities of similar, yet different, ground equipment would not be necessary.
What systems should then be considered 11standard”? Are we not in the position of
arbitrary judges whose decisions may or may not be correct? Are we not likely to be
guilty of denying the blessing of “standard” to worthy systems? Will we not stifle
development of better systems? The answer to all of these is, of course, “yes”. But - !
Let us return for a moment to IRIG. This organization is responsible to the Range
Commanders for efficient use of instrumentation facilities dollars, if you will - which
must be provided for development and testing of U. S. military systems. IRIG is
therefore bound to place the interests of the ranges “first”. The interests of the ranges are
greatly influenced by the requirements of the customers -- the “range users”. The history
of the evolution of ever-larger and more sophisticated missiles and weapons systems has
placed comparable burdens on telemetry systems. Therefore, range systems and IRIG
standards have had to undergo many changes. How then should standards be prepared?
One school of thought says, “wait until a system has proved itself in special applications,
then standardize”. Another says, “no, we must keep abreast of the telemetry field and
anticipate our needs. If a system with promise appears, prepare standards so that it can be
put to use when needed.” At a conference two years ago, Professor Durbin of Princeton
pointed out that the entire proportional bandwidth FM subcarrier scheme was based upon
extrapolation of a four frequency system used in the late 1940’s in the early days of U. S.
missilery. He also made a plea for caution in standards preparation so that they did not
become “frozen misjudgments”.
Here then is the situation facing IRIG: (1) The interests of the ranges and of the range
users are of prime importance; (2) standards should be of maximum benefit to the entire
telemetry community; (3) technical competence of the standards is mandatory; (4) IRIG
standards have become a guideline, not only to the ranges and range users, but to
industry and instrumentation users not associated with range telemetry.
The standards cannot be generated or revised in a strictly parochial manner, acceptable
only to the ranges for the last two reasons. Therefore, all telemetry standards revisions
are now.coordinated with the telemetry industry directly, with industry groups such as

the EIA subcommittees, with non-government telemetry committees such as AFTRCC,
and with the Telemetry Standards Coordinating Committee.
The question of lead or lag was posed by TWG to the IRIG Steering Committee over a
year ago. A portion of the reply addressed to TWG by Colonel Lynch, then Steering
Committee Chairman, follows:
“It has been determined by the Steering Committee that the Telemetry Standards are
prepared in the national interest but with specific applicability to the RCC member
agencies as a means of limiting proliferation of telemetry systems without due cause. In
this respect, it is the duty of the TWG to review constantly the requirements of the users
and adopt guidelines for the development of support of these requirements. The MIG
constitutes a body of some of the most knowledgeable experts in the field, particularly
from the standpoint of application of telemetry systems and techniques. As such, they are
the best qualified to establish standards which can guide industry in development and
thus provide a cost effective, standardizing force, beneficial nation-wide and not solely
to the RCC member agencies.”
“Through proven competence, the IRIG Telemetry Standards have gained broad national,
if not international, stature. To continue in this stature, the document must be a “leading”
rather than a “following” document. In this vein, it is believed that the TWG does not
have an obligation to the voluntary users, but it does have the responsibility to be alert to
the “state-of-the-art”, both from the standpoint of trends in users’ requirements and from
the standpoint of technological advances in the telemetry field. Standards should be
adopted as early as possible in order to provide guidelines for development; these may
even be provisional” pending empirical verification. Without such guidelines,
standardization is extremely difficult. This, then, is the real challenge and responsibility
of the TWG: to employ the best foresight that these leaders in the field can provide to
make the “standards” a leading document.”
“The 106-66 Standard does not purport to cover every conceivable requirement. It does
follow the precept as stated in the Foreword, “--- constitutes guide for the
implementation and orderly application of telemetry systems --- within the limits of good
design practice.” Operation outside these limits, accepting the consequential risks, is not
prohibited nor are new or special systems excluded when justified.”
References:
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DOPPLER JITTER VERSUS DIGITAL ERROR RATE

By

C. L. WEBER

Summary. - In the design of digital communication systems， the error
rate is the criterion which is invariably emphasized. In many digital sys
tems， however， there is relative 口lotion between transmitter and receiver
which must be control1ed by making use of Doppler frequency information.
A coherent digital system is herein mode1ed， in which the trade-off that
exists between Doppler measurement capability and subcarrier demodu
lation error rate is quantitatively presented.
System parameters which effect only one of the two above criteria are
initially optimized. The dependence of performance on the remaining sys
tem parameters is then analytically and graphically presented.
Introduction. - In digital communication systems， there often is the
need to maintain continuous Doppler frequency information for range-rate
and range determination as well as the need to maintain the error rate
below a specified value. Range-rate and range data contribute to the
specification and possibly the eventua1 contro1 of the trajectory or orbit
of the vehic1e. In addition to specifying various system parameters， the
allocation of the total available transmitted power to the various informa
tion bearing subcarrier signals shou1d be carried out based on knowledge
of the effect that this choice will have on Doppler tracking capabi1ity as
wel1 as error rates. The goa1 herein is to provide this information for
a general class of coherent digita1 communication systems.
The type of coherent digital system to be considered is one which
transmits the data signals by phase modulating the rf carrier with bi
phase modu1ated data subcarriers. The frequencies of the several sub
carriers are assumed to have been judiciously choosen so that the spectra
of the modu1ated data are non-overlapping心，2 J .
For definiteness， the demodulation of the subcarriers will be assumed
to be carried out emp10ying squaring loops， Costas loops， etc.， so that all
necessary subcarrier phase and synchronization reference information is
obtained directly from the data signa1， thereby eliminating the need for
separate sync channe1s and e1i口ünating the need for placing any power in
the subcarrier reference. This has been termed sing1e-channel mechani
zation with a suppressed subcarrier

[3J.

System Description. - A basic simp1ified diagram of the general type
In the transmitter por
of system to be considered is depicted in Figure
1， . . .， K
tion of the system， the data signals， {Sk(t)， k
bi-phase modu
late the frequency multiplexcd subcarrier waveforms
cos ω肘，
k
1，...， K}. Thc input to the carrier phase modulator， (t)， is therefore
given by
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k
， ..， K is the average power in the k
bi-phase modulated
where
subcarrrer waveform before carrier phase modulation.
The trend in modern digital communication systems is to employ sub
carriers with
modulation， that is， there is no rcsidual power at the
subcarrier frequency for tracking purposes. The reason for this is that
J，delay-locked
with the advent of squaring loops [4-6]， Costas loops
loops， ctc.， coherent phase rcference and bit synchronization infor-
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100%
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mation can be obtained directly from the
modulated data signal. The
(Sk(t)， k . .， K} are thus assumed to consist of a sequence of土l's with
bit times， (T bk k
， .. K} respectively.
With this modulation scheme assumed， the output of the phase modu
lator is then given by
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=
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where P is the overall average transmitted powcr， and 8(\ is some un known
constant reference angle. The received waveform is theñ given by
y(t)

=�

s川U t+
c

j

ω (巾7 + 8(t)+ 80)+ n(t) (3)
d

where n{t) is assumed to be white Gaussian noise with one-sided spectral
density NO watts /hertz， and ωd( 7) represents the Doppler frequency shift
due to the rclative range-rate between transmitter and receiver.

Neglecting frequency shifters， frequency synthesizers， bandpass limit
ers， etc.， the coherent carrier tracking loop generates the reference signal
叫t)

=

�∞s(tv

(4)

The data bearing waveforms which comprise 9(t) are assumed to be
at frequencies outside the bandwidth of the carrier phase locked loop
The Doppler frequency is assumed to be varying slowly enough to be within
this bandwidth， however， so that the carrier
is able to track this signal.
Therefore， the output data bearing signal of the carrier tracking loop which
goes into the various subcarrier demodulators is given by

(PLL).

PLL
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8 (t) is the carrier loop phase error， and the additive noise
<1> _ (t)
f\
V
n (t) has the ame statistics as n(t)
With the Doppler frequency slowly varying， any cycle slipping can
be assumed to be due only to the additive noise. No detuning will be
assumed to exist between the received carrier and the voltage con
trolled oscillator (VCO) rest frequency. Then the approximate steady
state mod 2n probability density function of
is given by
9J
r

ô

os
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where I^(﹒) is the modified Bessel function of the first kind of order
zero， añd
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is the signal-to-noise ratio of the carrier tracking loop. In (7)， BL is
_
the one-sided noise bandwidth of the carrier PLL based on the linear
theory of PLL's
J and Pc is the average power of the received sig
nal at the carrier frequency. The overall signal-to-noise ratio of the
received signal is given by

[8-10
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In order to ultimately specify the trade off between Doppler tracking
capability and digital demodulation capability， the distribution of power
between the carrier tracking loop and the subcarrier demodulation loops
must be specified. To do this， s(t) is represented by the series (see， e.忌，
Lindsey
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where Jmk ( ﹒ ) is the Bessel function of order mk. and 1 m means "the
imaginary part Of". The signal which enters the carrier tracking 100p is
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where the average power in the tracking signa1. P c. is given by the average
power of the component of s(t) in (8) at ωc﹒ This is obtained by setting
k
1. .
from which we obtain the percent of the total power
mk
that enters the carrier tracking loop. name1y.
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To obtain the power in �he subcarriers. sO(t) is similarly expanded.
. subcarrier data �ignal at the output of the kth
The average power in the k th
extraction filter (see Fig. 1) is obtained by assuming九(t) is essentially
constant over the bit time Tb k of the k th data signal. and setting m k
0 for all k' f: k. This average power. P
and mk'
Sk' is given by
(

)

，EA
可EA

何一

r -r

r

，φ
CJV
O
C
E

α
一
α
U
n
14
TI-a
γ1自由
三

[5]

= :1: 1

K
汁:

where

何

=

( 12)

th
The input signa1 to the k-" subcarrier demodu1ator is then given by
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+ nk(t)

where nk(t) also has the same statistics as n(t). This follows from the
fact that the extraction filters Hk(jω). k
are norm
1. .
• K. in Figure
ally broadband with respect to the bandwidths of the synchronization track
ing 1oop. the phase tracking 1oop. and the matched filter in the subcarrier
demodu1ator.
1n the important specia1 case where all subcarrier channe1s are a.fforded
the sa口le perfor口lance 1eve1. we have that
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respective1y. Note that p affects E(cos ø_) as well as the other factors in
r
Since Ps k/P is dependent ôn E(cos ør)， we see that the per(14) and
formance of the digita1 demodulation of the subcarrier signals is not directly
dependent upon the occurance of cycle slipping events， but only indirectly
to the extent that cyde slipping broadens the steady state mod 2TT p. d. f. of
the carrier phase error ør﹒ Cyde slipping， as would be expected， is a
fundamental concern in determining Dopp1er tracking capability. P10ts of
these power distributions versus p for various values of ßr are shown in
Fig.
for the case of one subcarrier. Note that the maximum value of
1 to
P S )P is seen to occur for values of p ranging from
at ßr
1
at ßr
This demonstrates that when designing a bi-phase digita1
communication system (as well as when designing a PLL) a design point
must be picked; that 泊， an input signa1-to-noise ratio， 丸， must be choosen
at which the system will be designed to operate optimally.
The performance of the subcarrier demodu1ators and the Dopp1er measur
ing subsyste口'1 must next be determined so that their trade-off can be estab
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Digita1 Performance. - The output signa1 of the k - -- extraction filter which
is thc input signal to the kth subcarrier demodulator is given by
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wherc nk(t) has the same statistics as n(t)， and where the assumption is
maintained that the tota1 available subcarrier power is shared equally among
the K data channels. The data signal s k (t) fully bi-phase modulates the subcarrier reference signa1 cosωkt. In order to obtain a simplified description
of the trade-ofí betwecn te1emelry performance and Dopp1er tracking capak
bility， we shall ma e the realistic assumption that bit synchronization is
obtained directly from the data channel as opposed to placing a certain amount
of rcsidual power in the subcarrier reference， and in addition that the syn
chronization jitter is negligib1e with respect to phase jitter in the carrier
tracking loop.
We further takc the point of view that the squaring 10op， Costas loop，
or other method which is emp10yed to obtain coherent phase information is
functioning with negligib1e jittcr with respect to that in the carrier loop.

k
This is realistic，� since the noise bandwidth of the subcarrier trac ing
6
to 10 - times narrower than that of the
loop can often be made
carrier tracking loop.
Therefore， the subcarrier telemetry demodulation will be assumed
to perform like a perfectly coherent system which has perfect synchroni
zation information. The probability of a bit error for this is given by

10-3

(see， e. g.，
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where erfc is the complementary error function， defined by
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and Rs is signal-to-noise ratio per bit which is defined as the ratio of
signal energy per bit to noise spectral density:
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In (18) the bit time， 丸， has been assumed the same for all digital subferms of the parameters which describe the carrier
carrier channels.
tracking loop， Rs can be expressed as
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TbBL
r

is defined as the reciprocal of the product of the bit time and the noise band
width of the carrier loop﹒
With this description of the digital subcarrier dem dul ation performance，
we now consider Doppler measurement capability.

o

Doppler Measuremen!. - The signal from which Doppler frequency infor
mation is to be obtained， is the carrier VCO output， r(t)， which has the repre
sentation
r(t)

= ..J2ω(tv

The carrier frequency is removed by mixing with a noncoherent carrier

�

reference，
sin(叭， in 訓仙 … the output of伽D叫er mixer
becomes (neglecting the double frequency term)

c(t) = cos 6(t)
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The signal c(t) is the input waveform to the Doppler measurement
device.
Whatever scheme is employed， we shall assume it ideally obtains the
instantaneous frequency of c(t)， namely 6(t). Denoting this signal by d(t)，
we have

(22)

The measurement disturbances in (22) are seen to be ør(t). 1n this
initial approach to provide a trade-off between Doppler and error rate，
we shall assumeωd(t) is sufficiently slowly varying so that it can be
assumed constant. 1n general， d(t) would be filtered to provide the best
estimate，ωd(t)， of wd(t) from d(t).
The fundamental task in acquiring knowledge of Doppler measurement
capability is in obtaining necessary statistical information about �r(t) ，
namely the first and second moments. The difficulty centers around the
fact that， in order to obtain a tractable mathematical model of a PLL， the
assumption is generally made that the additive noise is white.
most
choices of loop filters， this leads to the conclusion that ø r(t) is also white.
This problem can be partially overcome with the following approach. Let
us model the total phase error冉(t)的

In

九 (t)

t

=

J

Z刊州

(23)

where N(T) is a stochastic process consisting of a sequence of pulses which
are each of unit area and of short time duration. A pulse is positive when
ever the loop slips a cycle to the right and negative whenever the loop slips
When 冉(t)
to the left. The process ø (t) is the mod 2TT phase process
m
is modeled as in (23)， the ë-ÿ cle-slipping part and the phase jitter part between cycle slips are additive. At low signal-to-noise ratios the predom
inate contribution to overall phase error will be due to cycle slips， while

__

[的.

at large signal-to-noise ratios， cycle-slips will occur very rarely， and
the predominate variation in冉(t) will be due to the mod 2TT phase jitter
Ø""，(t).
Empirical data taken on PLL [1月lead one to believe that the cycle
slipping events in disjoint intervals are statistically independent. This，
plus the fact that N(t) is a jump process， is sufficient to conclude [13J
that it is a generalized Poisson process.
The cumulative number of cycle slips， N(t)， actually can be expressed
as

(24

N(t) = N (t) - N (t)
+

)

where N+(t) consists of the positive pulses in N(t) and thus represents cycle
slips in the positive ør(t) direction， and similarly for N_(t) the negative
φr(t) direction. If there is no detuning in the carrier VCO， then the expect
ed number of cycle slips to the right wiU equal that to the left. Hence
E(N(t))

= 0

The individual processes， N+(t) and N_(t) are genera lized Poisson processes，
and will be assumed to be statistically independent. Therefore， since the
steps are always taken to be of unit size，

2
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which corresponds to the expected number of steps to the right or left， or
equivalently to the expected number of cycles slipped to the right or left
respectively. Combining
N

= E(N )+ E(NJ
+

(25)

The expected number of cycle slips to the right or left per unit time
has been shown to be [8J
B
L
r
=
(N
)
笠(N
=
(26)
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+
TT αr1o(αr)
This is the exact result for first order PLL's and an approximation for
higher order loops. Since
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we can therefore write

2 2

(27)

(28)

where the additional assumption has been made that N(t) is statistically
independent of
(t).
The remainìng task is to determine σ ♂ . As previously indicated，
models of PLL's have exclusively assumeCfll
the ad<;iitive disturbance
to be white and Gaussian， with the conclusion that ø is also white. Since
Doppler measurement is inherently concerned with cycle slipping， all of
the various linear theories of PLL1s breakdown when attempting to deter
mine Doppler measurement capability. One way， however， in which real
.
istic statistical information can be obtained about ø m(t) is to assume the
loop filter of the PLL is of the form

ø ___

Z

F(S)=-L一
TS + 1
With this filter， the Fok耳er-Planck equation for the p. d. f. of the
Markov vector process (ø(t)， ø(t)) can be solved [14] in the steady state，
from which伽variance品，σ ， is given by
的L一九

2.
Jmv
σ

í

(29)

σ
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何

At high SNR， the princirle disturbance in ø r is due to Øm' slnce
cycle-slips occur rarely at high SNR. Therefore， at high SNR
4B
L
r
2
(30)
0"，
α
r
口1
This representation has an additional assumption imbedded; namely，
this result is approximately independent of the structure of the loop filter.
These results， namely the first term in (28) for the cycle slipping， and
(30) for phase jitter are plotted in Figure 3. Cycle-slipping decreases
exponentially， while phase jitter between cycle-slips decreases only as
(αr)-l. Thus， we can qualitatively determine when σ
becomes the
一
predominant disturbance in Doppler measurement. T líe cumulative
effect of cycle-slipping and phase﹒jitter is also shown in Fig. 3 as the
dotted line.

至

Doppler Error Versus Error Rate. - With these results， the trade
off between Doppler measurement capability and error rate can be estab
lished. For the case of orie subcarrier and ôr
3， the representation of
probability of error versus Doppler measurement error， normalized by
the r-f loop bandwidth， is displayed in Figure 4.
the vicinity of the
minimum value of PE' for a given丸， the Doppler variance can be decreas
ed somewhat by varying p， without detracting appreciably from the error
rate. As indicated earlier， however， the choice of p to minimize error
rate is quite dependent on SNR.
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PERFORMANCE OF PARTIALLY COHERENT BINARY RECEPTION

By

R. W. OKKES

Summary.- This paper considers the performance of a partially coherent
detëCt古?τf phase-shift keyed (PSK) modulated binary data， where the recei
ver's phase reference is noisy and derived from the carrier component of
the received signal by means of a narrow band tracking filter (phase locked
loop). The statistics of the detector output are derived and the bit error
probability is graphically illustrated as a function of the data channel
signal to noise ratio， the signal to noise ratio existing in the phase lock
loop bandwidth and the phase lock loop bandwidth to bit rate ratio. The re

sults obtained for the sin皂le channel partially coherent detector are used
to derive the performance of binary data detection after maximum ratio diver
sity combination of the two video signals， each of them being demodulated by

partially coherent detectors.

Introduction.- 1n binary phase shift keyed (PSK) communication links， the
receiver phase reference is commonly obtained by a narrow band phase locked
loop and used as a phase reference for coherent demodulation and detection.
1f the reference signal is noisy as a result of the additive noise at the re
ceiver， the detector performance will degrade relative to the noiseless refe
rence case. This mode of reception is denoted as partially coherent. The ef

fect of a noisy phase reference on bit error probability has been considered
extensively for the conditions where the phase lock bandwidth is respectively
small and large relative to the bit rate ( ref.
and
1n many cases of
practical interest a large variation of bit error rate is found between these
two boundary conditions. This paper derives a more exact definition of the bit
error probabilities for intermediate values of the phase locked loop bandwidth
to bit rate ratio's， as often encountered in practice especially in case of
low bit rate telemetry. The resul!:s obtained for intermediate values of the
phase locked loop bandwidth to bit rate ratio are extended to the case where
the demodulator output signals of more than one receiver are added before bit
detection (diversity combination). The bit error probability is derived by
analyzing the output statistics of the partially coherent detector when the
communication channel is disturbed by additive white Gaussian noise.

I

3).

Bit detector output statistics.- The model under investigation is shown in
fig.l The phase locked loop second order type tracks the carrier component of
the input signal and generates a phase reference signal which is used for co
herent demodulation. Basically the bit detection consists of a matched filter
operation performed by a multiplier-integrator combination with readout at
the end of the bit period.

