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THE APOLLO LAUNCH DATA TELEMETRY SYSTEM

M. J. QUINN
Flight Support Division

NASA Manned Spacecraft Center

Summary     The development of the Apollo Launch Data Telemetry System, the real-
time interface between the Merritt Island Launch Area (MILA) and the Mission Control
Center-Houston (MCC-H), is reviewed from its beginning through the system planning
stages, and then into the final hardware implementation.

Introduction    An analysis of the requirements for telemetry in the MCC-H during the
Apollo-Saturn launches dictated the need for a system to supply some 20 to 30K
bits/second of telemetry data in September 1965. To flight controllers, the engineers who
man the consoles in the MCC-H during space missions, desired a system to transmit
telemetry from the launch area for display in the Control Center.

System Use    To better understand the system, it is necessary to study its use during
actual operations. The ALDS is used by the flight controllers to make real-time decisions
during an Apollo launch. The role of the flight controllers is to monitor, evaluate,
recommend, and -- if necessary -- command the space vehicle during a mission. Since
the system is used for launch, some of these real-time decisions must be made within
seconds during this critical phase of the mission.

Further, sufficient data to be used in evaluating system performance must be available
for the controllers, and in the event of some malfunction, the data must accurately reflect
the problem so that the controllers can recommend an action which will allow an
alternate flight plan to be put into effect immediately. In the Mercury and Gemini
programs, the thrust available in the event of a booster malfunction was insufficient to
allow alternate plans to be used. Usually, an abort was the only alternative to a normal
mission; however, with the Saturn booster, a variety of different alternate missions can
be flown even if one of the several engines should fail. For this reason, the engineers
monitoring the launch must have an assortment of timely and accurate data available for
immediate evaluation. The ALDS telemetry system brings 40.8K bits/second of
telemetry to the MCC-H for processing by the Real-Time Computer Complex to insure
that the necessary data are available to support the flight controllers. These data
contribute to the two goals of flight control -- mission success and crew safety.



System Development    Experience gained from the Gemini program, where 40.8K
bits/second of telemetry data were transmitted from the Mission Control Center at Cape
Kennedy to Houston, gave an indication of the amount of data needed on the Apollo
Program. Consequently, a 40.8K bit/ second wide-band data line was selected for
Apollo. Although some data required by the Gemini program will no longer be necessary
for Apollo, the Apollo program will require other data which Gemini did not. Therefore
the joint sum of present data requirements for the two programs remains approximately
equal. One of the Gemini requirements which used a great deal of bandwidth is the
biomedical data. The two electrocardiograms, one from each of the crew members, used
30 percent of the bandwidth to Houston. However, since the Mercury and Gemini flights
proved man’s ability to function in space, the Apollo program, making use of this
knowledge, has been able to sharply reduce the amount of biomedical data in the
telemetry data stream. In Apollo, only one electrocardiogram, switchable to each one of
the three crew members, is down-linked in the spacecraft telemetry. On the other hand,
the Apollo systems are somewhat more complex than the systems on either of the two
previous spacecraft. Consequently, the data requirements from the other Apollo systems
have been increased, so that Apollo fills the same 40.8K bit/second data stream that
Gemini used. In particular, the Apollo Guidance Computer uses substantially more
telemetry bandwidth than did its Gemini counterpart.

System Design    Consideration of these experiences led to the eventual design of the
ALDS telemetry system. In Gemini, only three pulse code modulation (PCM) telemetry
signals, from the Gemini, Titan, and Agena, had to be decommutated and sent to the
MCC-H. The ApolloSaturn combination has a total of six PCM telemetry signals for
decommutation and retransmission to Houston. The six links are from the Apollo
spacecraft, the Lunar Module, the Instrumentation Unit (a separate unit that houses the
Saturn Inertial Guidance System), the SIVB or third stage, the SII or second stage, and
the SIC or first stage.

To decommutate these six links, the Kennedy Space Center built a unique special-
purpose piece of data-handling equipment., the Data Core. Basically, the Data Core
receives, decommutates., and identifies every parameter from the Apollo-Saturn
combination and outputs all the data in parallel (12 bits of data and 13 bits of
identification) to the ALDS telemetry computers through a digital scanner (Fig. 1). The
computers interfaced with Data Core were selected because of a special feature that is
particularly useful in this application -- they have a direct access to memory. The 8K
memory fed by Data Core does not require any computer time; in other words, it does not
steal time from the central processing unit to input the data from Data Core (Fig. 2).
Consequently, the central processing unit of the computer has more time available for its
primary job of formatting the telemetry for transmission to Houston and for special
processing of the data in the other memory, a 16K memory associated with the central
processing unit. Finally, the computer outputs the data in parallel to a parallel-to-serial



converter before being fed to a 301B Data Modem. The Data Modem supplies the 40.8K
bit/second clock to output the data to Houston.

Programming the System    The program has a rather straightforward function -- to
input the data presented to the computer, and to format the six asynchronous links into a
single 204-word frame of 10-bit words. The master frame consists of 20 such frames and
is repeated each second. This cycle time was built to be consistent with the basic cycle
time of the Real Time Computer Center in the MCC-H. The real task for the computer is
performing the special processing required on the Saturn Inertial Guidance System and
the Apollo Guidance Computer and maintaining the time homogeneity of these data for
the MCC-H.

One other feature is built into the program. Since the Data Core is processing downrange
telemetry data on the subcable from Grand Bahama Island, Grand Turk Island, and
Antigua, as well as Cape Kennedy or uprange data, the program must be able to build
both uprange and downrange tables and be able to switch to downrange data when the
Cape antennas lose the spacecraft telemetry on the horizon. (This normally takes place
approximately 8 to 10 minutes after launch. The downrange stations continue to feed
data for about 5 minutes more. )

The ALDS is truly a complex undertaking. The Manned Spacecraft Center specifies the
spacecraft and the Marshall Space Flight Center supplies the booster formats to the
Kennedy Space Center to program the ALDS computers and to Goddard Space Flight
Center to program the downrange remote-site data processors. Finally, the Department of
Defense supplies communications and telemetry- receiving equipment. This results in
four NASA Centers and the DOD plus their respective contractors being involved in the
generation, transmission, sorting, and displaying of these data.

System Redundancy    The entire ground system, with certain minor exceptions on the
ETs-t-ern Test Range, is essentially redundant, and consists of two Data Cores (which
receive signals from separate antennas), two ALDS telemetry computers, and two Data
Modems. The Modems feed redundant long-lines which are geographically diversified --
one line is routed to Houston via New Orleans, Louisiana, while the other is routed via
Jackson, Mississippi. At each module in the system a common switch is available to
route around any failed equipment. If the common switch should fail, the system
automatically returns to its normal configuration. In addition, the separate systems are
connected to separate power sources. One half of the overall system uses commercial
power, while the other half is operated by diesel power. (Fig. 3. )

System Processing of Trajectory Data    In the past programs, the telemetry systems
handled only system performance data and events or discretes; however, beginning with



the Apollo program, the telemetry data contain tracking, or trajectory, information.
Previously, all trajectory data were derived from the Range Safety radars and the Booster
Radio Guidance System radars. The post-mission analysis of Gemini Inertial Guidance
System (IGS) data indicated that the IGS data were at least as good as the radar data and,
in some instances, were even better. Using IGS data also allows some of the radar
transponders to be deleted from the Apollo spacecraft andthereby achieves a weight
saving on the lunar missions. On the Apollo 201 mission, the launch-vehicle inertial-
guidance data were used as a trajectory source for the first time and, surprisingly enough,
were the best source of tracking data. The ALDS telemetry transmitted these trajectory
data toHouston and retained the time homogeneity of the data through special
processing.

Conclusions     In the recent development of ground support for Missions AS-201 and
AS-203, the ALDS telemetry systems utilization requests expanded beyond the original
usage estimate. The ALDS, then in inherent capability in flexibility, successfully
absorbed these expanded assignments.

One example of this expansion was the use of IGS data for trajectory determination
during Mission AS-201. As the Apollo program develops, further expansion of ALDS
utilization will undoubtedly be required. It is thought that many additional requests will
similarly be absorbed within the present ALDS functional capability.

Fig. 1. - Overall ALDS data flow.



Fig. 2. - Apollo Launch Data System telemetry system.

Fig. 3. - ALDS switching capability.



SURVEYOR SPACECRAFT TELECOMMUNICATIONS

FRANK RICKMAN
Hughes Aircraft Company

CHARLES KIRSTEN
Jet Propulsion Laboratory

Summary    Although the Surveyor program is five years old, very little concerning the
on-board telecommunications has been recently printed. Because much interest has been
stimulated by the recent very successful Surveyor I mission, it is believed that this
descriptive article of the Surveyor telecommunications system will be of general interest.
The paper is oriented toward actual subsystem implementation and performance, rather
than the purely analytical presentation.

The reliability and flexibility of the telecommunications is detailed with some attention
being given to the operational redundancy and variety of data transmission modes
available. A few of the major difficulties experienced during the design and
qualifications of the telecommunications equipment are touched upon, with commentary
on the solutions finally used.

Pertinent mission data is discussed, with a brief presentation of some telemetered AGC:
signals. Finally, a summary of the experiments run on the telecommunications
subsystem, both in-flight and on the lunar surface, are presented. These experiments
included a deliberate in-flight increase in the data rate above the analytically predicted
level for an acceptable bit error rate, a mapping of the planar array antenna gain while on
the lunar surface, voice transmission via the Surveyor transponder, and subsystem
performance assessments.

This paper presents the results of one phase of research carried out at the Jet Propulsion
Laboratory, California Institute of Technology, under Contract No. NAS7-100,
sponsored by the National Aeronautics and Space Administration.

Introduction    Unlike many earlier spacecrafts, the Surveyor spacecraft is designed to-
Se nearly completely controllable by ground commands. With the exception of
operations requiring precision timing, such as the terminal descent phase, all on-board
operations are instigated from the ground. This design philosophy of “fly by wire” is
necessary because of the system complexity and broad range of system capabilities. This



fact may be better appreciated if it is realized that Surveyor I was commanded 254 times
during the transit phase, and more than 100,000 commands were transmitted during the
lunar picture taking operations.

The reliability of the Surveyor telecommunications system and the command subsystem
in particular received much consideration during the design phases. Many redundancies
have been built into the telecommunications system, as can be seen by the following list
of equipments on board.

2 omni-antennas 2 command decoders
2 diplexers 8 sub-command decoders
2 receivers 3 commutators
2 transmitters 2 A-to-D converters
6 summing ampIffiers 17 V. C. O.’s

Figure 1 shows the Surveyor spacecraft, and the positions of the two omni-antennas and
the 27 Db planar array antenna are indicated. The rest of the communication equipment
is contained in the two thermally controlled compartments “A” and “B” as indicated.
These compartments are lined with an interior “super” insulation of 75 layers of mirror
aluminum-coated one-quarter mil Mylar. This insulation proved extremely effective on
the lunar surface, since one may think of it as 75 individual thermos bottles, one inside
another. From a communications standpoint it is significant, however, that these layers
represent a labyrinth which traps air molecules so that these boxes do not truly evacuate
below a partial pressure which is critical to high voltage breakdown for better than 48
hours.

Figure 2 is an exploded view of compartment “A” showing the positions held by
transmitters “A” and “B” and the two receivers.

Figure 3 shows an exploded view of the positions held by the various command and
signal processing equipments in compartment “B”.

Basic System Capabilities    One of the primary functions of the telecommunications
subsystem is to provide phase coherent two-way doppler for tracking and orbit
determination. During the transit phase of the mission, this data is provided by utilizing
the transponder mode and the omni-directional antennas for transmitting and receiving.
Phase modulated telemetry is thus primarily used in transit. On the lunar surface, or in
the case of a non-standard event during transit, several other telemetry modes of
operation are available.



The system is designed to be compatible with the Deep Space Instrumentation Facility
(DSIF) operated by the Jet Propulsion Laboratory (JPL). The nominal RF link
parameters are summarized below:

Spacecraft to Earth RF Link

Spacecraft Transmitted Power 40. 0dbm or 20.0 dbm
Losses -4.0 db
S/V Antenna Gain 0.0 db omni, 27 db high gain
DSIF Antenna Gain (2295 Mhz) 53.0 db
Sum (Equivalent transmitted 89.0 dbm high power omni

power) 69.0 dbm low power omni

116.0 dbm high power high gain
96.0 dbm low power high gain

Path Loss (Lunar Distance) -211.0 db
Power at Ground Receiver -122.0 dbm high pow e r omni

-142.0 dbm low power omni
-95.0 dbm high power high gain

Ground Receiver Noise
Spectral Density (55EK -181.2 dbm/Hz transit,
system temp in transit -176.4 dbm/Hz lunar
and 165EK system temp when
viewing the moon)

Earth to Spacecraft RF Link

DSIF Transmitted Power 70.0 dbm
DSIF Antenna Gain (2213 Mhz) 51.0 db
S/C Antenna Gain 0.0 db
Losses -4.0 db
Sum (equivalent transmitted power) 117.0 dbm
Path Loss (Lunar Distance) -211.0 db
Power at the Spacecraft Receiver -94.0 dbm
Spacecraft Receiver Noise -164.0 dbm/ Hz

Spectral Density (10 db
Noise Figure)

Carrier Modulation Loss -6.8 db
($ = 1. 6)

Carrier Power -100.8 dbm
Carrier Noise Bandwidth 23.8 db

(240 Hz)



Carrier Channel Noise Power -140.2 dbm
Carrier Signal to Noise 40.2 db

Ratio
Command Channel Noise Band- 41.1 db

width (13 Khz)
Command Channel Noise Power -122.9 dbm
Command Channel Signal to 28.9 db

Noise Ratio

As can be noted, only the Ground Receiver Noise Spectral Density is shown for the
spacecraft to earth parameters. This is done because there exists such a variety of
modulation modes in the down-link that a listing of modulation losses and bandwidth
would become unwieldly.

For the up-link, it should be noted that both the carrier tracking and the command
information channels are described. The spacecraft receiver can operate as a phase lock
receiver which is used for transponder operation during doppler tracking, requiring that
the carrier channel parameters be analyzed separately. The command channel is
PCM/FM, and the receiver operates as simply a standard FM/FM receiver independent of
whether the receiver is R. F. phase-locked or in the AFC mode.

There are a number of modulation options for the Surveyor telemetry down-link, all of-
which are ground commendable. These are shown in Figure 4.

The Analog/FM/FM data consists of wideband accelerometer data FM modulated on
subcarriers, which are in turn, FM modulated on the carrier. A special wide-band voltage
controlled oscillator (WBVCXO) is used for this mode, and also for 600 line television
transmission (direct FM). The Analog/FM/PM data consists of three strain gage
channels, used at touchdown to determine surface hardness and touchdown dynamics, a
gyro speed channel, and a command message enable/reject channel.

Finally, a back-up 200 line direct FM television mode is available. The 200 line
television mode frequency-modulates a narrow band voltage controlled crystal oscillator
(NBVCXO). The main data transmission modes available thus have baseband
frequencies ranging from 8 Hz. for the low data rate PCM data, to 120 Khz. for the 600
line TV data. Detection noise bandwidths vary from 25 Hz. to 3.3 Mhz. for the above
mentioned channels. Figure 4 also gives the command up-link modulation.

The majority of the engineering telemetry information is transmitted as commutated
PCM data. Two main commutators are utilized with each commutator having nearly the
same signals. A total of six modes of engineering telemetry are available through these 



commutators. These modes are selected during specific mission phases, and thus contain
data pertinent to that phase.

In addition to the two basic commutators, a special commutator is used during television
transmission to transmit pertinent TV data. between TV frames.

All of these various options and operational modes require a very wide command
repertory, since very few of them are commanded by on-board logic.

Figure 4A gives a numerical summary of both the telemetry measurements and the
commands associated with each subsystem, by arbitrary categories. It may be noticed
that the command subsystem is conspicuous by its absence. It happens to be the only
subsystem which is not particularly switchable or telemetered. Obviously, it is possible
to avoid addressing portions of it which may have malfunctioned, and the command
capability is such that many actions may be simulated in several different ways.

Equipment Description    Figure 5 shows an extremely simplified block diagram of all
of the telecommunications equipment. Unfortunately, it is not possible to indicate all the
various inter-relationships without making an impossibly complicated diagram. In order
to discuss the various equipment operations, let us examine portions of the system
separately.

Antennas    Figure 5A shows the manner in which the omni-antennas, diplexers, and
receivers are inter-connected with the transmitters. As can be seen, the input of each
receiver is always connected to one of the on-ini-antennas, but the transmitters may be
switched from high-gain to omni. One transmitter or the other is always connected to the
high gain antenna, leaving the remaining transmitter output connected to the selected
omni.

The planar array has a 27 db. gain above isotropic, and a beam width of approximately 6
degrees. The high gain antenna is used for transmitting only, so it operates only at 2295
Mhz.

The omnis have patterns which may be visualized as cardioids of revolution with the null
centered back along the antenna support in the direction of the spacecraft. The composite
gain coverage of both antennas is required to give nearly 4B steradian gain of 0 db. To
realize this gain, antenna switching is required. However, proper maneuvering of the
spacecraft can avoid the necessity for switching omnis as was ably demonstrated on
Surveyor I when omni A failed to deploy, and the mission was flown using just omni B.



Transmitters    Except for the traveling wave tube power amplifier in the transmitters,
the telecommunications system is entirely solid state. R. F. switching is accomplished by
electromechanical relays, but all power control is accomplished with silicon controlled
rectifiers and solid state switches.

Figure 6 is a simplified, functional block diagram of the transmitter, which operates in
the “S” band at 2295 Mhz. The transmitter may be used in conjunction with the receiver
in the transponder mode by receipt of a signal phase lock D. C. and R. F. from the
receiver. The D. C. removes the transmitter crystal frequency, and the receiver 19 Mhz.
R. F. is used as the narrow-band voltage controlled oscillator output. In this mode, the
transmitter can only accept phase modulated telemetry.

The transmitter has a maximum output of 10 watts, but the T. W. T. may be turned off
and bypassed, and transmission made solely on the solid state 100 MW. transmitter. An
interlock feature has been included on the traveling wave tube filament such that high
voltage cannot be applied to the traveling wave tube unless the filaments are first
energized and the high power transfer switch is thrown. Normal one-way transmission
bandwidth capability is 220 Khz. and normal two-way lock on narrow band is 160 Khz.

Receiver    Figure 7 is a simplified, functional block diagram of the receiver. The
Surveyor receiver is a double superhet which operates at 2113 Mhz. , and contains a
command subcarrier discriminator so that its output is directly in PCM commands.

The input 2113 Mhz. is directly mixed in a cavity mixer with a 1066 Mhz. reference,
giving a 47 Mhz. first I. F. frequency. The reference is derived from the basic 19 Mhz.
local oscillator by a four-stage mutliplier of three successive harmonic multipliers, which
multiply the signal to 344 Mhz. It is low pass filtered, power amplified and drives a
times 6 varactor cavity multiplier to attain the 1066 Mhz.

After mixing, the resultant 47 Mhz. intermediate frequency is filtered and amplified by
three successive stages before being applied to the second mixer. Here, the 47 Mhz.
signal is mixed with a 38 Mhz, reference, which is derived from the local oscillator by a
times 2 multiplier.

The resultant 9.6 Mhz. second I. F. frequency is amplified, crystal filtered, and amplified
in three more stages. Automatic Gain Control is derived by detecting the 9.6 Mhz. signal
level at the output of the amplifier. The signal is hard limited before going to the I. F.
discriminator and the limited 9.6 Mhz. output is also used as a reference for both the
automatic phase control detector, and the quadrature phase detector which is used as
described below.



The 9.6 Mhz. discriminator output is the command subcarrier frequency, and a D. C.
component. The D. C. is amplified and then used as an automatic frequency control over
the 19 Mhz. local oscillator. The subcarrier drives the command subcarrier frequency
discriminator. The command subcarrier discriminator has post amplification and pulse
shaping to give usable bit outputs directly to the Central Command Decoder.
Determination of which receiver output to use for accepting commands is accomplished
external to the receivers in the Receiver Decoder Selector, which will be described in the
command subsystem discussion.

The use of the quadrature phase detector, whose output goes to D. C. positive when
phase lock is accomplished (note that the in-phase detector which controls the local
oscillator attempts to reduce its output to zero), is to gate the receiver local oscillator
frequency to the transmitter only when phase lock on the received signal from the ground
has been accomplished. Thus, as soon as phase lock is lost, the transmitter is returned to
crystal control by inhibition of the receiver R. F. output, and by ungrounding the internal
V. C. O. output. Conversely, when phase lock is accomplished, a 7 1/2 Mw. R. F. signal
at 19 Mhz. is applied from the receiver to the transmitter, and on the same line, a D. C.
voltage performs the function of grounding the transmitter narrow band V. C. O. output,
putting the receiver-transmitter combination in the transmitter mode.

Command Subsystem    The command subsystem is the heart of the Surveyor
capability, since so many of the capabilities of the spacecraft cannot be realized without
direct intervention by ground command. Even such actions as midcourse maneuvers
must be accomplished by successive commandings of the roll, yaw and pitch attitudes,
since there is only one commendable magnitude storage register aboard the spacecraft. In
consequence, elements of the command subsystem may be found in every other major
subsystem aboard the spacecraft.

The distribution of command information has been facilitated by providing eight
subsystem command decoders, each of which is physically located in or near its
associated subsystem, and which is addressed individually by the Central Command
Decoder according to the received command.

Figure 5A illustrates the receiver, command decoder unit, and subsystem decoder
arrangements. Again in ihe interest of reliability, the two receivers may be switched
individually to drive either one of the Corm-nand Decoder Units. This is accomplished
automatically by the Receiver Decoder Selector whenever there is loss of the command
subcarrier into the receiver. The switching order is successive, and connects the receivers
and decoders as follows:
1. Receiver A to Command Decoder A.
2. Receiver B to Command Decoder A.



3. Receiver A to Command Decoder B.
4. Receiver B to Command Decoder B.

It is apparent that with these possible options, command capability can be retained even
if there is a failure of one of the receivers and one of the command decoders.

Figure 8 gives an illustration of the manner in which the commands are designated by
octal numbers, and an example of a typical command with the associated octal, binary
and code waveform. The command format is a 24 digit word using Manchester coding.
The first four bits are used for synchronization and to identify the beginning of a
command word. The next ten bits comprise the address and address complement of the
desired subsystem decoder. The address is sensed in the Command Decoder Unit (CDU),
and complementation is examined on the entire word. The last ten bits comprise the
instruction to the subsystem decoder (SSD) for the desired command to be implemented.

Figure 8 also lists the major areas of control associated with the various Subsystem
Decoder (SSD) addresses. (This is also shown schematically in Figure 5A).

Figure 9 shows a simplified block diagram of the command system logical arrangement.
Incoming commands are examined six digits at a time in a 6 digit shift register which
provides voltages corresponding to the bits into a diode matrix. The other coordinate of
the matrix is driven by two three-bit registers which are under the control of a bit and
word count from the clock pulse generator. The result is a clocked examination of the
commands six bits at a time for complementation and subsystem address.

As can be seen, all subsystem decode matrices are enabled with a time delayed signal to
permit the command scan. All subsystem decoders, except the one addressed, are
inhibited from action on the command.

The proper SSD requires both the absence of an “off” command, and the presence of
address enable and command enable before its diode matrix is energized to decode the
command. Not shown is a universal anti-noise biasing on all gates and flip-flops to
prevent loading and noise triggering.

Some of the critical commands, associated with squib firings and other irreversible
actions, are interlocked, so that they will not be recognized or acted upon unless the
command subsystem has first received the special interlock command (octal 3617). This
interlock is also used as a protection on the magnitude command register, which has a
0000 octal address after receipt of the interlock command. The reason for this provision
was the feeling that the magnitude command register needed additional protection, since
it might often be required to hold magnitudes for long periods of time without change.
The interlock is more a protection against system noise disturbances than anything else,



since the inserted magnitude is always retransmitted to earth via telemetry to determine
that the proper value is inserted.

Some sense of the command requirements may be obtained by examining the actuations
effected by some of the commands. Each command effects the amount of actuation per
command as listed below:

Command Function Actuation
0401 Step solar panel down 1/8 degrees
0403 Step solar axis clockwise 1/16 degrees
0405 Step roll axis 1/8 degrees
1115 Step mirror right 3 degrees
1122 Step mirror up 2.5 degrees

Obviously, many commands must be sent to cause appreciable rotations of these devices
and, to facilitate this, multiple command tapes are prepared for use by the ground control
crews long before flight. Not only are the commands made in multiple steps, but long
sequences of commands have been prepared to accomplish various required maneuvers
and actuations.

Since there may be 32 commands associated with each subsystem decoder, there are 256
direct commands possible, and also 1,024 values may be inserted in the quantative
command register.

Protections on the accuracy of the commands is attained by the transmission of a
command “enable” or command “reject” signal via telemetry whenever a command
passes or fails to pass the complementation test within the Central Command Decoder. In
the case of a magnitude command, the entire command is retransmitted back from the
spacecraft, since complementation is not possible.