The input signals to the phase locked loop and the coherent demodulator
may be preceded by bandpass limiters. In the analysis of thè output statistics

of the integrator，

the following assumptions are made:

a)the input signal is disturbed by additive white Gaussian noise，
b)the probability density of the phase error
locked loop is approximated by:
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where αis the signaJ. to noise ratio in the phase locked loop bandwidth
is the rnodified Bessel function of the first kind， zero order.
TheVregions of validity of equation (1) are discussed in ref.2.
c)The bit synchronisation is perfect， i.e. no tirning errors when integra
ting over the bit period (τ) are considered.
d)Sarnples of the input noise and tracking filter noise processes are in
dependent. Although not strictly true this approxirnation is reasonable i f
the loop bandwidth is narrow compared with the detector input bandwidth.
The binary phase rnodulated input signal can be written as:

BL and I ^ (α)

f(t) .. A sin {此句(t)自}

(2)

+ n (t)

where:ωm carrier frequency，自= rnod�lation index rn(t) - x1，corresponding
white Gaussian noise (single.
to the binary value of the PCM data and n(t)
sided power density of No W/Hz)
The noise rnay be expanded as:

=

n(t) = n1 (t) sinwt + n (t) cosωt
2
where n， (t) and n ? (t) are independent white Gaussian processes with power
density No
The output of the phase detector when disregarding high frequency terms
is given by (see fig.1)
z仰f你圳(仕ωt叫)

I向ω2co∞ωo叫sLω 廿叫叫G叭(仕ω叫叫t吋叫)_刀1]

哼 m叫吋叫(仇ωtω)川C∞。s叫￠仙 妒泣 c∞os ø仰州(“ωt吋)+ 啥泣 叫 ￠叭你州(仇ωtω)

=

ο

where E is the energy per bit contained in the carrier sidebands at the
input to the rnultiplier and equals
E=!

2 fTsin 2ß
2

Where the factor f takes eventually account for the signal to noise degra
dation in the bandpass limiter preceding the detector rnultiplier.
The "Gaussian" cornponents of the detector output signal are given by the
second and third terrn of equation (3). It can be easily verified that their
rnean values equal z♀ro and the rnean square value of their sum， applying the
condition that
(t) is independent of n(t)， is given by:

ø

n�(t)/2

2 �"
2
cos‘Ø(t)
+ n� (t)/2
2

sin� Ø(t)= n�(t)/2

The single sided spectral density of the output noise process is N^W/Hz
τhe probability density of the integrator output corresponding t。于 hese
(4)
terms is Gaussian with zero mean and variance σ..;tNoT方
The remaining part of the probability density function at the output of
the integrator is dictated by the random variable ø (t) contained in the
first term of equation (3):

t

xω=旁的)ωø

(t)

(5)

Under the assurnption that the energy of the "phase noise" is identical zero
outside the loop noise bandwidth (BL)， the integration of the waveform x(t)
over the bit period T can be represented by (see fig.2)

x

where it is assurned that
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x(t)dt

(6)

T covers an integer number of

sarnpling intervals

2BL

Tz(n-1)-L
2B T
n = number o sarnples， effecting the integral (n�l)
ak&
for k = 0 and n-I
4BL
ak=
for k = 1 to n-2
2B
L
For the purpose of easy analysis we consider only equal weighted sample
values. In this case the surnmation can be considered to take place over
equally divided sarnple intervals (see fig.3). The surnrnation yields:
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(7)

The representation of (7) corresponds to an upper bound of the bit error
probability as shall be shown later. Note that for n = 2， equation (6) yields:

:

x(t)dtz

zit [

大]

xω+ x (

)

(8)

representing the surn of two independent equal weighted sarnples. Equation (7)
should thus be used only for
BL

T三i

The probability density of the sarnple values are derived frorn (1). Under
the assurnption that rn(t) = -1 it follows frorn:

悍 cos ø and le叫ng a '"唔，
一 [α (I-Yi/a)]
�
。<y -< 2a
+x) = v
X盟-

p(y i) =p(a

i

甘Io(α) v'Yi(Za-Yi)

(9)

tn

-Ti

where y� and x� denote any sarnple value of the waveforrns y(t) = a+x(t)
and x(t)，‘see
‘fig.3.
is convenient to describe the output statistics fo the integrator output
terrns of ，the probability that:
n
V =
Y: is larger or lower than a certain value d.
i=1
‘
It can be shown (ref.4) that:
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where E ( ) rneans the expection of the value between trackets.
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T he tighest bound is achieved for the condition that:
(11 )

1t is shown in the appendix that:
y �，
E(e�Ji)
E (Y )
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and equation (11) reduces to:
an
1 o(aso-cx)眉立主n
1
1

(as o-cx)

(14)

Bit error probability. - From the output signal statistics derived in
the preceding paragraph it follows that the probability of a wrong
decision on the integrator output polarity by the decison device is given
by (see fig...!i.入
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Gaussian distribution with zero mean and

n=2 for T
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After some manipulations it follows from equation (12)，(13) and (14):
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s 1 and
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An upperbound to the bit error probability P can be obtained by the
�
consideration that，because of the asymmetrical hape of the sample den
sity function p(y 〉{see fig.5.)
i
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The results obtained from a numeral evaluation on a digital computer of
(21) are shown in fig. 6， representing the bit error probability as a function of E/N 'αand n.
。

工t turns out that the bit error probability for values of

E/ > 8db，α� 7 and n主2 yields lower values than those obtained for a
)J
(Br) to bit rate (R)
which

ratio， 抖“ ， 全o
loop 出Rdwidth
corresponds to a
'R
worst case condi� ion (ref.3)
T he upperbound approximation is apparently less accurate for the lower
values of bit error probability ( P < 10 - 3)， where the computed values
B_ o
exceed the worst case condition (DLïÐ�O)
'
T he bit error probability bounds ecrease rapidly with increasing n or
increasing phase locked loop bandwidth to bit rate ratio(BL/R )
order f?A
主i ve the limiting value of PE for n-?∞ write (21) as:
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where the value of s， is a function of αand t only (given by (19)).
As the first integ ral decrease with increasing n it follows that the
value of P E for n司+∞yields:
PE (n一→∞)

=

P3

Bit detector performance after diversity combination of two signals.The results obtained for the single channel partially coherent detector can
be used to derive the bit detector performance after maximum ratio diversity
combination of two video signals.
T he model of the combiner is given in fig.7， showing the principle of the
weighted addition of the two partially coherent detector outputs.
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The weighting factors are derived by a comparison between the low pass
filtered outputs of coherent A.M. detectors， which correspond to the
signal power received in the single channel.
1n the case of equally weighted video signals the results obtained from
the single channel model apply when defining:
� - tota� re�eive� si�nal power ( E.� 2 EI- 2 E2)
.
No• single channel noise power density
α - signal to noise ratio in the single channel phase locked loop
bandwidth
n ﹒2 for BT 1_ �O， when the phase error � can be taken constant during
the bit- ó �riod
- 4 for B. I 團 t‘
L/R
n - 4 BL/R for �/R � p where p is any integer (1，2，...)
The performance for unequal weighting can be approximated easily for
the following conditions:
1. Signal to noise ration at the input of the limiter (see fig.7)，
SNR: << 1， which corresponds to the case when the bit rate R<<工.F.
banawidth.
The signal to noise ratio the output of the limiter is then given
by:
SNR o �甘/tkSNRi
The sum of signal power P_s and noise power P �t at the output of the
limiter remains constant， from which
it follows thät:
Signal to noise ratio (α，)， measured in the tracking filter bandwidth>>1
1f perfect coherent detection is assumed， it fol1ows for the combiner
output signal to noise ratio (SNR)o:
�" sl1 +. W結
-" s2')2 if P01>
(SNR)o. (占
�..� '
(22)
p o ? and
PNM - P'NM1l = 'PN2M?<<P'sc1l
sl. 's2
PN (l+wL.)
where: P 闕 1 and P_� are the combiner input signa1 powers
P::' and P.-:Ni �..� 'N2 are the combiner input noise powers
w weighting factor of weaker signal (P�)
The weighting factor for maximum ratio combination is derived from the
condition:
2.
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For

p zp 1
s
c

; Ps2，(22)即a1s:

(SNR)c = nS' which means that for any power division among the two
input channel.; 'N the combined output signa1 to noise ratio is constant.

For the conditions listed above the probability distributions P(Y:) of
the "phase noise" samples after weighting of the two channels are we l
approximated by:
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The con tribution
the "phase noise" to the bit detector output statistics
is thus equal
both channels， from which it follows that (21) applies
as well for the case of unequal weighting with the following definitions:

for

E，No and n as defined for the case of equal weighting
α揖signal to noise ratio measured in the stronger signal channel
phase locked loop bandwidth
The case of equal weighting corresponds to a worst case condition
(maximum
for a given value of E，No and n because:
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where the subscript 0 refers tù the case of equal weightin皂﹒

For P 吋 /p . � 0， the detector output statistics are completely
_l
b the stronger channel and (21〉applies for the par個eters
determin E
defined b y
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A typical example is given in fig. 8， where P
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Conc1usions.- The curves representing the bit error probability P
as
�
a function of the data channel signal to noise ratio， the signa1 to ñ oise
ratio measured in the phase locked loop bandwidth and the 100p bandwidth
to the bit rate ratio can be used in practice for the determination of the
bit detector performance (in single channel or max. ratio diversity com
bination mode of operation).
Account has been made of the fact that in case of 10w bit rate te1個\etry
the receiver tracking loop bandwidth is not sma11 relative to the bit rate.
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坐監旦公主﹒- 1n deriving formula (12) we make use of the following
transformation 。f the variable y by letting:
i
∞s 'J .. 1

回去
τ

From this it follows that:

‘

E(exp sy!) - E

』l exp s 是‘

-等:

with (1) and by letting a
E(exp sy!)
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，
2甘10
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exp (a- sa) C08 'J

- cos 'J) p(的d ø

sa 10
。 (α - sa)
��y
d 'J - exp
10 (α)

The mean value of the variable y! given by formula (13) is easily
derived from (12) by the consideratîon that:
E(y!)

l'

y; ) I1 倘
_ lIL�d E(exps
-'::r�J]'
C1S
J S

.. 0

from which it follows that:

叫where 1

1

I� [1 -捕]

(α) is the first order modified Bessel function.
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A NEW BANDLlMITED M-ARY NON-COHERENT TELEMETRY SYSTEM

By

M.

S. STONE

Summary. -ln this paper new M-ary non-coherent signal structures
that require le s s transmi s s ion bandwidth than conventional FSK are pre
sented. A method of synthesizing these signal sets by the use of frequen
cies Or tones is given. 1n order to evaluate system performance， an ap
proximation to the error probability for large signal energy-to-noise spec
tral density ratio is derived. Using this formula certain signal structures
are evaluated for M = 8 ， 泊， and 3 2. It is shown that for errOr rates of
less than 1 x
the s ignal structures that reduce the transmission
bandwidth by 25% are within
dB of the corresponding FSK signal set.
Thus these signal structures provide an efficient method of communication
when the bandwidth is constrained to be less than required for the trans
mission of FSK.

10- 3 ，

1

Introduction. -For some applications the bandwidth required for the
transmîs sîon of non-coherent M-ary FSK is not available . Therefore，
one must use s ignalling waveforms requiring less bandwidth， but for the
sake of efficiency yielding an error rate near that of FSK. 1n this paper
it is shown that such signal structures can be obtained by the methods of
Signal Design in which one finds signal sets that locally minimize the
error probability for a given allowable dimensionality or bandwidth . The
optimal non-coherent s i g_nal structure for dimensionality D=2M- 2 has been
.
given by Weber 1 . Stone {; has obtained optimal sig閣1 structures for M 6，
D :S: 2M-K， K
(2M/3J where 口 denotes " integer part of. "

�

s:

The first part of this paper is devote d to presenting the system model
and resulting general expression for the probability of error. The re
maining sections describe a method of synthesizing the above mentioned
signal structures and evaluating perfor口l3.nce in terms of probability of
error.
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We as sume that the trans咽
System Model and Detection ProbabilitY J
mitta61e signal set consists ofM equipowered， equiprobable narrowband
waveforms defined on the interval [ 0 ， 叮 which are of the following form

A (t) z amplitude modulation
j
o j{t) = phase modulation
。 = random yariable， uniformly distributed

in

[0， 2TTJ

A portion of this paper was abstracted from a Ph. D﹒ (E. E . ) dissertation
submitted to the Univers ity of Southern California.
Mr. Stone is employed by System Engineering loboro怕ry，
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The received waveform is then

V (t) = VSj抖， e ) + N(t)

V

( 2)

is the channel scale factor and N(t) is a sample function from a
where
white Gaussian noise process with one-sided spectral density N watts/Hz .
，...，
Owing to the narrowband assumption. the signal energy is given� by

E =

V 峙� -I_ T s"! ��( t ， e ) dt = 二..2
τ可I5 A 有�!(t) dt
0

3

j = 1， . . . M

(3 )

T h e optimum synchronous non - coherent receiver computes from the re
ceived signal the following :

Rj = [ lf v{t)Aj(t)心川川
+

V(t)A川

a﹒
J
m

R
X

th
data decides the k�'.
signal was transmitted if

Rk

and using this

I�

T

2

( 5)

With the model discussed above it can be shown that the probability
of detection is a function of the following parameters:
1) The signal waveform inner products

“2 _ T
勻 = 詰 L Ai( t)Aj(仰 su i(t) " ψ)]dt
叮2 _ T
j
Pi = 主E L Ai(tMj(Mfh(t) . φj(tndt
i.j=1. . . . M

and

2) the re sulting signal inner product matrix r

l 1

r = iJ
T

(6)

(7 )
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- α"

t denotes matrix transpose.
The range of values that α ij !nd � ij_ can take �n is specifi� d by t� e
，
，
.
constraint that all admissible v r matilces must. be non- negative definite.
The rank of the r matrix is equal to the dimension of the signal set it de
non-coherent
scribes. An approximation to the bandwidth necessary for
orthogonal waveforms can be obtained by a s s uming trigonometric wave﹒
forms. For an observation interval of T seconds， since such signals can
be placed 1fT Hz apart， the minimum bandwidth required is B =
thus e s tablishing a linear relationship between allowed dimens ionality
and minimal necessary bandwidth .
2 10g M
.，
.，
一一� where R is the system
2EjN� = SjN
" �
0 ..
R
the "� transmitted signal powerdata rate in bitsj s e c and S7N� is
noise spectral density ratio. -

D

D/T，

3) γ， = --'.':..tJ， �. -'，

The probabi1ity of detection is given by

PD 川 = 走 叫_}.. 2/2)

=如

(8)

where E布 means expected value over 宵 and R 2M denotes 2M dimensional
real E u c lidean space，
is the modified B e s s e l function of the first kind，
o
and G(W;O;T') is the Gau�ssian probability density of 2M random variables
descrf5ëaby the 2M dimens ional vector
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' v1 ' . . . v )
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0

which has zero mean vector
a n d covariance matrix r . The probability
。f detection expr e s s ion aboveis in general imposs ible to evaluate. There
fore ， for the purposes of analysis a more 甘actable formula is needed.
In the appendix it is shown that for large λ ι
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. Q-function
Q柄， b) is called Marcum's
A

Q( a， b)

=

and is given by

2 2
a )/
" 2� I ( at)dt
t e _ (t" +，-�
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Bandlimited Signal Structures and Their Mechanization. -The optimal
signal structure for D = 2M-2， is describedby a matrix of the form

rz =

where

Q._
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0

M
- 了 - -r 申
rM

;

u ，

denotes an M x M regular simplex matrix

D

The optimal signal structures for M 這 6，
= 2 M-K， K
where
denotes "integer part of" is described by
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where :B M.1
i=1

= M and the M.1 are chosen so that
M = ( 2M/K) ， i=1， . . . KA
i

M = M - (K- 1> {2M/K)
K
where [ } 刊denotes integer closest to"

� [ 2M/刊 ，

As one _ can see from Equation ( 1 )." realizing the _transtpitte d signal
_
is equivalent
.
的 ( Sj (t.的)
自 ﹒(t))
. siõ e i(t)) .
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sized by the use of M ﹒ (K/2) frequencies by letting

T lr

�

d;;

� ��

0 � t � T;
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k= 1 . . . . M

φ1，(t) = 2TT1，t/T . 且 = 1 . . . . M - (K/2)
and writing
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J
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1， = 1
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2π1，t
sin φ i( t) =
Z s i A sm -T一
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where the ( s ) 且， 但 1 .
j1，

( 10)

M

M are chosen so that
M-

K

2

6 6

1， : 1 p= 1

= αs�j. . s
1， - rp - -jr

( 12)

Using Equations ( 1 1) and ( 1 2 ) in (6) then yields the desired res ult.
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Performance Analysis . -For M "; 8. 16， and
Figure 1 presents
curves of probability of error versus S/NoR for FSK and for various
bandlimited signal structure s . The curves for the bandlimited signal
structures we obtained using Equation ( 9 ) . For the range of error rates
shown this formula is a valid approximation to the probability of erro，.l"
The curves for the FSK signal structure were obtained from Lindsey .... ﹒ For
each M， the rk signal structure that yields a bandwidth reduction of ap﹒
proximately 10% and that yielding a reduction of
are shown . The
calculations show that these signal structures require approximately 0 . 5
dB and 1. 0 dB increase in transmitted signal power， respectively. to give
the same error rate a s the corre sponding FSK system.

25%

Conclusions. - We have described a new class of signalling waveforms
requh-ing less transmission bandwidth than non-coherent FSK. A metho d
of synthesizing these waveforms by the use of tones was given. An ap
proximate expression for the error rate was derived and used to evaluate
the performance of the signal structures yielding approximately 10% and
bandwidth reduction for M = 8 ， 16， and
The above analysis showed
that these waveforms provide an efficient method of communication when
the bandwidth necessary for the transmission of FSK is not available.

25%

32.

Appendix: Derivation of Equation ( 9 ) . -Suppose signal Sk(t) was trans
mitted.-An errO
rlnc
orrect de codmg occurs if at least one Rj ， 拼k is
"
greater than Rk. Let 宮ik denote the event ( R i Rk!Sk(t) sent T. Then the
probability of error. given that Sk(t) was transmitted is given by

>

P(err。r/S (t) ) = Pr。b( 法 kU2 2k. . . . U2k_ ， k U2k
+1. k
1
1
K

..�

U:=:

m. 以

(A- 1)

U s ing the Union Bound yields
P{error/sdt) ) 豆

此4

戶

i
ifk

prob(2

ik

)

(A-2)

This bound is valid， of course， for all λ 2 but at large λ it becomes an
approximation to the probability of error， given Sk(t) was transmitte d.
One 口lay see this by noting that the probability of any finite number of in
tersections of the E ! ，_ approaches zero as λ→∞ . That i s

ik

Prob[(ì E

ik

} → o

as >.. → ∞

(A-3)

Hence as λ→(1)， the probability of the union of a finite number of Eik is ap
proximately equal to the sum of the probabilities of the E;k. Prob(同k) =
H(^-， õ ; J has been evaluated by Helstrom 6 and i s a s stated 三bove. This
then
leads to

-J

P

....
�.

言

• MM

• MM
� � 日(λ， Õ ， ，_ )
Prob(:::: ;õJ =
�VL
"
... .
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i
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(A-4)
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FI盯ERING EFFECTS IN A SPREAD-SPECTRUM COMMUNICATION SYSTEM

By W.

H. HARMAN

Summary. -Binary antipoda1 direct-s equence biphase modulation is
employecI\íor the purpos e of interference reduction) over a channe1
disturbed by white noise and an "externa1" coherent sinusoida1 inter
ference. Before these are added， 也e signa1 suffers distortion in the
form of 1inear filtering whose effects are to be determined. The
rec eiver is a coherent " rematched filter" (matched to the distorted
signa1).
The mean ar..d varianc e of the detection variab1e are expressed as an
output SNR (s igna1 to noise ratio). The varianc e is the sum of three
components : due to noise， externa1 interference， and se1f interference.
Concise formulas for the first two contributions are deve10ped. The
third is approximated and found to be quite small in many cas es of
interest.
Results are applied in the case in which the filter has a bandpass
characteristic and externa1 interference is dominant. With fixed
signa1 power entering the filter， there is an optima1 cbip rate above
which filter distortion effects inc rease faster tban process gain; the
optimal cbip rate is approximate1y equal to the filter noise bandwidth
B (Hertz). For an idea1 bandpass filter and a single p01e bandpass
filter， the optima1 chip rates are 1. OB and O. 95B， respectively.
system Considered. - The system under consideration is mode1ed
by the blockd
iagram of figure 1. Attention is restricte� to cases of
narrowband signa1s， and comp1ex-enve10pe formulation 1 is emp10yed，
according to 位le convention
jω J
...
(rea1 signa1) = 2 Re
(complex enve10pe) e

[

]

where ωc is the carrier frequency. Transmitted signa1 modulation is
binary-antipodal direct-s equenc e biphase， which can be written
叫t) =

拉

α3

m(t)

L

a八 (t)

(1 )

、A
nu
，ea、
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φ
ax

where P is the sign
al power， m(t) 扭 曲e information modulation， a
function whicb is either +1 or - 1 for the duration of each bit， ( a，J
"
is a set of statistically independent， binary random variab1es，
taking the values 士 1 equiprobably， and cbip function � is given by
， for (k-1)

in terms of 也e chip time
mission 土 s ' (t) given by

J {t) =

'l".

'l" < t < k 'l"

， otherwise

We focus attention on a single-bit tran s K

ιL
k=

1

a
k

九 (t)

(2)

where K is the number of chips per bit， and the information transmitted
determines whether plus o r minus applies .
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As illustrated in figure 1， the signa1 passes through a filter of transfer
function H(w) in terms of frequency ω (re1ative to the carrier frequency
ωc ). Realizability is not required. The filtered version of s(t) is denoted
吉(t)， and the filtered version of s ' (t) is denoted 玄I
A coherent sinusoida1 interference i(t) of power 1

(t).

i(t)

= {lï2

(3)

and a white noise n(t) are added to the distorted signa1 emerging from the
filter. The noise power per Hertz is denoted No•
A coherent " rematched filter" receiver is emp10yed. For each bit
transmission， this receiver forms a detection variab1e λ by corre1ating
the received signa1 with the reference signa1 言， (t).
λ=

，. '"
.
2 Re I [s (t) + i(t)
卒， ﹒〈。

+

n (t) ] [ ♂ (t)

] '-， dt
-

(4)

The output decision is based on the sign of À.
Measure of Performance. - The measure of performance considered
is the SNR(sîgna1-to-noise ratio) defined by
(mean of ^) 2
2 (variance of λ)
when +s (t) is transmitted. It can readily be verüied that 也e SNR so
defined would not change ü -s' (t) were transmitted.
SNR =

SNR Ca1culations. -From equation
components
where

(4) we write λ as the sum of three

λ = λS + λ. + λn
1

l: “) [ 言， (t) ] * dt
v 2 Rf i (以 (t) 〕 * dt
情 2 F!-e!"，'" n (t) [ 言 ， (叭
λs = 2 Re

By substitution of eq's. (2) and (3)， we readily determine that Ài and
λ
n both have zero means. Thus the mean of ^ equa1s the mean of ^ s .
F rom eq's. ( 1 ) and (2)
α3
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k= 1
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(叫C(t) dt

where 俏_ is the fi1tered version of �. We separate ^-.， into two terms T
and ðλ d語pending on whe位ler k = .{， or k 羊 毛 respectiveÏy; that is
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We s ee by inspection that À is deterministic and tbat ðλ has zero mean.
Therefore 7i. is the mean of λ.
The variance σ2 of λ is， by definition，
σ2 = ( ð ^- + λi + λn) '"

(6)
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σn
+
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where the bar denotes averaging. we can readily see that

2
where σ2s ， σ2. ，' and. σ n are the respective variances of 瓜， h and λn '
1
..
the'" three
that is， '" '..
cross terms resulting from eq. (6) are all zer。一
Therefore， we can write
SNR =

l
吉RT
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l
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S

where

SNRs

=
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SNRn =
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1

+

SNR
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are separate signal-to-noise ratios accounting for self interference，
external interference and noise.
We now evaluate X. Applying Parseval's rule to the integral in
eq. (5)， we see 品的 all terms in the sum are equal，

τ = PK f ∞ | ll {ω) 1 2 芳 = PKC | 吾1 (ω) 1 2 1 H (ω)

12 去
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a，r: � Four�er trans�orms of �and �respective1y. It
γhere 吾 and
.
è cogni�ed that
1:' can be written
is now r'k

入= λo Lp
where 入('1 is the va1ue of λ? o�tained with no filter (
"power f
oss" due to filtering"、
L =
p

l 1 �1 (w) 1 2 I H (ω) 12 名

f HI (ω) | T

H

==

1 ) and Lp is the

C s b ) l H(4

in terms of the normalized signa1 power density spectrum

(ω>" 12

=

hich has been normalized such that L_ 1 when H == 1. The 1ast
equality in eq. (7) fpllows from the fac♂ that the chip energy density
has the same shape as the 10ng term p�wer de�sity
spectru.m 1 � l
spectrum of - s (t). Furthermore， we ‘eva1uate λ as
o

2

_C。

λ。 = Re_l ∞ | s Yt) | z dt z PK T
which equa1s the transmitted energy per bit E. Thus，
1" = EL
(a) Self Interference.
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Eq. (8)

is rewritten as

L L
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ak a t O:'k_ t
叫= P
k = 1 t = -∞
毛 早已 k
心 = Re

IH (ω)

f: øt (t) ø::< (t) dt

�'The nam己 "po，-，，: er 10ss" is suggcsted by the case of passive filtering
obeying
I � 1 at all w， which imp1ies L明 三 1. In other cases，
Lp may exceed 1， but the results derived here s叫 app1y.

(7)

We note the symmetry
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In this notation，
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Omitting terms which are zero and employing symmetry we obtain

A general evaluation of SNR s follows directly
K ，.2

SNRs =

L

P

2

(8)

8 L 九z
k= 1

While this is a simple formula， we will go on to develop a far simpler
approximation to it， applicable to cases in which α1 dominat�.s .all of
the other interchip interference factors， α ' α3' . . . ， a condition to be
2
expected when filtering is not severe.
Note that the quantity A defined by

A =

α，

z

k= - ∞

九

has the following concise evaluation: By definition
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Using linearily of the filter

CL 已
tt

t色
戶
川
(抖
仙
九
+刊1μ
三芝; [川丸恥+ 1川(牡例t吋) *仙圳h圳(圳t份)川J = [k�二
= -∞

k = -∞

;1 (心

)

∞

H

i

(川

The remaining integral

、‘'，
nu=
(
nu
(
可E••
6.

so this factor can be removed from the integral.
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Thus we obtain
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are neg1ected we obtain the approximations
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where 九 is eva1uated as simp1y
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When eq's. (9)， (10)， and ( 1 1 ) are substituted in eq. (8)， the result is
the desired appr。ximathn to SNR
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E>eterna1 Inte白rence- - The component h can be rewritten as
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( 1 3)

The first factor KP/21 may be identified as the SNRi that would be
achieved if 位lere were no filtering. The second factor is 位lUS a
10ss or gain due to the filter H.
(c)

Noise. - The noise c。mp。nent k can be rewritten as
λ = �' 2P
n

K

>
，， -- �
k

=

1

-k ' k

where Î"k is a random quantity defined by
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which is the same for all k.
SNR .
n
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SNRrl=
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Thus we have solved for

Jn and hence
( 14)

Discussion of Prob1em and Results. - In the prob1em considered here，
位lefilter H can represent for examp1e a gradua1 non-uniformity of
channe1 frequency response， a predictab1e mu1tipath characteristic，
or simp1y an e1ectrica1 bandpass filter. We note that our results include
the effects of inter -chip and inter-bit interferences which result from
a b1urring of the signa1 details in passing 位lrough the filter.
In many cases， the probability distribution of λ is approximate1y
Gaussian， due to a centra1 1imit theorem phenomenon. If λ were
assumed to be exactly Gaussian， then its SNR as defined here would
comp1ete1y determine error probability.
When 1 = ， one w∞1d conc1ude by inspection that ELp/No is an
upper b?und to SNR_， ?ased on �he fact �at Lp is 也e physica1 power
_
10ss in filtering
and t
hat inter-bit interferenëe cou1d presumab1y not
improve SNR. Our results confirm this conc1usion and indicate the
amount of degradation beyond ELo/No ， expressed in the form of the
•
self interference SNRo.
The simplicity of tlle resulting expres sions， eq!s. ( 1 2 ) ， ( 1 3)， and
(14)， is remarkab1e. Filtering effects are e}中ressed sole1y in terms
of Lp and H(O); and since this 1atter parameter may be considered
a scã1e factor， the entire dependenc e on the shape of the filter transfer
function is given by the sing1e figure Lp. Fu
r
商
討more， SN丸 ， SNR h
tH
叫io�s of Lp (for a11
SN凡， and SNR 于re all monotoniç fur
_
.
_
and as a result L is a particu1ar1y usefu1 measûre of signâ1-filter
An
interaction. 不

0

Lp 至 1

*

The figure Lo has been used as a measure of bandwidth in
signa1 desigñ， for examp1e in reference 2.

(0) 尸)，

Evidently s elf interference， according to our approximation， is s o
small that it can often be neg1ected. For examp1e， the ratio

is much less than unity in many cases of practical interest. Appearance
of the factor K in eq. ( 1 2) indicates that self interference， like externa1
interference， is reduced by the "process gain" of the spread-spectrUIIl
modulation.
Application. - As an application of thes e results， we consider the
specia1 case in which H is a passive bandpass filter satisfying
H

(0)

= 1

I H (w) I

� 1，

for all ω

Under thes e conditions， eq's. ( 1 2) and (13) become simp1y
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( 16)

Furthermore， we consider caSes dominated by externa1 interference，
and restrict attention to SNR..
1
Consider the effect of chip rate 1 / 'T on eq. (16). At 10w chip rate
1 so 也at
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心 fi叫ng

( 1 7)

Performance inc reases in proportion to chip rate， to be expected in
a spead-spectrum syste口1. At the other extreme， high chip rate，
on1y 位le center of the signa1 spectrUIIl is passed by the filter.
A ∞
L 何
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而
1" dω =
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where B is the filter noise bandwidth defined by

f∞ IH (w) 12 話
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i
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( 18)

Here performance decreases invers e1y wi也 chip rate. Thus if the
transmitted power (entering the filter) is fixed. there is an optima1
chip rate between these two extremes which maximizes SNRi. The
optimum point occurs near where the asymptotes ( 1 7 ) and ( 1 8) intersect.
name1y where
1
B
T

_

that is. a chip rate equa1 to the filter noise bandwidth in Hertz. The
precise 10cation of the optimum depends on the detailed shape of the
filter transfer function.
Figure 2 is a graph10f SNR; with fixed power P for two specific
filters: an idea1 bandpass filter. defined by
H (ω)

=

(

I

•

for | ω I s 竹B

。
…ise
and a sing1e tuned bandpass filter obeying *
4B 2
I H (ω) 1 2 =
4B'"2 ，+ ω.2

The optima1 chip rate to be emp10yed through t1!.e idea1 bandpass filter
is 1. 0B and the filtering 10ss at this point is 工J = -z. z z db. For a
sing1e tuned filter. there is a much broader maximum with the optima1
chip rate falling at 0. 95 B. and a filtering 10ss at this point of L，，=2 = -4. 7db.
If the power 1eaving the filter. PL . is fixed. an appropriate宅。nstraint
in some situations. the performance n high chip rate follows the asymp 
tote
EL B
SNR 但 一一且一
( 19)
1
21
which is independent of chip rate. Thus there is generally no optima1
chip rate. but rather SNRi approaches a constant va1ue at high chip
rate. The 10w chip rate performance is still given by eq. ( 1 7). The
two asymptotes ( 1 7) and (19) intersect at

át

B
so 也at there is re1ative1y litt1e to be gained by increasing chip rate
beyond B. Figure 3 is a graph of SNRi under these conditions for the
same two spec江ic filters.
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DIGITAL TIME-BASE ERROR COMPENSATOR FOR WIDEBAND
TELEMETRY RECORDER/REPRODUCERS*
M. S. KLEIN and S. TOMBACK
Advanced Technique Development Group
Communications and Systems, Incorporated
Paramus, N. J.

Summary An advanced development model of a telemetry predetection recording
error compensator was designed to reduce flutter and time displacement errors in
magnetic tape instrumentation recorder/reproducers so that the final intra-channel timebase error (TBE) does not exceed ±0.1 Fsec. The device will operate with
recorder/reproducers having bandwidths up to 1.5 MHz and as much as a millisecond of
TBE.
The incoming waveform is sampled, digitized, and stored in a memory on a recorded
pilot tone at a rate determined by the flutter, using phase-lock techniques. Subsequent
readout of the memory, composed of MOS shift registers, at a synchronous rate,
produces a replica of the playback waveform with wow, flutter, and TBE significantly
reduced.
This technique offers the following advantages over other approaches: direct delay/BW
trade-off (i.e. , 1 msec TBE correction at 120 ips, 2 msec TBE correction at 60 ips, etc.),
small size, lightweight, low power requirements, and extensive use of MOS and IC
devices, amenable to future LSI construction.
Introduction In an ideal transport system, the magnetic tape is moved over the
write/read heads at some constant velocity. The extent to which the transport constrains
speed irregularities determines the quality of the playback signal. In addition to changing
the frequency of a recorded tone, these speed control errors alter the time relationship
between pulses and phase modulate complex waveforms. The effect of the speed
variations is generally called either wow and flutter, time displacement error (TDE) or,
as in this paper, time-base error (TBE), and must be reduced if system performance is to
be optimized. Experimental results described in this paper, indicate that performance
during playback introduces the major portion of TBE. The TBE compensator must
therefore accommodate the characteristics of the reproducer.
*

This work was supported by the Naval Applied Science Laboratory under Contract No.
N00140-69-C-0270, for requirements originated by ESD.

In January 1963, a program was initiated for the Air Force Eastern Test Range (ETR)
involving the development and construction of an experimental model of a predetection
telemetry tape combiner. Under this contract (AF90 (606)-6739) members of the C&S
staff investigated methods for electronically controlling high-speed wow and flutter,
Doppler effects, and frequency errors from two or more wideband (1.5 MHz)
predetection telemetry tape recordings on playback, and for combining them in precise
phase and optimal amplitude to produce one continuous record from a set of overlapping,
imperfect recordings. The techniques developed for circumventing these problems
represented an advance in the state-of-the-art, particularly in the field of high-speed,
electronically-controlled, wide-band delay lines (the delay lines developed, using a
binary array of quartz lines, had a delay-bandwidth product in excess of 1,200 and an
agility equivalent to 1/2 the speed of light).
This system was designed to combine different data tracks from either the same or two
independent machines. Accordingly, the sensing and control was rather sophisticated,
relying on simultaneous sensing of the time delay error from timing signals, phase error
of a reference tone, and correlation between data tracks, to ensure an absolute time
reference.
The above system was inadequate for use as a TBE compensator. Electrically, the S/N
attained in the feasibility model was only 30 dB, limited mainly by the switching
transients on the analog signal. In addition, the physical limitations of the quartz delay
lines used, and the power drain consumed by them, were incompatible with the size and
weight constraints of the TBE compensator. It is the purpose of this paper to present
some of the insights gleaned from the Telemetry Tape Combiner development, and to set
forth the electrical and mechanical considerations and design approach for the TBE
compensator.
Technical Discussion
Performance Requirements The TBE compensator is designed to reduce flutter and
time displacement errors so that the corrected TBE of a playback signal does not exceed
±0. 1 Fsec. The device will operate with recorder/reproducers having bandwidths up to
1.5 MHz and as much as a millisecond of TBE, and 0.5% p-p flutter components from
D. C. to 10 kHz.
Electrical Requirements In addition to the above performance requirements, the
following electrical requirements were to be met. Input/output connections were to be
75 ohms unbalanced, at a nominal 2 volt p-p level. Harmonic distortion, IM distortion
and quantitization noise were each to be at least 40 dB below full test tone level. Phase
linearity was to be within 1% , while the amplitude was to remain within ±1 dB over the

full bandwidth. Crosstalk due to data modulating the error control signal was to be at
least 60 dB down.
Mechanical Requirements The TBE compensator was restricted to a size of 23" H x
19" W x 16" 1) and a weight of 100 lb. The power supplies required for the device were
expected to be a significant, if not the major, culprit in meeting these requirements. The
intent of the program was to use techniques which would meet these objectives and also
be amenable to even further physical reduction at some future date.
Design Considerations
Typical Tape Reproducer Performance As part of the program to develop the
telemetry tape combiner system for ETR, C&S personnel ran tests on a group of ten
machines located at Cape Kennedy, using an in-house developed test set. The results are
shown in the table on the following page.
For the CEC and MINCOM machines, the rate of change of time error appeared to be
random, but for all of the AMPEX machines it was quite periodic and usually related to
the reel rotation. Slow variations (1 to 2 Hz average) , arising mostly from tension
variations at reel rotation rates, represented a large fraction of the total displacement
error. At higher frequencies, a nearly white FM spectrum of speed irregularities was
observed, up to the corner frequency of the tape reproducer servo system. A narrow line
near 10 kHz was often observed in the FM spectrum resulting from tape elasticity and
“stiction” (breakaway effect of static friction versus friction in motion) against the heads.
The actual time displacement error was extremely small at these higher frequencies,
since they are basically FM, rather than timing, disturbances.

An important result was obtained in a special test with the CEC 5-752, Serial Numbers
080 and 013. Serial 080 performed more poorly than the others. Its capstan servo was
apparently in need of repair, since it required periodic readjustment by the site technician
to maintain lock on playback. A test tape recorded and then played back on this machine
resulted in 2000 microseconds error. The same tape played back on Serial 013, the best
of the four available CEC machines, resulted in 300 microseconds error. The timing error
on playback obviously did not depend on the characteristics of the recording machine.
The tape recorded on the poorer machine Serial 080, was subsequently played back on a
Sangamo machine which had a high performance capstan servo, with which the
maximim timing error observed was ±3.75 microseconds at 60 ips. The playback
machine, therefore, apparently determines to at least a first order the timing error. This is
an important consideration in tape compensator design: the variable time delay need only
accommodate the timing error of the particular playback machines used; timing errors
likely to be recorded by down-range machines were of little consequence.
Observations of the frequency of timing error changes have shown that the smaller the
timing error, the higher the frequency of change. This is to be expected since low timing
error machines have wideband capstan servos.
Time Delay in Phase-Lock Loop The cutoff frequency of low-pass filter in the phaselock loop must be chosen with care. If it is too high it will permit the control signal to be
modulated by the data (nominally, 900 ± 600 kHz) on the track. If it is too low, the filter
will introduce excessive time delay to the error signal. If this delay approaches or
exceeds 90E at the highest flutter frequency, reductions in loop gain and/or stability will
occur.
This is important, as these frequencies contribute significantly to the cumulative flutter.
For example, if between 1/5 and 1/2 of the flutter noise energy falls between 5 and 10
kHz, removing only flutter frequencies below 5 kHz will result in an improvement of
only 3 to 7 dB in cumulative flutter. The time delay in the feedback loop must, therefore,
not approach 25 microseconds (90E at 10 kHz).
Tape Dropouts Most signal dropouts in instrumentation recordings are caused by
specks of dust and other contaminants that lift the tape away from the head. The control
circuitry must be capable of keeping the error compensator defluttered output within the
specified value during moderate periods of signal dropout.
Observed rates of change of delay of ETR machines, rarely exceeded 1 millisecond/
second. A control system that stops acting on loss of a reference signal can stay within
the allotted ±0.1 microsecond TBE, if the dropout does not exceed 12,000 microinches.
Since it would take rather gross contamination to approach this size, this basic approach
should suffice. The alternative is design of circuitry that would continue the system

clock at the rate it was going at the time of the dropout. This degree of sophistication is
not considered necessary to meet the design objective.
Skew Skew, tape stretch between heads, gap scatter, and dynamic skew are factors
causing timing errors between different tracks. Because of these errors, it is not adequate
to use a control signal on one track to control timing errors on a separate data track.
An error compensator could be made to remove TBE from the control signal, but errors
up to more than 1 microsecond are apt to be introduced between tracks, making this
approach invalid.
In order to meet ±0.1 microsecond time errors and to act against the expected range of
FM components, it is necessary for the overall system to provide a control time on each
signal track of the tape. This control time is recorded from the same source as the tape
reproducer speed-servo control signal, so that frequency differences will not cause
shifting relative to timing.
Frequency Guard Band It is necessary to provide at least a 200 kHz guard band
between the nearest data frequency and the control tone in order to accommodate wide
sidebands of the control tone while rejecting data components that might modulate the
variable delay system. For adequate speed of response, it is also necessary to use a
control tone frequency not lower than 100 kHz.
AM Due to Flutter In addition to the undesired frequency modulation of a data signal
caused by flutter, there also exists amplitude modulation of the data signal by the same
variations in record and playback speeds. These are caused by variations in dF(s)/dt, the
time derivative of the flux pattern, as read by the playback head, where s is the distance
along the tape. The output voltage, being proportional to dF(s)/dt, is greater for a tape
moving faster than a nominal speed, and lesser for a tape moving slower than a nominal
speed.
A variable loss device could, if placed in series with the output of the delay line, be used
to reduce these AM components, which may be only 46 dB below nominal signal level.
The varilosser control voltage could be derived from the delay line control system, since
the AM noise and the frequency shift are both proportional to tape motion velocity error.
However, it appears that the signal-to-noise ratio of the error compensation will be
adequate without this refinement.
System Description With the previously listed design considerations as constraints ,
the TBE compensator could have taken the form of the original electronically controlled
delay lines; i.e., a binary array of fixed delay elements selected by appropriate switching

logic. This, indeed, was what was originally planned. The digitization of the playback
signal and the use of glass digital delay lines solved the problem of switching transients
of an FM signal limiting the S/N. However, a technology reassessment revealed that the
art of making MOS shift registers had progressed to the point where they appeared to be
the best candidate for use as the delay elements in the compensator, in terms of size,
weight, cost, and performance.
A configuration for obtaining electronically variable delay, discarded during the tape
combiner contract due to cost considerations, was examined and refined to take
advantage of the new MOS capabilities.
A block diagram of the new system is shown in Figure 1. The system operates on the
principle of converting analog words to digital form at a rate determined by the flutter on
a pilot tone. This variable conversion, accomplished by phase-locking the 6 MHz
WRITE VCO to the 100 kHz playback pilot tone, compensates for the instantaneous
flutter on the incoming signal. Subsequent D/A conversion at a fixed rate reassembles
the data samples with uniform spacing, and the output signal is a replica of the input, but
with time variations removed.
This simple system works well for time-base error of less than one-bit time of the READ
CLOCK. Larger TBE compensation requires additional storage. The delay line system
performs this function. It provides sufficient storage to provide up to a millisecond delay
to a 36 megabit data stream (6-bit word x 6 MHz conversion rate).
The chosen sampling speed of 6 MHz is a compromise between the additional bit storage
required by high sampling rates and the filtering problems introduced by too low a
sampling rate.
The 6-bit digitation of the analog samples causes an average error of 48 dB below full
test tone, which meets the quantitization noise objectives.
The following paragraphs describe in more detail the major sub-systems of the TBE
Compensator.
Input Buffer The buffer will be an integrated circuit op amp, which provides isolation
from the tape machine and permits gain adjustment of the signal to provide optimum
performance for the analog-to-digital converter. The circuit is fully compensated to meet
the stringent amplitude and phase linearity requirements, and will derive impedances as
low as 50 ohms with unconditional stability.
Analog-to-Digital Converter Several vendors make high-speed analog-to-digital
converters that could be used in the system. The one chosen uses high-speed successive