Signal Processing    The signal processing output on Surveyor is primarily PCM/FM,
which may modulate the transmitters in either PM or FM. The PCM is comprised of
commutated signals encoded into 11 bit binary coded words - 10 bits of data for each
signal sample, plus a parity bit. The system is also capable of providing direct frequency
modulated analog signals for certain engineering measurements. Television is directly
freqeuncy modulated on the transmitters.

Figure 10 shows a typical group of telemetry measurements - in this case, only those
associated with the R. F. link. The binary or so-called “digital” signals indicated in
Figure 10 are “on-off” information carried by individual bits in certain II bit words.
These “digital” words are assembled” in several locations in the signal processing
equipment, and then inserted in the overall commutated stream of data at the proper time.



The logic is so arranged that successive digital words may derive from different
commutators. Thus, in a frame of words, digital words 1, 2, 3, 4, and 9 are taken from the
Flight Control Sensor Group; digital words 5 through 8 are assembled in the Engineering
Signal Processor; and digital words 10 through 13 are assembled in the Auxiliary
Engineering Signal Processor.

Note that there are six possible modes for receiving various combinations of commutated
data. There are 261 telemetry measurements included in these six modes, as was
previously shown in Figure 4A, but only seven of these measurements are directly
related to the signal processing. It is interesting to note, however, that the 56 commands
for signal processing are more than twice the number provided for any other subsystem.
This is indicative of the telemetry flexibility and relative complexity.

The signal processing equipment on Surveyor is comprised of three commutators, two
redundant analog-to-digital converters, two clocking oscillators, 17 voltage controlled
oscillators, and associated mode control, rate switching, and signal conditioning
amplifiers and networks. This equipment is contained in several major units, which may
be identified in the equipments shown in Figure 3. These are:

1. The Central Signal Processor (CSP), which contains the two A-to-D converters,
the two sync clock oscillators, three SCO’s, four summing amplifiers, and various
switching and mode selection circuitry.

2. The Engineering Signal Processor (ESP), which contains a 100 signal commutator,
digital word assembly circuits, signal selectors for four modes of operation, and 6
SCO’s for gyro, reject/enable and accelerometer inputs.

3. The Auxiliary Engineering Signal Processor (AESP), which contains a 120 signal
commutator, digital word assembly circuits, signal switching for the coast and
thrust modes, and 5 VCO’s for accelerometer and strain gage inputs.

4. The Signal Processing Auxiliary (SPA), which contains the Low Modulation
Index 3.9 Khz. SCO.

5. The Low Data Rate Auxiliary (LDRA), which contains a countdown clock to
enable low speed operation of the signal processing equipment, and two SCO’s to
provide PCM/FM output.

There are also elements of the signal processing in other parts of the spacecraft as
follows:



6. Part of the Television Auxiliary (TVA), which contains 2 television subcarrier
summing amplifiers, a 16 count commutator, and other signal processing related to
television engineering information.

7. Part of the Flight Control Sensor Group, which contains the quantitative command
register/scaler, signal processing related to flight control, and digital word
assembly circuitry.

The entire system operates off of power which is called the “29 volt non-essential bus.”
This means that should a malfunction develop in the spacecraft which reduces its power
delivering capability, that the signal processing would be cut off to protect such
functions as receivers, command decoding and flight control, which operate from the “29
volt essential bus.” In Surveyor I, this power selection process (boost regulator trip) was
disabled for various reasons.

Figure 5 is useful to portray the general functional arrangement of the signal processing
equipment. The three lower left-hand blocks - A/D converters, commutators, and rate
select - are shown in greater functional detail in Figure 11.

The commutation in each commutator is accomplished by applying a “commutator
advance signal” to the input of a 4 flip-flop 10 count circuit which addresses one side of
a 10 x 10 matrix, and the output of this 10 count is applied to another counter of a similar
circuit, which addresses the other coordinates of the matrix. The first counter may be
said to be the vertical, and the second counter  the horizontal count of the commutator   
matrix. Thus, the commutator will  count down in the vertical “Y” circuit 10 counts
before stepping to the next horizontal “X” position. There are 10 “Y” positions in both
the ESP and the AESP, and 10 “X” positions in the ESP, but there are 12 “X” positions
in the AESP. This provides a 100 word count capacity in the ESP, and a 120 word count
for the AESP.

These count positions typically represent two possible information inputs for each count
position in the AESP, and either 3 or 4 information inputs for each count position in the
ESP. These inputs are divided into groups of similar nature, and these groups are
separately selectable by the mode select commands from ground. Each mode selects
many different groups, and a given group may be included in several mode selections.

The complete sequence of all count positions in a commutator and the transmission of
the associated data words is called a “frame” of data, for the sequence is transmitted over
and over in the same sequence just like elements of a picture “frame.”

Synchronization of the information “frames” is accomplished by sending a sync and
sync-complement signal at specific word times at the beginning of the frame. These



occur at words 00 and 0 in the ESP, and as words 118, 119 and 120 in the AESP. The
synchronization signal is a Barker code (11100010010), which is a calculated series of
11 digits which would be the least likely to occur at random in a binary digital sequence.
In the ground decommutator, the Barker code and the Barker code complement are used
as the commutator sync indication and commutator synchronization signals.

Central timing and digital clock signals for the entire system are generated in the analog-
to-digital converters. The selection of one or the other of these A-to-D converters is
under ground command, and provides a backup should one of the A-to-D’s or its internal
clock fail. The oscillators which control the clock frequency in the A-to-D converters
operate at 35.2 Khz. under crystal control. This frequency is divided down to 8400 Hz.
The 8400 Hz. is counted down by a series of flip-flops in the Bit Rate Selectors where
4400, 1100 or 550 bits per second operation may be selected. To accommodate
unexpected or degraded RF link performance, an additional Low Data Rate Auxiliary has
been provided wherein additional countdowns to 137 or 17.2 bits per second may be
selected by ground command.

The internal operation of the analog-to-digital converter employs a 4 flip-flop, eleven
count circuit, which provides the timing signals for the 10 binary voltage weighting
switches. The incoming signal which has been commutated to the A-to-D converter is
compared to a precision reference voltage made of the algebraic sum of all previously
selected voltage weightings, plus one-half of the last trial value.

Starting with one-half of the full scale reference voltage, the incoming voltage is
compared. If the input voltage is greater than the reference value, the one-half full-scale
weighting value is retained. If the input value is lower than the one-half value, then the
reference is abandoned. Next, one-half of the previous trial value is added, making a
three-quarter or one-quarter of full scale reference, depending upon whether the input
was above or below the half value. Again, a comparison is made, and again the voltage
weighting is added or abandoned, depending upon the input voltage.

This process is repeated 10 times, and a binary code of 10 bits is assembled by the binary
weighting switches. At the end of assembly, the 10 bit code is provided with a one bit
parity, and transmitted serially by signals derived from the active commutator clocking.

The digital words modulate any of six subcarrier oscillators, as shown in Figure 12.
Notice that the selected subcarrier oscillator is a function of the selected bit rate, and in
the case of the normal 550 bits per second rate, a special Low Modulation Index mode is
selectable wherein the R. F. transmitter deviation is held to approximately 0.3 radian.
(This leaves most of the power in the R. F. carrier which facilitates ground acquisition of
the spacecraft signal for launch tracking and doppler determinations. )



Figure 12 is not entirely functionally accurate, for it implies that each particular
subcarrier for the PCM is switched-in with its associated bitrate. This is intended to be
the normal operating condition, but the individual subcarrier oscillators must be switched
by ground command, as well as the bit-rate.

This accounts for the unconnected clock contact for the TV data gate position. This
normally would have a 550 BPS rate, but any other may be commanded.

The PCM subcarrier oscillators are summed in the output with subcarrier oscillators
carrying gyro information, strain gage accelerometers, or television information,
depending upon the mode of operation, before modulating the transmitter.

Complete redundancy is again found in the final summing amplifiers which drive the two
transmitter modulators.

It is not possible within the scope of this paper to cover all the various features,
limitations, and logical interconnections built into the telecommunications system. It is
intended, however, that the reader will have been able to understand the basic system
structuring and the most significant operational capabilities.

Design Torts    As in the course of any system design, the Surveyor telecommunications
suffered a few late surprises caused by the unsuspected system environment into which
the subsystem parts were finally expected to operate.

High Voltage Ionization    One of the latest discovered design problems proved to be a
result of the thermal control environment. No, it was not a lack of adequate temperature
control but air trapped in the “super insulation” which affected the transmitter and R. F.
diplexer design.

As mentioned earlier, the boxes in which all telecommunications equipment is protected
from the lunar temperature extremes does not out-gas below critical partial pressures for
several days. This means that the transmitter must operate continuously under all power
conditions in a partial pressure atmosphere.

Tests indicated that due to earlier packaging concepts, some of the transmitter “high
power” power supplies were susceptible to partial pressure ionization breakdown. This
was quickly cured by Hughes Aircraft by using a high density “foam in place” technique
which filled inaccessible voids in the supply.

The R. F. diplexer, which is an unsealed unit, was the next candidate, but sealing (and
foaming) were out of the question. This time, borrowing from their aircraft experience,
Hughes chose not to relocate the diplexer outside the box, but to vent it separately to



outer space by a flexible plastic pilot’s tube connected to a hole in the diplexer wall at a
region of low electric stress. Though this tube is little more than 1/4 inch in diameter,
and about two feet long, it easily reduces the pressure in the diplexer to acceptable levels
in just a few minutes.

Omni Antenna Sticking    Each omni antenna is attached to the end of a wrapped
fiberglass-epoxy pole. Unfortunately, the dimensional stability of this construction
proved to be less than was originally desired. To guarantee proper seating and actuation,
a series of “deploy” tests were devised. These were a simulation of the explosive pin
puller, and observation of the antenna actuation. It is now certain that these tests were
not adequate, for on Surveyor I for reasons not fully understood, the Omni A (which is
manufactured with two bends, and is the most difficult to control dimensionally) did not
deploy until just before, or right at, touchdown. A subsequent investigation and design
study has led to an additional assurance of deployment.

The original deployment force is provided by a “mouse trap” spring which acts at the
antenna fulcrum. This is now augmented by a leaf-spring design which forces the
antenna out of the restraining yoke in which it rests before deployment.

These are, of course, only three cases of design problems, but they are notable because
they were only recently understood and corrected. Doubtless there will be still others
which arise, as we continue to “road-test” the Surveyor vehicle.

Spacecraft Performance    On May 30, 1966, at 14:41:01 GMT, Surveyor I was
launched from Cape Kennedy by an Atlas Centaur. This was the beginning of a near
perfect flight to the moon which was climaxed by a soft landing on the lunar surface
nearly sixty three hours later. From a telecommunications subsystem performance
viewpoint, all equipment performed exactly as predicted with the single exception of the
failure of omnidirectional antenna A to deploy at spacecraft separation. As mentioned
earlier, the extreme flexibility of the subsystem, along with favorable spacecraft
attitudes, allowed the mission to be accomplished with no degradation in expected
subsystem performance.

Transit Performance    Receiver Transponder B was used in conjunction with omni B
for transmission throughout the mission. Transmitter B transmitting via Omni B is
normally selected for the launch phase, and as a result of the failure of Omni A to deploy
at separation, this configuration was maintained through touchdown. It should be noted
that the geometry of this particular trajectory was such that both omnis had nearly equal
gain in the direction of the earth for the normally deployed configuration. Transmission
and reception via Omni B was predicted to be somewhat better for this trajectory, thus
minimizing the significance of the loss of expected gain patterns exhibited by Omni A



for transit portions of the mission. (During transit, the spacecraft attitude is controlled by
locking the spacecraft -z axis to the sun and the -x axis to the star Canopus. See Figure
16 for coordinate system. ) Also, this particular trajectory was such that the gain
exhibited by Omni A in the stowed position was quite good since the earth vector
remained in the upper hemisphere of the spacecraft coincident with the stowed omni
position. (This situation also made it very difficult to immediately confirm that Omni A
had not deployed as seemed to be indicated by the omni extend telemetry signal. ) Had
Omni A failed to deploy for a mission which had significantly different sun, Canopus,
earth and moon geometry the transit problem could have been much more severe.

Prior to the actual mission, signal level versus time predictions were made utilizing the
IBM 7094 computer. The standard one way range equation (Equation 1) was solved
utilizing trajectory and antenna pattern information contained on magnetic tapes.

(Eauation 1)

where
PS = Received signal level
PT = Transmitted power
G1(t) = S/C Omni Gain (Either transmit or receive) as a function of time.
G2 = DSIF Antenna Gain (Either transmit or receive)
L = System losses

 8 = carrier wave length
R(t) = Slant range from the DSIF station to the S/C as a function of time.

These predictions were made for each DSIF station. Figures 13 through 15 contain the
composite signal level versus time predictions with actual reported DSIF data and
telemetered spacecraft receiver data for the DSIF receiver spacecraft receiver A and
spacecraft receiver B respectively. The predictions are based on sun and Canopus lock
conditions. Since Canopus was not acquired until 4. 5 hours from launch, the S/C
receiver predictions are shown as dotted lines prior to star acquisition. The DSIF
predictions were made for pre-star lock by using an antenna gain representing the 50%
coverage gain value. It should also be noted that on the DSIF predictions, a level change
is shown when the bit rate was reduced. This shift occurs because the reported DSIF
signal level is actually the received carrier level, and consequently the carrier level shifts
when different modulation indices are selected at the spacecraft.

As can be observed, the DSIF predictions were very close to the actual signal levels
observed during the mission. DSIF Station 11 (Goldstone, California) consistently
reported lower levels during the later portion of the mission. At present this lower level
is being investigated and calibration errors of up to 2 db are suspected as being the
cause.



The spacecraft receiver signal levels, as determined from telemetry, were also reasonably
close to predictions. The fact that receiver A data agreed with predictions is at first
somewhat surprising since the predictions were made for a deployed omni. However, as
noted earlier, the S/C attitude was such that the gain exhibited by omni A in the stowed
position was quite good and consequently compared favorably with the extended gain
values. Also, the earth vector, and resultant ornni gain, changes considerably during the
first 10 hours of flight and then remains relatively constant during the remainder of the
mission. Noting this fact, the effect of the non-deployed on-mi A is more apparent in this
early data. Signal level variations from predictions past 10 hours are presently attributed
to AGC telemetry temperature sensitivity and to the fact that the spacecraft was allowed
to drift a few degrees off the Canopus reference during gyro drift checks. A deep antenna
null demonstrated by the sharp drop in signal level at receiver A at approximately I hour
from launch was the best confirmation that the antenna had not deployed up until the
time of Canopus acquisition.

Maneuver Performance    The spacecraft performed three attitude maneuvers during
transit. The first maneuver was a roll maneuver to acquire Canopus. This maneuver took
place at 4.5 hours from launch. At approximately 16 hours from launch a midcourse
(M/C) maneuver was made. Finally, at approximately 62.5 hours from launch the
terminal maneuver was executed. Each of these maneuvers were evaluated relative to,
and were in fact constrained by, the telecommunication subsystem. Figures 17A, B, and
C show the path of the earth vector for each of the three maneuvers relative to minimum
coverage gain contours. Figure A represents the down-link omni patterns (Omni B),
Figure B the up-link patterns for Omni A and Figure C the up-link patterns for Omni B.
The gain contours shown, represent the minimum gain exhibited by a total of 5 different
sets of omni patterns, and thus are somewhat representative of worst case expected gain.

For each of these maneuvers, the expected link performance was analyzed and compared
to minimum phase lock, telemetry and command margins. The midcourse and terminal
maneuvers shown are those selected primarily on the basis of expected R. F. link
performance. A total of eight different maneuvers were analyzed for midcourse and four
were analyzed for terminal maneuvers.

Since patterns for omni A were not known, it was necessary that maneuvers be selected
which only required omni B. In spite of this constraint, maneuvers were determined that
allowed the required high data rates throughout the maneuvers with no telemetry
degradation. (4400 bits per second was transmitted during the midcourse maneuver and 1
1 00 bits per second during terminal maneuvers. ) Two way transponder operation was
also accomplished during the midcourse maneuvers, which was desired but not required.
It should be noted, that for both the midcourse and terminal maneuvers, there existed
better maneuver combinations, from both a communication link and mission operations
viewpoint, which would have utilized omni A had it been available. In fact, an additional



roll maneuver was required for the terminal maneuvers to circumvent the non-extended
omni problem.

At the time of Canopus acquisition and during the midcourse maneuver there was still
considerable doubt as to whether omni A had or had not deployed. In order to try to
confirm the anomaly, the commutator data mode selected during the star acquisition
maneuver and reverse midcourse maneuvers was changed from the planned mode, which
contained mostly flight control telemetry, to a mode containing receiver AGC telemetry.
Again, the flexibility of the Surveyor system was demonstrated. Figures 18A and 18B
are plots of Receiver A and B signal levels during the reverse midcourse maneuvers. The
receiver AGC telemetry during these maneuvers tended to confirm that omni A was
stowed but, again, the data was not conclusive. Deep nulls were observed in the omni A
patterns (reference Figure 18A during the reverse roll maneuver) but omni-extended
patterns also exhibited similar but much less severe nulls in approximately the same
regions. The ultimate indication that on-ini A was not deployed throughout transit was
observed after touchdown when, upon going to a commutator mode containing the omni
extended switch signal, it was noted that the on-ini had finally extended either during the
retro burn or touchdown phases. It is postulated that the structural deformation and shock
due to landing or retro caused the omni to become free from the clamp which held it in
the stowed position.

The signal processing and command decoding subsystems performed flawlessly
throughout the mission. During the coast phases, a minimum bit rate of 550 bits per
second was maintained with transmitter B in low power transmitting over omni B. In
fact, the 550 bits per second mode was operated with DSIF signal levels 2 to 3 db below
the calculated threshold. The calculated threshold -value used was based on a maximum
bit error rate requirement of 3 x 10-3. At this threshold bit error rate, approximately one
word in thirty would be in error. During the mission, it was decided not to reduce the bit
rate of 137.5 bits per second, a reduction of four to one in data rate. It was determined
that the few word errors observed were not troublesome since they were flagged on the
data displays. The word error rate during this period got as high as one word error in six
near the terminal phase. Even at this error rate the real time data was considered to be
satisfactory by the operations personnel.

Lunar Performance    In conclusion, a brief summary of subsystem performance data
gathered while on the lunar surface will be discussed on an itemized basis.

High Gain Antenna Patterns    Near lunar noon, the high gain antenna was positioned
to provide shade for the compartments containing the electronics. During the positioning
of the antenna the DSIF receiver AGC was recorded and correlated to gain contour maps
of the high gain antenna. Data transmission via the high gain antenna was maintained
when the high gain antenna was positioned as much as 60E from the main lobe electrical



axis. Gain contours 15 to 20 db down from the peak gain were confirmed on the third
and fourth sidelobes from the main lobe.

Voice Transmission via the Transponder Mode    Although of little scientific value,
an experiment was run in which voice was transmitted from the DSIF station and
relayed, via the transponder mode, back to the station. The up-link carrier was phase
modulated, tracked by the spacecraft transponder, and retransmitted. The signal was then
detected by an FM discriminator. The data quality was audible, but of poor quality, due
to the narrow bandwidth of the carrier tracking loop at the spacecraft.

Subsystem Assessments    During both the first and second lunar days a comprehensive
subsystem assessment was performed. During this assessment, every aspect of the R. F.
signal processing and command decoding subsystems was checked out. R. F.
transmission, on both high and low power via all three antennas was confirmed. Every
telemetry commutator mode, all subcarrier oscillators (even those not used previously),
both A/D converters, and the PM and FM modulators were, turned on in turn, and their
performance verified. From these tests, it was determined that no major failures had
occurred during the entire mission including the survival of the lunar night. It was noted
that two commutator words read full scale in one commutator mode after the lunar night
indicating a minor failure had occurred during the night.
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Summary    Based on the selection of scientific instruments suitable for application to
the payload, conceptual designs were synthesized of payload packages, including the
supporting subsystems. Parametric and/or conceptual design studies were conducted of
such areas as communications. The primary communications link was to be payload to
lunar survey probe communication facility carried with the Apollo vehicle, e.g., modified
LEM. No burden was to be placed on the basic Apollo communication system. Payload-
to-earth link was also to be considered as an alternate mode, particularly for the long
duration instrument operation. The communications system described in this report is a
natural outgrowth of the mission requirements and presents a realistic approach to a
solution of the communications problems. As such, the system described could be
readily instrumented, utilizing current state-of-the-art hardware and techniques.

Introduction     A study was recently conducted for the NASA Manned Spacecraft
Center, Houston, Texas, under contract No. NASw- 1134 for the design of a Lunar
Survey Probe Survivable Scientific Capsule Payload, a portion of which included the
communications system.

The mission of the Lunar Survey Probe System is to deliver specified payloads from an
Apollo spacecraft which is in lunar orbit to preselected landing sites on the lunar surface.
The payload comprises a site certification payload and eight dynamic penetrometer
spheres, or a scientific payload, a relay station for transmitting penetrometer data to the
CSM, and a survivable capsule containing scientific information.

The LSP vehicles are transported from the earth to the circular lunar orbit attached to the
exterior of the LEM descent stage. Knowledge of th location of the intended landing site
for the LSP payload and of the Apollo orbit is used to preprogram the LSP/DV for the
mission.

The operational mission of the LSP Delivery System starts when the Apollo spacecraft is
in lunar orbit. Delivery vehicles can be launched from Apollo circular orbits with
altitudes in the range of 30 to 80 nautical miles. The landing sites for the probes can



either be predetermined or selected by the astronaut while in orbit and can be located up
to two degrees out of the Apollo orbital plane. Once a landing site has been chosen, a
probe is selected for launch. The probe selection process is performed automatically by
the Support System, but the astronaut has override capabilities.

Prior to launch, the selected probe is checked out by the Support System, and the
guidance computations and flight program determinations are performed by an earth-
based portion of the Support System. These data are inserted into LSP/DV flight
programmer via the PSE. After launch from the LEM, the programmer sequences the
LSP/DV through the required attitude maneuvers and retro-firings so that the vehicle
will deliver the payload to the selected landing site. The major events of the prelaunch
and flight sequence are telemetered to earth via the Apollo “S” band and include
Delivery Vehicle information as well as payload information.

After landing, the payload erects itself, deploys, and operates the instruments. The
resulting data is transmitted to the Apollo vehicle in orbit when in sight of the payload.
When the Apollo is out of sight, data may be stored for later transmission. For long term
operation of the instruments, an unmanned relay station must be left in orbit after the
Apollo returns to earth with the astronauts. An alternate mode would be to design the
communications system to transmit directly to earth.

As indicated previously, two different payloads were considered: a site certification
payload and a scientific payload with some instruments being common to both payloads.
Two basic site certification payloads were considered and are listed below:

Package A Package B

1.  Active Radar Transponder 1.  Passive Radar Beacon
2.  Visual Marker 2.  Visual Marker
3.  Impact Dynamics Accelerometer 3.  Impact Dynamics Accelerometer
4.  Visual Survey System 4.  Visual Survey System
5.  Inclinometer 5.  Inclinometer

Additional experiments such as soil mechanics experiments may be added to the package
where weight and volume allow.

For this study two types of scientific payloads are considered: a “Phase Analysis
Capsule” and a “Geophysical Capsule.” For each capsule, a basic set of instruments was
defined and an additional list of instruments was to be considered for inclusion in the
payload, as shown in the following:



Phase Analysis Capsule Instrumentation

Basic

(1) Visual Survey System
(2) Petrographic Microscope
(3) X-Ray Diffractometer
(4) X-Ray Spectrometer
(5) Penetrometer
(6) Visual Marker and Laser Reflector

Additional

(7) Mass Spectrometer
(8) Gamma Ray Spectrometer
(9) Gamma-Gamma Back Scatter Density Detector
(10) Wet Chemical Device for Micro-Organism Detection (minimum life, 24 hours)
(11) Inclinometer

Geophysi cal Capsule Instrumentation

Basic

(1) Three-Axis Seismometer (minimum life, 3 months)
(2) Penetrometer
(3) Visual Marker and Laser Reflector

Additional

(4) Active Seismic Refraction Equipment
(5) Solar-Energetic Particles Telescope (minimum life, 1 month)
(6) Magnetometer/Particle Detector (minimum life, 1 month)
(7) Inclinometer
(8) Thermometer
(9) Visual Survey System
(6) Mass Spectrometer

Except as noted, all instruments must have life potential sufficient to obtain significant
data.

The basic functional requirement of the communication system is to connect the payload
operating on the lunar surface with the orbiting LEM lab through a television and



telemetry link. In addition, an important requirement of the communications system is
the establishment of a command link which would allow scheduling control of the
scientific payload and operation upon command, and would perform payload and
instrument checkout or calibration.

Initially, the objective of the subject contract was to choose a design concept for a
survivable capsule to be carried by the Lunar Survey Probe and to establish the
feasibility of the selected system. Such a capsule would be capable of establishing with
high confidence that the soil mechanics properties of the lunar surface at the landing
point are within the Apollo design model. In addition, a visual survey shall be taken of
the surrounding area up to the visual horizon. Parametric design criteria for the
communication system for this site certification payload were established under the
following communications ground rules:

(1)  The bulk of the communication for the survivable capsule is to be independent of the
LSP delivery system. A hard line communications link between the survivable capsule
and the LSP delivery system shall be provided for a predeployment signal. Data from the
capsule may be relayed to earth via the Apollo CSM orbiting at a nominal altitude of 80
nautical miles.

(2)  The Apollo omni-antenna and telemetry receiver would be available for use in the
survivable capsule - CSM data link.

The tradeoff studies conducted under these critical ground rules indicated that the VHF
or lower UHF range of frequencies was suitable for the LSP survivable capsule to Apollo
link. Subsequently, by NASA direction, the ground rules were modified to determine the
feasibility of landing a scientific payload upon the lunar surface. These changes, along
with a conceptual design of such a system, are presented in the second half of this paper.
The data communications requirements for the scientific payload are basically similar to
those of the site certification payload insofar as initial operation is concerned. The
scientific payload requirements have, however, the additional complexity of transmitting
scientific instrument data, and over an extended period of time. The concepts for the site
certification payload communication system were therefore used as a basis and were
extended to meet the additional requirements.

Since the visual survey system in both payloads requires the greatest communication
capacity and imposes greater demands upon the communication art, emphasis was placed
upon accommodating the bandwidth associated with this instrument.

Site Certification Communications System Analysis    The communications system
analysis consists of the tradeoff s in transmitting the data from the survivable capsule
either directly to e a r t h or through an Apollo link. Parameters such as modulation



technique, bandwidth, and carrier frequency are investigated and system tradeoffs for
each parameter are considered. The restraints on the selection of the system parameters
are as follows:

For Direct Link to Earth: 1. Frequency = 2200 Mc.
2. Power and BW are to be compatible with MSFN

parameters.

For Apollo Relay: 1. Frequency 300, 1000, or 2200 Mc.
2. Power and BW are to be compatible with the spacecraft

receiver and data processing equipment (if any) for relay
through a unified S-band system.

As noted previously, the visual survey system requires the greatest bandwidth and is
therefore considered first when determining system tradeoff s.

Modulation Technique     The transmission of high resolution stereo television requires
a high efficiency modulation and detection technique in order to provide a low error rate
with a reasonable transmitter power level. In order to compare modulation techniques on
a common basis, data for eight level quantized systems were obtained’ and are shown in
Figure 1. The curves show the probability of a one wave form error in receiving a word
of three binary numbers. This corresponds to digitizing or quantizing gray shades or light
levels into eight levels. As a reference, the error corresponding to one error per frame
which corresponds to one error for 120,000 bits is shown. The curves show that an
improvement factor of 7 to 10 db can be obtained by using PSK over amplitude shift
keying. FSK results in a 15 db improvement and an orthogonal coded PSK is 20 db
better than amplitude shift keying.

The choice bet wee n FSK and an orthogonal coded modulation scheme should be based
on reliability considerations. The number of components needed in the payload to
generate a coded signal is approximately four times that of a simple analog frequency
modulated signal. The reduction of reliability, together with increased volume and
weight, rule out coded modulation using state-of-the-art packaging techniques.

Figure 2 shows the no is e improvement factors for several modulation indices of an FM
signal. The characteristic FM threshold appears as a knee in each curve. In practice, as
the signal level is reduced from a high level, the S/N ratio decreases linearly until the
threshold is reached, at which point the S/N ratio drops at a much faster rate. For any de
sire d minimum detected signal-to-noise ratio, the modulation index should be selected
so that the threshold coincides with this S/N ratio. The required carrier level to achieve
the desired S/N ratio can be read off the horizontal scale on the graph. Figure 3 shows a 



plot derived from Figure 2 and indicates the optimum modulation index for any required
minimum signal-to-noise ratio.

Frequency and Transmission Path Selection    Comparison of the four most likely
frequencies is shown in Table 1.

The power levels shown in the table indicate that a 300 Mc link to the Apollo requires
the least output power.

TABLE 1
CARRIER FREQUENCY COMPARISON

(For Typical 400 Kc Bandwidth)

Bandwidth and Signal-to-Noise Ratio    The bandwidth for TV transmission used in
the previous calculations was selected to be contained within the unified S-band system
bandwidth. Additional tradeoffs are required to determine the optimum bandwidth.
Figure 4 expands the data in Table 1 to show the power required to determine the power
required as a function of bandwidth. Figure 5 shows the effect of varying both the
bandwidth and the signal-to-noise ratio in the 300 Mc Apollo link and in the 2200 Mc
earth link. A change of signal-to-noise ratio does not change the power level by an
equivalent amount because the optimum modulation index also changes.

A number of methods of bandwidth compression have been investigated; but in general,
it has been found that the methods are not applicable to lunar high resolution television
because of limitations in the devices and/or complexity of the equipment required
(References 2-6).



Mechanization Tradeoffs    A major criterion for selection of one system over another
is minimum total weight for equal performance. Figure 6 shows estimated weight versus
power for transmitters operating in the region of interest and believed to be suitable for
the environment. Both solid state and vacuum tube transmitters are included. Figure 7
shows estimated weight of power converters for vacuum tube transmitters, where high
voltages are required. Total subsystem weights for transmitter, camera, and battery are
discussed in a later paragraph.

Command System    Command signals will be available through the MSFN system and
need only an antenna, a receiver, and a decoder aboard the LSP to receive commands.
Pertinent command system parameters are:

Therefore the transmitter power is:

- 136 + 158 = 22 dbw.

The MSFN transmitter will be capable of up to 10 kilowatts output, which gives an
additional 18 db margin.

Solid state command receivers with decoder for UHF are available which weigh 2
pounds and consume 0.4 watt of power. It is estimated that additional components
required for S-band operation would increase the weight to 3 pounds and increase the
power consumption to 1 watt. The failure rate of the command receiver has been
estimated to be 6 failures per million hour s.

Telemetry    Telemetry data can be transmitted simultaneously with the TV data by
multiplexing it onto the TV carrier by suitable subcarrier oscillators. The telemetry data
would be relayed through Apollo to the MSFN, where the telemetry can be separated
from the TV data for processing.



System Weights    System parameters and power requirements for the TV system have
been tabulated previously. These tabulations were for FM communications to earth and
to Apollo, for various carrier frequencies (300 Mc, 960 Mc, and 2200 Mc) and for
signal-to-noise ratios from 20 db to 35 db. The system weights for 30 db transmission to
earth and to Apollo for various data bandwidths are shown in Figure 8. The system
weights for transmission to Apollo for various carrier frequencies, data bandwidths, and
signal-to-noise ratios are shown in Figure 9. (These system comparisons are not intended
to rule out digital transmission.)

From Figure 8 it can be seen that direct transmission to earth is impractical above
approximately 100 Kc bandwidth. At 100 Kc and below, it takes longer than 1 second
for transmission of a stereo pair, which limits the system usefulness for dynamic
experiments. Because a 30 db signal-to-noise is extremely marginal for good system
performance and because new equipment (vidicons and transmitters) must be developed,
direct video transmission to earth appears to be a poor approach. By comparison, UHF
(300 Mc) transmission to Apollo at 4 Mc bandwidth is slightly heavier than S-band
(Z200 Mc) transmission to earth at 100 Kc.

From Figure 9 it is easily seen that UHF (300 Mc) transmission is the lightest system for
a given level of performance. Inasmuch as the Apollo UHF antenna can be made
available for LSP communications, UHF transmission to Apollo appears to be the very
best solution to the communications question.

Again referring to Figure 9, approximately 10 to 12 pounds appears to be an absolute
minimum system weight which can be achieved, even for UHF communications. Signal-
to-noise ratios of up to 35 db (or possibly even 40 db) and data bandwidths up to 2 Mc or
3 Mc appear to be within bounds of a reasonable weight limitation.

Scientific Payload Data Communications System Concepts    To assure that the
communications system will meet the scientific payload requirements, a close sensitivity
of the effects of an integrated package was investigated and various interfaces studied.
Figure 10 is a very simplified block diagram showing the relationship between the
payload communications systems, the orbiter relay system, and the ground system. Once
the overall requirements are investigated, the individual systems may then be studied
separately.

The communication system must provide a means to transmit information from the lunar
surface for two distinct payloads. The phase analysis payload transmits the data for
approximately 15 minutes during each two-hour orbit for a minimum of six lunar orbits.
No data storage is needed on the payload and only real time data transmission to the
orbiting station is utilized. For lower Apollo lunar orbits with less view time of the
payload, a larger number of orbits would be required to complete the instrument



operation. The geophysical payload initially uses the same orbiter data link for those
payloads landed on the earth side of the moon. This payload must survive a minimum of
three months and will have a means of data storage which monitor s the output from the
seismometer and the atmospheric instruments. In order to meet the requirement of having
one communications system serve both payloads, the parametric data was reviewed and a
means of accomplishing communications with lower transmitter power was also
investigated. Additional RF calculations were performed, however, this time using a high
gain antenna upon the Apollo spacecraft during television transmission only. The system
RF link calculations are shown in Table 2, Data Communications Design Control Table.

The calculations shown in Table 2 are based on the following assumptions. The RF link
utilizes the “S” band frequency range, with an omnidirectional antenna on the payload
and a high gain, 2.5-foot directional antenna on the orbiting receiving station. This
antenna will be attached to the Apollo spacecraft and will be oriented towards the
payload. This would be necessary during the wideband television data transmission only.
However, during narrowband telemetry transmission, i.e., the geophysical capsule long
term lifetime, an omnidirectional antenna on board the orbiter would be utilized. This is
necessary since the Apollo spacecraft would not be available throughout the geophysical
payload’ s lifetime for pointing accuracies needed by the high gain antenna.

TABLE 2
TELECOMMUNICATIONS DESIGN CONTROL TABLE



2.  Geophysical Capsule (Narrowband Telemetry), Lunar Surface-to-Orbit Link-Link:

3.  Geophysical Capsule (Narrowband Telemetry), Lunar Surface-to-Earth Direct Link:

As seen from the table, a one-watt transmitter could easily assure data transmission
between the payload and the orbiting station, as well as for direct earth link during the
geophysical payload narrowband telemetry mode.

Data Communications System Conceptual Design    With the determination of the
system requirements and a definition of the system concept, the preliminary schematic
diagram was developed to show the normal signal flow paths as seen in Figure 11. A 



description of the operation of the data communications system follows and the system
component characteristics are summarized in Table 3.

TABLE 3
DATA COMMUNICATIONS SYSTEM CHARACTERISTICS

Referring to Figure 11, it may be seen that the system is initially in the impact mode and
that only status data and impact data are relayed to orbit via the one-watt, “S” band solid-
state transmitter. After completion of the payload erection sequence, the transmitter is
switched to the television system. The TV signal directly frequency modulates the
transmitter carrier and is transmitted as an analog signal to the orbiting station.

Upon completion of the television transmission, the transmitter is switched back to the
data processor output and the data processor switched to sample the scientific and
engineering sensors. This data is brought into a PCM encoder in the data processor, and
the resulting binary signal modulates the FM transmitter, resulting in a PCM/FM
transmission. Analog signals, other than television, are brought into the data processor
and converted to a digital signal.

A command link is provided to enable scheduling control of the instruments and data
modes. The following command requirements will fall into this category.

a. Television control, including commands to view selected areas or instruments.

b. Start-up and shut-down of instrument cycle s as a function of Apollo view time.

c. Data storage and read-out control.



d. Environmental control system operation or override due to special circumstances.

e. Selective control or m o d i f i c a t i o n of instrument operation.

A digital command system is recommended based on the following factors: (1)
compatibility with the MSFN command capabilities; (2) greater capacity than that of a
tone-actuated system; and (3) superior signal-to-noise characteristics.

The command system will operate on an”S”band frequency and will have command
words which will contain synchronization bits, address bits, information bits, and parity
checking bits.

The modulated RF signal from the orbiting station (which may act as a relay for earth
commands) is initially received by an omnidirectional antenna on the payload and is
coherently detected by means of a phase-locked loop in the command receiver. The
output of the loop is the recovered modulated command subcarrier. A command detector
locks to the received synchronized signal, demodulates the command subcarrier to
recover the command word bit, and supplies the command decoder with all necessary
synchronizing and timing signals. The decoder analyzes the address bits to determine
which command has been received and supplies the decoded commands to the
appropriate payload systems. Indication that a command has been received and decoded
is relayed to the ground station by telemetry.

Data Processor System Conceptual Design    The data processor shall perform the
following functions:

a. Accept scientific data from the instrument complement.

b. Accept engineering (status) data from the instrument complement and from all
payload subsystems.

c. Accept commands f r o m the orbiting station via the command system.

d. Accept data in any of two standard forms - digital and analog.

e. Provide data to the t e I e m e t r y subsystem in a serial digital split-bit format.

f. Provide control and synchronization signals to the instruments and other payload
subsystems in a serial digital format.



The data processor shall have three signal lines between it and each scientific instrument.
One line will act as a sync line, another as a data line, and the third as a command and
system clock rate line.

A functional block diagram of the data processor is shown in Figure 12. A summary of
the operation of the data processor follows.

The system timing is controlled by a crystal oscillator whose frequency is divided down
by the bit rate timing counter, the work rate timing counter, and the program cycle
counter, to provide the necessary system rates.

The analog signals (engineering and housekeeping data in the payload) are multiplexed
and applied to a seven-bit A/D converter. The timing for the multiplexer is derived from
decoding the program cycle counter which inserts the engineering data into the proper
time slots within the subframe.

The analog data is gated through FET switches to the A/D converter which is a
“successive approximation” type of converter. The conversion takes place at
approximately a 100 Kc rate and require s a total of seven bit times at this rate. The
digital output of the A/D converter is applied to the output buffer together with the data
from the instruments.

The output buffer takes the digital data, determines the number of significant bits in each
data word by appropriate decoding of the program cycle counter, and then shifts out the
significant bits at the desired data rate. Thus the data output of the buffer is in a “variable
word length” format. This procedure simplifies the overall timing and obviates the need
for determination of significant word length within each instrument.

The split-bit modulator in the output buffer puts all data into the command input register
which are stored until frame sync time. During frame sync time the command signal is
shifted into the instruments. At the same time, the program cycle counter output, which
is normally shifted into the instruments, is inhibited.

A command decoder in the data processor decodes the input register and executes
command functions within the payload when the appropriate commands are sent. Such a
system would have the following characteristics:

Weight Volume Power
(lbs) (cu.ft.) (Watts)

 4.5   .04    3.0



A tape recorder as required for the geophysical capsule payload would have the
following characteristics:

Bit Capacity 7.2 x 106 bits
Weight 3.25 pounds
Volume 64 cu. in.
Power 4 watts

The data processor system described is well within the present state-ofthe-art and should
present no outstanding problem during payload design.

Conclusions    The tradeoff studies conductedunder the site certification payload ground
rules indicate that a 300 Mc communications link to Apollo gives the lowest system
weights for a given standard of performance. Optimum signal-to-noise video
performance is probably between 30 db and 40 db. Both slow- scan video for 500 Kc
bandwidth and data storage at 2 to 3 Mc with 500 Kc playback offer systems with high
standards of performance.

When one evaluates the communications system under the scientific payload ground
rules, then a higher frequency (2300 Mc communications link) must be accommodated.
The high gain antenna allowable upon the lunar orbiter relay station offsets the losses
accrued by this higher frequency in the orbiter phase of the mission, whereas the higher
frequency allows more efficient transmission direct to earth. Additional development
effort is necessary to synthesize a complete systernwith the desired characteristics for all
mission phases and to meet the specific payload environment.
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Fig. 1 - Comparison of Errors in an Eight Level Quantized System
(Non-Binary Coded)



Fig. 2 - Noise Improvement Factors



Fig. 3 - Modulation Index as a Function of S/N output for Threshold
in an optimum FM System



Fig. 4 - Transmitted Power for FM Transmission at Optimum Deviation
Ratio for Communications Link



Fig. 5 - Transmitted Power for FM Transmission at Optimum Deviation Ratio



Fig. 6 - Transmitter Weight Versus Transmitted Power Required



Fig. 7 - Power Supply Weight for Vacuum Communications System



Fig. 8 - Combined Subsystem Weight Trade-Off



Fig. 9 - Combined Subsystem Weight Trade-Off Probe/Apollo
Communications Link



Fig. 10 - Simplified Block Diagram of overall Communications Systems



Fig. 11 - Data Communications System Conceptual Block Diagram



Fig. 12 - LSP-Scientific Payload Data Processor
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SUMMARY

This paper discusses the data system requirements for large space vehicles and describes
a flexible telemetry system design which is used on all stages of the Saturn IB and Saturn
V vehicles. The basic vehicle telemetry design provides standard assembly building
blocks forming a versatile catalogue of parts from which a stage telemetry subsystem
may be assembled to meet almost any conceivable monitoring requirement. In addition to
its inflight monitoring function, the telemetry subsystem also provides real time data
acquisition for automatic vehicle checkout.

INTRODUCTION

The landing of man on the lunar surface and his safe return to earth in this decade has
been established as a national goal. In addition, a variety of sophisticated earth orbital,
lunar, and planetary space missions are in the implementation, planning, and proposal
phases.

A major role in the national space program has been assigned to the Saturn IB and
Saturn V space vehicles. The Saturn I consists of two propulsion stages with a first-stage
thrust of 7.1 x 106 newtons (1.6 million pounds) and the capability for placing 14,600
kilograms (16 tons) into low earth orbit. This vehicle has been assigned a variety of
missions such as orbital qualification of the Apollo spacecraft and Apollo crew training.
It is expected to assume the role of workhorse vehicle for earth orbital operations, as the
national space program progresses into the decade of the seventies. The Saturn V is a
three-stage vehicle having first-stage thrust of 33.5 x 106 newtons (7.5 million pounds)
and a capability for orbiting 109,000 kilograms (120 tons) or placing 38,800 kilograms
(45 tons) into a lunar trajectory. This vehicle has been assigned the critical role of
starting men on their journey to the moon in this decade. In addition, its status as the



most powerful launch configuration available to the planners of the national space
program assures it a key role in advanced lunar and planetary missions.

Undoubtedly, development of the Saturn family of launch vehicles represents one of the
most complex technical efforts ever undertaken by man. To properly utilize the nations
vast technical talent and industrial capability in this gigantic task, various industrial
contractors were assigned key roles in the design, manufacture, and test of individual
vehicle stages. These stages are then integrated into a complete vehicle system at the
launch site. This approach to sharing the effort has generated unique and formidable
problems in management relationships between government agencies and laboratories,
stage contractors, and various system and subsystem contractors. These management-
oriented problems, the solution of which are as essential as technical solutions to the
reliability of the final vehicle system, have been found to rival the technical problems in
complexity.

These technical and management problems as related to the choice of telemetry concepts,
methods, and procedures, and the subsequent solutions to these problems are the subject
matter of this paper.

SATURN TELEMETRY REQUIREMENTS

For any given application of telemetry system techniques, there exist various design and
operational restraints imposed by the technical requirements, the current state-of-the-art,
and the realities of value and economics. There is seldom one “optimum” solution;
therefore, a design choice must be made from numerous alternatives based on trade offs
in system capabilities and limitations. A complex array of requirements and
considerations governed the selection of telemetry concepts, methods, and procedures for
the Saturn vehicles. Some of the factors which guided the evolution of the Saturn
telemetry design are discussed in the following paragraphs.

Data Transmission Capacity    The size and complexity of the Saturn vehicles plus the
small number of developmental vehicles presented formidable problems in telemetry
system data transmission capacity. Each vehicle test required thorough instrumentation
to obtain the maximum practical quantity of data; therefore, the capacity of the telemetry
system, in terms of both data bandwidth and quantity of measurements, was important. In
addition, a range of data types having widely varying characteristics had to be
accommodated. These included vibration and acoustic measurements, flows, waveforms
from servo control loops, off-on events with varied time-resolution requirements, digital
outputs of special transducers and subsystems, strain measurements, and a myriad of
temperature and pressure measurements.



Flexibility    The total number and the quantity of each type of measurement were
expected to vary widely as the program progressed from initial developmental to
operational vehicles. The final operational vehicle configuration would retain a minimal
telemetry system with greatly reduced capacity. A relatively long lead time (up to 18
months) was expected from the beginning of vehicle assembly to launch. Since the
results of vehicle tests would likely modify the measuring requirements placed on
subsequent vehicles, late changes were to be expected as the vehicles progressed through
assembly and checkout. These considerations dictated considerable flexibility in
telemetry design and integration into the vehicle. The telemetry design was required to
accommodate these varying demands and late changes in measuring requirements
without inconvenient and time-consuming modifications.

Monitoring of Vehicle Status and Readiness    Verifying the readiness of all
subsystems in a large, complex space vehicle system entails the digestion and analysis of
tremendous quantities of data. This verification must be repeated a number of times
during the life of a vehicle stage: (1) at completion of manufacture, (2) during and after
static firing of a stage, (3) several times during prelaunch tests, and (4) during the
countdown and launch sequence. The criticality of these tests and the speed with which
they must be performed in some situations indicate the use of automatic vehicle checkout
procedures using capabilities of ground based digital computers. This checkout
arrangement entails transmission of large quantities of real time data from the vehicle to
the checkout computer. Adaptation of the vehicle telemetry subsystem to perform this
checkout data acquisition function, in addition to its traditional inflight monitoring role,
minimizes the vehicle equipment required and logically becomes a design requirement.
This added assignment imposes several requirements on the telemetry system design: (a)
The telemetry must operate in a closed-loop mode during prelaunch checkout application
without RF radiation, (b) The telemetry equipment used in this application must be
capable of extended hours of operation without significant degradation of performance,
(c) Since checkout operations were required on individual stages prior to mating of the
stages at the launch site, each stage needed an independent self-contained data
acquisition capability, (d) The increased weight of the vehicle equipment required to
adapt to the new role must be minimized by utilization of subsystems for both checkout
data acquisition and flight monitoring, (e) The closed-loop monitoring output must
provide a format convenient for computer entry and an appropriate means of
“addressing” and identifying the channels, (f) The checkout data acquisition system must
provide a means of checking the instrumentation itself; that is, it must possess a self-
check capability. In addition, certain missions required a verification of vehicle readiness
during orbital flight preceding second burn of the vehicle upper stage. The on-board
guidance computer was to be utilized for certain of these tests; therefore a means of
access to telemetry data by the on-board computer was an additional system requirement.



Design Commonality    A number of considerations dictated use of the same basic
telemetry design on all stages of the Saturn vehicle. Some of these factors are: (a) A
common telemetry design ensured compatibility with integrated telemetry ground
support equipment (GSE) and receiving equipment at the launch site and on the world-
wide range. It also promoted compatibility of demultiplexing and data processing
equipment at numerous locations, such as governmental laboratories, the launch site,
contractor plants, static test facilities, and data reduction centers. It tended to minimize
the types and variety of such required equipment and facilitated the exchange and
correlation of telemetry data between the various organizations which were involved, (b)
The important role of the telemetry system in acquiring data in realtime for use in
automatic checkout and control required format and other telemetry signal characteristics
of the individual stages to be identical, (c) The use of a common telemetry design
provides cost saving due to: minimization of initial-design and development, decrease in
production cost resulting from greater quantities of a given design, decrease in training
requirements for personnel who must handle the integrated vehicles and expediting of
configuration control procedures, and (d) Reliability of the data acquisition system is
improved by the concentration of effort and experience on a given design, the greater
familiarity of operating personnel with the common design, and the opportunity for more
comprehensive test programs.

Reliability    The Saturn IB vehicle is expected to assume operational status after the
launch of four developmental test vehicles, and only five developmental launches are
planned for the larger and more complex Saturn V vehicle. When this small number of
development vehicle launches and the long lead time required for design, fabrication,
and testing of each vehicle is considered, it is readily apparent that the loss of a
substantial amount of data from an individual flight test would cause a tremendous
setback in the national space program. It must be remembered that the life of an
astronaut may well depend on how much /is,learned from the data gathered during the
limited number of development flights. These considerations justify the following
precautions: (a) Extensive care in the design, fabrication, and testing of instrumentation,
(b) Use of parallel configurations in the instrumentation to ensure that a single black-box
failure does not cause loss of a substantial portion of the measurements, (c) Redundant
monitoring of some measurements by means of two transmission paths, and (d) A
comprehensive program for proving the telemetry design including actual flight test
experience as a “passenger.”

Weight and Size    Although volumetric size is usually of little concern in a large space
vehicle, the weight of individual subsystems reflects directly into the payload capacity of
the vehicle. Table I shows the distribution of weight between instrumentation system
elements in a typical large space vehicle. This illustrates the often neglected fact that the
weight of equipment which performs the telemetry multiplexing and modulation



functions typically accounts for only 5 to 10 percent of the total weight chargeable to
instrumentation. This means that a 10 percent reduction in weight of these items, for
example, provides only 0.5 to 1.0 percent reduction in total instrumentation weight.