approximation, with successive delays to overcome tilt. The effective aperture is less
than 10 ns, and sample and hold circuits are not needed. Its T2L, logic is compatible with
the logic to be used in the rest of the sample. It is constructed on a single, multi-layer
printed circuit board, approximately 5-1/2 in. wide by 10 in. long.
Write Logic A 6 MHz VCO locked to the 1 00 kHz pilot tone via a phase-lock loop
supplies clock pulses to the A/D converter. A 6-bit parallel word from the A/D converter
is multiplexed into two buffer registers at a 3 MHz rate. This is required, since the MOS
shift registers currently do not operate reliably at 6 MHz. The two buffer registers
present a 12 bit parallel word to the inputs of the 14 rows of MOS shift registers. A 3
MHz clock signal, developed from the 6 MHz VCO, presents clock pulses to all the
rows.
Each shift register section of a row contains 256 bits. In order to fill a row completely, it
is necessary to clock each row 256 times. A 14 state counter connected to the 256
counter generates a write enable signal selecting one of the 14 rows determining into
which row the data shall be written.
Phase Lock Loop The 6 MHz VCO used in determining the WRITE timing (WRITE
CLOCK) is synchronized to a 100 kHz pilot tone recorded on the tape track. This
synchronization is accomplished by comparing quadrature components of a divideddown sample of the 6 MHz clock. The error voltage developed by the quadrature phase
detectors is filtered and applied to the control input of the VCO.
The use of a quadrature correlation scheme instead of a simpler single-phase feedback
loop eases the filter bandpass requirements within the feedback loop with concommitant
decrease in loop delay-time.
A phase detector fed with two 100 kHz signals produces a DC error voltage
(proportional to the cosine of the phase difference) and an undesired 200 kHz sum
signal. If two phase detectors are fed with quadrature components of two 100 kHz
signals, respectively, they produce two error voltages whose DC error-components are
additive, but whose 200 kHz components are 180E out of phase. Summation of these
error voltages prior to applying them to the VCO eliminates the need for a sharp 200 kHz
filter in the feedback loop. This effectively reduces the time delay in the control loop by
a factor of two, for improved tracking and increased loop stability.
Delay Line and Gating Circuit The delay line and gating circuitry in each row is
made up of (12) ÷ 256 bit MOS shift registers, 2 MOS clock drivers and the necessary
logic for read-write clock enabling. The MOS shift registers are biased to allow
interfacing with TTL components on both inputs and outputs. Because the MOS registers

operate on the master-slave principle, it is necessary to provide two clock pulses O/1 and
O/2. The two MOS clock drivers convert the system logic levels into polar signals
necessary for the MOS clock inputs. Gating supplies control for the read and write
cycles. Receipt of a read or write enable allows the respective clock to generate O/1 and
O/2, thus shifting information through the registers.
The complete delay line system consists of fourteen such rows.
Read Logic A 6 MHz VCXO supplies stable clock timing to the output D/A converter.
A divider from the VCXO supplies 3 MHz clock pulses to the read inputs of the 14 rows
of MOS shift registers, and the ÷256 counter. A 14 state counter determines which of the
14 rows will be selected for reading. The outputs of the 14 rows are OR’ed together and
sampled at a 3 MHz rate, splitting the 12 bit word into two 6 bit words. These 6 bit
words are presented to the input of the D/A converter.
Comparator Circuit It is possible for the average writing rate, derived from the
accuracy of the 100 kHz servo loop, to be slightly different from the 100 kHz derived
from the READ VCXO. If nothing were done to correct this condition, the difference
between the average writing rate and the average reading rate would inevitably cause the
delay line buffer to either overflow or underflow, depending on the direction of the
frequency offset. This would result in a loss of defluttering capability in one direction
and/or a loss of data, depending on the design of the circuitry.
To prevent this from happening, the state of the WRITE counter is subtracted from the
state of the READ counter, and the result fed into a 4-bit D/A converter. Appropriate
offset is provided so that zero volts out corresponds to mid-range of the delay. Any
difference between the two rates of counting will pull the VCXO in the direction of
minimizing that difference. Sufficient filtering is provided (a time constant in the order
of seconds) to let the VCXO respond to long-term average differences only.
Digital-to-Analog D/A Converter The D/A converter converts the output 6-bit words
into a PAM sequence with a 6-MHz sampling frequency, prior to final filtering and
buffering.
The D/A converter is of conventional design, except that precautions are taken to
maintain good video response. Primarily, this entails the use of high-frequency transistor
drivers, with high beta, and design of the resistive ladder network with relatively lowvalue resistors. It should be noted that response at the 1.5 MHz analog frequency, rather
than the 6 MHz sampling rate, is the primary concern. The converter chosen uses resistor
values in 2/1 ratios in a current-adding mode and provides satisfactory frequency
characteristics and immunity to switching spikes.

Low-Pass (LP) Filter The output spectrum of the D/A converter contains signals from
dc to 1.5 MHz and double sidebands of the baseband at all multiples of the sampling
frequency (6 MHz). The highest baseband frequency is separated from its closest
sideband (6 - 1.5 MHz = 4.5 MHz) by 3.0 MHz. To reduce these unwanted sidebands, a
LP filter is provided.
This output filter is a three-section transitional Butterworth-Thompson design, with a
3-dB cut-off frequency of 2.5 MHz. This maintains the amplitude flatness and phase
linearity in the passband and affords moderate filtering to the higher order sidebands.
Output Buffer The output buffer is identical to the input buffer, except that there is no
gain adjustment for the output circuit.
Packaging The error compensator system is designed for standard 19 inch rack
mounting, and requires one 8-3/4 in. high drawer. Power Supplies are mounted
separately.
All signal connectors are BNC connectors. Indicator lamps are used to monitor the status
of the counters. External control of the error voltage is available to facilitate testing and
debugging. All operational controls are on the front panel, all test points accessible, and
all plug-in components easily removable.
Conclusions This paper presented the design of a digital compensator for time base
error in wideband telemetry recorder/reproducers. Application of the compensator will
improve performance of older high-mass machines beyond that obtainable with the
newer class of low-mass machines. The performance of low-mass machines, in turn, can
be made to exceed that of any existing machines.
The digital TBE compensator is flexible enough to be used where an electronically
controlled delay line can enhance system performance.
Additional Investigations The design of the TBE Compensator satisfies the
requirements set forth for it. During the development, several other sources of interest
for further study presented themselves. Some of these are mentioned below.
Use with Low-Mass Machines Although the existing design would work quite well
on low mass machines, the amount of storage required is less than 1/100 of the storage
incorporated for the high mass machine to which this design is addressed. Most of the
delay available in the present design would not be used. A new design with less TBE
capability would be more economical for low-mass machine applications.

More Efficient Coding This investigation did not include examination of
improvements attainable by coding techniques. Since a large segment of the cost of the
compensator will be in the storage, it is expected that a coding technique such as delta
mod or differential PCM would reduce the bit-rate required for reproducing the
waveform, and introduce reductions in size, cost, and reliability.
Use as a Predetection Tape Combiner Using the TBE Compensator electronically
variable delay line and correlation techniques explored in the design associated with the
earlier tape combiner, a new predetection tape combiner feasible for overcoming the
limitations of the earlier analog design. This would permit assembly in a significantly
smaller package at a fraction of the original cost.
Use in Surveillance Work Although more resolution would probably be needed,
either through companding or better encoding, the pay off in improved SIN over
conventional machines would be considerable.
Use in Satellite Recorders The availability of a small rugged, reliable and lightweight TBE compensator/deflutterer in the satellite itself would considerably enhance
the quality of the channels being received on earth, especially when those tapes are
usually speeded up or playback by factors of 20:1.
Delay-Bandwidth Trade-off Although the existing machine works at any playback
speed, slowing down the sampling rate to take advantage of the reduced bandwidths at
the slower speeds would permit a longer TBE capability inversely proportional to the
playback bandwidth. Since the TBE is usually inversely proportional to playback speed,
this trade-off could prove quite useful.
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J. Harvey, for their pioneering work in wideband electronically variable delay lines, and
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Summary The Newell tape transport principle is used in instrumentation recorders to
currently provide upwards of 56 minutes of recording with 15 MHz bandwidth.
Bandwidth several times as wide are definitely feasible. The main characteristic of the
tape transport is that it permits precise tape handling at speeds up to several thousand
inches per second. The paper discusses the results of research on the basic transport
system: the phenomenon of progression at the capstan-tape interface, the mechanism of
tape flow to and from the reel and around the capstan. The behavior of capstan tires at
high speed and the dynamic response of tapes are discussed. The paper is based on
considerable experimental data. Several models of high speed machines are shown.
Introduction The Newell tape transport uses only three moving parts in the basic
mechanism: the capstan and the two tape reels (see Figure 1). The two tape reels are
placed in direct contact with the capstan and the tape is passed directly from the supply
reel to the surface of the capstan and then to the take-up reel. There are usually no brakes
or reel motors. The geometry of the machine is deceptively simple when compared to a
conventional tape transport where on open filament of tape is drawn from the supply reel
over several idlers, capstans and pinch rollers to be finally deposited on the take-up reel.
In the Newell transport the two tape reels are applied against the capstan with a force
which permits transmission of a torque to the reels at their periphery. The tape reels are
mounted on carriages (satellites) which move under constant force to maintain a
continuous contact with the capstan while the tape is passing from one reel to the other.
The only driven wheel is the capstan. The tape is supported at all times and is subjected
to a negligible longitudinal tension throughout the operation. Because the tape is passed
to the take-up reel while under pressure from the capstan, the air is squeezed out from
between the new tape and the preceding layer of tape. The intimate contact between
adjacent tape layers, combined with the tension in the tape, create a virtually solid disc of
tape material permitting high acceleration without danger of cinching the reel. The
continuous support of the tape permits high longitudinal speeds without many of the
inherent problems created by the open filament of tape of conventional tape transports.
The tape transport thus permits longitudinal recording of wideband signals, using a fixed
recording head, thereby eliminating the intricate mechanism of a scanning head and the
attendant switching and equalizing difficulties. The recording head is mounted against

the capstan in direct contact with the tape. The capstan surface is made of resilient
material (elastomer) which presses the tape against the head over a short area. The
head/tape contact is assured by a steady, light pressure, leading to low head and tape
wear and an intimate head-to-tape contact.
During the last two years several manufacturers have been working at the development
of tape recorders using the Newell principle for a variety of applications. Products have
been, or are about to be, introduced in the field of instrumentation, video recording,
audio recording, data storage and incremental recording. Figures 2 and 3 illustrate a high
performance instrumentation recorder providing over 56 minutes of recording with a
bandwidth of 15 MHz. In this unit, the high accuracy with which the tape is positioned
permits the use of narrow tracks. Many posses at 1000 inches per second are made on the
some tape, a 2-second reversal of the tape transport being made every 80 seconds at the
end of each track while the recording head is stepped by one track spacing. Figure 4
shows a small, low cost, cartridge loaded tape transport used for data storage. This low
inertia unit permits search at 120 inches per second with a speed reversal time of 32
milliseconds. The same transport is used in an incremental digital recorder operating at
rates in excess of 200 characters per second.
The preceding rapid description of a few Newell tape transports has shown that there are
basic areas where the mechanics of the tape transport differ from those of a conventional
machine. The tape pack generated under radial pressure, with high friction force between
adjacent tape layers and small longitudinal tension, presents by itself an interesting
subject for a mathematical study. This subject will not be approached in this paper which
is concerned rather with the mechanism of transport of the tape around the capstan and
with a discussion of the associated design parameters.
Reel-Capstan Interface The study must start with a look at what happens at the
interface between a solid tape reel and a capstan covered with an elastic tire. Figure 5
shows a reel applied against the capstan with a force F, thereby creating a deformation of
the surface of the capstan. The capstan is the driving member, with a peripheral velocity
Vc in the undisturbed portions of the perimeter. The peripheral velocity of the reel is VR.
It will be shown that in general VR is different from Vc. This phenomenon is called
progression, and is fundamental to the operation of the Newell tape transport. The
progression is defined as positive when the perimeter of the reel moves faster than the
undisturbed perimeter of the capstan. The lower part of Figure 5 illustrates the fact that
the rubber is compressed at the interface with a tendency to bulge at the two unrestrained
side faces of the capstan. The figure also shows a statement of the principle of
conservation of mass applied to the flow of rubber through the interface. It is a property
of most rubbers that they behave almost as a perfectly incompressible material. The
cross-section of the rubber at the interface is smaller than the cross-section of the
undisturbed tire, so that the average velocity of the rubber at the interface must be higher

than the average velocity elsewhere in the tire. As a result, it is logical to expect that the
driven reel will move faster than the capstan. This phenomenon is well known as applied
to single capstan/roll interface in the paper and related industries, where large rubbercovered cylinders are used to handle the material. Although several papers have made a
study of the distribution of velocity and tension in the rubber throughout the interface
region, no fully satisfactory mathematical treatment has been made as far as we know,
because of the difficulty to take into account surface friction and internal friction in the
rubber. The problem becomes even harder to analyze when dynamic effects are
considered as the capstan velocity approaches the speed of transmission of deformation,
equivalent to speed of sound, in the rubber.
The overall characteristics of the interface may be studied experimentally by plotting the
percentage of progression as a function of the applied radial force. This has become a
routine measurement in the design and quality control of capstans used in a variety of
Newell transports. Typical characteristic curves for a relatively small capstan (4 1/2-inch
diameter) for 1/4-inch tape are shown in Figure 6.
The interface can be thought of as a generator creating tension in the free span of the
tape, and it is logical that the percentage of progression should be affected by the tension
of the tape supplied to the interface or delivered by the interface. The heavy curve in
Figure 6 corresponds to zero tension in the tape. It can be conveniently measured without
any tape, using a solid plastic disc instead of the tape reel. Measurements of progression
while passing tape at the interface are much more delicate to make, so that the other
curves of the family in Figure 6 are only rarely measured. Progression increases with the
applied radial force with a reducing rate as the tire becomes thinner under compression.
Figure 6 also shows that tension in the tape in a direction which opposes motion tends to
reduce progression, and also that when the contact force is small, tension in the tape
causes some slip at the interface.
Negative Progression During the experimental investigation of capstan characteristics
conduced by Charles Vogel, it was discovered that certain definite combinations of
rubber hardness and capstan geometry create negative progression. This may seem
impossible considering that the cross-section of the tire is reduced by compression at the
interface and that, therefore, an increase in rubber speed must result. However, for thick,
narrow capstans it appears that the rubber can escape sideways easier than it can be
deflected radially. The resulting axial flow of rubber at the interface reduces the normal
circumferential flow, so that the surface velocity of the rubber actually becomes less than
that of the undisturbed tire, and negative progression is observed, as demonstrated by the
characteristic curve of Figure 7. Negative progression appears only for the lower range
of contact force. When the force is increased over a certain value (the zero progression
point) the normal positive progression behavior is observed.

While a theoretical study of the mechanism of negative progression is very difficult to
make, we have conducted an exhaustive test program in which the progression curves
have been empirically measured for a number of tires, varying the width, the tire
thickness, the absolute diameter, the rubber hardness, the surface friction and the speed.
For the purpose of illustration, Figures 8, 9 and 10 show the characteristic curves of
certain tires when a single parameter such as thickness, friction, lateral restraint, or
hardness is varied. Increasing the speed results first in increase in effective rubber
hardness causing a decrease in progression. This decrease is observed up to medium
speeds; however, the trend reverses at high speed, the progression again increases
rapidly. This phenomenon is marked by considerable heating of the rubber and the
formation on the tire of a clearly visible wave pattern. This subject is obviously of great
interest for the future design of higher speed recorders and will be covered in subsequent
papers.
Capstan Design The most effective single means of controlling progression in design
is by exercising control over axial rubber displacement. Such control is accomplished by
circumferential grooving of the tire, the purpose of the grooves being to provide space
into which the rubber can flow axially. This is illustrated by Figure 11, showing the
typical grooving pattern of the tire of an instrumentation recorder. The grooves must be
sufficiently wide to allow rubber expansion. The ratio of width to depth of any segment
of tire thus formed between grooves determines the progression characteristic. In this
way the progression rate of a tire or roller may be closely regulated without regard to
axial length, and even a long roller can be caused to have zero or even negative as well
as positive progression. Our current studies on grooving indicate, in addition, that by
varying the depth of the grooves, lateral control of the tape can be enhanced, greatly
increasing tape life. As a result, tape has been run at 1000 inches per second for over
10,000 passes without noticeable edge degradation. We have also learned to control the
composition and curing cycle of the rubber so that hardness can be accurately predicted.
Silicon rubber is used in most of our capstans because the hardness remains constant
within a few points over a very wide temperature range. The result of this program is that
it is now possible to design capstans of predetermined characteristics with good
accuracy. It is, however, beyond the scope of this paper to cover this subject in more
detail.
Transport Stability Now that we can control the tension generated in the tape at the
reel-to-capstan interface, both by proper design of the capstan and by varying the applied
contact force, we can proceed with the study of the conditions of stability of
transportation of the tape between the two interfaces. Referring first to Figure 12, we
realize that the variation in tape tension on the capstan surface is determined by the
classical mechanics of a string wrapped on a curved surface. If a span of tape with an
original tension TO is wrapped on the capstan, the tension will vary exponentially at a
rate determined by the coefficient of friction F between the tape and the capstan. If the

tension opposes the capstan motion, one observes an exponential increase of tension and
the well-known effect of a mechanical amplifier. Figure 12 illustrates the less familiar
situation where the tape is pulled away from the capstan in the direction of motion. The
tension in the tape decreases exponentially starting at the point of tangency and rapidly
decays to zero if there is substantial friction and no other effect is introduced. Figure 13
illustrates the tension profiles as we conceive them between the two interfaces. Assume
that the tape is deposited on the take-up pack with a tension TO and that the supply pack
as been previously wound under the same conditions, so that the tape is provided to the
supply interface with the some tension TO. Figure 13 (a) illustrates the situation where
both interfaces have positive progression. The effect of the supply interface is to release
the tension in the tape and to propel it with a speed which is larger than the peripheral
velocity of the capstan. This is illustrated in the figure by showing that the interface
tends to put the tape in longitudinal compression, which is obviously not possible
because of the thinness of the material. The tape is presented to the take-up interface
with a certain unknown tension T1, and the effect of the interface is to increase the
tension to the value TO found in the pack. Working our way backwards from the take-up
interface, we find that the tension in the tape decreases exponentially. The decrease
would be small using a very slippery capstan so that there would be a remaining positive
tension in the tape by the time that we have reached the supply interface. This would
tend to pull forward the otherwise loose tape created by the positive progression at the
supply interface. Note that the tape is an elastic material and that a variation in length
accompanies a variation in tension. As the tension in the tape varies along the capstan
perimeter, it must be accompanied by a creep of the tape as the elongation adjusts itself.
In addition, a steady component of creep corresponds to the excess velocity due to
positive progression at the supply interface. The upper curve of Figure 13 (a) represents
an unlikely situation because the very low friction coefficient would not be found in
normal capstans, nor would it be desirable because some friction is required to be able to
transmit torque from the capstan to the two tape reels. The case of a low friction capstan
is more accurately represented by the middle curve of Figure 13, (a). In this case, the
exponential reduction causes the tape tension to be very close to zero as one approaches
the supply interface. As tension reduces, the tape creeps slower and slower until stiction
takes over and the tape is immobilized on the capstan surface. The tape, however, is
being delivered at the supply interface with positive progression, that is with a velocity
larger than the capstan peripheral velocity. A loop of tape is created. When this happens,
a servo condition occurs: there is a constant input of untensioned tape tending to release
the frictiona I drag unti I at some leve I the tape creep becomes equal to the supply
progression. The net result is the formation and continuous presence of an incipient
standing loop of loose tape at the input end of the span. A high friction capstan i I
lustrated by the lower curve of Figure 13 (a) wi I I thus create a catastrophic condition
because the loop covers almost the entire span of the capstan and is, therefore, likely to
get out of control. We see, therefore, that positive progression is undesirable at the
supply interface; first, because it does not provide an absolute control of the tape and