TABLE I
TYPICAL VEHICLE INSTRUMENTATION SYSTEM

WEIGHT DISTRIBUTION

Measuring Subsystem 12%

Telemetry Subsystem 6%

Antenna Subsystem 2%

Environmental Conditioning, and 25%
Mounting Hardware

Electrical Wiring, Connectors, and 55%
Distributors

It is apparent that heavy emphasis on weight consideration in the implementation of the
telemetry “black boxes” has less than a revolutionary effect on overall vehicle system
weight. Moreover, a disproportionate degree of emphasis placed upon weight of these
items may well unduly penalize other essential design characteristics. Note, however,
that electrical cable and connectors within the vehicle instrumentation system accounts
for over 50% of the instrumentation weight. Consequently, a significant savings in
weight is available by reducing the length of cables to individual measurements. This
reduction may be accomplished by utilizing a telemetry design which permits the data
multiplexing equipment to be distributed at various locations convenient to the
measurement sources.

TELEMETRY SYSTEM DESCRIPTION

The vehicle telemetry subsystem, as referred to here, accepts data signals from the
vehicle measuring subsystem (Ref. 1) and delivers to the vehicle antenna subsystem
(Ref. 2) modulated RF signals of the appropriate power levels. As shown in Figure 1, the
measuring subsystem includes the transducers and signal conditioners needed to derive
and condition voltage analogs of the measured parameters and a remotely controlled
calibration system. The antenna subsystem includes multicouplers, RF power dividers,
“dummy” RF loads and coaxial switches in addition to the antennas. Several RF carriers
are required to provide telemetry capacity needed to handle the quantity and types of
measurements for a typical developmental Saturn stage. Since specific telemetry



techniques have characteristics especially well-suited to particular types of data (Ref. 3),
multiple carriers present the possibility of using different telemetry techniques on the
individual RF links to achieve more efficient transmission capabilities for a wide variety
of data types. The Saturn telemetry design applies PCM/FM, FM/FM, and SS/FM
techniques. Each stage telemetry subsystem generates one PCM/FM link, plus additional
RF links allotted to FM/FM and SS/FM modulation as needed to provide an appropriate
balance of data transmission capability to satisfy the specific data requirements. Each
stage telemetry subsystem consists of a number of assemblies selected from a series of
approximately 20 standard telemetry assembly “building blocks. “ These assembly
“building-blocks” (such as analog multiplexers, digital multiplexers, telemetry oscillator
assemblies, FM-RF assemblies, etc. ) may be arranged in any one of many allowable
combinations to satisfy specific vehicle telemetry requirements. In addition, many of the
assemblies afford optional modular plug-in arrangements and programmable features
which provide a basic telemetry design with an exceptional amount of flexibility.

The data required for stage checkout is provided over special coaxial outputs from each
individual stage. This feature of the Saturn system design has been designated the DDAS
(Digital Data Acquisition System). The stage DDAS function is performed within each
stage by various telemetry assemblies and the measuring subsystem, while the ground
DDAS function is performed by an array of receiving, demultiplexing, and data storage
equipment which provides the checkout computer with rapid access to any measurement.

PCM/DDAS    The PCM/DDAS assembly, shown in block diagram form in Figure 2,
may be appropriately considered the focal point of the stage telemetry subsystem. The
PAM scanner connects each analog multiplexer output to the analog to digital converter
(ADC) input in a programmed sequence which interlaces the PAM wavetrain from the
individual multiplexers sample-by-sample and frame-by-frame to form one of a number
of permissible output formats. The scanner program patch allows the assembly to be
programmed for operation with from one to six of the analog multiplexers described
below. Programs for up to three different multiplexer arrangements may be incorporated
into the scanner patch to allow the addition and deletion of specific multiplexers during a
particular phase of the vehicle mission.

The ADC uses the successive approximation method to encode the analog samples into a
10-bit binary code. A “digitize and hold” process is used rather than the common
“sample and hold” process. Each encode cycle has a duration of approximately 40
microseconds. The encode cycle occurs during the mid-portion of each PAM sample,
thus avoiding switching transients from the analog gates. After encoding, the digital data
is transferred to the digital multiplexing and formating circuits. The encoding operation
is timed by a 350-kHz clock which is independent of other assembly timing signals.



The assembly also contains a digital multiplexing section with inputs for up to 100
discrete (off-on) functions which will be described later. The assembly programming and
timing, in addition to controlling its internal functions, generates synchronizing signals
which are cabled to the external multiplexers.

The PCM/DDAS assembly provides simultaneous outputs in three forms: (1) a serial
NRZ-L PCM wavetrain at 72 kilobits, which is routed to the modulation input of an
FM/RF assembly; (2) a 600-kHz carrier FM-modulated by this serial wavetrain; and (3) a
10-bit parallel PCM output which is used by a digital tape recorder or (through an
interface unit) by the on-board computer. The PCM/DDAS assembly with some details
of its internal construction is pictured in Figure 3.

Analog Multiplexing    The primary assembly for sampling of analog measurements is
represented in block diagram form in Figure 4. This assembly houses gates for sampling
from 27 to 234 high level (0 to 5 volts) data inputs, the exact number dependent upon the
selected arrangement of optional plug-in modules. Essentially, it operates as a 30 x 120
multiplexer with provisions for submultiplexing individual channels to form ten
subchannels, each sampled at 12 samples per second. Twentyseven of the thirty primary
channels are data channels while the remaining three are utilized for amplitude
references and PAM frame identification. Ten-channel submultiplexer modules which
plug into the multiplexer assembly may be used to submultiplex selected primary
channels. When a primary channel is used at the prime sampling rate, a “dummy” card
(or a pre-sampling filter, if needed) is inserted in place of the submultiplexer module.
Two 50-percent duty cycle PAM wavetrains are provided as outputs; one is routed to the
scanner input of the PCM/DDAS assembly, while the second (which is identical to the
first wavetrain except for addition of a pedestal) is used in some cases as an input to a
70-kHz ± 30% subcarrier which is transmitted by one of the FM/FM links. A second
analog multiplexer assembly design contains provisions for locating up to six 10-channel
submultiplexer modules (either high or low level) remotely from the prime multiplexer
assembly.

The sequential time-division multiplexing arrangement described above permits a
flexible exchange between quantity of channels and two sample rates, 120 and 12
samples per second. The total output sample rate is 3600 pulses per second. In a stage
telemetry subsystem, two multiplexers are synchronized with their PAM wavetrains
offset so that the sample on-time of one occurs during the off-time of the other. The
PAM scanner operation of the PCM/DDAS assembly then combines the two wavetrains
into a single 100% duty cycle wavetrain at 7200 samples per second. Two additional
basic system sampling rates can also be generated by the scanner operation. This result is
achieved by sharing the group of PCM time slots corresponding to a given multiplexer
with two additional multiplexers in each sequence of three adjacent frames. This divides
the sample rates of all channels on the three multiplexers by a factor of three giving



40 and 4 samples per second and achieving a corresponding increase of three times the
channel capacity.

Digital Multiplexing    Significant quantities of measurements on a typical space vehicle
measurement list are discrete binary functions and events such as switch closures, lift-
off, cut-off, and valve closures. In addition, some measurements, typically those from
digital transducers, the guidance computer, and the digital command system, originate in
digital form.

These measurements present special design problems quite different from those
presented by analog data inputs. Discrete binary measurements are transmitted most
efficiently by allowing individual functions to control the status of individual bits in the
PCM wavetrain. This requires combining these inputs into groups of ten which are
assigned specific word positions in the PCM format at the required sampling rate.
Individual digital measurements are assigned one or more word positions in the PCM
format as required to accommodate its word length. Special problems which arise in
handling these inputs include the need for time correlation between measurements, or the
requirement that a large quantity of binary or digital functions be “read” at the same
time. These measurements are originated by various subsystems within the vehicle, and it
is necessary that the telemetry inputs readily accommodate differing signal levels and
polarities.

The digital multiplexing section of the PCM/DDAS assembly accommodates ten 10-bit
groups of bi-level data. A specific data group is presented to the assembly as ten parallel
logic inputs with voltage level and polarity selectable for each group. Each 10-bit group
is buffered, stored temporarily in a magnetic core register (MCR), and then inserted into
a selected word position in the PCM format. Both the time at which a specific 10-bit
group of digital data is “written” into the MCR and the word position into which it is
“read” into the output format are selectable by means of a programming arrangement
within the assembly. The “write” command, which temporarily stores a 10-bit group in
an MCR, can be programmed to occur during any word time after the preceding sample
for that specific group is read into the output format. For example, several 10-bit data
groups can be written into their MCR1 s simultaneously and then placed into convenient
word positions in the format. This provides time correlation between the measurements
without restrictions on locating the groups within the data format. Each group may be
sampled at any one of the four basic system sampling rates. With certain restrictions,
super commutation to provide multiples of the basic rates is also permissible.

Each MCR, plus its ten associated buffers and other circuitry, is powered by an
individual supply which is DC-isolated from the remainder of the assembly circuitry.
This feature permits the monitoring of several bi-level sources without interconnecting
their DC commons, as well as providing isolation of each source from the logic voltage



common of the PCM/DDAS assembly which is connected to vehicle measuring voltage
common. Because of the multiplicity of data sources, these DC-isolation features are
essential to prevent the formation of undesirable ground loops within the telemetry and
measuring subsystems.

FM/FM   The telemetry oscillator assembly (TOA) is the assembly building block which
contains the SCO’s and mixer-amplifier(s) required for a single RF link, and one TOA is
used for each link which is allotted to FM/FM transmission. Calibration relays located in
the TOA provide a means of disconnecting the data input and applying a calibration
signal to selected SCO’ s. An illustration of a typical TOA is shown in Figure 6.

Provisions are available in the TOA for modulating up to two high-frequency SCO’s
with the composite output of several low-frequency SCO’s (FM3). The TOA can also
accommodate a 70-kHz ± 30% SCO which transmits the 3600-pps PAM wavetrain (with
pedestal) from an analog multiplexer. This provides an optional method of redundant
transmission for critical measurements assigned to a specific analog multiplexer. When
this wideband SCO is used, channels 16, 17, and 18 must be eliminated.

SS/FM    SS/FM is a relatively new frequency-division-multiplexed telemetry technique
with characteristics especially well-suited to the transmission of vibration and acoustic
measurements (Ref. 4). Essentially, the single sideband modulation process shifts the
data signals to assigned baseband frequency locations. The translated data signals are
then summed and the resulting frequency-multiplexed signal frequency modulates the
RF transmitter. The SS/FM technique provides the highest bandwidth efficiency
presently available for transmission of wideband data where the major interest is power
spectral density and other statistical type analyses.

Each single sideband assembly provides the capability for continuous monitoring of 15
wideband data channels of a bandwidth from 20 Hz to 3 kHz. The channel capacity of an
SS/FM link may be increased by time-sharing up to 75 measurements through use of the
vibration multiplexer assembly. This multiplexer has a dwell time of several seconds per
measurement input, a duration which is appropriate for recording a tape loop for spectral
density and other statistical analyses during data reduction.

FM/RF Assembly    Each telemetry link on the Saturn vehicle utilizes an FM7RF
assembly which contains a VHF/FM transmitter, RF power amplifier, and related
components. The assembly accepts an input from either a PCM/DDAS assembly, single
sideband assembly, or telemetry oscillator assembly, and produces 20 watts of RF power
to the vehicle antenna subsystem. To accommodate the divergent requirements of analog
and digital modulation, the FM/RF assembly contains the interchangeable signal 



conditioning circuitry required for SS/FM, FM/FM, and PCM/FM transmission. A
photograph of an FM/RF assembly is shown in Figure 5.

Airborne Tape Recording    Temporary attenuation and perturbation of RF signal
levels, due to retro-rockets or other causes, are expected during many space vehicle
missions preventing reliable reception of telemetry data during a critical period. For this
reason, it is desirable to record telemetry signals for playback during a period of more
favorable reception.

The Saturn telemetry design utilizes a two-channel, analog tape recorder suitable for the
recording and playback of composite FM/FM SCO signals in a vehicle environment. A
digital recorder is also used in some cases for delayed transmission of PCM data.
Commands for operation of the tape recorder are normally received from the stage
sequencer.

Telemetry Calibration    A telemetry calibrator provides a central source of calibrating
signals for the stage telemetry subsystem. It generates an accurate (±0. 1%) 5-level
reference signal for calibrating the SCO channels of up to six TOA’s and supplies a
28-VDC calibration command voltage to actuate the relays within each TOA which
transfer the SCO inputs to the calibrate bus carrying the reference signal. This calibration
command is also routed to the time-division multiplexers where it serves as the initiate
signal for the multiplexer internal calibrator.

The telemetry calibrator also supplies AC reference signals of two types to the single
sideband assemblies: (1) a variable-frequency signal generated by a sweep-frequency
generator, located in the ground GSE, and fed through the calibrator to a maximum of
three single sideband assemblies; and, (2) a fixed-frequency, 1700-Hz signal generated
by an optional module within the calibrator and routed sequentially to each of the single
sideband assemblies for a period of 1.4 seconds each.

Typical Stage Telemetry Subsystem    The standard telemetry assembly building
blocks form a versatile catalogue of parts from which a telemetry system designer may
assemble a stage telemetry subsystem to meet almost any conceivable monitoring
requirement. To illustrate application of the assemblies, the stage telemetry subsystem
shown in Figure 7 is presented as a typical arrangement for discussion.

A stage telemetry design may utilize any quantity from one to six time-division
multiplexer assemblies to handle sampled-data requirements. Figure 7 illustrates an
application using four time-division multiplexer assemblies. Each time-division
multiplexer receives synchronizing signals from the PCM/DDAS assembly and may be
placed at locations convenient to the data sources to minimize cabling weight. The



remote analog submultiplexer also may be used as appropriate to locate sampling gates
near the data sources. Figure 7 illustrates the use of one remote analog submultiplexer
which could be either a high level or a low level submultiplexer.

Each time-division multiplexer supplies a PAM wavetrain to the PCM/DDAS assembly
where the scanning sequence combines the individual multiplexer outputs into a single
serial wavetrain. The individual samples are then digitized by the ADC and combined
with multiplexed digital data and the appropriate frame synchronization codes to form
the NRZ-L serial PCM wavetrain. This wavetrain FM-modulates a 600-kHz VCO,
producing the output designated “DDAS output to GSE.” The serial NRZ output of the
PCM/DDAS assembly is routed to the FM/RF assembly for inflight monitoring. Discrete
off-on signals and other measurements originating in digital form are routed either
directly to the digital data inputs of the PCM/DDAS assembly or to the remote digital
multiplexers.

Measurements with characteristics appropriate to FM/FM transmission are shown routed
to one of the three telemetry oscillator assemblies. Two time-division multiplexers
supply PAM wavetrains to provide redundant transmission of these measurements over
an FM/FM link. The composite cubcarrier signal from each telemeter oscillator assembly
is applied to the modulation input of an FM/RF assembly.

Wideband measurements with characteristics and requirements suitable for SS/FM
transmission are applied directly to the single sideband ‘assembly or to the vibration
multiplexer.

The telemetry calibrator accepts a 5-VDC reference voltage from the stage measuring
supply and commands from GSE and the stage sequencer. When instructed by command
from these sources, it supplies the appropriate calibration and reference signals to the
other telemetry assemblies.

After engineering design of the vehicle and vehicle subsystems has been verified by data
obtained on the development vehicles, the stage telemetry is reduced to a typical
operational system configuration as shown by the unshaded assemblies in Figure 7.

The number of telemetry links and the types of modulation used on Saturn IB and Saturn
V vehicles are illustrated in Figure 8.

CONCLUSIONS

The Saturn program presented a formidable array of challenging data acquisition
problems and has resulted in several significant contributions to telemetry knowledge
and technology.



The advantages gained in expanding the role of space vehicle telemetry systems to
include real time data acquisition functions have been verified. The Saturn telemetry
design has demonstrated adequate performance in data acquisition for computerized
checkout of both individual stages and integrated vehicles.

Instrumentation systems experience with the Saturn vehicles has shown that the major
instrumentation weight penalty is caused by electrical cabling and connectors within the
vehicle rather than the weight of telemetry multiplexing and modulation equipment. An
attractive design approach for future programs is a coded multiplexing system in which
individual data sources (or groups of data sources) are interrogated by a coded address
from a central assembly over a single cable common to all measurements. The response
from the sources is received in either analog or digital form over a second cable.

Saturn experience has also demonstrated feasibility of utilizing a relatively large number
of standard bandwidth RF carriers for telemetry transmission. This approach, contrasted
to often-proposed extremely wideband carriers, provides improved reliability, less link
intermodulation distortion problems, increased power efficiency, and in many cases more
efficient utilization of RF bandwidth. Another advantage accruing from this approach is
the increased flexibility available by adding or deleting carriers to modify telemetry
capacity.

Most of the assembly building blocks used in Saturn vehicles are manufactured from
standardized, detailed production drawings, allowing competitive procurement in
production lots as needed by the individual stage contractors. Because of the large
amount of telemetry equipment needed for Saturn vehicles, this procurement procedure
has resulted in a significant cost savings for the Saturn programs. Typical assemblies
have recently been purchased in moderately sized production lots at cost less than the
parts cost of earlier production runs.
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Figure 1. Vehicle Instrumentation System.



Figure 2. PCM/DDAS Assembly, Block Diagram.

Figured 3.  PCM/DDAS Assembly.



Figure 4. Analog Time Division MultiPlexer, Block Diagram.

Figure 5.  FM/RF Assembly.



Figure 6.   Telemetry Oscillator Assembly.

Figure 7.  Typical Stage Telemetry Subsystem.



Figure 8. Saturn Telemetry Links.



A USER CONTROLLED TEST DATA COMPUTING SYSTEM
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Summary    Test data systems have not yet fully capitalized on the use of digital
computers for the handling of test and test related data. Advancements in computing
technology will make it possible to improve total efficiency of test information systems
by coupling data sources to data users through remote terminals connected directly to
large timesharing computing systems. The concepts which can be applied to effecting
this coupling are described.

Introduction    Data analysis can be defined as the process of extracting and deriving
performance information from data recorded during a test, data taken in support of a test,
and test article design data. For the past ten years, digital computers have played a
continuously increasing role in the data analysis processes. Today, virtually all test data
reduction and analysis systems rely heavily on digital computers. This paper outlines a
plan for capitalizing further on the power of computers in the reduction and analysis of
telemetry data by integrating the total data handling system on a third generation
computer.

The overriding objective of a test data computing system must be to give the data user
the tools he needs to perform his analysis at minimum cost and in minimum time.
Implicit in this single objective are the following sub-objectives.

• Minimizing the time between test conduct and completion of each data analysis
process.

• Minimizing the use of humans for repetitive routine clerical processes which can be
automated.

• Minimizing time required for the preparation of new data reduction and analysis
computer programs.

• Maximizing flexibility in the order and format of information displays. Limiting the
output of hard copy to that which is actually needed for permanent records.

• Simplifying the interfaces between the data analysts, the data analysis computing
system, and the test data and test support data sources.



The inadequacies of present computing systems have prevented us from fully realizing
these objectives. The use of computers in test data analysis has been limited by the long
lead time required to prepare new computer programs, the time required to assemble
control data for these programs, and by the geographic separation of the data sources, the
computer, and the computer user. Further limitations have been imposed by our failure to
use computers fully for the record-keeping functions associated with test data. Because
of these problems, we often lose sight of the fact that the data computing process actually
consists of a number of queries to the computing system, with human judgment and
manual, clerical, and arithmetic processes applied to the results of each query for the
preparation of the next query.

The various queries for the reduction and analysis of data from a typical missile test-
flight may take the form of the operation of fifteen or more separate but related computer
programs. Largely because of the manual processes required between using each
program, the elapsed time for the operation of all programs may be a week or more. This
is true despite the fact that total computer time used may be only a few hours.
Furthermore, because of the queuing problem associated with each access to the
computer, the data user often requests more data than he actually uses in order to ensure
that what he needs is contained in what he gets.

The advances in computing technology which are coincident with the development of
third generation computers will make it possible to revolutionize the test data computing
processes.

• Cheap, random access storage will make it economical to store in files in computer
memory all of the data related to a test. New file maintenance software will make it
easy to manipulate these files.

• Extremely high instruction speeds on time-sharing computing systems will make it
possible to operate several computer programs simultaneously.

• The development of conversational languages for computer users and the use of
remote terminals will make it possible to couple the man to the computer, directly.

These advances will provide us with the ability to develop test data computing systems
which closely couple the data users, the data sources, and the computer programs used to
process test data. The result of this coupling can be an integrated computing system
which encompasses the total test data handling problem. Future test data handling
systems will have the characteristics summarized below.



Characteristics of Future Test Data Computing Systems

• All data related to the test program will be assembled in mass storage files as it is
originated and control data for the data computing process as will be derived
automatically from these files.

• Data from the various tests being analyzed will be transferred to mass random access
storage where it will reside until all analyses are complete.

• Data analysis will take place at user consoles, with the user conversing with the
computing system; asking for volatile displays of raw or calculated variables;
passing judgments on the results; asking for further displays; and finally making
hard-copy of that data to be included in his final reports.

• Most requests for data analysis computations will be relatively short. The volume of
printed and plotted hard-copy will be small.

• Computer programmers will be out of the data analysis loop; their role will be to
prepare and maintain a system which makes the above characteristics possible.

Requirements of Future Test Data Computing Systems

Most of the requirements for a system with the above characteristics have been defined
by Boeing and many of them have been implemented on the Sperry Rand Univac 1108
computer on a pilot Test Data Analysis Computing system called TEDAC.

The current version of TEDAC is an experimental, but useful system. It is coded almost
entirely in FORTRAN IV, and consists of the following system programs:

• Input/Output program which retrieves data from data tapes, prepared in TEDAC
format, or writes TEDAC output on tapes, also in TEDAC format.

• Input/Output Handler which issues operator instructions for mounting and
dismounting tapes and opens and closes files for the Input/Output program.

• Print program which produces time-history lists of TEDAC output. Plot program
which uses a generalized plotting system to produce time-history plots of TEDAC
output.

• Program Generator which analyzes requests for data, stated in English, and generates
a FORTRAN program which, when compiled and executed, will process data as
directed by the request.

• Monitor which provides control between computer runs and between TEDAC and
TEDAC-related programs (such as raw data editing, the process of assessing data
quality and converting the data to TEDAC format).

The above system of programs is augmented by files which are manually prepared and
maintained on a computer tape. The files contain the support data and the computer
programs (procedures) which have been developed.



TEDAC concepts can be summarized as follows:

• Any variable which an engineer needs to compute and display can be defined in
terms of the source data (test data and constants and tables) and the arithmetic and
data handling operations that need to be performed on the source data in order to
display the data.

• The rules for defining variables can be simple, straight-forward, and easily learned,
variables can therefore be defined by people with a knowledge of the problem, as
opposed to those with knowledge of computers.

• Definitions of all variables, their input data, and the computer programs required to
compute the variables can reside in computer memory at processing time.

• The computer can be instructed to build and execute a computer program,
automatically, in response to a request for any variable which has been defined.

Figure 1, Test Data Analysis Tree, will help illustrate the above concepts. In the figure,
A, B, C, and D represent raw telemetry data converted to computer input format and
present on one or more data files; A’, B’, C’, and D’ represent the results of scaling and
calibrating these raw data values by applying a transfer function using a suitable
arithmetic process; and ", $, and ( represent variables which are the results of various
calculations on the scaled and calibrated variables.

In using TEDAC, each variable on the figure is defined in terms of the test data, the
arithmetic to be performed, and the constants and tables to be used. These definitions are
placed in computer files along with the arithmetic programs, the test data and the
required constants and tables. At processing time, the user can ask for any or all of the
variables which he has defined and the program generator builds a program to satisfy his
request. Notice that if the analyst is interested in y only, he asks for y only. Implicit in his
request for y is the requirement for computing, but not displaying, all of the other
variables shown on the tree.

In building a TEDAC program, the program generator looks up the definition of each
variable requested and each subordinate variable, much like searching the tree-like
structure of Figure I. The generator extracts and organizes the constants and tables, and
input/output, arithmetic, and display procedures required. It then computes storage for,
and controls to, the procedures, and builds a computer program tailored to the data
request. Requests are stated in English, and are in the following forms:

LIST A, B, C, (10., 20.); PLOT ALPHA, GAMMA, (5., 25.1);
SAVE A’, B’ C’ (3-1, 4.5, 7., 8.)

in which each pair of numbers in brackets are the initial and final test times of intervals
over which the data are to be processed.



Because each program is built from prefiled information, an important element of
TEDAC Is a file maintenance system. Though file maintenance is currently almost
entirely a manual operation it can be nearly completely automated on a time-sharing
computing system. The files provide storage for the following information.

• Constants and Tables (CONTAB File) which include instrumentation configurations,
instrumentation calibrations, and other constants and tables required in test data
reduction and analysis. Constants and tables may originate in many sources. When
TEDAC is fully implemented they may be stored in computer memory by the
originating organizations as they are originated.

• Procedures (PROC File) which include all of the software modules, called
procedures, which have been prepared for retrieving data from input files, storing
data on output files, listing or plotting data, and performing arithmetic. In a given
data reduction and analysis computer program the same procedure may be used many
times. New procedures are developed by computer programmers as new
requirements become known. The rules for preparing procedures are standardized
making them freely interchangeable. Standardization makes them easy to program,
once the standards are learned. Each procedure can be checked out independent of
the rest of TEDAC.

• Procedure Descriptions (PRODES File) which include two forms of procedure
descriptions: one, for the data analyst, which describes, in narrative or arithmetic
formula form, each of the computation procedures which have been prepared for the
analysts use; a second, for program generator use, which describes how to compute
and assign internal storage for each procedure required to satisfy an analysts request.
When a programmer prepares a procedure he also prepares the procedure
descriptions.

• Variable Definitions (VARDEF File) which include all of the information required
for retrieving, computing, displaying, or filing for future reference, each of the
variables, whether raw or computed, which has been defined as a requirement for the
analysis of data to be collected during the test. Variable definitions are currently
being prepared by programmers. Eventually we expect them to be prepared by the
data analysts. The form and content of variable definitions are similar to that of the
instrumentation configuration reports,Figure 1; variable definitions will be described
more fully later.

• Active files (ACTFIL File) which contain the identification and description of all of
the test data files which are currently required for the tests being analyzed. Active
files are currently updated manually just before process time. Eventually, the
ACTFIL file will be maintained automatically as files are created by the various data
sources.

In order to illustrate how TEDAC files can be developed and applied to an actual test
program, let us examine in detail the more significant contents of these files for a purely



hypothetical test case. For this sample case, only four measurements are required: an
outside air temperature, a cabin temperature, an outside air pressure, and a cabin air
pressure. In addition, there are a high and a low reference channel and a time channel.
The measurements are recorded on an 8 bit PCM system with both a basic and a
subcommutator.

For this instrumentation system, instrumentation engineering has published a report
similar to the one shown in Figure 2. The major difference between this figure and a
typical instrumentation configuration report is in the number of measurements rather
than in the form or content. Each measurement has been assigned a name, description,
range, units, accuracy, transducer, and basic or subcommutator channel. One can see that
the information in this table is essential to the computer processing of test data. For
example: from the basic and subcommutator channel assignments, one can derive the
order in which the measurements would occur on the input tape; from the transducer
number, one can determine which calibration tables to apply to each measurement; from
the range and accuracy specified, one can determine appropriate annotation and scaling
for displaying results.

To use TEDAC for processing data from this sample instrumentation system one has on
file the procedure descriptions and the procedures for retrieving data from the input tape,
saving data on an output tape, listing and plotting data, and scaling and calibrating and
performing other standard arithmetic calculations. The CONTAB file contains the
transducer calibrations and any other constants and tables which are expected to be
required, and the ACTFIL names and describes the input file. In addition, variable
definitions have been prepared for at least the input variables and the results of scaling
and calibrating them.

Figure 3 illustrates the form of the CONTAB and the VARDEF files with which the
analyst in this case is most concerned. Notice that the transducer calibrations in the
CONTAB file can be easily related to the transducer number listed on the
instrumentation configuration report; and that the variable definitions in the VARDEF
file have information similar to that contained in or implied by that same report. To
illustrate. for input variables, TYP (integer or floating point); BITS (number of binary
digits per data word); RES(resolution); UNT (units); and FIL (file on which found) are
normally all the same for a given test and a given instrumentation system. The SPF
(samples per frame), the single item not implied by the instrumentation system, can be
derived f rom the sampling rate.

For scaled and calibrated variables, the Range (RAN) and Units (UNT) are identical to
those listed on the configuration report, and Resolution (RES) can be derived from range
and accuracy. However, for these and other computed variables, we do not specify a file
on which found (unless they are in fact, on a file). Instead we tell how to compute them.



This is the reason for the statement which begins with “CAL” in each variable definition
for computed variables. The sense of the statement, CAL/IF (A-OAT) SCALEC (TIME,
OUTSIDE-TEMP, A-OAT, REF-LOW, REF-HIGH, XDCR-1 (2.4)) is this: compute
outside temperature when the raw data variable, A-OAT, changes its value; use the
arithmetic procedure called SCALEC, found in the procedures file; inputs to the
procedure are TIME, A-OAT, the HIGH and LOW references, and calibrations for
XDCR-1; call the result OUTSIDE-TEMP and disregard it unless it differs from the last
value calculated by at least 2.4 degrees (2 percent of the range specified on the
configuration report, Figure 1.)

Now let us suppose that the analyst for this test decides that he wants to compute not
only the results of scaling and calibrating, but also the difference between outside
temperature and cabin temperature. Since the files already contain procedures for the
common arithmetic processes, they will probably contain one which will satisfy the
requirement. The analyst examines the files and finds a procedure called SBTRCT which
will do the job. He can now define a new variable, called DIFF-TEMP as follows: DIFF-
TEMP, RAN/(-45., 85.), RES/.1, UNT/DEG-F, CAL/IF(OUTSIDE-TEMP)
SBTRCT(TIME, DIFF-TEMP, CABIN-TEMP, OUTSIDE-TEMP, (2.6)). When he
updates the VARDEF file with this variable definition he will have the ability to request
and have computed this newly defined variable.

I have just illustrated how three levels of variables, raw, scaled and calibrated, and
performing arithmetic on the results of scaling and calibrating, are defined for TEDAC;
each variable in terms of either an input file, or in terms of other variables, constants and
tables, and arithmetic procedures. It is obvious that for large test programs with complex
instrumentation systems the f1les would be much more complicated. The calculations are
normally more complex, there are more levels of calculations, and there are many more
calculations at each level. However, the structure of the system remains the same, and we
have found the techniques just described to be practical even though not yet fully
automated.

The ability to provide complete flexibility in the order and format of displays, to use the
same arithmetic procedures for many functions, and to give almost immediate response
to new analysis requirements have proven extremely valuable. Our studies and
experience indicate that using TEDAC in its present stage of development can reduce
programming costs by a factor of as much as 10 to 1, can shorten time between test
conduct and completion of the analysis process from weeks to days and most important,
can give the data analyst more nearly exactly what he needs to perform his analysis.



Proposal for a User Controlled System

One way in which a system which meets the previously stated objectives for test data
computing can be developed is to adapt the TEDAC principles which I have just
described to third generation computers, supplementing these principles with the file
maintenance techniques which are being applied to management information systems.
The remainder of this paper proposes such a system.

In the proposed system, a master file forms the data base for all support data, all
programs, all processed data retained, and all data in process. The originating
organization is the controller of all data in the master file data base originating in that
organization; no other organization can alter portions of the data base for which another
organization was responsible. An organization using data, which it does not originate, is
required to transfer data from the base file before he alters it; base file remains unaltered.
Changes to data base generate a log of transactions and affected organizations are
notified of the changes, automatically. All data sources certify periodically that source
data shared with other organizations are up to date. Certification notification is
transmitted to affected organizations automatically.

The system provides for data storage and file ordering. A user need not know where data
he accesses are stored. Each user has the ability to create a report in any desired format
from any data file In the data base.

Data is assembled in the data base as it becomes available so that the system is
completely “educated” at processing time. Data analysts, using a TEDAC-like language,
perform their analyses on-line to the computer. Data analysts have the ability to save data
in any form, raw, intermediate, or final, and have options of volatile, micro-film, or 8 1/2
X 11 or strip chart hard-copy. Analysts are also able to define new variables to be
computed, to generate new programs, and to modify old programs. The computing
system leaves a trail of all data analysis calculations, and all program modifications. This
trail is prepared by the software system automatically.

Implementing the system requires the cooperation of all organizations which are either
sources or users of test or test related data. Each organization has access to the portions
of the data base which it requires through a remote terminal connected to a large central
computer. Terminals are equipped with all or some subset of the following: volatile
display cathode ray tubes, with hard-copy cameras, light pens, and function keys; line
printers; high speed plotters, card reader/punches; paper tape reader/punches; magnetic
tape units; and data acquisition and conversion equipment. Each terminal is designed to
meet the needs of the using organization. The high-speed and time-sharing feature of the
computer makes it appear to each terminal as if it were in complete control of the
computer processing.



A single organization such as system engineering serves as a focal point for coordinating
the implementation of the proposed computing system. In this capacity they provide
liaison service between the various test data organizations, assuring that the requirements
of each organization are satisfied, that the various parts of the system are compatible
with one another, and that implementation schedules are met. In addition, the focal point
organization is responsible for initiating and maintaining the master measurements list as
described below.

Very early in the development of a product, requirements for a test program become
evident; and, as each new test requirement becomes known, the requi rements for the
sum-total of all measurements to be made in the test program become available. Through
negotiation and arbitration between system engineering, and test engineering,
instrumentation, and other engineering organizations, an alpha-numeric naming system
for the test measurements is agreed to and a master measurements list begins to take
form. These lists are usually very similar to the instrumentation configuration report
shown in Figure 2, except that they include all measurements for all tests and are
prepared before transducer and channel assignments are made. In present data systems,
the master measurements lists are often kept on IBM cards. In the proposed computing
system they are kept in the data base where they are available to other organizations and
can be updated as the need arises through the use of remote consoles.

The planning and scheduling each test goes on concurrently with the development of the
master measurements list. In the proposed system one of the uses which test planners
make of the remote console is the maintenance of the instrumentation requirements list
for each test. These lists are a subset of, and can be derived from, the master
measurements lists as the objectives of each test become known. Their derivation is
effected by extracting data from the master measurements list residing in the data base.

Test planners would also find other uses for the computer such as maintaining test
scheduling and test status reports.

In the proposed system the design, installation, and checkout of an instrumentation
system which meets the requirements of the test program and also served by the central
computer. The master measurements list and instrumentation requirements lists for each
test contain the basic requirements for all of the instrumentation engineer’s design and
installation tasks. Use of remote consoles makes the up-to-date information about
instrumentation design and installation requirements, kept in the data base, available to
instrumentation engineers at all times.

Other instrumentation functions which are served by the computer are the rapid
assessment of the quality of transducer calibrations, the computation of final transfer
function curves, and the updating of the constants and tables file with this information.



The maintenance of transducer and other instrumentation component inventories, and the
derivation of final instrumentation configuration reports for each system instrumented is
also possible. As previously noted, these final instrumentation configuration reports and
the associated instrumentation calibration data are essential to the test data computing
processes. They are used by data analysts in making variable definitions for the
VARDEF file.

The primary purpose of the test data system is to provide information for test data
analysts. These analysts embrace virtually all technical disciplines required in product
development, including: structures, propulsion, flight, biomedical, etc. Each technical
discipline is interested in some subset of the total number of measurements taken during
a test. Traditionally each specifies one or more computer programs to satisfy its unique
requirements for analysis data. These programs are often designed independently of the
total system. It is not unusual to see computer output manually transcribed to keypunch
forms, keypunched, and then submitted to the computer for operation of one of these
analysis programs. In the proposed system these manual transcriptions are unnecessary,
since it is possible for each of these groups to build its own programs almost
automatically.

Each technical discipline can maintain its own files of variable definitions and constants
and tables. (Procedures and procedure descriptions are shared by all of the technical
disciplines, since they are normally used for computing many different output variables.)
When an arithmetic procedure is not available in the procedures file in the data base, the
using organization specifies that a new procedure be written, checked out and placed in
that file. These specifications are entered into a special file of procedures to be written
where they are available to programmers assigned to test data computing.

As soon as new procedures are checked out they become part of the data base. They are
then available for general use in test data reduction and analysis. Each technical
discipline can define new variables in terms of any arithmetic procedure in the data base.

When a test is complete and test data have been formatted for computer entry and placed
in computer auxiliary storage, each analyst can begin his analysis process. He can sit at
his console and ask for any variable whose definition is in the VARDEF file available to
him. Since he can examine only a small portion of data at a time, most of his requests are
for relatively few variables over very short test-time intervals. Though many programs
are generated and executed, each is small when compared to the kind of programs we
operate today. Small programs, the ready accessability of source data on drums or discs,
rather than on tape, and the extremely high instruction speeds of modern computers
makes it possible for the computer to respond to each request in a matter of seconds.



Most of the data the analyst looks at need not be published. Some of it might be saved in
display format for future reference; some of it might be discarded. The use of volatile
displays with hard-copy cameras, controlled by function keys, and the availability of
mass storage give the analyst the option to publish, save in display format, or discard as
required.

Experience in test data reduction computer programming has shown that data analysts
almost never anticipate in advance all of the features which they ultimately want the
programs they specify to have. Consequently computer programs are undergoing
continual change. With the system this paper proposes changes are made by the analyst
on the spot, most of them by simply defining new variables in terms of existing
arithmetic procedures. In short, data analysts using the proposed system can be afforded
complete freedom and control of the computer in performing analysis calculations. The
computer becomes as convenient to use as the slide rule now kept in the analysts desk.

In the proposed test data computing system, data acquisition and conversion laboratories
are also coupled directly to the central facility. The laboratories still serve their
traditional roles of providing quick look data, converting data to computer format,
monitoring tests in progress, and recording data from tests in progress.

However, coupling of these laboratories to the computer provides several advantages:
direct access to instrumentation configuration data simplifies laboratory set-up for
decommutation for quick look. Access to calibration data increases ability to monitor the
laboratory processes and provides information required to annotate or prepare overlays
for quick look strip charts or cathode ray tube displays. The ability to transmit computer
formatted data directly to computer memory shortens flow time between test data
acquisition and computer processing.

Though the subject is beyond the scope of this paper, eventually both data acquisition
and conversion laboratories can be integrated with the central Computing facility to the
extent that much of the manual work of laboratory set-up is automated and under direct
control of the computer as directed by data analysts from remote consoles.

Conclusion

The present TEDAC system goes a long way toward achieving the objectives of test data
analysis computing, but additional research and development needs to be directed toward
the following:

• Improving and generalizing techniques of assessing data quality and retrieving data
from the multiplicity of test data formats currently generated by test instrumentation
systems.



• Improving methods of smoothing and time correlating input data.
• Improving techniques for dynamic data analyses, such as power spectral density.
• Improving file maintenance systems for indexing, storage and retrieval of all. forms

of test and test related data. Improving display techniques.
• Developiig and implementing more techniques for data compression and data

summary.
• Implementing a TEDAC-like computing system on a third generation computer

which incorporate results of the above.

Once these have been accomplished, the programmer’s role will be to maintain the
computing systems, convert them to succeeding generations of computers, and to modify
them as required to meet the needs of new telemetry methods. Eventually test data
reduction proqrammers can receive the bulk of their programming instructions frorn the
computer itself. These instruct i ons can be initiated by the test data analysts and will,
take the form of specifications for new arithmetic procedures. As the Drocedures library
becomes completed, this role will diminish. The tes t data computing system can then be
operated almost wholly by the engineers involved in the test program, with programmers
serving only as technical consultants.

The concepts which I have described in this paper are consistent with todays trends in
computing. I believe that they can be economically justified for large test programs with
complex instrumentation systems. They can be implemented on third generation
computers by capitalizing on the work that has been done in the development of TEDAC
and work which is being done on file maintenance systems for management information.
Once implemented they will be useful for both large arid small test programs which have
access to large-scale modern computers. To implement such systems requires close
cooperation between instrumentation engineers and the organizations they serve, but
once implemented the instrumentation engineers ta5k will be simplified and the
instrumentation systems he develops will be more useful.



Figure 1 - Test Data Analysis Tree for TEDAC

Figure 2 - Sample Instrumentation Configuration Report For
A Hypothetical Instrumentation System



Figure 3 - Typical Constants and Tables and Variable Definitions for TEDAC



COMPUTER CONTROLLED TELEMETRY STATION

O. J. STROCK
Director of Systems Engineering

Defense Electronics, Inc.

Summary    A telemetry ground station under complete operational control of a general-
purpose digital computer is described. The six subsystems which comprise the station are
examined in some detail to show the method of control and the flexibility and speed of
operation. A specific application is described and other potential applications are
explored.

Introduction    In aerospace telemetry ten years ago, the manually controlled ground
station was the only method of receiving and processing telemetry data. The manual
station was satisfactory then because the quantity of data was not too severe, but in the
past few years more and more data is collected on every missile or space program.
Although the complexity of the ground equipment has not changed, the size of the
ground station and the usage have increased tremendously. For example, the complexity
of the average FM subcarrier discriminator in a telemetry station is about the same as it
was ten years ago; the complexity of a PAM/PDM Decommatator is about the same; yet
much more data is processed through many more discriminators and decommutators
today than a few years ago. A few years ago (without automation) the average ground
station included a large number of patch boards and manual control switches. Set-up and
change-over to accommodate different programs or to recover different measurement
channels took a large part of the day’s time--which was a problem in off-line stations and
was completely impractical in real-time stations where the entire test was only ten
seconds or less.

First Attempts at Automation    The first attempts at automation of telemetry stations
were in items that we take for granted in 1966. It is hard to realize that the Lark missile
PAM telemetry data was scaled 18 years ago by using a ruler and a chart recording of the
PAM wavetrain. A ten second flight recording took two weeks to interpret. This explains
why the PAM decommutator of today is called an “automatic” decommutator.

The first cases where stations were automated by computer control involved the use of
crossbar switches to route information between black boxes at will. For example,
information from a given discriminator could be routed to a certain channel on a chart
recorder or to a certain meter for display, and could be switched back and forth rapidly



and accurately by computer. Information from a receiver could be routed to
discriminators or to a PCM decommatator. This automation through use of crossbar
switching gave the ability to process possibly 25% more data in a day than had been
possible with completely manual stations, and also cut down on the need for repeat runs
due to human errors in station setup (assuming of course that the computer is properly
programmed).

Later Attempts    Still later, a development in the PCM telemetry field made possible
the further automation of ground stations by use of the stored program decommutator.
The stored program in core memory included all of the routing instructions which
formerly had been placed on patch boards and switch panels, and in so doing created
what essentially was a data processor with an automated patch board for processing
digital or PCM telemetry information. The stored program decommutator gave the
operator the opportunity to process several times more useful data in a day than had been
possible with a manually-controlled PCM station. This degree of automation, however,
was limited to PCM because there were no available black boxes to store and implement
a program to operate Receiver, FM discriminator, PAM/PDM Decommutator, Single
Sideband FM, or Simulator Subsystems.

The Saturn Problem--and Solution    The need for automation on the complex Saturn
missile has become significant in the past few years because no operator is fast enough
to operate the controls and switches for processing such a large quantity of telemetry
data. On the static launch a test lasts only a few seconds, and yet during these few
seconds of data collecting there is a need to collect all possible data and even a need to
make certain processing decisions while the test is in progress. Naturally, a Saturn
telemetry station for static launch tests must be automated as much as possible in order to
make necessary decisions and to collect all possible data. The Saturn program,
incidentally, has one of the most difficult telemetry formats to process--it includes PCM,
PAM, PDM, FM and Single Sideband FM data on several RF carriers. This automated
telemetry station will solve most of these automation problems on the Saturn program.

It should be recognized that the primary purpose of this station is to switch modes of
operation as fast as possible. Simultaneously, the computer will complete the automation
process by inturn commanding certain functions within the missile, and the telemetry in
turn will look at the functions which are affected to see if they have responded properly.
The station will accomplish this purpose, to the extent that all of the operations which
would normally be performed by an operator during a test run are performed by a
computer, and several times as much useful and significant data can be processed in a
given time as with a manual station. The computer in this particular case is an SDS
Model 930, and all of the telemetry equipment with the exception of a PAM/PDM
Decommutator and FM calibrator is manufactured by Defense Electronics, Inc. for this
station.



In the Saturn computer-controlled station, after pre-operational manual adjustment the
computer talks to each of six subsystems in the station and sets up internal functions
within black boxes in each subsystem by means of 24-bit control words and strobe lines.
The black boxes used in the station are not of special electrical design--they are special
only to the extent that the designs have been modified to add internal control functions
and remove front panel knobs and controls. By making them special in this manner only,
they take advantage of all the development that has taken place to date in telemetry and
yet have the added advantage of being computer-controlled.

A Typical Subsystem    One subsystem of the automated station contains the Single
Sideband FM subcarrier equipment as shown in Figure 1. The heart of this equipment is
a standard demultiplexer of a type developed previously for NASA. This standard design
is modified to add control functions, and by means of these the computer is able to select
any one of the subcarriers or either of two special channels, bring it to a digitizer, select
the peak or the average voltage to be digitized, and select digitized voltage or subcarrier
frequency as a data output.

Solid state switches have been used rather than relays to perform the switching because
of the need for fast switching time. The design goal on this station is a 50 microsecond
switching time for all functions, with the computer tied up in servicing for two
microseconds or less for each revision of the station function.

Other Subsystems    The other subsystems in this automated telemetry station are a
Receiver Subsystem which includes seven VHF receivers and one UHF receiver, a
PAM/PDM Subsystem, a Discriminator Subsystem with 35 phase lock discriminators, a
5-Point Calibrator for the Discriminator Subsystem, and (possibly the least unique of all)
a PCM Decommutator which is essentially a conventional stored-program
decommutator.

In the Receiver Subsystem, Figure 3, RF data is received on the VHF antenna and the
UHF antenna. VHF carriers in the 216-260 mcs spectrum are multicoupled to the seven
VHF receivers in the station, while the UHF antenna (2200-2300 mcs) is directly
connected to the UHF receiver. In each receiver the computer has the option of tuning
the frequency to any of sixteen pre-selected points within the spectrum, and controlling
the IF bandpass to either of four pre-selected widths (200, 300, 500, or 750 kcs), and
controlling the video roll-off response to either of three preselected characteristics (100,
200, or 300 kc knee). In addition, the computer can route data directly through the
receiver in a conventional manner to provide a predetection output and a video output
from the received carrier. It also has the option of substituting the playback of a
predetection tape or the hard wired signal from an outboard telemetry system (600 kc
carrier) for demodulation instead of the radiated carrier. Receiver outputs from the
selected source are patched prior to the operation such that the station is connected to a



predetection tape recorder and all video outputs are connected to a central control
crossbar (a separate subsystem).

In the PAM/PDM Subsystem, Figure 4, the station inputs are on three separate lines,
each containing a PAM or PDM signal at a rate between one sample per second and
30,000 samples per second. The three inputs are wired to three independent signal
conditioners for conditioning and correction of zero and fall scale drift. The output of
each conditioner is digitized and fed through a digital data multiplexer, the outputs of
which are sequenced at a rate of up to 90 kcs for the data computer. The computer has
the option of selecting for the system whether operation is on PAM or PDM. It can also
select the polarity of the input and can choose the nominal sampling rate which the
system will accept. Sequencing of the outputs with relation to the inputs is under
computer control, so that channels 1-2-3, 3-2-1, or any other logical sequence can be
output from the buffer. The location of the zero and full-scale calibrate channels within
each frame are under computer control, as is the frame length (up to 256 channels) and
the major frame length (up to 256 channels). All of the other functions of the station are
similar to those of manually controlled PAM/PDM Subsystems, and the station output
includes not only the sequenced data but also identification and synchronization pulses
to notify the data computer of the quality of the signal.

In the computer controlled Discriminator Subsystem, Figure 5, 35 data discriminators are
included. Four input lines are brought to the station, each containing a multiplex of
FM/FM or FM/FM/FM data. In one mode of operation the inputs are brought directly to
the discriminators, and while in the other mode they are brought through delay lines to
the data discriminators while the multiplex is carried through a reference discriminator
with computer channel selection (25, 50, 100, 120, or 200 kcs) for tape speed error
compensation. The computer has the option of selecting which of two modes (real time
or tape playback) will be used with the subsystem at any given time, and can select
which input multiplex is routed through a given delay line. Having selected the input
characteristics, the computer can then determine which ones of the 35 discriminators are
connected to inputs 1, 2, 3, and 4. For the higher channel discriminators, operation is
either in narrow band or wide band configuration (for example, the 22 kc channel can be
selected as ± 7.5% or ± 15% operation). This is under computer control. In one special
case for the Saturn program, the 70 kc channel can be operated at ± 7 1/2%, ± 15%, or
± 30% deviation under computer control. As a back-up to normal station operation, a
bandswitching discriminator is provided which the computer can set to any of the
numbered IRIG channels 1 through 18. A timing chaxmel is provided, independent of
computer control.

The computer controlled 5-Point Calibrator Subsystem, Figure 6, uses a conventional
crystal-controlled calibrator as a source of five switchable reference frequencies per
subcarrier. The calibrator output can be routed to form either of four groups of composite



signals for data simulation. These modes are shown by the block diagram, and simulate
various multiplexes which are generated in the Saturn vehicle. For FM/FM/FM
operation, separate voltage controlled oscillators are provided in the calibrator
subsystem, and the routing of certain channels to these voltage controlled oscillators is
predetermined by the operator. An analog multiplexer and buffer condition the signal for
output to the Discriminator Subsystem.

The PCM Subsystem, Figure 7, accepts a serial PCM wavetrain in the range of one bit
per second to one megabit per second. The signal is conditioned and a bit clock is
established in the conventional manner for entry into the main shift register. Words are
timed and converted to parallel for data output by the subsystem. The computer has the
option of nominal bit rate selection and input code form choice (RZ, NRZS, NRZM, or
Bi-Phase). In the timing section of the subsystem, the computer can select the word
length (8-12), the length of the frame (1 to 128 words), and of the subframe (l to 64
frames) and the length (up to 64 bits) and bit-by-bit construction of the frame
synchronization word and master frame synchronization word. In addition, the subsystem
has the capability of storing up to 100 discrete bits for external use. The computer selects
the words from which these bits are derived. In addition to these capabilities, the station
provides, with the output data, a frame synchronization pulse, a master frame
synchronization pulse, and a word pulse. The serial input data is also conditioned and fed
out by the system.