second, because the creep of the tape on a low friction capstan, however small, tends to
generate flutter or burbling in the playback signal. Early Newell drives often exhibited
these conditions.
A dramatic improvement is observed when using a high friction capstan with negative
progression at the supply interface. The interface tends to deliver the tape with a velocity
slightly below that of the capstan, so that the tape is deposited on the capstan with a
small tension. The tension remains essentially constant as the tape travels towards the
take-up interface until a rapid exponential increase takes place just before entering the
take-up interface. We have created here a situation where the tape is immobilized on the
capstan with a small longitudinal tension while it is carried under the magnetic head.
This makes it possible to utilize the full tape control and low inherent flutter
characteristics which are the main advantages of this tape transport. Looking back at
Figure 7, we see that the desired condition is obtained by applying a low contact force at
the supply interface and a larger contact force at the take-up interface. The force ratio is
typically 4 to 1, although a large amount of latitude is allowable because of the selfregulating feature of the phenomenon. The previous discussion has presented a
somewhat simplified theory of the tape transport, because the only tensioning
mechanism considered is the progression created by the rubber tire on the capstan.
Indeed, in the presence of a rubber tire the phenomenon of progression completely
overshadows the phenomenon of tensioning within the pack which takes place when a
hard metal capstan is placed in contact with a tape reel. In this case, tensioning still
occurs because the compression of the tape at the interface is accompanied by elongation
through the Poisson ratio. Other conditions being equal, a solid (metal) capstan operating
against a tape pack will generate the highest tension possible within that pack, with any
tape. The addition of even a thin coating of rubber to the capstan surface will reduce
pack tension greatly, and use of a thick, soft capstan tire will result in less tension yet. To
reduce the contact forces and also to avoid the high speed effects described earlier,
capstan design is normally directed towards obtaining the thinnest and hardest tires
possible, compatible with other requirements.
Off-Capstan Guiding In a variation of the Newell transport shown in Figure 14 (a),
the tape in the span between the two packs is completely removed from contact with the
capstan, and the tape may then be draped across the magnetic head in the conventional
manner. In such situations the tension within the span is determined solely by regulating
the force differential and it is not necessary to use a negative progression capstan.
Another variation is shown in Figure 14 (b). In this case, the tape is also pulled away
from the capstan, but the tape guides are such that the free span of tape is made tangent
to the capstan under the magnetic head, therefore improving head-totape contact and
restoring some of the low flutter characteristics of the basic transport. The main
advantage of off-capstan guiding is that an imprecise flangeless capstan may be used,

allowing for example, its penetration inside a tape cartridge (see Figure 4) or within the
flanges of a conventional tape reel in tape winder applications.
Tape Characteristics The Newell tape transport will generate solid packs of tape with
just about any tape available, when operated at lowspeed up to several hundred ips. For
high speed tape transports, in spite of the good control reached in the design of capstans,
it has been found that there is a wide variation in the quality of the pack obtained with
individual brands of tapes. Certain tapes, under constant force, develop higher tension
within the take-up pack with increasing speed. With other tapes, under these same
conditions, the tension developed falls off rapidly, often to zero, as tape speed increases.
Failure occurs when tension becomes so low that upsetting forces can cause a tape shift
between layers. For this reason, the practice has been to establish the take-up force at the
highest level that may be required to maintain a solid pack at the highest speed for the
family of tapes to be used. Tests were made to determine which parameters were most
directly involved in causing such divergent behavior. A method was evolved by which
the tension created in the tape pack under actua I running condition may be gauged (if
not measured), and it was shown that pack stability is directly associated with a positive
tension in tape. Nineteen tapes (1/2, 1 and 1 1/2 mil thicknesses, 1/2" width, all different
brands of a number of manufacturers) were first rated and listed in order as to their
relative tensioning characteristics. Each tape was subsequently listed again in order of its
quantitative value relative to each of the parameters examined. The lists were then
compared for indications of any meaningful relationships. None of the following
parameters appears to have any reasonable relationship to tape tensioning characteristics:
Tape Width, Tape Thickness, Compressibility (coated), Elongation, Conformability,
Friction, Tape Density. The following parameters have a definite relationship to tape
tensioning characteristics: Surface Finish: Rough surface finish of either side of the tape
results in dramatically higher tape tension. This was verified by the results of further
tests made with abraded tapes.
Tape Coating Density: Of the eight tapes with the ‘best’ tensioning characteristics,
seven were found to have the lowest coating densities. The two best tapes were also the
two with the lowest coating densities. The conclusion from this is that a high density
coating must have a high content of oxide, whether Ferric Oxide or Chromium Dioxide,
which indicates in turn, a tape with a low coating surface compliance. More complete
findings in this regard will be offered in subsequent papers.
Several issued United States and foreign patents, and a number of pending patent
applications, cover the basic Newell tape transport and several variations; the use of
positive progression and of negative progression for tensioning of the tape, and the
application of grooves for optimizing tape control.
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Fig. 1

COMPARISON OF TAPE PATHS

FIG. 2

Instrumentation recorder, operating at crystal controlled speed between 15 ips
and 960 ips. Forty-two tracks on ½ inch tape permit up to 56 minutes of
recording with a bandwidth of 250 KHz to 15 MHz.

FIG. 3

Instrumentation Recorder: view of the 960 ips tape transport. Capstan cover
and head cover have been removed.

FIG. 4

120 inch per second, cartridge loaded transport. The left side unit has a front
panel showing the loading slot. The right side unit is partially disassembled to
show the low inertia capstan and the tape guiding.

FIG. 5

TIRE INDENTATION

FIG. 6

CHARACTERISTIC CURVES OF A POSITIVE PROGRESSION CAPSTAN
4.5" Dia. Tire, 1/16" Rad. thick rubber, 35 Duro Rex A., 4.5" dia Hub, Speed
1 7/8 ips, Hub and Tire 1/4" wide axially, max. friction condition.

FIG. 7

CHARACTERISTIC CURVES OF A NEGATIVE PROGRESSION
CAPSTAN
2.25" dia. Tire, 1/4" thick (radially) rubber, 35 Duro Rex A, 4.5" dia. Hub,
Speed 1 7/8 ips, Hub and Tire 1/4" wide axially, maximum friction conditions

FIG. 8

EFFECT OF RADIAL TIRE THICKNESS AND FRICTION ON
PROGRESSION
All tires 4.5" dia, 35 D,,o Rex A, 4.5" dia Hub, Speed 1 7/8 ips, Hub and Tire
1/4" wide axially, friction as noted

FIG. 9

EFFECT OF CAPSTAN FLANGES ON PROGRESSION
Tire 4.5" dia., 1/4" (radially) thick rubber, 52 Duro Rex A, 4.5" dia. Hub,
Speed 15/16 ips, hub and tire 1/4" wide axially, maximum friction conditions

FIG. 10 EFFECT OF RUBBER HARDNESS ON PROGRESSION
All tires 4.5" dia., 1/4" (radially) thick rubber, 4.5" dia. Hub, Speed 1 7/8 i ps,
Hub and Ti re 1/4" wide axia I ly, maximum friction condition, Duro as noted.

FIG. 11 CAPSTAN GROOVING, INSTRUMENTATION RECORDER

FIG. 12 BASIC FRICTION MECHANISM

FIG. 13 TENSION PROFILE ON CAPSTAN
a) Positive Progression Tire
b) Negative Progression Tire

FIG. 14 OFF-CAPSTAN TAPE GUIDING

FREQUENCY DIVERSITY FOR UHF TELEMETRY
W. K. KINKEAD
General Electric Company
Re-entry Systems
Philadelphia, Pennsylvania

Summary The use of frequency diversity to allow substantial airborne antenna
simplification for L and S band telemetry is described. The system is particularly useful
on large, spin stabilized vehicles where omni-directional antenna coverage is required.
Typical antenna patterns with and without diversity are presented. A systems block
diagram showing dual receivers and diversity combiner is also described. A weight
tradeoff is presented for diversity versus non-diversity, with vehicle diameter (at the
antenna location) as the variable. It is shown that, at S band, for diameters in excess of
about 5 in., frequency diversity represents a favorable approach.
Introduction The switch of telemetry systems from VHF to L and S bands results in
rather severe problems in obtaining adequate antenna coverage. Extensive use of spin
stabilized vehicles limits the possibility of using directional antennas. An increase of
almost one order of magnitude in wavelength implies a corresponding change in the
number of antennas needed to provide omni-directional coverage from a given airborne
vehicle. Increased cost, complexity, and weight are generally incurred. Although
diversity reception systems can provide a significant reduction in airborne vehicle design
problems, some increase in ground system complexity is a resultant penalty. The most
common diversity system in use is polarization diversity. Although many ranges are
equipped for this, frequency diversity systems may prove advantageous for those that are
not. It is the purpose of this paper to describe how dual frequency systems may be
implemented and to present a comparison with a non-diversity system.
Antenna Coverage by Ordinary Techniques The usual methods of obtaining omnidirectional antenna coverage on an airborne vehicle at UHF frequencies are to array
many elements around the vehicle waist, or to put an antenna on one end of the vehicle,
usually on a boom. For many satellite applications, the boom approach is satisfactory.
However, it often must be deployed with an attendant reduction in reliability. Also, in reentry vehicle or aircraft practice, the use of a boom is usually unacceptable, either
aerodynamically, structurally, or thermally. In addition, shadowing of radiation from a
boom mounted antenna by the airborne vehicle is inevitable. Thus, arrays around the
periphery of the structure are often preferred or required.

Unfortunately, many elements are required to provide acceptably smooth patterns at the
higher UHF frequencies. The exact number of elements required is a function of
diameter, element (individual antenna) pattern, and the amount of deviation from
uniform, smooth, omni-directional coverage that is permissible. The problem has been
studied by Chu1 and has more recently been extended to large cylindrical configurations
by Cockrell2, and Croswell and Knop3. A review of this work shows that for directive
element patterns and large diameters, a spacing along the circumference of about 0.8
wavelengths is required for low pattern ripple (<3db) and some immunity from small
feeding errors in both phase and amplitude. For broader element patterns and smaller
structures, the spacing requirement may be as little as 0.5 wavelengths.
As an example of the patterns that are formed when fewer elements are used, two and
four slot array patterns are shown in Figures 1 and 2. These were taken on an
approximately 9E half-angle cone. The pattern of Figure I was for two longitudinal slots
mounted on a diameter of 2.3 wavelengths. Note that deep nulls (~-17 db) are formed
due to interference between elements. The situation is not improved by doubling the
number of elements and going to sequential phasing and more element directivity as can
be seen from Figure 2. This represents a pattern of four circumferential slots fed in 0E,
90E, 180E, 270E, phase progression on the same cone, at about the same diameter. Deep
nulls are still much in evidence.
Frequency Diversity Approach Elimination of the antenna interference minima for an
array of two elements can be accomplished by feeding each antenna with a different
frequency and using separate ground receivers. The outputs of the two receivers can be
combined after conversion to IF or baseband frequencies. Rather straightforward ground
equipment is required and a very significant improvement in effective airborne. antenna
gain or antenna weight can be obtained.
A block diagram of a typical frequency diversity system is shown in Figure 3. Separate
airborne transmitters are fed common modulation inputs. The frequencies of the
transmitters may be widely different, or as closely spaced as the modulation spectra
allow. A single antenna, preferably circularly polarized, is used on the ground to feed a
UHF/VHF down converter. Separate receivers are then used for the two different
frequencies. Receiver outputs can be put on tape directly for further processing,
optimization of detection bandwidths, elimination of doppler effects, etc. They may also
be fed to an optimum ratio combiner for real time processing or for the basic flight data
record if no optimization is required.
Figure 4 illustrates the situation from an antenna point of view. A typical longitudinal
slot antenna pattern is shown as the solid line. This pattern is rotated 180E and drawn
with a dashed line to represent the pattern of an identical slot on the opposite side of the
vehicle. (Again a 9E half-angle cone with a 2.3 wavelength diameter at the antenna

location is used. ) A switch-type combiner that would follow the greater of the two
signals as the vehicle spins (for a constant 2 look angle) would produce a nearly uniform
(4 db ripple) composite signal. Use of an optimum ratio combiner would produce up to
2.8 db improvement, as shown by the dotted line.
The situation for the entire range of look angles is shown in Figure 5. Here the maximum
and minimum effective antenna gain around the roll axis is plotted versus angle off noseon for both the switch combiner and optimum ratio combiner approaches. Right hand
circular polarization is used. The poor coverage off the nose is due to the inherent
element pattern null of longitudinal slots in this direction. As can be seen, however, the
effective coverage is very nearly onmi-directional around the roll axis. Other element
designs could be used to eliminate the nose-null, if this were necessary. An attractive
candidate would be crossed, or “X” shaped slots. These would have the advantage of not
only nose-on gain, but also could be used to achieve circular polarization broadside to
the vehicle and, thereby, eliminate the 3 db polarization loss present with the
longitudinal slots.
Comparison of Frequency Diversity with a Conventional Array It is apparent that
the advantage of using frequency diversity grows as the vehicle diameter required for
antenna mounting increases. The best parameter for conducting a tradeoff is airborne
vehicle weight. Table 1 shows some typical weight calculations for a frequency diversity
system with two transmitters and two antennas. Also shown are the parameters for an
array of identical antennas fed by a power divider. An average element spacing at 0.7
wavelengths circumferential distance is assumed. In addition, cascaded, identical twoway hybrids are assumed for the power dividers, so that the number of power dividers =
N-1, where N is the number of antennas required. (In general, for m-way power dividers,
the total number required is (N-1)/(m-1). Thus, for example, four-way dividers would
save six dividers in a ten antenna system, but the four-way devices would be larger than
the individual two-way dividers.) The restriction to two-way power dividers limits the
number of antennas to powers of two. The results can easily be repeated, however, for
other array element numbers.
In order to see the advantages of frequency diversity more directly, the following
numbers are substituted for the various parameters:
8
y
X
Z
D

=
=
=
=

5.3 in. (S band telemetry wavelength)
0.5 lb
1.2 lbs
0.15 lbs
0.03 lbs/in

These are realistic numbers for an S band telemetry system on a re-entry vehicle. A plot
of the weight vs. diameter of the two systems is shown in Figure 6. As can be seen, the
advantage of the diversity system is considerable for even moderate vehicle diameter.
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TABLE 1. WEIGHT VS. AIRBORNE VEHICLE DIAMETER TRADE OFF

D
D
X
Y
Z
8
n

=
=
=
=

cable weight per unit length
vehicle diameter
single transmitter weight
antenna element weight
weight of single hybrid power divider
wavelength
number of antennas

Figure 1. Two Longitudinal Slots at 2.3 8 Diameter, 90 Half-Angle Cone,
N Variable Pattern, E N Polarization, N = 80E

Figure 2. Four Circumferential Shots at 2.44 8 Diameter, 9E Half-Angle Cone,
N Variable Pattern, E N Polarization, N = 50E

Figure 3. Block Diagram - Frequency Diversity System

Figure 4. Two Longitudinal Slots at 2. 3 8 Diameter, 9E Half-Angle Cone,
N Variable Pattern, E N Polarization

Figure 5. Longitudinal Slots Composite on Frequency Diversity Basis

Figure 6. Airborne Vehicle RF System Weight - Frequency
Diversity vs. Non-Diversity Systems

DEVELOPMENT OF THE CV-2138 (XAN-1) TELEMETRY AND
MDI UHF DOWN CONVERTER
HUGH LILIENKAMP
Applied Research Department
Naval Avionics Facility
Indianapolis

Summary This paper describes the function and design of the CV-2138 (XAN-1) UHF
Down Converter developed at the Naval Avionics Facility, Indianapolis, Indiana. This
unit is part of the Navy’s Tartar, Terrier, Talos missile UHF telemetry/miss-distance
information (MDI) system AN/SKQ-2 (XAN-1) now under development at this Facility.
The converter, a dual-channel unit, receives signals in the 2200-2290 MHz and 1760-to1850 MHz bands, and produces IF’s of 240-330 MHz and 110-200 MHz respectively.
The 1960 MHz local oscillator (LO) frequency, common to both channels, is supplied
from a single source.
Introduction As a unit of the AN/SKQ-2 telemetry/MDI system, the CV-2138
converter is mounted on the receiving antenna pedestal near the antenna output in order
to minimize input line losses and, hence, system noise figure (NF). The converter output
is fed to the receiving-recording-scoring set which is located some distance from the
converter (i.e., below deck aboard ship). The principal portion which controls noise
figure and gain is comprised of a tunnel-diode preamplifier (TDA), balanced-mixer, IF
amplifier, and amplifier/X4 multiplier which generates the 1960 MHz L0 frequency (see
Figure 1). Front-end preselection and image-rejection filtering attenuate out-of-band
signals.
System design goals require that the converter have a 5 db maximum NF @ 25E C, RF to
IF gain of 30 db minimum across the 90 MHz bands, weigh 40 pounds maximum, be
non-airconditioned, and operate over a -30E C to +65E C temperature range.
General Discussion Both CV-2138 channels are 90 MHz wide, the center frequency
of the telemetry and miss-distance indication (MDI) channels are at 2245 MHz and 1805
MHz respectively. The 490 MHz input to the amplifier/X4 multiplier is generated by an
ultra-stable source (i e., 2 parts in 109/day) which is remote to the converter. In the
AN/SKQ-2 system, the 490 MHz is generated by a frequency synthesizer located in the
receiving-recording-scoring set.

Originally it was planned to package the input diplexer and preselector filter separately
from the converter. Due to the eventual TDA form factor, however, it became apparent
that by slightly enlarging the converter package, the diplexer and filters could be
included.
The primary voltage to the unit is 115 + 10 volts, 400 Hz, single phase at approximately
55 ma current drain. From this input the converter power supply generates the ± 12 VDC
required internally.
With a 0.5 MHz bandwidth in the receiver following the converter, a desired system
signal-to-noise ratio of 10 db, and a 5 db converter NF, the theoretical converter
sensitivity calculates to -102 dbm. The TDA 1 db gain compression point determines the
upper end of the dynamics range at approximately -44 dbm. Hence, the theoretical
dynamic range of the unit is approximately 58 db.
The averages of the measured NF across the telemetry and MDI channels are 7.3 db and
7.1 db respectively; the averages of the measured sensitivity are -102 dmb and -103 dbm
respectively. The sensitivity test was made using an HP spectrum analyzer, 100 KHz
bandwidth. Front-end filtering in-band losses, of course, add to the measured NF at the
TDA input (TDA input NF approximately 5 db).
Component Discussion In order to achieve a 5 db NF, a low-noise, relatively higngain preamplifier was required. Out of the high frequency amplifiers available at the
beginning of the converter development (parametric amplifier, traveling-wave tube, and
TDA), the TDA was selected for its relatively small size, simple circuitry, and low input
power requirements. The input and output ports of the five-port TDA circulator are each
terminated with 50 ohms insuring frequency stability over the operating bandwidth. The
TDA has a gain and NF of 17 db and 4.5 db respectively @ 25E C.
Attention has been given to the image frequencies in the respective bands of 1630-1720
MHz (telemetry channel image frequency) and 2070-2160 MHz (MDI channel image
frequency). The image-reject filters following the TDA provide 40 db minimum
attenuation at these frequencies. They also provide 30 db attenuation at 1960 MHz in
order to reduce L0 power which might be reflected out the signal input port of the mixer.
The balanced mixer of the microstripline hybrid-ring type, is etched from a double- clad
teflon-glass dielectric board. The hybrid-ring provides 25 db minimum L0-to-signalinput port isolation. Schottky barrier (hot-carrier) diodes were chosen for the mixer due
to their low noise properties, stable operation under varying L0 power, and relatively
rugged construction.

As pointed out previously, L0 power for both mixers is supplied from the amplifier/ X4
multiplier in which a step-recovery diode (SRD) is used in a coaxial-cavity resonator.
The cavity is tuned to pass the fourth harmonic of the 490 MHz input. The 1960 MHz is
then split into nearly equal power levels by means of dual output cavities. A power level
of 1 to 5 nw is required at the 490 MHz converter input.
The broadband IF amplifiers for the telemetry and MDI channels operate in bands of
240-330 MHz and 110-200 MHz respectively, and have a 30 db minimum gain. The
noise figure and 1 db gain compression point of both units are approximately 5.5 db and
-25 dbm respectively.
The two IF amplifier outputs are fed to the output diplexer where they are combined for
transmission to the receiver through a single coaxial cable. The output diplexer consists
of two filters, one a low-pass for 110-200 MHz, the other a high pass for 240-330 MHz.
Each filter provides a minimum of 30 db rejection to frequencies in the other band.
From an input of 115 ± 10 volts, 400 Hz, the power supply generates ± 12 VDC for the
TDA’s, amplifier/X4 multiplier, and IF amps. The supply is both voltage regulated and
current limited; regulation of the +12 volt is ± 1% while the -12 volt is regulated to
± 0.50% over the -30E C to +65E C operating temperature range.
Shown in Figure 3 are the low-pass filter, input diplexer, and preselector filters which
provide 60 db minimum attenuation from dc to 0.95 times the lower cutoff frequency,
and from 1.05 times the upper cutoff frequency to 10 times the upper cutoff frequency in
each band.
The low-pass filter in front of the RF diplexer is a “varying-impedance” coaxial type. It
has a cutoff frequency of 6 GHz maximum at the 3 db down points, and an inband
insertion loss of 0.2 db maximum. This unit is designed to attenuate the second passband (4Xfo) of each preselector filter. Attenuations of 35 db minimum are presented to
the second pass-band of the MDI preselector; attenuations of 60 db minimum are seen by
the second pass-band of the telemetry preselector. From 8 GHz to 12 GHz the
attenuation is 45 db minimum.
The RF diplexer contains a band-pass and a band-stop filter, each of which are centered
at 1805 MHz. Hence, MDI channel frequencies are passed with minimum insertion loss
through one output and attenuated through the other. Telemetry frequencies pass through
the band-stop filter with minimum loss and are attenuated in the band-pass filter.
Pertinent RF diplexer specifications are given below:
Band-Pass Section: fo = 1805 MHz
Insertion Loss 0.4 db maximum (1760-1850 MHz)

Off-Band Rejection 20 db minimum (2200-2290 MHz)
Second Pass-Band Center 3 fo
Band-Stop Section: fo = 1805 MHz
In-Band Rejection 20 db minimum
Off-Band Insertion Loss 0.2 db maximum (2200-2290 MHD
Second Pass-Band Center 3 fo
The preselector filters connected to the RF diplexer outputs are of the comb-fine variety
and have an off-band rejection of 60 db minimum at approximately fo ± 7%. The
attenuation is below 60 db at approximately 5 GHz in the MDI channel and 7.2 GHz in
the telemetry channel. Theoretically the second pass-band is centered at 4 fo. The
minimum bandwidth at the 1 db down points is 100 MHz, in-band insertion loss is 1 db
maximum.
Shown in Figures 4 and 5 are internal views of the CV-2138 (XAN-1) UHF converter.