Figure 2 shows a control unit which ties the computer to a typical subsystem in this
station, and Figure 3 through 7 show the other five subsystems. On each of these
subsystem functional block diagrams, the designation “Control” refers to the parameters
which the computer can change without operator intervention.

The Control Word    In each of the subsystems the computer word is the complete boss
of the subsystem. In some cases only one word is used for controlling the entire
subsystem, and in other cases as many as ten words are required to set up and control all
of the functions. In the Receiver Subsystem for example, one-half of a computer word
controls each receiver. This word is used as follows:

4 bits address the receiver (to distinguish it from the others in the station);
4 bits select one of 16 VHF (or UHF) channels;
2 bits select one of four IF bandpasses;
2 bits select one of three video roll-off characteristics;
1 bit selects real-time operation of the demodulator, or operation from an external 600 kc

carrier; and
1 bit selects which of two sources will supply the external 600 kc (one source is a

Predetection tape playback; the other is a communications line from the test stand).



Computer Programing    The programming of the computer to operate this station is
quite simple. The instructions furnished with the stations tell the operator what word
configuration in memory is required for each operational mode on the station. When the
time comes in the program to change a mode of operation, the computer gates this new
word from memory into the proper register in the telemetry station and strobes the station
for the transfer. When any of the operating functions of the station are to be changed, the
computer changes the word in memory or goes to another memory location for the new
operating mode, gates this word into the telemetry control register, and strobes the
register to put the information into the operating subsystem.

Station Limitations    The Saturn station operators must perform pre-operational
checkout, and make certain adjustments prior to each operation. Self-checking work
must be performed manually, since the automation does not include the provision for
diagnosing faults which may occur. Even so, this station advances the state-of-the-art in
telemetry ground stations and has gone one step further toward bringing the telemetry
ground station and the computer into the same cabinet for telemetry processing.

The Future    What is the future of automated ground stations? We cannot predict today
that there will be complete automation of ground station set-up and checkout in the
foreseeable future. Possibly there will be-few of us would have predicted ten years ago
that such a station as this would be possible in 1966. Three of the things that must be
done to complete the automation are:

1. The loop must be closed between data output and station control. The computer will
then be able to make decisions based on data which comes through the ground
station. For example, the computer can recognize poor signal-to-noise ratios and
reduce the receiver bandwidth as necessary to overcome the result of these poor
signals. As the signal-to-noise ratio improves, the computer can increase the
receiver bandwidth and therefore increase the spectrum of the signal.

2. The computer must do more station self-checking than is possible under present
conditions. It should simulate data inputs to all of the subsystems, analyze the
station outputs based on those inputs, and determine what problems exist, where the
problems occur, and what must be done to fix them.

3. In the use of adaptive telemetry, a ground station must respond to adaptive
switching in the missile or spacecraft. When a spacecraft telemetry changes its mode
of operation to collect more data for reentry, or rendezvous with another spacecraft,
or other reason, the ground station must automatically recognize this adaption
without any help from the ground-based operator and adapt itself for the new
conditions. This is the prime purpose of adaptive telemetry and one of the future
uses of the automated telemetry ground stations.



Conclusion    The reader will expand the Saturn application and these three additional
possibilities to include many more uses of automated telemetry equipment, and will see
the need for--first, the automated telemetry ground station of today--and second, for the
future of automated telemetry ground stations during the next five to ten years. He can
also expand the applications to military, space, or industrial systems not even associated
with a computer, where a land line transmits controls to a remote operation, or where a
station is programmed by a paper tape reader or magnetic tape playback. A new field in
telemetry is opened by the automated ground station.
 









WHITE SANDS MISSILE RANGE MODERNIZATION
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INTRODUCTION

The White Sands Missile Range (WSMR), as the only overland National Missile Range,
has established an extensive instrumentation capability. This capability must be updated,
improved, and expanded to keep up with progress in missile and weapon technology.
WSMR has an aggressive modernization program based on sound system planning. It is
this program for the 1966 to 1970 period with emphasis on telemetry modernization that
is discussed in this paper.

RANGE WORKLOAD

A look at the type of Range workload would be helpful at this point. Over 2,600 hot
firings and as many as 4,000 test operations are supported by the Range in a year. These
firings and tests are sponsored by the Army, Navy, Air Force, NASA, other U. S.
government agencies, and, in some instances, foreign governments. To accomplish the
heavy workload, there are two or more hot firings or test operations in progress
approximately 75 per cent of the time during a working day. A wide variety of objects,
such as missiles (one inch to six feet in diameter and one foot to sixty feet in length),
aircraft, balloons, bombs, parachutes, and spheres are employed in tests. A single hot
firing may present up to seven targets (boosters, payload, and aircraft) for
instrumentation. Land over which tests are conducted includes the 40-by-100-mile area
within WSMR boundaries, a 40-by-40-mile Northern Extension, and adjacent flight
corridors, such as those from Blanding and Green River, Utah, to WSMR. Data
coverage, in terms of space volume, is about five million cubic miles. Length of flights
varies from a few hundred feet up to five hundred miles. Approximately seven hundred
instrumentation sites provide data coverage. For some of the firings, selected trajectory
and telemetry data are processed through the computer in real time for controlling test
vehicles and for flight safety monitoring. Data collected with the instrumentation
represent a considerable workload for data reduction. Approximately ten million data
units were processed in the past year. (A data unit is equivalent to the amount of work
required to reduce one point in space from Askania cinetheodolite raw data. ) Another
indication of the workload is that over one million feet of black-and-white and color film



are processed each month. The complexity, variety, coverage, and large quantity of
Range tests provide many challenging problems to be solved with instrumentation.

SYSTEMS ENGINEERING APPROACH

Like all missile ranges, WSMR grew by adding new instrumentation for each new
project. Today, 135 projects are active at WSMR, and a project oriented growth is no
longer practical. New growth and modernization of the Range is now based on a system
engineering approach, and the instrumentation is more of a “general purpose” type. With
the system engineering approach, as applied by WSMR, future requirements for Range
testing are analyzed to estimate the type of work the Range should be doing in the future.
Then, concepts and a unified system design are developed and implemented, based on
the requirements analysis. The Advanced Range Testing, Reporting and Control
(ARTRAC), started in 1958, represents the major system engineering task at WSMR and
will be discussed in the following paragraphs.

INSTRUMENTATION MODERNIZATION PROGRAM

All types of range instrumentation and test support functions are considered in the
modernization program. Major elements of the program are discussed under ARTRAC,
Telemetry, and Sensors (electronic and optical).

Advanced Range Testing, Reporting and Control (ARTRAC)

In the present configuration, most of the instrumentation systems have unique and often
inadequate data handling, data processing, communications, timing, pointing
(acquisition) data, operations control, and performance evaluation subsystems. ARTRAC
integrates these subsystems to provide standard interfaces with instruments and to
correct instrumentation deficiencies.

Integration of the instrumentation is accomplished through the use of control and data
centers, as shown in the artist’s concept in Figure 1. Information, to and from the sites, is
routed through Area Data Centers (ADC’s) to the Data Processing Center (DPC) and the
Range Control Center. ARTRAC can best be visualized when divided into two
categories -- Control System and Data System.

Control System. Operation Control Centers (OCC’s) have been established both on- and
off-Range. Operation of these centers will be subordinate to a Range Control Center
located near the WSMR headquarters. Operators in the OCC’s coordinate tests with
Range customers. To assist instrumentation operators, certain reporting aides will be
provided in the ARTRAC Program. A simplified diagram of the automated reporting 



system is shown in Figure 2. Major elements are operation status reporting and readiness
reporting.

Operation status information consists of operation identity, current state of operation
(scheduled, running, standby, hold, etc.), and either the running countdown or the time of
day when the operation is scheduled to occur. This information is determined and
entered into the system on consoles in the OCC’s and is distributed through the ADC’s
to the instrumentation sites and to Range customers. The status of up to ten operations
can be entered in the system, but display capabilities for most sites will be limited to two
operations.

Readiness reporting information is determined and entered into the system by the
instrumentation site operator. Readiness information consists of identity of reporting
unit, identity of the operation, one of four readiness levels, and a trouble index in case of
“NOT READY.” This information is displayed on consoles in the OCC’s.

Data System.   Data handling interfaces, data processing, data display, communications,
timing, instrument pointing information (acquisition), and assessment of instrumentation
capability are provided with the Data System. A simplified diagram of the Data System
is shown in Figure 3. At the instrumentation sites (sensor), an Instrument Data Converter
(IDC) interfaces the instrument with communication facilities. The IDC receives and
demodulates data messages; synchronizes internal instrument functions to timing;
energizes audible and visual fault alarms; adjusts sample rates (upon command);
provides pointing data and pointing data error outputs; enters data quality tags into
output messages; formats output messages; and performs instrument diagnostics. At the
ADC’s communications channel switching and data recording are provided. The Data
Processing Center (DPC) is the heart of the Data System. In the DPC, instrument data are
processed for the Range user and real-time control of missiles and other targets during
the tests. Also, pointing data for control of optical instruments and tracking antennas are
computed. Data processed in the DPC are displayed in the OCC’s. Provisions will be
included for immediate assessment of Range instrumentation capability and its
performance during a test.

Large portions of the ARTRAC System are on procurement now, and the system is
expected to be complete in 1970. An IBM 7044-7094 Direct Coupled System (DCS) will
be used in the interim system. A larger, more flexible computer system will be acquired
for the final system. Telemetry information, because of high data rates and the need to
preserve data accuracy, is handled separately, as will be described later. However,
telemetry stations will be included in the Control System reporting elements and will use
pointing data from the DPC. 



Telemetry

The requirements for missile telemetry support have increased tremendously since the
first V2 rocket was fired at WSMR. Today, there are requirements for missile assembly
checkout and prelaunch checkout utilizing closed-loop techniques. Real-time telemetry
data are required for launch, mid-trajectory flight, and impact, both on-Range and off-
Range. Quick-look records provide immediate postflight analysis. In many instances, the
information required to determine missile performance can only be obtained from
telemetry data. As newer and more complex missiles are developed and tested, the need
for better telemetry data has become critical, resulting in telemetry equipment becoming
more sophisticated and expensive.

In the past, to support the increases in test requirements, additional telemetry stations
were installed throughout the Range and operated independently. Each station contained
equipment to support -needs in the areas of acquisition, receiving, demodulation,
recording, and display. This resulted in the overlapping of equipment, manpower, and
capabilities. Also, missile telemetry frequencies in the past were almost exclusively in
the 216- to 260-Mc band. Telemetry transmission must be transferred to the L- (1435 to
1540 Mcs) and S- (2200 to 2300 Mcs) bands by 1970. These changes will require new
acquisition and tracking methods and new receiving equipment.

The telemetry modernization program changes the concept of independently operated
stations to an integrated system as shown in Figure 4. The scope of the new system is
sufficiently universal to support any formats which comply with the RCC (IRIG)
Document 106-66, Telemetry Standards. The system will include equipment for
demodulating and demultiplexing all FM/FM (both proportional and constant
bandwidth), PAM, PDM, and PCM telemetry signals. The modernized telemetry
complex will be composed of an acquisition system, a microwave relay system, and a
data handling, recording, and display system. The Telemetry Acquisition System
receives and automatically tracks telemetry RF sources and provides conditioned signals
to the microwave relay system. The microwave relay system transfers data from the
remote stations to a centralized data handling and processing center. The Telemetry Data
Center will demultiplex the telemetry signals received on the microwave relay, then
digitize, display, record, reproduce, edit, linearize, and scale the telemetry data in both
real time and deferred time.

Telemetry Acquisition System.   The primary purpose of the Telemetry Acquisition
System will be the simultaneous reception of RF signals in any or all of the designated
telemetry bands. A simplified block diagram of the Telemetry Acquisition System is
shown in Figure 5. Antenna tracking performance and tracking accuracies are equally
important but are considered to be secondary in purpose and intent.



The antennas will operate in automatic tracking, slaved tracking, sector scan for search,
and manual tracking modes. A tracking memory provides continuous tracking in the
same direction and at the same rate for a period of at least ten seconds after loss of
signal. A portion of the RF equipment will convert the UHF bands to the VHF band. A
multicoupler will distribute signals to eight telemetry receivers. Patch panels provide
outputs for predetection recording and for transfer to the microwave relay system.

Fixed telemetry stations cannot always provide adequate coverage of a missile firing
during the entire flight, because of geographical locations. To augment the fixed station
capabilities, the telemetry modernization program includes mobile equipment. The
mobile stations acquire, receive, and record telemetry data. This data will then be
transmitted to a centralized processing and display center by microwave relay.

Microwave Relay System.   The microwave relay system is the means of transferring
data from remote acquisition stations to the TDC. A block diagram of the system
presently in operation is shown in Figure 6. The system operates in the 7125 to 8400
Mcs band and employs frequency diversity techniques. Up to eight multiplexed channels
can be accepted simultaneously for continuous transmission. The 10-megacycle
intermediate frequency output of the eight telemetry receivers are converted by an
acquisition converter to frequencies suitable for application to the microwave baseband.
Filters for each converted channel provide selectable bandwidths of 100 KC, 500 KC, or
1500 KC. Eight multiplexed channels can be relayed simultaneously at either the 100-
KC or 500-KC bandwidths; however, only five channels can be relayed at the 1500-KC
bandwidth.

At the fixed stations, the incoming telemetry multiplexed channels from mobile stations
are separated and each channel is applied to a selector switch. A second set of eight
telemetry multiplexed channels acquired locally are connected to the same selector
switch on a channel-to-channel basis. Eight of the 16 channels are then selected for relay
to the TDC. Best channel selection can be accomplished manually or automatically. The
automatic control of best channel selection is based on a comparison of the AGC
voltages. After the best signal is selected, only that telemetry channel is relayed to the
TDC. At the fixed stations, all telemetry channels are recorded on predetection recorders
to preserve the data in the event of a malfunction elsewhere in the system or for use at a
later time. The TDC relay receiver equipment converts the multiplexed channels to
frequencies suitable for demodulation and for predetection recording.

A service channel in the microwave relay system is used for voice communications
between stations and for relaying AGC, monitor, and control signals.

Telemetry Data Center.   The Telemetry Data Center is the central station for handling
and processing all telemetry data for White Sands Missile Range. A block diagram of the



TDC is shown in Figure 7. The Telemetry Data Center will perform the following major
functions:

a. Demultiplex raw data, assigning appropriate identification and time to each datum
point.

b. Condition, convert, and record all telemetry data in a common digital language
format.

c. Select and edit data for display and processing.
d. Remove from the normalized data all errors and nonlinearities that are a function of

the original transducers or telemetry system.
e. Present the selected processed data in real time to a Central Processing Facility.
f. Prepare computer compatible digital magnetic tapes containing data for further off-

line processing or distribution to data users.
g. Present both raw and processed data for quick-look display.
h. Perform off-line functions, including post-test data processing and sorting of data

on magnetic tape, mission checkout, and calibration.
i. Accommodate up to three asynchronous time bases simultaneously.
j. Provide complete simulated telemetry information for system checkout and

calibration.

The system performs in three widely varying configurations:

a. For real-time support, the multiplexed telemetry channels from the microwave relay
are processed in the TDC for entry into the DPC computer facility and for visual
display to the operation controllers, missile flight safety controllers, and Range
users. This output of the TDC is used for determining automatic and manual control
actions during hot firings and tests. Data processed in real time is available for
quick-look display and post-test analysis.

b. For post-test processing, the TDC processes data recorded on predetection and
digital magnetic tapes during hot firings and tests. This data is then further
processed by the WSMR data reduction personnel or provided to the Range user on
computer compatible magnetic tapes, strip charts, oscillograph recordings, or
listings.

c. For the system checkout and calibration function, the TDC will use simulated data
and signals to calibrate and perform checkout of equipment. Also, the TDC will
provide simulated signals for checkout of the entire telemetry instrumentation
system.

The Telemetry Data Center can operate in all three configurations simultaneously and
may be rapidly reconfigured to meet varying mission requirements.



The Telemetry Data Center will be composed of six major subsystems.

a. Telemetry Data Handling Subsystem (TDHS)
b. Digital Data Handling Subsystem (DDHS)
c. Recorder/Reproducer Subsystem (RRS)
d. Timing Subsystem (TS)
e. Display and Quick-Look Subsystem (DQLS)
f. Test, Calibrate, Control, and Status Subsystem (TCCSS)

The Telemetry Data Handling Subsystem (TDHS) conditions, demultiplexes, digitizes,
and formats in common digital language, all types of multiplexed telemetry channels
from the microwave relay and predetection recorders. The digital format contains the
data value word, an identification word, and time word. Subassemblies within the TDHS
can handle 2 PCM, 4 PAM-PDM, 2 PAM, and 4 FM/FM multiplexed channels
simultaneously. The maximum capability of each subassembly is as follows:

a. PCM - 800,000 bits per second (NRZ).
b. PAM-PDM - 3,600 pulses per second.
c. PAM - 36,000 pulses per second.
d. FM/FM - 50,000 (12-bit) words per second, 18 subcarrier discriminators (Standard

IRIG 106-66) in each of 4 subassemblies.

Output capability of the TDHS is 520,000 (12-bit) words per second. FM subcarrier
discriminator analog outputs are provided for display. From the TDHS, the digital data
are sent to the RRS and the DDHS.

The Digital Data Handling Subsystem (DDHS) selects, processes, formats, and time tags
data for output to the quick-look recorders and displays, the computer compatible tape
recorders, and the DPC computer. Telemetry data inputs to the DDHS are available from
the TDHS in real time and from the digital tapes (high density and computer compatible)
in deferred time. Program selection data parameters can be entered in the DDHS by
operators on a console typewriter, a card reader, or magnetic tape. Modification of the
DDHS program by the DPC computer is possible during real-time operation. Data from
as many as 256 sources (transducers or sensors) may be processed at a combined rate of
up to 50,000 words per second. Processing of data by the DDHS includes editing,
normalizing, scaling, linearizing and computation of derivative data.

The Recorder/Reproducer Subsystem (RRS) has two assemblies-High Density Digital
Magnetic Tape Assembly and Computer Compatible Digital Magnetic Tape Assembly.
The High Density Digital Magnetic Tape Assembly records all TDHS outputs in real
time for reproduction in deferred time. The Computer Compatible Digital Magnetic Tape 



Assembly records the entire output of the DDHS. This latter assembly can reproduce
data in deferred time for reentry into the DDHS or for use in the DPC computer.

The Timing Subsystem (TS) receives IRIG A and B timing as its time source. Timing
may be direct from the Range timing system or from data tapes. The TS generates all
timing and clock signals required in the TDC for three simultaneous, asynchronous
operations. Provisions for tape search of predetection recordings are included in the
subsystem.

The Display and Quick-Look Subsystem (DQLS) accepts 150 digital data sources in any
combination of raw and processed data from the DDHS and 72 analog data sources in
any combination from the FM subassembly in the TDHS for local recording and display
and for distribution to other centers. Recording and display capabilities are:

a. 48 data sources on oscillographs
b. 80 data sources on strip chart recorders
c. 16 data sources on alphanumeric displays
d. 64 data sources on analog meters

Recording and displays in the DQLS are used for quick-look purposes during tests by the
Range user and Range operators and also for post-test analysis.

The Test, Calibrate, Control and Status Subsystem (TCCSS) is the central control point
for operation of the Telemetry Data Center. The control console contains visual displays
of readiness and operation status; provides controls for switching data, making tests, and
calibration of equipment within the TDC; and provides a means for verification of proper
operation.

Mobile Checkout Vans.   These vans are used for preflight checkout of Range user
missile telemetry equipment in the assembly areas or on the launcher. Receiving,
demultiplexing (FM/FM, PCM, PDM, or PAM), as well as recording and display
(oscillographs, strip chart, and magnetic tape) of data are provided for in the vans. If
necessary, these vans can be equipped with antennas and located in remote areas for
support of firings.

Major portions of the new telemetry system are in operation or being prepared for the
Range. Two fixed Telemetry Acquisition stations are now being fabricated. Most of the
microwave relay system is in operation on the Range. An interim telemetry data handling
system will be completed this year and the TDC described in this paper will be complete
in 1969. Modernization of the telemetry system and the change from VHF to UHF will
be accomplished before 1970.



Sensors (Electronic and Optical)

The ARTRAC System will provide an improvement in the handling and processing of
data for the electronic and optical systems. WSMR plans many improvements in its
capability to collect trajectory, attitude, and event data. Major improvements in radar,
CW, and optical systems are as follows:

Radar Systems.   The AN/FPS-16 radars are being modernized to improve accuracy and
reliability. Modernization includes the addition of coherent Doppler kits, digital range
trackers, and binary shaft-angle encoders. Existing AN/FPS-16 type radars will be
supplemented by the addition of modern mobile medium-precision radars in the next
four years. A modern air surveillance radar system will be installed on the Range in the
next few years. Major improvements in the utilization of surveillance radar information
are expected by processing and displaying data automatically in the ARTRAC System.

CW Systems.   A real-time digital data output has been added to the DOVAP (Doppler,
Velocity, and Position) System. New CW systems to be added will provide highly-
precise trajectory data in the launch phase for high-acceleration missiles and highly-
accurate range and range-rate data for missiles that can carry transponders. In the next
few years, considerable attention will be given to the problems in measurement of
trajectory, attitude, and miss distance on multiple targets and low trajectory missiles.

Optical Systems.   Development and procurement of new telescopes and cinetheodolites,
as well as modification of existing instruments, will be a major part of the modernization
program. Some of the most significant areas are:

a. Development and implementation of the WSMR cinetheodolite system which
represents a departure from conventional cinetheodolite technology. Uncertainty of
cinetheodolite data will be reduced by a factor of ten.

b. Askania and Contraves cinetheodolites are being modified to improve optics,
mounts, and servo systems. Most of the instruments will be mounted in special
trailers for mobility.

c. LASER ranging instruments are being developed for special applications.
d. Mobile telescopes are being added to improve attitude and event coverage. New

telescopes are being developed to provide optical attitude and event coverage up to
500,000 feet.

SUMMARY

WSMR expects to make major advances in range instrumentation in the next four years
and to be able to provide much better support to its customers. A summary of
improvements and advantages inherent in the modernization program is given below:



a. Greater flexibility by using more mobile (transportable) instruments.
b. Improvement of coordination and service to customers.
c. Eliminate expensive duplication of equipment and retire obsolete equipment.
d. An order of magnitude improvement in trajectory measurement.
e. Increase the volume of coverage for all types of measurements (telemetry,

trajectory, attitude and events).
f. Better compliance with IRIG standards.
g. Capability to handle UHF telemetry.
h. Less turn-around time between tests.
i. Faster delivery of data from all types of instrumentation to user. The goal is quick-

look data within two hours and final reports in one to three days.
j. Better flight safety control and monitoring.

By improved planning and reliance on the application of system engineering principles,
WSMR will be modernized in a highly efficient manner and be capable of providing
even better support to the nation’s missile and space programs.

Fig. 1 -ARTRAC System



Fig. 2-ARTRAC Control System

Fig. 3-ARTRAC Data System



Fig. 4-Telemetry System

Fig. 5-Telemetry Acquisition System



Fig.  6-Microwave Relay System

Fig. 7-Telemetry Data Center



MAGNETIC RECORDING OF RADAR DATA

RONALD E. YOUNG
Senior Application Engineer
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Summary    The methods presently utilized for magnetic recording of radar data are
explained with reference to basic radar types. The PPI radar has a time continuous video
signal and generally requires a transient free recorder of moderate data bandwidth. In
addition, means must be provided to record the azimuth information in either synchro,
sine-cosine or digital form. Such means are available and recommended approaches for
each type of data are given.

Time discontinuous radar such as the missile tracking monopulse group may utilize
recorders normally designed for video service if certain pulse spacing criteria are
observed. The wider data bandwidth of this type of signal makes the use of rotary head
recorders mandatory.

There are many applications for radar recording. Some of those described include
operator training, debriefing and scoring and operational evaluation of the radar facility.
The radar recorder can be a significant aid in data analysis for signature determination of
satellites and planetary mapping. The radar recorder also furnishes a close facsimile of
the operating radar signal for system evaluation when there are no targets to observe or
when the main radar is shut down for any reason.

As an illustration of the application of magnetic recording to the radar system an
airborne data acquisition recorder is described along with a companion ground
reproducer. These two units are presently in use in the evaluation of an airborne radar
system and offer significant advantages over previously available recording equipment.

The development of time base stable magnetic tape recorders capable of handling data
bandwidth in excess of 5 MHz has added another facet to the instrumentation field--that
of recording radar data on a real time basis for analysis at a later time. The discussion
that follows illustrates the methods used in magnetic recording of radar data and cites a
typical recording system.

I  Types of Signals Obtained from Radars    Three general types of radar signals are
recorded on magnetic tape. One type signal originates in radars which are used for area



surveillance with data presented to the operator in the Plan Position Indicator (PPI)
format. The video signal is relatively time continuous. Antenna azimuth and, in some
cases, elevation needs to be recorded in addition to the video so the entire display can be
recreated properly at a later time. The second type of signal is the single target, steerable
antenna radar group exemplified by the missile-tracking, monopulse radars. In the case
of these units, the video data is normally gated out only in close proximity to the target
and thus has a time discontinuous nature. This type of data is ordinarily viewed on an A
scope, and requires auxiliary recording of relatively wideband azimuth and elevation
error signals as well as high accuracy train and elevation information (usually in digital
format) in addition to the video signal. The third type of signal, which is classified
separately because of the difficulty in recording it, is Moving Target Indicator (MTI)
data. In some cases, this data is processed before recording and added to the basic
presentation. This causes no trouble in recording; the problem comes when the moving
target information must be extracted from the raw tape recorded signal. In this case,
extreme time base accuracy is required due to the use of doppler techniques, phase
comparison circuits, or delay and subtraction processing to extract the rate data. Each of
these types of signals will now be considered in greater detail to illustrate the problems
involved and methods for their solution.

A.  Plan Position Indicator Radars (PPI)    Most users prefer the PPI presentation for
area surveillance applications. This type radar provides a circular display with the
transmitter at the center. The picture is direction oriented with the top of the display
usually corresponding to magnetic north. The distance of the target from the transmitter
is indicated by the distance of the target blip from the center of the display or its position
in reference to concentric range rings on the CRT face. An additional display resembling
a quadrant can be made available on another scope for observing the altitude of a given
target. (Range height indicator). This type of system is illustrated in Fig. 1.

To synchronize the display with the rotation of the antenna, antenna azimuth must be
recorded. The azimuth information normally takes the form of synchro data, and the
accuracy of the antenna position depends on the accuracy and type of synchro
information presented. The normal synchro transmitter rotates once for each antenna
revolution, but in some systems a 10/1 or 36/1 synchro ratio may be also provided.

Data Signal Requirements -Video    The basic radar video data for PPI presentation
resembles normal television video-type signals. If the radar is a short range, high
resolution unit(i. e. a range of approximately 30 miles), the required data bandwidth may
be up to 5MHz. If a longer range unit e.g. 100 to 300 miles is involved, longer
transmitted pulses are used and the receiver bandwidth may consequently be limited to
400 to 500 kHz. On the low end of the frequency spectrum, near dc response is required.
This is due to the nature of the signal involved, illustrated in Fig. 2. The main “bang”
signal is the transmitted pulse and effectively saturates the radar receiver for a period



after the initial transmission. This is normally due to leakage through the T/R tube used
for switching the single antenna between the transmitter and receiver. An additional high
level signal is provided by the ground return reflections near the antenna and this may
continue for 10 to 30 miles(120 to 360 microseconds). Targets then appear farther along
the sweep as signals above the residual noise level, and are indicated on the PPI screen
as bright spots. The need for near dc response can be illustrated by the cloud return
shown in Fig. 2. In practice, this return may be 50 to 100 miles long (600 to 1200
microseconds). In recorders such as most instrumentation units with restricted low
frequency response, a sag will result on reproduction of this signal as shown in Fig. 3.
Most PPI repeaters have circuits which clip signals that extend below the base line, so no
presentation (black screen) results for the total time during which such signals are below
the base line voltage. Thus, the small target appearing after the cloud on the original
return will be lost with a restricted low frequency response recorder. To eliminate this
problem, the necessary recorder lower bandwidth limit should be 5 to 10 Hz; otherwise
some sort of clamping circuit will be required to limit the excursions below the base line.

Trigger    An additional signal furnished by the radar, is the trigger pulse which fires the
transmitter. This is the radar master timing pulse and is used for the start of the sweep
time base in the indicator to furnish non-ambiguous timing information. The pulse is
high amplitude, typically 10 to 100 volts peak. The minimum output voltage normally
required from the tape recorder is 10 volts peak across 75 ohms, and this usually requires
a special amplifier on the output of most existing tape reproduce electronics. The most
critical point here is that the time delay of the trigger channel and the video channel must
be identical. The trigger channel starts the running time of the electronic delay used to
determine the target range, so any time delay between the trigger and video will result in
an inaccurate range indication on the display.

Azimuth Co-ordinate Signals    Azimuth signals available from radars are generally in
one of three forms; synchro, sine-cosine or digital. Each of these signal types requires a
somewhat different treatment, so they will be considered separately.

The normal PPI radar antenna transmits its azimuth position information thru the
positional signals of a synchro generator. This generator revolves once for each antenna
revolution and this repeats the antenna position information directly to points remote
from the antenna mount. In addition to this 1/1 generator, another is sometimes used
which rotates 10 times per antenna rotation or once every 36 degrees. This system is
used to provable better azimuth accuracy at the remote station than the 1/1 unit can
provide.

Synchro signals can be recorded in a rather straight forward manner if a few precautions
are observed. The electrical diagram of a synchro transmitter and receiver is shown in
Fig. 4. It can be seen that there are four important voltages to be recorded, the three



stator signals and the rotor reference voltage. Each of the stator signals is a constant
frequency waveform slowly amplitude modulated by the rotation of the rotor. The rotor
voltage is a constant phase and amplitude at all times. To preserve the accuracy of the
system through the record and reproduce process, the gains of the channels used for the
stator signals must be identical and the delays thru each channel must be closely
matched. Also the recorder channels must have good signal-to-noise-to prevent hunting
of the synchro receiver. A satisfactory method of recording synchro signals directly has
proven to be thru the use of frequency modulation. This recording method has the
required gain stability and signal-to-noise ratio as well as excellent amplitude stability of
the reproduced signal. With standard multiplex equipment now available, it is possible to
multiplex the four required FM channels (3 stator and 1 rotor) on one auxiliary data track
of 15 kHz bandwidth. A seven channel multiplex corresponding to a 1/1 and a 10/1 or
36/1 group can be handled effectively in 30 Kc of bandwidth.

In the generation of a circular sweep waveform for production generation of a CRT PPI
display, the synchro signal just referred to is often converted to two signals of a sine-
cosine relationship. Here the azimuth information is contained in only two separate
signals, rather than in the four obtained when the synchro signal is used directly. In order
to maintain the azimuth accuracy required in sine-cosine use, somewhat better amplitude
stability is required in the synchro case. An excellent method for recording sine-cosine
azimuth data which accurately preserves the basic data accuracy, is that of digitization of
the signal. Standard digital encoders are available which will accept sine-cosine (or
synchro) type signal formats, digitize them, and reproduce them from tape with an
overall error accumulation of less than 0.25 degree. This is at least twice the accuracy
that can be obtained by FM recording the synchro waveforms directly. In addition, the.
digital system has much better in1herent stability, and will maintain it’s basic accuracy
over much longer periods of time with less maintenance than is required by an FM
system.

The final azimuth signal possibility is one which is already encoded in digital form at the
antenna. This digital signal may be recorded and reproduced thru many successive
dubbing and processing operations with no degradation of the basic accuracy as long as
it is kept in the digital form. The recording of this signal in digital form utilizes standard
techniques.

Elevation Co-ordinate Signals    Antenna elevation data may be required if the radar is
a height finder. The video signal is normally the same as that of nonheight finders, and
video data is presented for all heights on the PPI. To produce height information, the
radar antenna pattern is nodded up and down either by physical antenna movement or by
electronic beam phasing. The antenna or beam position is available at the radar output
either as a slowly varying dc voltage, or as a synchro output which varies with antenna
elevation angle. The rate of change of this signal is very low, so an FM track is needed to



record it; it may again be multiplexed along with other data. Elevation synchro data is
recorded in the same manner as azimuth synchro data described previously.

B.  Monopulse Tracking Radars    The typical monopulse type radar is intended for use
in very accurate tracking situations where maximum data is needed on single targets or
groups of targets. The units are used in conjunction with a computer, so the major output
is a digital representation of target range, bearing, elevation, and some radar operating
constants. These data are easily handled by existing digital tape transports and methods,
so will not be covered in detail here.1 In recent years, however, it has been found
advantageous to record the raw video for later replay so that additional targets may be
found around the one tracked and reported by the digital portions of the radar, and data
may be gathered on signal fade and shape in the absence of AGC action to determine
target type and orientation. This type of analysis requires a linear recorder of the rotary
head type with some special modifications to adapt it to this type of data.

Since the monopulse is designed for accurate tracking and high resolution, short
transmitting pulses maybe used, necessitating wide data bandwidths of 4 to 5 MHz.
Thus, a rotary head recorder is used to obtain the recording bandwidth required. The
main problem associated with recorders intended for television use in this service is the
head switching transients involved. A normal TV-type recorder may be used if two
conditions are satisfied. The first is that the video gate width, the portion of the signal
after the pre-trigger pulse that we wish to examine, is 900 microseconds long or less: and
second, the pulse repetition rate of the radar must be a multiple or submultiple of the
recorder head switching rate, (or within 5% of it) in order that the video return may be
positioned in the same place on each head scan. This will place the recorder head
switching transients out of the data rEgion and eliminate them from further
consideration. It does require that the recorder be synchronized by the same frequency
source as that which triggers the radar. A typical example of this is shown in Fig. 5. In
this case the radar is running at a prf of one third the head switching rate (960/3 = 320
pps.). In the event that the above criteria for interleaving the radar returns and head
switching transients cannot be satisfied or the total time of the return to be observed is
longer than the interval between switching transients, it becomes necessary to use a
recorder with head switching transient elimination and time base correction.

In some cases these radars also incorporate other narrower bandwidth video data
channels representing elevation and azimuth error to allow secondary target location in
relation to the tracked target position. These may be multiplexed on the video data
channel by special techniques and will be time base corrected by the same electronics
which correct the main video channel.



Auxiliary Data    The normal types of auxiliary data for this system are azimuth and
elevation as well as range information, usually encoded in digital form. This can be
handled on the auxiliary data tracks by the normal digital methods. In addition some
range, azimuth, and height information may be received in synchro format, in which case
the previously described method for recording synchro signals can be used.

C.   Moving Target Indicator (MTI)    Moving target indication signals, before
detection, are relatively difficult signals to handle. In one form of MTI, target motion is
indicated by a doppler shift of the returned signal frequency. This requires precise
control of the playback speed so the very small percentage change can be reproduced
very accurately to allow exact velocity determination. In other cases, the received signal
is delayed through a delay line and added to the data obtained on the next scan, but out
of phase. In this way, echoes which appear at th same position on each scan are
cancelled, and targets which change position are presented in their true amplitude. Both
of these applications require excellent time base stabilization to allow post-recording
detection of the MTI information. This is available through electronic time base
compensation of the wideband rotary head recorders which will allow long term time
base stabilization on the order of 25 nanoseconds peak-to-peak for both short and long
term errors.

II  Applications of Radar Recorder    The uses of magnetic tape recorders capable of
handling radar data are many and varied. To illustrate, a few of the more common
applications that are now in use or are being considered, are presented.

A.  Training    The use of a radar recorder provides invaluable experience in a training
situation. In military environments, the opportunity is presented to play back actual
operational exercises to train the entire complement in handling that particular exercise.
The data may be presented in the same form in which it originally comes, an unknown
target, and the whole exercise followed to completion. Jamming and other radar
interference will be identical to that existing when it was recorded, and receiver and
operator techniques for jamming elimination can be evaluated and proved under realistic
conditions.

In a radar training school environment, either for operators or maintenance personnel,
actual signals can be replayed without radiation from any device. The signals played
each time are duplicates of the previous time, so each trainee receives the same
presentation and can be taught the identical interpretation. Exercises can be replayed that
are actual recordings involving large operating situations. These provide realism and
experience in atmospheric unpredictabilities, fade patterns, false targets, etc., which are
difficult to simulate.



In an evaluation situation, the evaluating officer has the capability of recording the
tracking performance of an installation radar. During a debriefing and scoring situation,
he then has the opportunity of replaying the data to illustrate to the personnel being
scored what they did right and what targets they missed. No possibility exists of
misinterpreting what the operators actually could have seen. Also, the possibility exists
of playing a standard test exercise to a number of groups being evaluated for competitive
purposes, on an equal basis. These have the additional possibility of being recordings of
large scale attacks or exercises which would be operationally infeasible to repeat.

B.  Data Analysis    When used with a monopulse radar, a recorder affords the
possibility of offline analysis of untracked targets which were not first presented in the
digital portion of the tracking radar. It also allows analysis of signal waveform which is
not provided for in the digital radar output. In PPI data, it allows repetitive replay of a
selected segment of returns to determine if a fading target acquired for a few scans only
is in fact a target.

A relatively new use, but one which is important in space tracking work, is the recording
and subsequent replay without AGC of the radar return.2 With the addition of radar
signal strength calibration signals, it becomes possible to perform signal strength
analysis for body reflectivity signature, recording. This type of measurement, in
conjunction with anechoic chamber analysis of the particular body involved, may allow
determination of the attitude and the degree of stabilization of the satellite.

Another use for which magnetic tape is uniquely suited is involved in low signal strength
work such as radar mapping of other planets.3 Here the returned signal is recorded from
the receiver for later processing and analysis which is impossible in real time. The
received signal may in some cases be slowed down or speeded up (in time) to fit the
bandwidth requirements of the processing equipment. Analysis techniques, such as
autocorrelation, may then be applied to the recorded data to achieve sufficient signal to
allow identification of the return.

C.  Equipment Checkout    In both military and space tracking environments, the
capability exists of exercising and testing the tracking and presentation equipment
downstream of the receiver without operating the basic radar, or when no targets are
available. This allows maintenance in radar silent periods and allows determination that
needed monitoring gear will be fully operational when the radar can be energized. It also
allows reproduction of a standard calibration tape to determine errors in the tracking
computers and detect component malfunctions in off-line times.

D.  History    In area surveillance situations such as FAA terminal radars and airways
control, it is sometimes necessary or desirable to preserve a record of the actual target



returns for later analysis. This is used to observe traffic flow under bottleneck conditions
to find better ways of handling peak traffic loads. It also provides an aid in accident
prevention by showing the actual traffic situation existing at the time of the incident. It
also provides more real traffic situations (including the accompanying weather clutter
and interference) for study by controllers in a training environment.

Another application where the history recording feature is useful is the replay of missed
targets. This allows the operator a second chance to acquire a target he missed the first
time because his attention was directed elsewhere.

III  Airborne Data Acquisition Recorder/Ground Based Reproducer System    The
following section describes an airborne recorder and a companion ground based
recorder/reproducer developed for system evaluation recording in an airborne radar
development program. The unit was designed as a high performance rotary head
recording system capable of operation with a variety of signal inputs. The basic system
performance parameters were as follows:

1. Two channels of wideband information (10Hz - 5.5 MHz).
2. Transient free reproduction of the recorded information.
3. Electronic time base control on the reproduce system to allow overall maintenance

of 25 nanosecond peak-to-peak base error throughout the system.
4. Excellent interchannel time correlation to allow comparison of signals on the two

wideband tracks with a high degree of timing accuracy(less than 25 nanoseconds
observed in the final system).

Airborne Recorder    The airborne recorder developed for this program is illustrated in
Fig. 6. The total unit is contained in two cases. The recorder case contains the tape
transport top plate and reels, reeling mechanism, tape guides, rotary and longitudinal
head assemblies, signal electronics and head servo electronics. The auxiliary case
contains control and monitoring circuits, power supplies and filtering, RFI filter and the
radar servo digital encoding electronics.

The wideband signals are recorded in FM form. The incoming data is frequency
modulated on an FM carrier with a frequency of 8.5 MHz. The resulting constant
amplitude carrier and its associated sidebands are recorded on the tape. An additional
time base reference signal is recorded along with the FM data on the wideband tracks.
On reproduction this pilot signal is used as a time base reference for time base correction
of the wideband data prior to final switching and before limiting and demodulation to
allow transient free recombination of the wideband RF signal. The pilot is recorded at
500 kHz which is well below the FM spectrum to prevent interference with the main
data.



Two auxiliary data channels are located along the edge of the tape. They are recorded in
the conventional direct-with-bias method and are used for voice and time code
information as well as radar synchro data.

An additional longitudinal track is recorded at the opposite edge of the tape for use as a
control track for coarse play back head synchronization. When a recorded tape is being
reproduced it is essential that the longitudinal motion of the tape and the transverse
motion of the heads be accuragely controlled so that the recorded tracks are properly
scanne. To accomplish this a control track is recorded which marks each revolution of
the head drum during the recording process. The capstan is then servo controlled on
reproduction so that one servo pulse is reproduced for each head drum rotation. This re-
establishes the ratio of longitudinal to transverse tape motion which existed during
recording and assures accurate registration of the reproduce heads on the recorded tracks.
In order to provide time in the reproduce process for the electronic circuitry to sense the
phase position of the signal from the oncoming data head while the previous head signal
is still being used for the data, there is recorded overlap approximately 10% of the one
millisecond head scan time. This data redundance also allows the slow switching
necessary for elimination of the data switching transient between heads.

As previously mentioned it is necessary in a recorder designed for radar use to provide a
means for recording azimuth information. The airborne recording system uses digital
means to prevent degradation of the 1/1 synchro output by the usual translation errors
apparent when using direct signal recording techniques. The block diagram of Fig. 7
illustrates the method used. The incoming synchro information is first converted to a
sine-cosine type of signal by the “Scott T” transformer at the input. The sine and cosine
outputs from the “Scott T” are then converted to a serial binary pulse train which
specifies the sine and cosine of the synchro shaft angle. This pulse train is then recorded
in serial data form by the magnetic tape recorder on one of the auxiliary tracks. The sine
and cosine signals are encoded to an accuracy of 11 binary bits, assuring that the system
specification of 0.25 degree maximum total error will De met easily.4

To record the radar trigger signal and assure its time coincidence with the wideband
video data, a trigger addition circuit is utilized for the recorder. This is shown in block
diagram form in Fig. 8. The high voltage positive going trigger is first attenuated to the
normal I volt peak level of the rest of the system signals. It is then inverted. Radar video
is a positive going signal, so the trigger will then be the only negative signal in the data
and can be identified and separated in the reproduce process with relatively simple
circuitry. The video channel is blanked at the time the trigger is added to prevent any
noise on the video from interfering with the trigger addition process. Time compensating
delay lines are included in the video path to equalize the time delay for the trigger and
video paths..



Ground Based Reproducer System    In order to simplify the reproduce system check
out and provide additional flexibility for dubbing and data processing, the reproducer
designed for use with the AR-550 also incorporates a full set of record electronics. The
record system resembles closely the record system on the airborne unit, with the addition
of built-in test signals for system check-out and performance evaluation. The recorder/
reproducer configuration is shown in Fig. 9.

In order to achieve the high quality signal reproduction and time base stability of which
the unit is capable, the FR-950 ground reproducer provides a sophisticated signal system
of advanced design. This signal flow is shown in block diagram form in Fig. 10 for only
one data channel; the other wideband channel has an identical set of electronics.

The reproduced signals are recovered from tape by the reproduce heads and coupled out
to the head pre-amplifiers thru rotary transformers. The amplified signals are then routed
to a group of equalizers. Here the amnlitude and phase response of each head is matched
and adjustable delays are provided to allow static time matching of the signals from the
heads. Pairs of heads 180 degrees apart on the head drum are connected in series, so the
signals from each pair of heads is alternated with a period of silence as these heads are
not simultaneously in contact with the tape.

Even the best time base correction obtainable at this time is not sufficient to allow a
sudden switchover from one channel to the other. There is still too much phase
difference left between the FM carriers in both channels. However, if the phase
difference is always less than 90 degrees, a slow transition from one channel to the other
(in such a way that one channel decays slowly in amplitude while the other increases at
the same rate, both being added) will not produce a significant transient. The result will
be a smooth and continuous transition from the phase condition in the first channel to
that in the following channel, if the waveform of the signal approximates a sine wave.
The electromechanical servo system on the head drum corrects the play back signal to
within ± 150 ns with respect to the system master clock. This timing error is then
reduced to less than 25 ns peak-to-peak in the voltage-controlled delay lines.

If the reproduced FM signals in two adjacent head channels are time base corrected to
such a degree that, during the overlap time, identical portions of the signals are always
less than 90-degrees phase difference, a slow switchover process will change the signal
smoothly from the condition in the first channel to that in the second channel and little
transient will appear in the output signal of the switcher.5 There will be a change in the
amplitude of the FM signal during the crossover period caused by the phase difference
between the two channels. This is of no significance because the FM signal is limited
before being demodulated. However, the change of the phase during the cross over time
is equivalent to a slight change of the carrier frequency according to the relation
w = de/dt. If the phase change from the condition in one channel to that in the following



channel is a linear function of the crossover time, the carrier frequency will be ideally
subjected to a step in one direction at the beginning of the slow switching process and to
the same step in the opposite direction at the end of that process. For example, if the
crossover time is made 80 uS and the time difference between the two signals is 25 ns
(approximately 90 degrees for a 10 Mc carrier), the change in carrier frequency during
the crossover time would be 80000/25 or 2.65 kHz. For a sensitivity of the demodulator
of 1 volt peak-to-peak for 1.5 MHz deviation, the spurious signal would be 2.65/1500 or
is down more than 50 db below full deviation.

After sufficient electronic time base correction, this signal combination is achieved in a
special, slow-transition switcher which uses a trapezoidal gating waveform, two six-
diode gates, and a signal adder as :shown in Fig. 11.

After the pilot frequency has been filtered out, the combined signal is passed through a
limiter and an FM demodulator. At this point, the pilot has been time base corrected and
can be used in a separate phase comparator to monitor the timing stability of the system
during normal operation. The demodulated information signal still contains a pilot signal
component by way of intermodulation caused by non-linearities of the system. This
component cannot be filtered out, but to some degree it can be cancelled out in a
compensation circuit which injects an equal amount of pilot frequency from the system
clock in a phase which is opposite to the interference component. This is only possible
because the signal is highly stabilized with respect to time.

In addition to the electronic time base control for fine adjustment of the electronic delay
in the FM system, the 500 Kc pilot signal error is integrated and used to provide a
control input for the rotary head servo. While coarse control of the rotary head position
in relation to the recorded track is provided by control track phase comparison in, the
capstan servo, the head drum angular velocity is controlled by the integrated 500 Kc
error signal. This ensures that all signals coming off tape are reproduced at the same
frequency that they were recorded and that residual time base errors do not exceed the
correction range of the time base correction delay lines.

Reproduce electronics are also provided for the synchro signal previously recorded on
the auxiliary track. These electronics connect the digital signal to a sine-cosine type
output, and finally, thru the use of another “Scott T” transformer set, to synchro type
outputs. Amplifiers are included on the synchro lines to facilitate driving a synchro
repeater requiring a power input of 12 watts or less.

The developments typified by the above equipment show how equipment can be
designed to cope with the majority of radar recording problems. Newer types of radar
such as SLAR will require still finer refinement of the art of magnetic tape recording, but
it is certain that a satisfactory method will be found.
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Fig. No. 1 Method of Generation of PPI Radar Display



Fig. No. 2 Typical PPI Radar Presentation

Fig. No. 3 Typical PPI Radar Presentation When the Recorder
Exhibits Restricted Low Frequency Response

Fig. No. 4 Electrical Diagram of Synchro Transmitter and Receiver



Fig. No. 5   Monopulse Data Interleaved with Head Switching

Fig.   No. 6 AR-500 Configuration



Fig. No. 7  Block Diagram - Synchro Encoder

Fig. No. 8  Block Diagram - Trigger Adder Circuit

Fig. No. 9   Type FR-900 Recorder/Reproducer



Fig. No. 10  Block Diagram - Signal Flow in One Data Channel of
FR-950 Ground Reproducer

Fig. No. 11  Signal Combination Process in Slow Switcher System
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FACTORS LIMITING UHF TELEMETRY SYSTEMS OPERATION1
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SUMMARY    Demands on the use of that portion of the radio spectrum from 225 MHz
to 400 MHz for military tactical operations have made it necessary to vacate the VHF
telemetry band from 215 MHz to 260 MHz by I January 1970 and to convert such
operations to UHF telemetry bands from 1435 MHz to 1540 MHz and 2200 MHz to
2300 MHz. The environmental, physical, and practical limitations imposed on telemetry
system performance when operation is moved from VHF to UHF are described in this
paper. The topics which are discussed include path loss, multipath, flame plasma effects,
expected Doppler shift and Doppler rates, natural noise limitation, UHF transmitter
power and stability, receiving system noise figures, airborne antennas and ground
antennas. UHF telemetry operation in support of missions for aircraft, ballistic, orbital,
and deep-space vehicles is evaluated mainly through a comparison with similar
operations at VHF. The results of this study show that there are no technological factors
which limit the instrumentation of an adequate UHF conversion.

PROPAGATION CHARACTERISTICS    There are slow changes in most
propagation characteristics with a shift from VHF to UHF. Generally, the changes are
not drastic, and no unusual propagation anomalies appear at UHF that were not present
at VHF.

SPACE ATTENUATION    At UHF, space attenuation or path loss is increased 16 db
from P-band to L-band and 19 db from P-band to S-band. This increase is a direct
consequence of the decrease in the effective area of an omnidirectional antenna with an
increase in frequency. The effective area of an omnidirectional antenna is inversely
proportional to frequency squared. The increase in space attenuation incurred with the
frequency shift is exactly offset by receiving antenna gain when the effective area of the
receiving antenna remains constant. However, the reason for expressing space
attenuation as a separate parameter in the first place is to separate the effect from the
gain of the antenna. Antenna gain does not necessarily compensate for the difference in
space loss in all cases and should properly be entered as a separate parameter in any
power budget.