Figure 1. Frequency Converter Block Diagram CV-2138(XAN-1)/UK

Figure 2. CV-2138(XAN-1) UHF Converter

Figure 3. Input Filtering

Figure 4. CV-2138(XAN-1) Internal, Top View

Figure 5. CV-2138(XAN-1) Internal, Side View

A PHASE-LOCKED UHF TELEMETRY TRANSPONDER FOR
MISSILE SCORING APPLICATIONS
J. R. DELBAUVE
Applied Research Department
Naval Avionics Facility
Indianapolis

Summary The Phase-Locked UHF Telemetry Transponder described in this article is
part of the recently conceived Cooperative-Doppler Missile Scoring System. This system
obtains the doppler curve of a missile relative to its target, without the use of special
scoring equipment in the missile. This is accomplished through comparison of the
telemetry information from the missile with a transponded signal from the target aircraft.
The transponder is housed in the target aircraft and is responsible for transponding
PAM/FM modulation from the telemetry band (2200-2290 MHz) to the scoring band
(1760-1850 MHz), while preserving the phase of the modulation during the frequency
translation. In order to accomplish this, true phase demodulation of the PAM/FM signal
has been achieved through utilization, of the phase-lock technique. Included in this
article is an analytical discussion of the phase-lock loop design with derivations of the
closed-loop transfer function and response bandwidth; Root-Locus analysis; Bode
diagram; and dynamic range and phase response considerations.
Introduction The Data Link Branch of the Functional Research Division of Naval
Avionics was assigned the task of developing a Cooperative Doppler Missile Scoring
System, as part of the recent VHF-UHF Telemetry Conversion Program. The AN/DRQ-4
(XAN-1) Telemetry Transponder discussed in this paper, is an integral part of the above
system.
The Cooperative Doppler Scoring System is designed to obtain the doppler curve of a
missile relative to its target, without the use of special scoring equipment in the missile.
This is accomplished through direct comparison of the telemetry information from the
missile, with a transponded scoring signal from the drone (target aircraft). The
AN/DRQ-4 Transponder is housed in the target aircraft, and is responsible for the
frequency translation and retransmission of the telemetry information at the scoring
frequency.
The phase-lock technique was chosen, in the design of the AN/DRQ-4, as the best
method to achieve an exact frequency translation of telemetry information at UHF

frequencies, while preserving the phase of the modulation; providing the necessary
input-output frequency stability; and achieving the necessary dynamic range and system
gain at UHF frequencies. The Voltage Controlled Oscillator (VCO) employed within the
phase-lock loop is of the tunable, free-running variety which provides the modulation
capability required by the modulation format. This free-running approach usually results
in a UHF source which drifts approximately ± 2 MHz from the center frequency, over
the operating temperature range. An automatic signal acquisition technique is
incorporated in the loop to assure acquisition of the telemetry signal, regardless of the
VCO center frequency. This consists of summing an internally generated triangular
waveform into the tracking signal (i e., closed-loop error signal), to cause the
transponder output to search ± 3 MHz either side of the center frequency. When the
system sweeps through the predetermined scoring frequency which agrees with the
instantaneous incoming telemetry frequency, the system immediately phase-locks to the
telemetry information and accurately translates the incoming information to the scoring
frequency (transponder output) . Note that the design of the tracking section’s response
and the high ratio of tracking to search gains, assures a high probability of acquisition
and good modulation capability, without the use of phase shifters and quadrature
detectors to control the triangular search signal.
When the system is not phase-locked, the difference frequency produced by the detector
creates a “beat-note” error signal at the output of the tracking filter. This signal provides
a discriminator action to aid the phase-lock loop in reaching the pull-in threshold. This
effect is further emphasized by the high loop gain, and the established values for the loop
damping coefficient and natural loop frequency. The resulting (CW) pull-in range for the
transponder is about one full megahertz; thus a high acquisition probability with a rapid
lock-on rate under swept and/or transient conditions is assured.
Transponder System Description (See System Block Diagram; Figure 1) The
transponder is basically a double heterodyne system utilizing the principle of the
phaselock loop, as applied to the design of “locked-oscillators” for crystal-like frequency
stability of UHF sources. In this application, the sampled output of the 3 watt VCO is the
first local oscillator; that is, the oscillator which is being phase-locked. The purpose for
utilizing this design concept is to achieve a translation of the telemetry information in its
exact form, and to retransmit with sufficient power to assure reliable ,operation with the
ground station over the desired range. Note that the retransmission of the telemetry
signal is not a simple heterodyne translation to a lower frequency, but an actual
remodulation and creation of a new duplicate of the telemetry information for
transmission at a lower frequency. The use of the phase-lock technique makes the
transponder a “closed-loop servosystem”, as compared with the simple “open-loop”
heterodyne system employed in VHF transponders.

RF Section - Block Diagram Description The sampled output from the VCO is used
as the first local oscillator, and is heterodyned with the received telemetry information in
the RF diode mixer. This produces a first IF frequency of 400-500 MHz. A one-half
cubic-inch crystal oscillator with a fundamental frequency of 54-75 MHz is used to drive
a times-six frequency multiplier and generate second local oscillator frequencies of 325453 MHz. This oscillator has a frequency stability of fifty parts per million (0.005%), in
order to assure stability of the frequency translation from the first IF frequency, to the
second IF frequency (45 MHz). The second local oscillator signal generated by the
frequency multiplier is heterodyned with the RF diode mixer output in the RF
amplifier/transistor mixer, to produce a second IF frequency of 45 MHz. Note that this
second IF frequency must always be 45 MHz, regardless of the telemetry and scoring
frequencies selected; only the output frequency of the RF diode mixer and the first local
oscillator frequency change. Thus the desired telemetry-scoring channel is determined
by: a) selection of the proper crystal oscillator frequency for the X6 Multiplier; and b)
tuning the VCO to the proper scoring frequency with a -3 VDC bias on the modulation
input. (The RF amp/tran. mixer must also be peaked to the new first IF frequency.)
The 45 MHz IF signal is then amplified by the three-stage integrated-circuit IF amplifier
to produce an IF signal of the proper magnitude for further processing. The intrinsic
characteristics of this amplifier make it self-limiting. This self-limiting nature, and the
inherent broadening of the passband under high signal levels; is responsible for the
desired variation in the closed-loop damping coefficient. Thus, maximum sensitivity is
maintained with maximum loop signal-to-noise for low signal levels at the telemetry
input, without introducing destructive phase shifts during the missile-target intercept.
The IF amplifier also has adjustable gain and output characteristics which are used to
mate the RF Section to the Acquisition and Tracking Section, in such a manner as to
achieve an 80 db dynamic range.
Acquisition & Tracking Section The output of the IF amplifier enters the
Acquisisition & I racking Section, where processing takes place to produce the “error
signal” which modulates the VCO in the closed loop. A miniature balanced diode mixer
is used as a phase detector to compare the IF signal with the frequency and phase of the
reference oscillator. The output of this detector is a voltage proportional to phase
difference, or the difference frequency, depending upon whether the loop is “locked” or
“unlocked” respectively. The resulting phase-demodulated signal is an exact duplicate of
the original information plus doppler frequency shift. A tracking filter is used at the
output of the detector to control the closed-loop response of the system. The filtered
signal is then combined with the search signal and amplified by the operational
amplifier. The search signal is generated within the Acquisition & Tracking Section by
an astable common-emitter multivibrator which controls constant current sources in a
bidirectional Miller-integration circuit to create a triangular waveform. The high ratio of
tracking to search gains of the summed signals is responsible for the ability of the system

to perform rapid transitions between the search and tracking modes of operation; and the
linear sides of the triangular waveform immediately commence a linear frequency
scanning of the system when a transition is made to the search mode. An emitterfollower driver stage is used at the output of the operational amplifier to provide RF
isolation and sufficient current drive to the voltage-dependent input impedance of the
VCO. It also allows increased slewing capability in the amplifier. It should be noted that
the automatic nature of the aforementioned processes performed by the Acquisition &
Tracking Section is responsible for the automatic operation of the transponder system.
Voltage Controlled Oscillator (VCO) The composite output signal produced by the
Acquisition & I racking Section modulates the VCO and produces the scoring output. In
the two advanced developmental research models, the “error signal” was used to
modulate a varactor diode used as a phase-switch in the planar triode cavity; thus
modulating the frequency of the cavity. The sample output of the VCO acts as the local
oscillator for the RF diode mixer; thus completing the closed loop.
From the closed-loop nature of the system, we see that any modulation present in the
telemetry information will be reproduced exactly in the scoring output. Thus a constant
mathematical difference is maintained between the instantaneous telemetry frequency
and scoring frequency during phase-locked operation. The telemetry information is thus
translated, in its exact form, to the lower frequency.
The entire transponder is powered by a DC-DC converter contained within the unit. This
converter accepts unregulated 28 VDC supplied by the target drone, and produces highly
regulated positive and negative fifteen volts to operate the RF components and printed
circuit board containing the Acquisition & Tracking Section. It also supplies the high
cathode voltage and filament current necessary for operation of the planar triode in the
VCO.
Frequency Stability & Error Contributed to Miss-Distance Determination The
long and short term frequency stability of the AN/DKQ-4 is solely dependent upon the
performance of the two crystal oscillators used within the system, as a direct result of the
phase-lock technique employed. Stability tests performed on the oscillators, along with
various calculations involving the system configuration; have indicated that the worstcase system frequency drift during a typical missile-target-intercept is to be
approximately 6 Hz. For the maximum relative missile velocities and minimum missdistances indicated by system requirements, this represents a worst-case error in missdistance determination of less than 1.4%. The probable error in miss distance
determination contributed by the AN/DRQ-4 is estimated to be approximately 0.7%.
Hence the error in miss-distance determination contributed by the transponder is
compatible with a maximum error of 5%, for the complete MDI system.

System Input Sensitivity The input sensitivity of the system is of the following form:
Input sensitivity = system compression point

where
MIFL = maximum IF output level (limiting level)
DL = 6etector level
The base of the log function must be found which yields the best logarithmic
approximation to the actual curve. Careful analysis of this technique indicates that an
excellent approximation may be obtained by using the base of the log function which
causes the function to pass through the most probable value of detector input level for a
maximum IF level of 0 dbm. This produces the most accurate approximation under the
most probable operating conditions, with only slight error introduced (2-1/2%
maximum) for extreme values of detector level.
Using the following empirical data, the “threshold extension” term may be evaluated:
Threshold Extension (TE) . 18 db below the system compression point
for MIFL = 0 dbm and DL -5 dbm
Thus

for MIFL and DL expressed in dbm’s,

converting to common logarithms,

thus for K = 20;

and the resulting expression for system input sensitivity becomes:

Input sensitivity = system compression point - 10 log10 [12.6 /MIFL (dbm) - DL
(dbm)/] = IF amplifier compression point + loop SNR threshold + conversion loss
- conversion gain -10 log10 [12.6/MIFL (dbm) - DL (dbm)/] )dbm)
For an extreme range of values for the threshold extension term, the above expression
has been found to match empirical data with a maximum error of approximately 2 db; or
less than 2-1/2%. of the total dynamic range.
The system sensitivity for the typical case described above is:

Since the above expressions predict closed-loop performance from open-loop data, the
presence of sources of noise and instability in the loop will degrade the system sensitiv it
from the predicted values. Hence, noise or instability of the modulator section Wthe
VCO would degrade the equivalent loop SNR threshold with a corresponding alteration
of the system compression point and system input sensitivity.
If the input-output characteristics of the IF amplifier and the combined characteristics of
the diode and transistor mixers are utilized to graphically illustrate the system’s dynamic
properties, the resulting curve valides the above predictions. It should be noted, however,
that the exact location of the linear phase threshold is somewhat ambiguous with regard
to experimental verification, since a noticeable phaseshift typically occurs about one to
three decibels below the system compression point.
This differential is intrinsic to the operation of the IF amplifier, and is dependent upon
variations in input and output admittances of the integrated circuits; saturation
characteristics of the current sources contained in the integrated circuits; and other
factors including tuning of the IF stages. For the sake of simplicity, the linear phase
threshold has been shown approximately equal to the system compression point.
The most important internal factors affecting input sensitivity are the RF section noise
level, the VCO modulator stabilityl and the stability of the Acquisition & Tracking
Section. Any noise or instability of these components degrades the equivalent loop SNR
threshold and the threshold extension term. Under this condition, the total system input
sensitivity is degraded accordingly. Generally, the maximum de-. gradation that could
occur would reduce the input sensitivity to the system compression level (typically
-67 dbm). Since reasonable tracking occurs above this signal level, even with high noise
levels and poor loop stability, it is doubtful that an input sensitivity greater than the
system compression level could ever be experienced.

Dynamic Range & Phase Response A non-linear phase response in the RF section
would produce delay distortion of the FM signal containing the information. Thus, it is
necessary to provide sufficient RF bandwidth with minimum slope of the phase-versusfrequency response curve (i.e. minimum time delay) to assure minimum distortion of the
modulation bandwidth. This requirement is, however, in direct conflict with the desired
variation in loop damping coefficient for optimum acquisition probability and tracking,
and the pass-band shifting characteristics of conventional automatic gain control
techniques utilized to achieve large dynamic ranges.
The desired bandwidth control with a linear phase response (above the output
compression point) and adjustable automatic limiting has been achieved through the
design of an integrated circuit IF amplifier utilizing the outstanding phase properties of
the single-ended differential amplifier configuration, and the applicability of individual
limiting constant-current sources to this configuration. The amplifier thus provides the
high gains needed for maintenance of sufficient tracking signal at low telemetry signal
levels, a linear phase response above the system compression point for preservation of
minimum loop hase error over a wide dynamic range, and automatic limiting and control
of the loop damping coefficient to prevent saturation of the phase detector utilized to
derive the loop error signal. Collaboration of these outstanding properties has resulted in
minimum loop phase error and minimum doppler distortion at the critical missile - target
intercept.
Acquisition & Tracking Section The transponder acquisition & tracking section is
responsible tor acquisition of the telemetry signal and phase demodulation of the
PAM/FM information contained therein. The second-order phase-lock loop requires
sufficient loop gain to achieve maximum phase slope with minimum phase tracking error
at the deviations and modulation rates imposed by the telemetry information. In order to
maintain a small phase tracking error with full modulation index, it is necessary to
provide an operational amplifier bandwidth much greater than the maximum modulation
rate, and sufficient gain to maintain the tracking signal at modulation rates above the
second breakpoint of the tracking filter. The second breakpoint of the tracking filter
could not be extended to enhance the amplifier’s performance, since this would result in
an insufficient loop damping coefficient and phase margin at the unity-gain bandwidth of
the system.
With a wide operational amplifier bandwidth and a VCO modulation input bandwidth
much greater than the maximum modulation rates, it is possible to control the natural
loop frequency and damping coefficient through adjustment of the filters’ transfer
function. Since the loop response is controlled only by the tracking filter, an adequate
phase margin at unity gain is assured. With the timeconstants of the tracking filter fixed,
the closed-loop will have an upper modulation limit which is roughly one to ten times
the natural loop frequency, for a given damping coefficient.

In the transponder system, the damping coefficient must be made greater than the
conventional 0.7 value typical of phase-lock systems in order to achieve very small
tracking errors at modulation rates in excess of twice the natural loop frequency. In
addition, the natural loop frequency must be correctly established to make the acquisition
time compatible with the automatic acquisition system, and assure a high probability of
acquisition with full modulation present on the telemetry signal. Hence, the natural loop
frequency has been chosen by compromise with regard to the maximum modulation rates
expected, the desired acquisition time, and assurance of a high probability of acquisition
under full modulation. The loop damping coefficient has been established to provide the
desired response time for the necessary modulation capability and the phase margin
needed for loop stability at modulation rates approaching the unity-gain bandwidth.
In sinusoidal modulation test, the AN/DRQ-4 has proven capable of undistorted tracking
up to a maximum modulation index of approximately 2.14 (about 750 KHz deviation) at
the maximum modulation rate of 350 KHz. This typical value of 2.14 assumes a
moderate received S/N ratio; values as high as 2.20 have been determined for
exceptionally good signal-to-noise ratios and moderate telemetry signal levels. When
these values are compared with the absolute maximum theoretical modulation index
possible in a phase demodulation process (2.40), they indicate that the maximum
modulation capability of the system is within approximately eight percent of the
maximum capability that could be achieved if the loop SNR threshold and phase jitter
were completely negligible.

Closed-Loop Transfer Function

Derivation of System Parameters
follows:

We define the closed-loop transfer function as

Closed-Loop Transfer Function
Hence,

where the denominator of the closed-loop transfer function corresponds to the
characteristic equation of a general second-order linear system; i.e.,

From the above,
Natural Loop Frequency

Loop Damping Coefficient

It should be noted that the calculated values for natural loop frequency and loop damping
coefficient are achieved with full signal level at the detector input. This implies that the
system is operating above the output compression point, and that the maximum loop
damping coefficient is achieved under this condition. For low signal levels, the
equivalent loop gain and loop damping coefficient are reduced from the values indicated
above. Under this condition, system stability is maintained because a lower loop
damping coefficient is permissible with reduced loop gain. In fact, the loop damping
coefficient closely approaches the 0.707 theoretically optimum value for optimum
acquisition and tracking properties, at telemetry levels near the system’s value of input
sensitivity. The system is thus made unconditionally stable for all signal levels, with the
maximum loop gain limited by the automatic limiting properties of the IF amplifier.
In order to determine the closed-loop performance of the system while tracking a
telemetry signal, we will derive the closed-loop response bandwidth directly from the
closed-loop transfer function.
For the values calculated above:

The closed-loop response bandwidth is derived as follows:

Thus,

Closed-Loop Response Bandwidth

Using the value of Tn and * damping calculated above:

For modulation rates between the closed-loop ban wi th an the uni y gain an width, the
pole-zero configuration of the system indicates a slope of the response curve of minus
6 db/octave. This change in slope above the upper breakpoint of the tracking filter is
provided by the first breakpoint of the operational amplifier, and is necessary to establish
the unity-gain bandwidth and proper phase margin. With a slope of -6 db/octave, the
closed-loop response at the maximum modulation rate of 350 KHz is approximately:

Thus, the closed-loop response is down approximately 3.5 db at the maximum
modulation rate.

System Root-Locus Analysis The locus of complex conjugate closed-loop poles is
shown in-the following root-locus plot, along with the locations for maximum loop gain
and damping coefficient. Since poles and zeros nearest the imaginary axis are dominate
roots of the characteristic equation, the farther the complex conjugate ( closed-loop)
poles from the imaginary axis, the greater the loop damping. Location of the closed-loop
poles to the left of the up er breakpoint, (zero) of F(S), indicates a loop damping
coefficient greater than one-half. The dependence of conjugate pole location upon input
telemetry level is also illustrated
(see Figure 3) .
Closed-Loop Bode Diagram Using the approximation validated above for the closedloop transfer function, the low and high frequency asymptotic approximations to the
closed-loop system response may be derived as follows:

Low Frequency Asymptote

High Frequency Asymptote

The approximate intersection of low and high frequency asymptotes is:

Conclusion In conclusion, we have shown that phase demodulation of the PAM/FM
telemetry signal makes it possible for the AN/DRQ-4 UHF telemetry transponder to
accurately translate S -band telemetry information to the scoring band while preserving
the phase of the modulation during the translation. Hence the scoring signal is an
accurate duplicate of the original telemetry information, plus the doppler shift due to the
relative velocity between missile and target.

Figure 1. AN/DRQ-4 UHF Transponder Block Diagram

Figure 2. System Dynamic Range

Figure 3. Closed-Loop Root-Locus Plot

Figure 4. Bode Diagram; Approximate Closed-Loop Response Vs. Frequency
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Summary A portable telemetry receiving station was desired for use in testing a family
medium range surface-to-air missiles. It was recognized that the crucial item in a
lightweight portable telemetry system at this time is the telemetry receiving antenna.
This is a result of the following facts: (1) the amount of transmitter power available from
the missile at UHF is limited due to component capability, (2) the amount of power
radiated by the missile in a given direction varies widely due to missile antenna pattern
lobing, (3) the beam of the receiving antenna is narrow and the antenna size is
correspondingly large if the antenna is designed to have sufficient gain to compensate for
the reduced dipole aperture at UHF , and (4) the increase in performance possible by
reduction of system noise figure is both expensive to obtain and difficult to justify in a
noisy shipboard RF environment. An analysis was made of the portable telemetry system
including the shipboard antenna and RF path in order to predict the range of coverage as
various system parameters differ. This paper details some of the results of this system
coverage analysis.
Introduction The entire telemetry link affects the signal acquisition problem. Included
also, particularly at UHF , are the relative motions of the ship, target or targets, and
missile or missiles. This is true because the beamwidths of the missile antenna, target
antenna, and shipboard receiving antenna are not, in the general case, sufficiently broad
that gain variations across the beam can be ignored even for some of the simple cases.
For this reason, therefore, the signal acquisition problem for the portable telemetry
station will not be treated as simply an antenna problem but as a system problem. The
parameters chosen for analysis have been fixed at reasonable values but the equations
used allow sufficient leeway in assigning these parameters that the system trade-offs can
be clearly demonstrated.
The basic system equation is a modified form of the well-known “beacon equation” used
for one-way communication links.

where
Ps
Pt
gr
gt
8

=
=
=
=
=

signal power
transmitter power
the receiving antenna gain ratio
the transmitting antenna gain ratio
wavelength of the signal

d

=

the distance between the receiving and transmitting antennas

and

This equation assumes far-field antenna performance - a condition that is met by the
UHF telemetry system.
If a broadband source of white noise is present the equation becomes, when modified to
express the signal power, referenced to thermal noise:

where
Pn
N1
c
NR
S/N Ratio
f

=
=
=
=
=

thermal noise power in the receiver bandwidth
the ratio of interfering signal power to thermal noise
the velocity of light
the receiving system noise figure expressed as a ratio
the signal-to-noise ratio required at the detector for minimum
acceptable receiver performance (expressed as a ratio)
= the RF signal frequency expressed in cycles/sec.

In this expression it is recognized that the spectral distribution of N1 is important, but the
implied assumption made here is that the interfering noise is broadband or “white” noise
so that it fills the entire receiver IF bandwidth in the same manner as the Pn noise (KTB
or Boltzmann noise). Measurements made aboard operating ships indicate that the
interfering properties of the normal shipboard “pulsed discrete spectrum” noise does not
(in the case of the receivers used in the AN/SKQ-2 telemetry system) degrade system
performance to the degree predicted by the above equation. These measurements indicate
that the N1 term ma be ignore for all practical purposes. It will not be considered further
in this study.
One term often ignored assumes great importance in this study. This is the effect of
multipath signal cancellation on the received signal power. This is due to the high
reflection coefficient of sea water.
The mathematical model used for the computation of multipath signal interference is
based on the horizontally stratified atmosphere theory within the interference region

described by Fishback in Reference 1, but with specific techniques described in
Reference 2. An average refractive index value (approximately 12 N-units per thousand
feet) is assumed for the stratified atmosphere (Reference 2), which gives an equivalent
earth radius of 4/3 times the actual earth radius. This provides a convenient correction
factor for plotting the coverage diagrams. Actual low-angle coverage at any given time
and place will be greatly affected by the variation of the actual atmospheric refractive
index about this nominal value. For this reason, the computer program would need to be
modified to allow for these variations if it is to be used “on site” for specific case
coverage predictions rather than for an estimate of average performance.
The same comment holds generally true for the value of the reflective properties of sea
water used in computing the multipath interference. The value taken here is that for a
“glassy-smooth” sea. Coverage predictions based on this value tend to give lower
minima and higher maxima than actually experienced when the sea is “rough” to the
frequency of interest. A “rough” sea to 2,000 megacycles would be one with surface
irregularities greater than about two or three inches. So the worst case nulls for the
predicted coverage will tend to be less deep than predicted in practically all cases. No
exact data for the prediction of the variation of reflection coefficients versus frequency
for a given sea-state is available.
The equations used for system signal acquisition capability also account for antenna
beam shape and the variation of both direct signal and multipath signal with angle off the
main beam. A simplified survey will be given here to show how these four factors (direct
beam antenna gain at off-beam angles, antenna gain to multipath, sea reflection
coefficient, and difference between the direct and reflected beams) affect the system
performance.
Consider the equation given in Reference 2 which describes the interference between the
direct and reflected beams shown in Figure 1.

where
D = the divergence factor. D is a result of reflection from a curved earth. It ranges in
value from zero at zero grazing angle to approximately one at elevation angles of
three degrees or more above the radio horizon in the cases studied here.
R = the magnitude of the reflection coefficient. R is a function of the polarization of
the incident wave, the angle of incidence, the frequency and the type of reflecting
surface (smooth sea water in the cases studied here). It varies in magnitude for
vertically polarized incident waves (such as is transmitted by the telemetry
transmitter from 1 at zero grazing angle to a minimum of about 0.1 at Brewster’s
angle (about 6.5 degrees for 2,000 Mcs) then up to about 0.7 at high angles of
incidence.

2

= the geometrical path length difference (expressed as a phase shift angle) between
the direct beam and the reflected beams.
N = the phase angle of the reflection coefficient. This is the phase shift that takes
place at the surface of the sea between the incident and the reflected beams. It
varies from 180E at a grazing angle of zero to near zero at high grazing angles ( >
30E at 2,000 Mcs) for vertically polarized radiation. It is a function of the same
parameters as R.
It is obvious that G(2) is a very complex function, but the actual test results described by
the Radiation Lab authors (Reference 1) and Reed and Russell (Reference 2) confirm
that it does describe the multipath reflection accurately enough (within less than 1 db
error) for our purposes.
G(2) describes the variation in the electric field caused by interference between the
direct beam and the reflected beam. The equation given is finally reduced to equivalent
received power rather than electric field. If G(2) is considered as a modifier, than (G(2))2
should be proportional to the power at the receiver since P = E2 /R and R is the same in
both cases.
Therefore, the equivalent power computation includes a function GTH which is:

If we include GTH in the range equation, therefore,

Note that the factor (1 + N1) has been dropped because tests show that the CW telemetry
signal is not affected by the normal pulsed RF interference usually encountered aboard
ship. This conclusion would not be valid for co-channel CW signals or broadband
continuous “white” noise. Interfering signals of these types should be sought out and
removed for the range predictions to be valid.
This equation is sufficient for the determination of the signal acquisition capabilities of
omnidirectional antennas or antennas which are perfectly pointed at the RF source and
have no multipath RF energy coming in from reflection areas which are far off the beam
maximum. To account for these antenna effects, two correction factors need to be
applied.
The first step in applying a correction for the effect of the antenna on the direct signals
and the multipath signals is to decide on a mathematical model of the antenna
performance. From Kraus (Reference 3, chapter 4) and Reed and Russell (Reference 2,

chapter 7), an equation was obtained for arrays of point sources which describe the shape
of the antenna pattern for a relatively large class of antennas. It is recognized that this
model has larger sidelobes than most of the actual antennas used, but a check of
measurements made on the main lobe shape of some actual telemetry antennas showed
that it corresponds fairly closely to the shape redicted by the equation. This normalized
beam shape equation as a function of angle is

where P is the normalized antenna voltage “gain” as a function of the angle off the main
beam, and * is the angle off the beam maximum.
This simplified model is not intended to represent the exact field of the antenna. It is a
convenient approximation which (as will be seen) enables a relative measure of the
effect of antenna beam shape and beam orientation on the signal and the multipath. How
this is done can be seen from Figure 2 which shows a detailed part of Figure 1 referred to
an antenna lobe.
It can be seen that when the direct wave is on the antenna axis and the antenna axis is
elevated above the radio horizon by the angle R that the multipath signal will arrive at
the antenna at an angle off-axis of twice R. Therefore, the relative voltages of the direct
and multipath signals will be modified by the relative antenna “gains” in these directions.
Since the “gain” of the receiving antenna is referred to the on-axis beam, the off-axis
multipath signal will be attenuated in the following manner.

where R is the angle of the antenna above the radio horizon.
This function has a maximum value of 1 when the antenna is pointed horizontally (along
the radio horizon) and decreases more or less rapidly as the angle R increases. If 0 is
large, the beam shape is narrow and the antenna gain is high. This function is not used in
this report in precisely the same manner as in Reference 3, since there it is used for
computation of beam shapes in antenna design. In this report, it is used as a convenient
approximation to a pattern shape function to describe approximately the system
performance of antennas with given beamwidths whose detailed characteristics are
unknown.
In Reference 3, a set of curves are given for this function where 0 has a number of values
from 1 to 24. For some practical antennas on which measurements are available, it has

been determined that when the 3 db beamwidth of the antenna is known, that the actual
measured main lobe plotted response corresponds fairly close to some one of these
curves. In this manner, the value of 0 is determined corresponding to the beamwidthgain relationship given in Reference 4, page 753, which states that $ (in degrees) .

where gr is the gain ratio of the antenna over isotropic and $ = the 3 db beamwidth in
degrees.
The antenna pattern function has a number of nulls (as a real UHF antenna pattern would
have) and the sidelobe magnitudes are higher than to be expected on the actual antenna
system. However, the effect of this difference is small. In the curves plotted, the total
effect of RF energy coming into antenna sidelobe peaks is usually 1 db or less because
the sea is not a perfect reflector of energy at all angles.
The equation given above for the effect of antenna beam shape on received multipath
energy is valid for antennas pointing directly at the missile (i.e., tracking antennas).
What is the effect on the direct signal and the multipath signal when neither signal is on
the main lobe peak?
In this case, it can be seen from Figure 2 that a “gain correction” must be applied also to
the main beam. Assuming that the actual angle of the main lobe peak above the radio
horizon is " , then the angle of the direct beam off the main lobe is (" - R) In this case
also, the multipath signal arrives at an angle off the main lobe of (" + R).
These expressions are used, therefore, to show the effect of antenna parameters on GTH
as follows (absolute values are taken since the magnitudes are the only values seen by
the detector):

These voltage ratios and their use is discussed more fully in Reference 2, chapter 7.
Following the discussion presented there, the resulting equation corrected by the factors
given and expressed as power ratios is shown below.

The function GTH has a maximum value of +4 when all quantities are maximum and a
minimum value of zero. Actually all quantities are never maximum at the same time so
the practical range runs from about 3.5 to 0.02. This converts to a system gain (over free
space) of about +5.4 db due to multipath effects and to a system loss (over free space) of
about -17 db.
When these parameters are included in the one-way communication link equation, we
have:

For plotting coverage diagrams, this equation is not in the best form since Pn is a
function of Boltzmann’s Constant, K , the absolute temperature, T , and the system
bandwidth, B , and is a known function. The desired unknown in this case is the distance
to the RF source, d . Solving for d therefore:

or replacing Pn by its equivalent value KTB

In this form the link equation is somewhat difficult to manipulate. It is convenient to
convert it to logarithmic form and combine the constants. When this is done, the
telemetry link equation becomes:

For convenience in scaling, a length measure for c and d must be chosen. For this study,
the length measure is statute miles because this permits some computational
simplification. For plotting, the statute miles are converted to nautical miles. Likewise,
the frequency will be expressed in MHz rather than in Hz. Pt is scaled in milliwatts.

Antenna gains are normally specified in the logarithmic measure, decibels, as are the
values for noise figure and signal-to-noise (rather than in the ratio forms NR and signalto-noise ratio).
T is considered a constant for most communications link problems with a value equal to
. 290E K so that when it is multiplied by Boltzmann’s constant, K = 1.38 x 10-23 the
product is 4 x 10-21 and becomes -204 dbw per cycleof bandwidth.
The signal reference noise constant then becomes:
-10 log K - 10 log T = 204 db below a watt/cycle of bandwidth or -174 db below a
milliwatt/cycle of bandwidth .
The constants 16 , B2 , c2 and (108)2 - (conversion of (Hz)2 to (MHz)2) combine as
follows:
Scaling Constant = 10 log 16 + 20 log B + 20 log c (in statute miles/sec) + 20 log 106 =
12.04 - 9.88 - 120 + 105.4 = 36.52 . + 37 db.
Combining these two terms, we have as a general scaling constant of the equation, -137
db. Therefore, with appropriate change in sign we have:
20 log d = + 137 + PT (in dbm) + GR (in db) + 20 log (AMD) + GT
(in db) + 10 log (GTH) - 10 log B (in Hz) - NF (in db) - S/N (in db)
- 20 log F (in MHz)
This equation is then divided so that those terms which do not change during a given set
of computations are lumped together.
In this form, the terms representing the available power are combined at the start of the
computation, thus:
Power Available = PM = 137 + PT - 10 log B + GT - NF - S/N - 20 log F
The remaining terms may change during the computation as the signal source varies its
angle with respect to the receiving antenna. These terms (GR, 20 log AMD, and 10 log
GTH) are computed separately for each chosen location of the RF source in space. The
coverage diagrams shown in the remainder of the report were drawn in this manner. In
the following paragraphs, the manner of choosing these locations in space will be
discussed. It is sufficient to say at this point that these locations are chosen to show a
constant threshold signal level contour (in distance and height) for the specified system

along which the given threshold IF signal-to-noise ratio is reached. Examples of this
technique for plotting coverage diagrams are shown in Reference 2.
In spite of the lengthy discussion, the conclusions which have been reached are
deceptively simple. The reasons for this are apparent when one considers the quantity
(GTH) in the one-way transmission link equation. This quantity (as has been shown) is a
function of the variables D , R , C , and N .
Each of these in turn are not simple variables but are themselves functions of other
variables which are related to the geometry of the path, the physical parameters of the
reflection surface of the sea and, in the most general case, of the weather in the signal
path at the time of the transmission.
In the development of a set of digital computer programs to analyze the telemetry
system, it was decided to plot the constant threshold signal in two modes. The first mode,
which applies at the start of the computation, starts the program at the point nearest to
the radio horizon at which the equations are valid (the smallest permissible value of R) .
According to Reference 2, this angle can be found if the frequency is known. it is thus:

This angle locates a point on the lowest lobe of the pattern where the phase shift between
the direct and reflected signal 180E between and 315E. The reflection point, D1, is
computed for this point and is incremented toward the ship until the phase angle between
the direct and reflected beams exceeds 315E. At this point, the computer program logic
switches modes to increment the phase angle rather than the distance D1. The desired
angle increment can be chosen as 90E or 22.5E depending on the amount of plotting
detail desired vs. the amount of computer time required.
The computer program will provide an output point at each angular increment. Even
multiples of 180E phase shift locate the maximum points and odd multiples of 180E
locate the minimum points. In each case, the source is (in effect) moved along a line
from receiver to source at the current value of R above the radio horizon (for long
distances) until the receiver signal (with the particular value of total phase shift between
direct and reflected signals) is just at the chosen threshold value. When the distance is
found which gives threshold signal, a plotting point Is called for from the computer and
the phase shift angle is incremented (which increases the value of R) . Thus, the source
moves higher and the process is repeated until the chosen terminating value is reached.

The program terminates either when a given value of R is reached which is represented
as a particular range and altitude (80,000 feet at 40 miles in the particular cases shown),
or when the 80,000 foot altitude has been exceeded some given number of times (50 in
the particular cases shown). Which terminating conditions are chosen depends on the
desired plot. This program was used to plot Figures 3, 4, and 5.
Figure 3 is a coverage diagram for a tracking antenna with 9 degree beamwidth and 18
db gain with a 2 watt 2252.5 MHz transmitter in the missile and a vertically polarized
antenna. Lumped system losses are assumed to be 2 db.
Figure 4 is a coverage diagram for an antenna similar to that used in Figure 3, but in this
case the antenna is tilted at a fixed angle above the radio horizon and does not track in
elevation. Note the sidelobes at higher angles. These are due to the source moving across
the beam. Angles are distorted in the diagram since the vertical scale is “stretched” by a
factor of about 12 to 1.
Figure 5 is the coverage diagram for a broad beam low gain antenna (similar to a
biconical horn). Note the angle of minimum multipath shown by the “neck” in the
coverage pattern. This neck is at an angle of approximately 6.5 degrees above the radio
horizon.
In order to show whether vertical space diversity helps to provide better coverage, a
variation of the basic computer program was developed which compares the signals
received by two antennas from a source located at the same position. The program logic
selects the antenna which will provide the best signal for plotting. In this manner, the
coverage is optimized to show satisfactory coverage if either receiving antenna provides
a signal which is above threshold.
Figure 6 shows the results of two antennas of the type shown in Figures 3 and 4. This
plot is for antenna mounting positions of 55 and 50 feet above the surface of the sea.
Because of simplifying assumptions and the degree of detail of plotting points, Figure 6
exhibits some roughness in the plot. This roughness does not impair its usefulness to any
great degree since it still indicates in what regions a good signal can be expected and in
what regions the signal will be below threshold.
These programs, including the flow charts and Fortran II program listings, have been
published as a portion of NAFI Technical Report, TR-1301, by Naval Avionics Facility,
Indianapolis, Indiana. It is available through the Department of Defense to qualified
individuals.
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Figure 1. Geometry of Two-Path Propagation

Figure 2. Ray Path for the Tilted Array

Figure 3. Tracking Medium Gain Antenna

Figure 4. Uptilted Medium Gain Antenna

Figure 5. Low Gain Omni-Directional (Azimuth) Antenna

Figure 6. Up-Tilted Medium Gain Antenna (Diversity Case)
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Summary In order to provide high accuracy telemetry and miss distance data in the
2200-2290 MHz band, improved receiver sensitivity and exceptional frequency stability
are required. The higher receiver sensitivity is required due to extended range
requirements with an antenna as small as possible. The exceptionally high frequency
stability arises from the fact that typical deviations in center frequency during an
intercept is in the order of a few KHz out of 2250 MHz. If the frequency stability
problem is not handled properly, this information can be distorted to the point of
uselessness. Another problem area that arises as a by-product of stability is phase noise
in the local oscillators that degrade the output SNR of a quieted receiver. The solutions
to such problems are described in the following sections along with the compromises
required for operation on board ship.
Introduction This paper describes a miss distance indicator (MDI).
The MDI is one subsystem in the complete surface-to-air missile performance evaluation
program of the U. S. Navy. The evaluation requires three types of information: (1)
telemetry, (2) cooperative doppler, and (3) video doppler (or doppler roll-off). The MDI
provides this information.
The telemetry is transmitted by the missile in the frequency range 2200-2290 MHz. The
telemetry is received at the shipboard or surface station and at the target transponder.
The transponder retransmits the complete telemetry signal and the doppler shift due to
the closing velocity of the missile and target.
Therefore, the signals received at the ship occupy two different bands. One band is the
2200-2290 MHz mentioned above. The other band corresponds to the transponder
output. This band is called the scoring band and is the range 1760-1850 MHz.
The antenna bandwidth is sufficient to handle the two bands of frequencies. The downconverter has two separate channels to process the two bands. The down-converted
telemetry band is 240-330 MHz. The down-converted scoring band is 110-200 MHz.

The local oscillator frequencies for the MDI have been selected to give a telemetry
channel IF frequency of 27.7 MHz and a scoring channel IF frequency of 27.824 MHz.
This means that when the missile and target relative velocity is zero (no doppler shift),
the output of these two IF strips is mixed together to obtain 124 KHz. This 124 KHz
signal is processed in a channel G subcarrier discriminator to obtain the cooperative
doppler information.
The above description nearly fits the system already in use by the Navy. A significant
difference is that the video doppler is being transmitted on a separate carrier from the
telemetry. In the new system, the video doppler is translated to the baseband region of
200-350 KHz and placed on the telemetry transmitter. The other major difference is that
the old telemetry is FM/FM and the new format is PAM/FM.
The above description of the differences between old and new indicate the need for a
new MDI is two-fold: (1) improved receiver performance, and (2) extended frequency
coverage. Improved receiver performance is required due to the UHF telemetry
conversion and the new modulation format. The performance of the limiter-discriminator
had to be improved and expanded. The IF ampf if ier bandwidth had to be increased.
Since high power radars will be operating on frequencies near both the UHF and downconverted UHF bands, good immunity to pulse-type interference is required. Another
feature that had to be added is the coherent relationship of the local oscillator frequencies
of the receiver and down converter. This requirement must be satisfied due to the double
conversion of both the scoring and telemetry signals. The small frequency differences
that arise in a non-coherent system would invalidate the recovered cooperative doppler
information. Since frequencies in the 2 GHz region are involved, stability of the local
oscillator signals with time and environmental conditions must be quite good.
The extended frequency coverage arose from the allotment of two 90 MHz bands. One of
the bands is for the telemetry from the missile while the other band is for the transponded
signal from the target. Channel assignments with information bandwidths of 1-5 MHz
can be made in these 90 MHz bands.
MDI-Basic Description The MDI is composed of three basic sections; (1) receivers,
(2) frequency synthesizer, and (3) test signal generator.
Unit 2 is shown in Figure 2. This drawer contains a telemetry-scoring receiver that
permits scoring one missile against two targets. The telemetry signals at the receiver
input occupy the frequency range of 240-330 MHz. The transponded scoring signals at
the receiver input occupy the frequency range of 110-200 MHz. The block diagram of
Unit 2 is shown in Figure 1 .

Unit 2, also, contains the frequency synthesizer that provides the local oscillator signals
for the telemetry and two scoring channels and the L0 for the Telemetr Converter
CV-2138/UK. The converter L0 as supplied by the synthesizer is 490 MHz. The receiver
L0’s are a function of the S -band telemetry channel of operation.
Unit 2 contains the MDI discriminator which is a Data Control Systems GFD-13. This
discriminator is used to demodulate the cooperative doppler channel. It is a phase-locked
loop discriminator with an adjustable loop noise bandwidth. This feature permits
selection of the lowest loop bandwidth that can be used to lock onto the signal and
provide the highest possible output signal-to-noise ratio. This feature is used in
conjunction with playback of the recorded cooperative doppler channel .
Unit 2 contains two signal processors that prepare the demodulated information for
application to the decommutator (Unit 12 of the AN/SKQ-2) and the tape recorder.
Unit 3 contains a telemetry-only receiver which provides the same function and outputs
as the telemetry channel of the Unit 2 receiver. One additional module identical to one of
the frequency synthesizer modules is used to provide the local oscillator for this receiver.
Unit 3 contains the test signal generator. This unit contains an analog-digital section and
an RF section. This generator provides an RF signal that simulates the cooperative
doppler signal received from the missile-target combination with the exception that there
is no telemetry modulation. A CW telemetry signal is available by itself for zeroing the
27.7 MHz demodulator portion of the receivers in both Units 2 and 3. The doppler
simulation has two forms: (1) straight line approximations of trajectory curves, and (2) a
step calibrator (9 steps). The digital section provides the timing information for the curve
generation.
Receivers The receivers are of modular construction. The modules were devised on a
function basis; i.e., RF amplifier module, IF amplifier module, distribution amplifier
module, and 27.7 MHz demodulator module. A detailed description of the modules is
given in the following paragraphs.
a. RF Amplifier - This module provides preselection and amplification. Low noise NPN
Si transistors are used. FET’s were not used because there were no military qualified
units available when this module was designed. Also, the upper limit ot the telemetry
band (UHF) exceeds the recommended operating frequencies of existing FET’s.
This module is fixed-tuned and contains two stages of amplification with a double-tuned
input and output. The -3 db bandwidth is approximately 5 MHz. The -60 db bandwidth
of a typical unit in the telemetry band is 60 MHz while the -60 db bandwidth of a typical
unit in the scoring band is 45 MHz. The minimum gain is 20 db.

b. IF Amplifier - This module contains not only the IF band-shaping amplifier but also
the hot carrier diode double-balanced mixer and a 2-stage hard limiter.
The amplifier contains three stages of amplification and four double tuned filter sections
used for interstage coupling as well as band shaping.
The -3 db bandwidth of the IF amplifier is approximately 1 MHz and the -60 db
bandwidth is approximately 5.7 MHz. Minimum gain is 58 db.
The selectivity was allowed to roll off slowly to achieve the linear phase response in the
pass band. The normalized phase response of the amplifier is shown in Figure 3. The
data points have been plotted along with the 10/6 best straight line.
The amplifier has no AGC which is not impractical for an FM only type receiver. In fact,
this tends to improve the capture ratio at certain signal levels. The problem that must be
overcome, however, is intermodulation distortion at high signal levels. The problem was
partially solved by using a hot carrier diode mixer. A transistor mixer was designed and
tested. Without some form of AGC, however, the intermodulation distortion is too high.
The appropriate combination of fast silicon and hot carrier diodes used as amplitude
limiters solved the remainder of the intermodulation problem.
c. Distribution Amplifier - This module contains the distribution network that provides
two 27.7 MHz (IF) signals to the demodulator and one 27.7 MHz signal to a test point on
the receiver sub-chassis.
This module, also, contains the transistor mixer that combines the 27.7 MHz telemetry IF
signal and the 27.824 MHz scoring IF signal to obtain the cooperative doppler signal.
This 124 KHz cooperative doppler signal is amplified and the high frequencies are
filtered out in the output stage of the distribution amplifier.
d. 27.7 MHz Demodulator - The demodulator contains a phase-locked loop
discriminator, a modified Foster-Seeley discriminator, 50 KHz active low-pass filter, 200
KHz high-pass filter with a 12.5 KHz notch filter, loss-of-lock indicator, and a tuning
meter.
The PLL discriminator was selected to extend the FM demodulation threshold.
Laboratory tests indicated the PLL discriminator had at least a 3 db advantage over the
modified Foster-Seeley discriminator. At the time these tests were made, the rangetransmitter power-antenna problem was such that the advantage was sufficient. Another
advantage of the PLL discriminator was its performance during simulated fades or nulls
in the antenna pattern. This performance advantage is in conjunction with the operational

characteristics of the decommutator used in this system. It was of interest to determine
the dynamic performance of the PLL as a function of input carrier power. The two loop
parameters which were measured are hold-in range and lock-on range. In this case, holdin range is taken to mean the amount that the loop can be pulled after initially being
locked up. The lock-on range is the difference in frequency between the VCO freerunning frequency and an input carrier to the demodulator which results in the loop
acquiring the input signal. The results of these measurements are shown in Figure 4.
These curves apply to measurements made above the VCO free-running frequency. The
results are not symmetric about its center frequency. This asymmetry is produced by the
characteristic of the varactor used in the VCO.
The VCO for the PLL is in a proportional oven to improve the stability vs. temperature
change and provide the accuracy required.
The PLL discriminator is used to recover the PAM telemetry transmitted from the
missile. The modified Foster-Seeley is used to recover the translated video doppler. The
translated video doppler covers the baseband from 200 KHz to 350 KHz. The FosterSeeley discriminator, also, is used to provide a wideband output that can be used for low
deviation FM/FM.
The demodulated video doppler is fed to a separate PC board that contains a 12.5 KHz
notch filter and a 7-pole Tschebyscheff passive filter. The notch filter is used to attenuate
the sampling frequency of the PAM beyond that of the 7-pole filter. Simulated video
doppler tests indicate that the phase distortion near band-edge of the 7-pole filter is not a
problem.
The loss-of-lock indicator and tuning meter electronics are located on the same PC plugin card. The loss-of-lock indicator gives an indication when the PLL discriminator loses
lock, but not when the receiver loses the signal or RF carrier. This feature has been used
in troubleshooting Units 2 and 3 and checking transmitters. The primary purpose of the
tuning meter is to provide a visual indication when zeroing the VCO in the PLL
discriminator. The accuracy of the tuning meter permits setting the VCO to within
±5 KHz of 27.7 MHz.
e. Signal Processors - There are two signal processors in the receiver drawer or Unit 2.
These are plug-in modules. One portion of the signal processor contains a dc restoration
circuit. The purpose of this circuit is to compensate for any offset in the missile
transmitter frequency and the doppler shift between the ship and missile. The input to
this circuit is either the PAM or Wideband out of the 27.7 MHz demodulator. The output
of the dc restorer drives both the FM electronics of the tape recorder and the
decommutator.

The remaining portion.of the signal processor is a 3-input combiner circuit. This circuit
linearly combines three signals separated in the frequency domain in order to put them
on one channel of the tape recorder. The inputs to the combiner portion are video
doppler, cooperative doppler, and voice or time signals. The outputs of the signal
processor are matched to 75 ohms.
f. MDI - Receiver Performance - This section contains the description of the overall
performance of the receiver as a system composed of the units described in the previous
paragraphs.
The sensitivity of the receiving system has been measured and is approximately -99 dbm
with a 1 MHz predetection bandwidth.
The next area described is the dynamic performance of the 27.7 MHz demodulator. The
tests were made using a 20 KHz sine wave to drive the PLL discriminator so that the
output could be checked with a S ierra Wave Analyzer Model 121A. This 20 KHz sine
wave was combined with a 275 KHz sine representing the middle of the video doppler
spectrum. The 20 KHz signal deviated a Boonton 202J Telemetry Signal Generator 125
KHz and the 275 KHz was allotted 87.5 KHz of deviation. The measurements were made
at 25E C with an input power to the RF plug-in module of -85 dbm. An additional phase
of this test was to determine how the outputs varied as the center frequency of the signal
generator was varied ± 100 KHz to simulate the offset in the transmitter frequency. The
harmonic distortion of the PAM output varied from 1% at a center frequency in the IF
strip of 27.7 MHz to 2% when the offset reached +100 KHz. The distortion decreased to
1% at a generator frequency offset -100 KHz. The level of the 275 KHz video doppler
signal remained 50 db below the 20 KHz signal in the PAM output over the range of
center frequency ± 100 KHz. The harmonic distortion in the wideband output with
respect to the 20 KHz signal was 3% for +100 KHz offset of the signal generator and 2%
for -100 KHz offset and no offset. The wideband harmonic distortion with respect to the
275 KHz signal was in the range of 1% to 2%. The harmonic distortion in the video
doppler filter output was comparable to that for the wideband output with respect to the
275 KHz signal.
Another area of interest with respect to the entire system is capture ratio. A widely used
definition was applied in this case. Two FM signal generators were set to the center
frequency of the receiver (292.5 MHz). Both were deviated equal amounts (± 125 KHz).
The desired signal was selected as a modulating frequency of 20 KHz and generator
power of -74 dbm. The undesired signal was selected as a modulating frequency of 30
KHz. The definition states that capture ratio is the ratio of the desired signal RF power to
the undesired signal RF power which yields the undesired modulating frequency 30 db
below the desired modulating frequency. For the PLL discriminator the capture ratio was
2 db and 3.5 db for the modified FosterSeeley discriminator.

The remaining area to be discussed is that of adjacent channel interference. During these
tests the receiver was operated at threshold without the decommutator. Sine wave
modulation of two telemetry generators was used to identify the demodulated outputs. At
threshold the output SNR was approximately 13-14 db with no apparent “clics” or
“pops”. An interfering signal 1 MHz below the desired channel could be 30 db stronger
than the desired without producing any distortion of the desired output. At a channel
spacing of 2.4 MHz the interfering signal can be 60 db stronger than the desired without
producing distortion in the output.
Frequency Synthesizer The synthesizer consists of three plug-in modules:
(1) T/M L0 (telemetry local oscillator), (2) 5 MHz coherent source, and (3) 49-490 MHz
frequency multiplier.
a. T/M L0 - The T/M L0 module along with the RF amplifier module provides the
channel selection capabilities of the receiver.
The T/M L0 contains a times 100 multiplier chain that multiplies the frequency of a high
stability 2X102/day) crystal oscillator by 100. The output of this multiplier chain is fed to
three different other circuits. Two of these are triple tuned filters. The outputs of these
filters are fed to the 5 MHz coherent source. The third output is filtered further and
amplified to provide the proper power level (4 mw) for the mixer in the telemetry
channel IF amplifier module.
b. 5 MHz Coherent Source - This module uses one 5 MHz high stability (2X10-9/ day)
crystal oscillator to produce three outputs frequencies: (1) 79 MHz, (2) 84 MHz and, (3)
49 MHz.
The 49 MHz is produced by dividing the 5 MHz down to 1 MHz and multiplying by 49
(two times 7 chains). The output is fed to the 49-490 MHz frequency multiplier module.
The 79 MHz and 84 MHz signals are produced by mixing the 49 MHz signal with the
sixth and seventh harmonics of the 5 MHz crystal oscillator.
The 79 MHz and 84 MHz signals are mixed with the two T/M L0 outputs to produce the
local oscillator signals for the scoring channels. These L0 signals are amplified and
filtered in the T/M L0 module. By placing the scoring amplifiers and filters in the T/M
L0, all the tuned circuits for a particular channel are in a single
module.
c. 49-490 MHz Frequency Module - This module contains a times 10 frequency
multiplier and power amplifier at 490 MHz. The power amplifier is required to overcome

the cable losses that might exist between the console location and the downconverter.
The down-converter requires 5 mw of 490 MHz.
Test Signal Generator The test signal generator provides three different signals thaf
can be used to test the entire shipboard telemetry installation including the antenna,
down-converter, receivers, and interconnecting cables. The test signal generator is
located in Unit 3. The primary purpose of the test signal generator is to provide an
accurate calibration of the oscillograph output to determine the miss distance and
intercept velocity on board ship. This can be done by generating any one of 240 doppler
curves by simply setting the front panel controls to the desired miss distance an intercept
velocity. The curves generated are straight line approximations to the actual trajectory
curves. The generator has a step calibrator (9 steps @ 10 KHz/step) to check the MDI
discriminator for bandedge-to-bandedge deviation.
The basic mechanism used to generate the curves is to drive a capacitor in the feedback
loop of an operational ampl if ier with a constant current source. Comparators, one-shots,
and logic gates shape the curve.
The end result is an analog voltage of the correct proportions that deviates an FM
transmitter operating at the scoring channel S -band frequency.
The telemetry channel signal is produced by multiplying a crystal oscillator by 100. The
crystal oscillator operates at 22.525 MHz. A times 20 frequency multiplier is driven by
the crystal oscillator. The times 20 multiplier drives a times 5 varactor multiplier. A twocavity structure is used to select the correct harmonic of the step recovery diode.
Both the telemetry carrier and the scoring carrier are combined in a diplexer and fed to a
test prod on the antenna pedestal.
The telemetry carrier can be supplied without the scoring carrier and used to zero the
VCO in the PLL discriminator. The tuning meter and a front panel access potentiometer
are used to make the zero adjustment.
Conclusion This paper has been concerned with describing the major elements of a
missile performance evaluation program, and the part in this program played by the MDI.
The MDI is the fixed-tuned receiver that demodulates the PAM/FM telemetry and video
doppler. By having three independent channels of RF-IF amplification and selection, it
can mix together the telemetry signal from a missile and the transponded telemetry signal
from two targets to obtain cooperative doppler information.
The signal processors form the interface between the demodulator outputs and the
display and recording devices in the remainder of the console in which the MDI is
located. The distribution amplifier supplies the amplified and filtered cooperative
doppler to the MDI discriminator for real time or on-line scoring.

Figure 1. Block Diagram of Unit 2

Figure 2. Front View of Unit 2 of AN/SKQ-2(XAN-1)

Figure 3. Phase Shift of IF Amplifier

Figure 4. Hold-In Range Variation

Since that time TSCC has been involved with all standards published by IRIG and has
made many recommendations before the standards were printed. Most of these
recommendations have been accepted by IRIG and are reflected in the current standards.
Since TSCC has members representing; Government, Telemetering Users, and
Telemetering Industry, there has been no problem with commercialism. The
recommendations have been purely technical and must be approved by ten of TSCC’ s
fourteen members. It should be noted that TSCC is not a standards-writing group, rather
it is a review board. It will review any telemetry standards written by any organization
which so requests. The major reviews have, however, been on the IRIG Standards.
Committee Activities
Since the preparation of the Seventh Annual TSCC report, which was published in the
1968 ITC Proceeding’ s, and three TSCC meeting’s have been held as follows:
7 October 1968, Los Angeles, California
29 January 1969, Melbourne, Florida
21 May 1969, Goddard Space Flight Center Greenbelt, Maryland
TSCC activities and actions resulting from these meetings, which are of interest to the
telemetering community, are listed below.
7 October 1968
1.

The re-write of the Time Division Standards (PCM, PAM & PDM) was reviewed.
Many detailed recommendations were made to TWG. Further review will follow.

2.

A meeting was held with members of TWG regarding transmitter stability. TSCC
recommendations to change the transmitter stability from ±0.005% to ± 0.003%,
exempting the stability requirement during the first second, was accepted by IRIG.

3.

Mr. Bill Hines was unable to serve on TSCC therefore Mr. Ken Berns was elected
to replace him.

4.

Mr. Ken Halls term of office expired and he was replaced by Mr. Cecil Kortman.

29 January 1969
1

An AM Baseband presentation was made to TSCC by Mr. Berns and Mr. Uglow.
TSCC Recommends
That the AM Baseband Standards for independent subcarriers and harmonically
related carriers be separated since a ground station capable of demodulating both
does not appear to be feasible.
For the harmonically related subcarriers it is recommended that the following
changes be made in the existing draft:
a. Channels with 1 KC, 2KC, 4KC, or 8KC nominal frequency response should
be permitted for any of the 44 subcarrier frequencies specified.
b. SSB should be permitted with either upper or lower sideband at the user’s
option.
c. A carrier tone for reconstructing the carriers should be transmitted at 4KC,
8KC, 16KC, 32KC, 64KC, or 128KC.
d. Where ambiguity must be resolved a second pilot tone at an odd multiple of
4KC should be employed.

2.

The rewritten Time Division Standards were further reviewed and following five
major changes made. In addition several minor editorial type changes were made
verbally to Mr. Thomas of IRIG,
a. When expressing the narrowest pulse width in PDM, the word rate in PAM
and the bit rate in PCM, both the premodulation filter and the IF bandwidth
should be referenced. The more constricting of these filters should set the
different widths.
b. In the PAM Standard, it is recommended that the last sentence of paragraph 5.
4. 2. 2 dealing with the pedistal required for 50% AM be included as part of
paragraph 5. 4. 2. 1. It is further recommended that Figure 2 reflect this by
putting it under “minimum signal” rather than zero calibration.
c. It is recommended that paragraph 5. 4. Z. 4(b) not include any mention of
PAM/PM.

d. It is recommended that the words “assigned carrier frequency” be substituted
for the words “the frequency of the unmodulated carrier” in paragraph 5. 3. 5.
2, 5. 4. 5, and 5. 5. 5. 1.
e. It is recommended that paragraph 5. 5. 5. 3 be modified to read “the subcarrier
channel shall be chosen such that twice the maximum frequency response ...”.
3.

A review of Receiver Frequency Stability was made and TSCC recommended that
TWG state the definition of receiver frequency stability in the standard and
subsequently review the numerical value cited to assure compatibility with the
corresponding transmitter frequency stability standard.
4. A review of the first draft of Standard Test Procedures for Frequency Division
and PCM was made. A recommendation was made for a general
reorganization and rewording of the Test Procedures.

21 May 1969
4.

Review of Tape Speed Measurement Procedure found the proposed changes to the
IRIG Tape Speed Test was found to be desirable in the opinion of the TSCC.
TSCC made the following recommendations to IRIG.
a. The conditions of use of the standard test tape (temperature, humidity, tension,
aging, etc.) should be explicitly stated.
b. Provision should be made for rechecking the standard tape.
c. The percent speed deviation should be explicitly stated as a formula in terms
of the measured parameter.
d. The closing paragraph should be changed to read (additions underlined):
Standard tapes may be procured with 1.5 mil polyester tape backing on standard
precision reels for improved mechanical stability. The user may wish to use a 1.
0 mil standard test tape and/or a specific reel diameter.

2.

Receiver Frequency Stability
The committee is continuing its review of receiver standards, and as an additional
action on its part, intends to canvass S-band telemetry receiver manufacturers for
difficulties they may be experiencing in complying with the present standards, for

their interpretation of “receiver frequency stability”, for practices in testing their
product, and for any further comments they wish to make on aerospace telemetry
standards. We shall advise TWG of the results of the canvass.
3.

AM Baseband Standards Review
As a result of this review, the Committee recommends that Single Sideband Type
II AM subcarrier systems not be allowed and Table V be eliminated. Intolerable
frequency translation errors for the high frequency subcarriers can be expected if
such a technique were used. For instance, the frequency axis error associated with
a power spectral density (PSD) measurement using a 100 KHz subcarrier of
typical L-C oscillators stability, is estimated to be as much as 300 Hz. Few PSD
applications can tolerate such an error. Because we feel that Type II AM baseband
systems should be limited to Double Sideband (DSB) Systems only.
The Committee further feels that it cannot give full support to the issuance of a
standard which embodies two methods of implementing DSB. However, there may
be overriding consideration beyond the scope of this Committee which require the
issuance of a standard at this time. If such is the case, it is recommended that
technical evidence be generated to allow the eventual choice of one system over
the other with the eventual elimination of one type from the standard.

Additional specific recommendations to the present draft standard are enumerated below.
a.

Paragraph 5. 2. 2 - Use descriptive names for the two types of AM baseband. We
suggest that Type I be called “Coherent Subcarrier, Common Reference” and that
Type II be called “Independent Subcarrier”.

b.

Paragraph 5. 2. 2. 1 - Use “Composite Signal” or “Composite Multiplex” for
“Baseband Signal” throughout the standard. In defining Common Pilot Tone add
“tone” after “fixed frequency”, omit “timing” and the parenthesis around “phase”
and strike “and ambiguity resolution”. Change “Rise Time of Level Controller” to
“AGC Response”. Under Baseband Level Control, strike the last part of the first
sentence beginning with “a portion of . . .” and substitute “some of the multiplexed
channels”. Reword Channel Level Control by substituting “level stabilizer” for
“gain control”.

c.

Paragraph 5. 2. 2. 2 - In the first sentence, change “known phase relationships” to
“fixed phase relationships”. In the sentence starting “A common pilot tone . . .”,
insert “one of the following”: before the list of frequencies. Also eliminate
128 KHz from the list. The sentence starting “The receiving system . . .” should be
moved to the use criteria section since it defines a method of handling tape flutter

which is not the only method possible. In addition, change “reference tone” to
“pilot tone” and add 256 Hz to the list of frequency responses. This paragraph
should also advise against post detection recording.
Under ambiguity resolution, change “second common pilot” to “secondary
reference” and change “176” to “68”. Under “Automatic gain controls” eliminate
0.5 from the listed rise times. Delete all starting with sentence “channel-levelcontrol ...” since this will complicate the ground stations without improving the
signal to noise of the system because it is applied at the receiving end of the
system.
The committee feels that the nomenclature for describing channels as to carrier
frequency, bandwidth, Double or Single Sideband (and which sideband) should be made
part of 5. 2. 2. 2. This would be analogous to paragraph 5. 2. 1. 1 which explains a
standard nomenclature for the various FM Subcarrier Characteristics. The AM subcarrier
table now use channel nomenclature which is quite adequate except, in the case of SSB,
one should be able to call out either the upper or lower sideband. One possible
nomenclature would be to use the last letter to describe the sideband structure. Thus
4 BD would be double sideband, 4 BU would be upper sideband only, 4 BL would be
lower sideband only.
In Table VI, channels 1AD, 2AD, and 2BD should be restricted to Type I systems only.
This is because the method of reconstructing Type II carriers makes these channels
difficult to realize.
Sincerely,

Lawrence W. Gardenhire
Chairman - TSCC
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