ATMOSPHERIC ATTENUATION    The earth’s atmosphere is both an attenuator and
a source of electromagnetic radiation. Radiation passing through the atmosphere
interacts with molecules of air and water vapor and is absorbed and reradiated. The
atmosphere, except under severe weather conditions, may generally be considered in a
quasi-stationary thermal equilibrium. In an equilibrium state, the rate of absorption and
radiation must be equal. If a fraction of the incident radiation is absorbed in traversing a
body in thermal equilibrium, the amount of energy radiated is the same fraction of the
amount of energy that would be radiated by a black body at the same temperature. This
fundamental relation is known as Kirchhoff’s law and is valid not only for the total
radiation at all frequencies, but also for the radiation in any differential frequency band.

Atmospheric absorption by oxygen and water vapor is difficult to calculate. One means
of calculating atmospheric absorption that is satisfactory for a general discussion is to
consider a model atmosphere of uniform light, density, and temperature. This method of
calculation takes into account the variation in atmospheric absorption with angular
elevation due to a change in path length through the atmosphere. If the model
atmosphere has a height of 10 km, a temperature of 290E K, and sea level pressure and
density throughout, the approximation to the real atmosphere is reasonably good.

Atmospheric attenuation increases with frequency between VHF and UHF, but not
significantly. Figure 1 is a plot of path length and attenuation for the UHF telemetry
bands through a 10 km atmosphere as a function of elevation angle. The attenuation is
almost equal for 1.4 GHz and 2.3 GHz so a single curve for an attenuation of 0.006
db/km is plotted. This is representative of the entire S-band as well as 1.4 GHz. The
greatest path length occurs when 2 is zero, in which case the path length through a
10-km atmosphere is 357 km. This gives a maximum attenuation of 2.1 db. The
attenuation for a 5-degree elevation angle is down to 0.63 db and the attenuation is
essentially negligible as far as signal loss is concerned for elevation angles greater than 5
degrees.

Atmospheric attenuation in db per km is best determined empirically. Figure 2 is a plot
of atmospheric attenuation due to oxygen and water vapor adapted from curves given by
Perlman, Kelley and Russell for a mean between summer and winter conditions of
temperature and humidity at sea level for a temperate latitude.

Attenuation due to rain and fog increases with frequency as the H2O curve in Figure 2,
but is so low at S-band that it is of no special consequence.

PLASMA EFFECTS AT UHF    Transmission through a plasma is slightly improved at
UHF but regions of re-entry blackout still occur as shown in Figure 3.2 Where plasma is
considered a part of the transmission medium, this improvement amounts to from one to



several db in situations where the plasma attenuation is from 5 to 500 db. This
improvement is usually inconsequential. Multipath due to reflections from a plasma,
particularly an exhaust plume, tend to reduce coverage because more nulls in the
resulting interference pattern occur at UHF than at VHF. The degree to which this effect
reduces the margin on a power budget depends on the type of receiving antenna used.
However, to retain the same degree of coverage at UHF as was obtained at VHF, this
increase in margin can nominally be set at -3 db.

MULTIPATH    Ground multipath also reduces coverage at UHF in some situations. In
this case as with reflections from a plasma, the reduction is felt where broadbeam
receiving antennas are used and where there is no compensation for the effect of having
a greater number of nulls in the interference pattern. While the depth of nulls can be
slightly less at grazing angles greater than 3E due to lower reflection coefficients at UHF
in this region, the margin on a power budget is unchanged where narrowbearn antennas
compensate for the greater number of nulls, and can be increased as much as 3 db where
broadbeam antennas do not.

The primary cause of multipath effects is reception of reflected waves from the ground
due to lack of sufficient antenna directivity and the existence of side lobes in the antenna
pattern. Accordingly, the multipath problem is most severe when the antenna is tracking
a satellite or aircraft at low elevation angles where it “sees” the ground through its finite
beamwidth and through side lobes. The switch to UHF, with the correspondingly
narrower antenna beamwidths and angular compression of the side lobes, will be helpful
in reducing the minimum elevation angle at which multipath problems occur. However,
the degree of coverage and severity of the problem within the minimum elevation angle
for UHF is comparable to the same situation at VHF. Where broadbeam antennas are
used that do not realize narrower beamwidths at UHF, multipath effects are worse.

Close to the horizon where multipath is most likely to be a problem, fade rates for both
orbiting space vehicles and aircraft are usually quite low. For an orbiting vehicle, the
fade rate is on the order of 1 Hz or less at the horizon for an operating frequency of 2.3
GHz.

Fade rates for aircraft in level flight close to the horizon are also low, but because
widebeam ground antennas are usually used for aircraft, multipath problems can occur at
high elevation angles where fade rates can be several kHz. Table I contains fade rates as
a function of antenna elevation angle for an antenna 100 feet high that is tracking an
aircraft which is traveling:

1) At 1600 mph in level flight
2) At 1000 feet over a smooth, flat earth
3) In a straight-line path directly over the antenna



The operating frequency is 2.3 GHz.

Other flight configurations give different multipath fade rates.

Table I. Multipath Fade Rates3

Fade rates for aircraft traveling at slower speeds are proportionally lower.

There is no reason to suspect that multipath will be any more, or any less, a problem at
UHF than it is at VHF. At UHF, the effects are sharper and more rapid, but the general
nature of the problem is unchanged. Time delays for a given grazing angle are the same
in both bands, and depths of fades should be approximately the same for the same orders
of nulls at VHF and UHF. That is, the first null in a pattern at UHF should be about as
deep as the first null in the corresponding pattern at VHF. However, the UHF null will
occur at 1/10 the grazing angle.

DOPPLER AND DOPPLER RATES    Both Doppler and Doppler rate increase by a
factor of ten in the shift to UHF. This increase does not affect telemetry receiver
sensitivity when acquisition has been made, but it can reduce tracking receiver
sensitivity as much as 5 db. The greatest Doppler shift occurs for orbiting vehicles, with
the lower orbits producing the greatest shift. The maximum Doppler shift at 2.3 GHz
varies from +58 to -58 kHz with a possible correction of ± 3.6 kHz due to the earth’s
rotation for a 100-nm orbit. The AFC capability of the receiver must therefore have a
peak-to-peak dynamic range of 116 kHz to compensate. At 1550 MHz, this is reduced by
a factor of 0.7. Any additional frequency stresses, such as transmitter and receiver local
oscillator shift, must be added to the frequency stress caused by Doppler.

The maximum Doppler rate is 2450 Hz for a 100-nm orbit at 2.3 GHz. AFC correction
must have a dynamic response this high to follow changes in the Doppler shift. Again, at
1550 MHz, this is reduced by a factor of 0.7. For other than overhead passes, the
maximum Doppler shift and Doppler rates are reduced.



Doppler shift for aircraft is lower than the maximum that can be expected for orbiting
vehicles, but the Doppler rate for aircraft can be comparable to or even greater than the
Doppler rate for orbiting vehicles. A supersonic aircraft traveling at altitudes under 2000
ft. can match or exceed the maximum Doppler rate of an orbiting vehicle in a 100-nm
orbit. General-purpose receivers should be designed to respond to at least the maximum
Doppler rates that would be encountered in orbital missions.

ENVIRONMENTAL NOISE    Natural and man-made noise is generally less at UHF
than at VHF. The decrease in man-made noise with the shift in frequency can be
significant if it is present in any significant amounts prior to the shift. The decrease in
natural noise can also be significant. The decrease in the average values of antenna noise
temperature range from 150E K to 300E K in the shift to UHF, but this doesn’t tell the
whole story. Galactic noise, which dominates the noise contribution at VHF, can vary an
order of magnitude with a maximum as much as five times the average. The difference
between maximum values at VHF and UHF can be as much as 1500E K. Receiver
sensitivity is almost always determined by internal receiver noise, rather than external
noise. However, if internal and external noise are taken as a whole, the effect of reducing
the external noise temperature an average of 300E K is equivalent to improving the
receiver noise figure one unit. The number of db improvement which results is a function
of the antenna and receiver noise temperatures. A one unit improvement in noise figure
has the effect of reducing the required input signal strength to the receiver by a factor of
F/F-1, where F is the system noise figure. The improvement in db is 10 logF - 10 log
(F-1). For F = 4 db, this is 2.2 db; for F = 6 db, it is 1.25 db; and for F = 8 db, it is 0.8 db.
Since realistic values of F fall in the 4 to 8 db range for UHF receivers, an improvement
on the order of 1 to 2 db can be expected.

Figure 4 is a plot of the theoretical antenna noise temperatures of paraboloidal reflecting
antennas in P-, L -,and S -band as a function of elevation angle and illumination edge
taper.3 A 10- or 12-db edge taper can usually be assumed for most large reflecting
antennas. These curves take into account noise contributions from the ground, the
atmosphere, and galactic sources assuming a mean galactic brightness temperature over
the whole sky. A two-level antenna model was assumed for the calculations.

The difference in mean antenna noise temperature between 1485 MHz and 2250 MHz is
slight, and for all practical purposes should not be a determining factor in using one band
rather than the other, even though the noise temperature at S-band is lower than at
L-band. In both UHF telemetry bands, the noise contribution from the ground is greater
than that from the sky, so that any means of reducing receiving antenna back and
sidelobes without a great sacrifice in system gain should improve receiving system
sensitivity. In the SHF and VHF bands above and below UHF, the sky is hotter than the
ground. In SHF, this is due to atmospheric absorption; and in VHF, it is due to galactic
background noise. Thus, above and below the UHF band, side- and back-lobes do not



degrade the noise performance of the system, though they may still be undesirable
because of multipath and RF1. At UHF frequencies, side- and back-lobes are undesirable
on all counts and are best suppressed where practicable.

The theoretical mean antenna noise temperature, from all natural sources in both UHF
bands, varies between 35E K and 200E K. This is in good agreement with experimental
rpeasurements taken on a variety of antennas operating in the UHF band.4 Since ground
noise is the primary contributor at UHF frequencies, it is expected that the characteristic
order of magnitude variation in galactic background noise between galactic pole and
galactic center would not force antenna noise temperature outside the region between
35EK and 200EK.

TRANSMITTER POWER AND STABILITY    The changeover from VHF to UHF
increases the operating frequency by a factor of approximately 10 with an increase by
only a factor of 2 (0.5 MHz to 1.0 MHz) in the minimum assigned channel bandwidth.
This requires the center frequency stability for UHF transmitters to be superior to their
VHF counterparts by a factor of five in order to maintain equivalent drift tolerances.
Generally, such stringent tolerances are not met at UHF. For all practical purposes, UHF
transmitters are limited in power and either stability or deviation bandwidths, and carrier
stabilities of 0.002% or better are not easily achieved even with state-of-the-art
transmitters. Practical solid-state UHF transmitters are currently limited to 5 watts or less
with stabilities of 0.002% at best. State-of-the-art solid-state transmitters under
development early in 1966 were claimed to have had between 0.002% and 0.001%
stability, up to 5 watts CW power output, and carrier deviations up to ± 1. 5 MHz.

Output power levels can be increased by using linear RIP amplifiers. There is usually
improved efficiency with their use because, with any significant gain, the DC-to-RF
conversion efficiency is determined by the efficiency of the amplifier rather than the
efficiency of the basic transmitter. With few exceptions, basic solid-state UHF
transmitters have efficiencies less than 10% while the efficiencies of the power
amplifiers are typically on the order of 25 to 30% . Typical amplifiers have RF output
power levels of 20 watts and gains of from 10 to 13 db. RF amplifiers are used less than
their advantages might suggest because of the size and weight they add to equipment
packages.

Where only a basic transmitter is used, power levels for UHF transmitters are generally
down about 3 db from a comparable VHF transmitter of similar size and weight because
of lower efficiency at UHF.

RECEIVER NOISE    The noise figure of a receiving system is primarily determined by
the first low-noise preamplifier. The noise figure varies widely, depending on the active
element used in the first preamplifier. The tendency is for achievable system noise



figures to increase with increases in operating frequency. Increased line losses as well as
an increase in the noise figure of the preamplifier contribute to this. However, with
certain devices and equipment configurations, the increase is nominal and noise
performance can be better or worse depending on the skill of the designer and equipment
manufacturer. Conventional tube-type preamplifiers are too noisy for satisfactory use at
UHF. Microwave tubes such as traveling-wave tubes and backward wave amplifiers
operate at UHF with noise figures in the 4- to 10-db range and are generally about I db
higher than comparable devices operating at VHF. Tunnel-diode amplifiers can be
expected to operate about as quietly at UHF as at VHF and, with noise figures from 3 to
5 db, are substantially better than transistors which have 6- to 13-db noise figures at L-
band. Cooled and uncooled parametric amplifiers operate as quietly at UHF as
corresponding paramps at VHF, in some cases even better for cooled paramps. Ultra
low-noise preamplifiers using cooled masers are not practical for range use.

Receiver-system noise figures at UHF should be about the same to a little higher than
receiwr- system noise figures at VHF. Table II is a list comparing the noise figures of
various types of RF preamplifiers.
 

Table II Comparison of RF Preamplifiers3

GROUND ANTENNAS    Antenna efficiency suffers with an increase in frequency. For
example, in order for a large antenna with a 60-foot diameter to realize the same
effective area at UHF as a 60-foot antenna at VHF, all the mechanical tolerances must be
improved by a factor of ten, all electrical components such as the feed and any
transmission line between the feed and the first amplifier must operate with the same
efficiency as their VHF counterparts, and even the conductivity of the dish surface must
be improved to obtain comparable operation. To obtain the same degree of efficiency at
UHF as was obtained at VHF without changing the physical dimensions involves a
considerable amount of added cost up to a point where the same degree of efficiency
cannot be obtained at any cost when the antenna is large.



The factors that limit antenna size are cost, mechanical tolerances, beamwidth
requirements for acquisition, and required tracking rates. The tradeoffs are:

1) Mechanical accuracy is obtained by making the structure more massive and rigid.
2) The increased mass limits the tracking rates that can be obtained.
3) If efficiency is high enough so that a 19-db increase in gain is realized with a shift

to UHF, beamwidths decrease by a factor of ten placing greater demands on
tracking accuracies and acquisition techniques.

Ultimately there is a limit reached where mechanical tolerances and tracking capabilities
cannot be maintained at a reasonable cost.

The effect of surface tolerances in the dish of a large paraboloid and an increase in
frequency are shown in Figure 5 with a normalized plot of dish gain as a function of
frequency.3 Here, gain is normalized to 0 db, at a normalized design frequency of one.
The two straight lines are the theoretical maximum gain of the antenna- and the gain of
an antenna operating at 50-percent efficiency, 3 db below the theoretical maximum. The
curve shows the net gain when the degradation, D, due to the surface tolerances is added
to the -3 db line. A design tolerance at fd of 8/32 is assumed. As frequency is increased,
D increases in magnitude until, at a frequency fo = 5 fd , the normalized gain starts to
decrease with increasing frequency. The maximum achievable gain possible for any
antenna with an rms tolerance of 8 /32 at fd is 9 db above the maximum achieveable gain
at fd, and occurs at approximately fo = 5 fd if it can be reached. If the frequency is
increased to fo = 10fd) the net gain is about equal to the design gain at fd, which means a
degradation of . 20 db.

What this means in terms of the UHF conversion is that a dish designed for use at VHF
must have rms surface tolerances on the order of 8/80 or better at VHF to operate with
any reasonable efficiency at UHF. To relate design tolerances other than 8/32 to the
normalized gain curve requires only a shifting of the two axes. The scale is not changed.

The surface material covering the dish is an important consideration. lf the disk is solid,
the dish gain versus frequency behaves as described above, with a gain at fo = 10 fd

approximately equal to the disk gain at fd. If the dish is a wire mesh with a grid greater
than 8/20 at the design frequency, at some frequency less than fo = 10 fd, the grid will
become greater than 8/2. The dish will appear electrically transparent rather than
electrically solid as it does with grids less then 8/2, and it will be completely useless. For
grid dimensions comparable to half a wavelength, the disk is very inefficient; even if the
grid is less than 8/2, the surface appears very coarse as the grid approaches 8/2.
Therefore, wire mesh dishes, unless they are specifically designed for use at UHF or
higher frequencies and have a very fine grid, are generally unsuitable for conversion.



The efficiency gained in decreasing the frequency from the design frequency is slight.
For tolerances of 8/32, the amount of gain to be picked up is less than 0.2 db.

Operation at UHF with a 19-db increase in gain can be realized where tracking and
acquisition requirements permit, and it is cost-effective to build the more expensive,
higher quality antenna to do so. VHF antennas can be built large enough so that it is
impossible to match their efficiency with a UHF antenna the same size for any
reasonable cost. The breakpoint probably occurs for antennas with a diameter between
60 and 85 feet. Tracking and acquisition requirements can limit the increase in gain with
a shift to UHF anywhere between 0 and 19 db.

The system limitation imposed by a required amount of coverage for tracking and
acquisition is conveniently presented graphically. Minimum required coverage
determines the minimum necessary beamwidth of the antenna. What this must be
depends on the amount of information available for acquiring and, when acquisition is
not the limiting factor, the quality of the mount and tracking system. Gain as a function
of required beamwidth is shown in Figure 6. The usable antenna gain lies between 3 and
6 db below the theoretical maximum. Because of coverage requirements, and in many
applications, large paraboloids are not suitable and an increase in gain is not realized
with a shift to UHF.

VEHICLE ANTENNAS    The type of coverage provided on vehicle antennas varies
with the type of mission. With omnidirectional coverage, there is a loss of 3 db in the
shift to UHF because of the difficulty in designing omnidirectional antennas above
1 GHz.

No antenna configuration can provide true omnidirectional coverage, the actual coverage
provided is based on a measure of the minimum gain exceeded over 95 percent of a total
antenna pattern. This minimum gain has been found to work best in calculating power
budgets. A contour plot of gain is made over the entire antenna pattern, and the minimum
gain exceeded over 95 percent of the pattern is, assessed from this plot. Typically, this
will range from -10 to -15 db at VHF telemetry frequencies. At the UHF telemetry
frequencies, due to the increase number of nulls in the antenna pattern, typical values are
-3 db lower.

For deep-space missions using high-gain steerable antennas, cornparable-sized antennas
can be operated with 19 db more gain at UHF than at VHF. Any increase or decrease in
gain between -3 and + 19 db can therefore be realized with the shift to UHF depending
on the antenna used and the nature of the mission.



A COMPARISON OF UHF AND VHF POWER BUDGETS    The relative difference
in db between a UHF and VHF power budget can be computed without having to specify
in detail the characteristics of a particular link, if the relative difference between each
UHF and VHF component of the link is known. This approach has the advantage of
separating the essential differences in operation caused by a shift in frequency bands
from differences caused by variations in particular equipment types and configurations.
Also there are so many possible combinations of components available that exploration
of every possibility would only lead to confusion.

Power budgets are developed by manipulation of the range equation. The range equation
is essentially embodied in the equation for freespace attenuation.

(1)

This is the range equation for a transmitted power PT and a received power PA when both
the transmitting antenna and the receiving antenna are isotropic radiators. To convert this
to a more general form requires only multiplication by the actual transmitting and
receiving antenna gains, GT and GR.

(2)

This is a one-way range equation for transmission over a one-way communication link of
range R. S replaces PA since it is the received signal power at the receiving antenna
output terminals. This equation can be solved with any single parameter a de I pendent
variable. For example, the maximum range Rmax over which a link can be operated when
all other parameters have been established is

(3)

Equation (2) could equally well be solved for any of the parameters as unknown when all
the others are known.

The first parameter that might be established for use in Equation (2) is the requirement
for the received power. The receiver requires a certain minimum power to exceed a
detection threshold. The detection threshold can vary depending on the nature of the
detector and the modulation scheme, but for the sake of illustration, any reasonable value
may be taken. The output signal-to-noise-ratio from the receiver is given by



(4)

where B is the bandwidth, TA the antenna noise temperature, TE the receiver noise
temperature, and K is Boltzman’s constant. For operation, it is required that (S/N)out $
(S/N )D. This constraint solved for S is

(5)

In both the VHF band and UHF band, receiver internal noise usually limits receiver
sensitivity. It is more convenient if the term, (TA + TE), could be expressed in a
reasonable way using just F, the receiver noise figure. This can be done where receiver
noise is the limiting factor. The average antenna noise temperature, TA, at VHF varies
about 350E K to 400EK. For most practical applications, this is close enough to To =
290EK to express Equation (5) accurately as

(6)

This follows since Te = To (F-1). For TA.To, TA + Te. To +To (F-1)=To F.

In the UHF band, TA is usually around 50EK and is small enough to be ignored. In this
case

(7)

When the UHF and VHF bandwidths B are identical, Equations (6) and (7) illustrate the
validity of the statement that the reduction in external noise in the shift to UHF is
equivalent to reducing the receiver noise figure by one.

There are actually two possiblities here. Either Equations (6) and (7), establish a required
value for S, on the basis of available range equipment and a desired telemetry format for
a particular application, or a substitution is made for S in the range equation to introduce
the additional independent variables (S/N)D, B, and F. The former is the most common
for range telemetry. The latter is used for special applications where it is essential to
consider B an independent variable. Where there is a question as to which approach
should be taken, a first cut would be to assume maximum available values for PT, GR ,
GT, and R to see if S is sufficient for detection by range equipments.

On the range, the object is usually to determine beforehand whether or not continuous
coverage can be established over a telemetry link using available equipment. If it can
not, it is more essential that this situation be known than whether or not the situation can



be easily corrected. To draw up a schedule for such a test of coverage, write the range
equation in terms of db.

LF is the path loss in db. The number of db used for the safety margin may be derived
from a gross rule of thumb, or it may be carefully compiled from the individual effects. It
is usually determined more on the basis of engineering practice and experience than
anything else because it is difficult or impossible to assess in detail complex effects such
as multipath fades and other incidental losses that can occur. This is so even though the
effects responsible for the losses can be listed separately.

If a separate schedule is drawn up for two identical missions, one using VHF telemetry
and the other using UHF telemetry, subtracting one schedule from the other produces a
difference schedule in which each entry is now a difference rather than an absolute
value. This is far easier to work with, because it relieves the burden of having to place
absolute numerical values on a relatively large number of variables in many different
situations. In most cases, while the variables change over a wide range, the difference
values remain constant. Once the difference schedule has been established, the net
difference in db can be used to evaluate a new margin appropriate to the situation at
UHF. The sum of these differences is the amount the operating range has been altered in
the shift to UHF. This is the approach that will be used in the next section to evaluate the
effect the shift to UHF has on coverage in the various mission phases.

BALLISTIC VEHICLE SUPPORT    A ballistic mission consists of a launch phase, a
re-entry phase, and a period of transition between the two. Tracking rates may be high,
and range requirements are less than orbital missions. Where the range is short, as in the
type of tests that might be staged at WSMR, broadbearn rather than high-gain antennas
might be used. Referring to the summary of effects in the previous section, the following
difference schedule is appropriate for f = 2.3 GHz.

Effect Margin Adjustment(db) Comments
Path loss -19                --
Atmospheric attenuation - 0 on the minus side but

negligible
Multipath 0 to -3 0 db if a narrowbeam ground

antenna is used, -3 db if a
broad-beam ground antenna
is used.



Plasma effects 0 to -3 -3 db applies only to the
launch phase and only when
a broadbeam ground antenna
is used.

Transmitter 0 to -3 -3 db is appropriate only
where maximum basic
transmitter power is
required. 3-db loss not
especially critical for
ballistic missions.

Receiver +1 to +2 varies depending on receiver
noise figure.

Ground antenna +19 to 0 +19 for narrowbeam antenna
Vehicle antenna -3 omnidirectional coverage

would be used.

Using broadbeam ground antennas that do not realize a +19-db increase in gain with the
frequency shift, the operating range at UHF is decreased compared to VHF. The decrease
is:

Broadbeam Ground Antenna

* Blackout occurs at both UHF and VHF.

The losses incurred by not increasing the ground antenna gain to compensate for the path
loss are large. The effective range Rmax is reduced by a factor of 16 to 25.

If narrowbeam ground antennas are used that compensate for the path loss, the situation
is much more favorable.



Narrowbeam Ground Antenna

For this situation, the reduction in effective range Rmax at UHF is negligible.

ORBITAL VEHICLE SUPPORT     The situation encountered in the launch and re-
entry phase of an orbital mission is identical to that just discussed for the ballistic
Mission. The blackout that can occur during a near-earth maneuver in orbit is about the
same at both VHF and UHF. All effects of interest are therefore contained in a difference
schedule appropriate to a vehicle in orbit. More than likely, a high-gain tracking antenna
on the ground would be used in an effort to recover the increased path loss at UHF. If the
orbiting vehicle is stabilized, there is a possibility of improvement using a directional
Antenna rather than a omnidirectional antenna. The following schedule assumes the use
of a high-gain tracking antenna on the ground.

Effect Margin Adjustment(db) Comments

Path loss  -19

Atmospheric attenuation
Multipath  0
Plasma

Transmitter -3 The decrease in basic
transmitter efficiency is an

Receiver +1 to +2 important consideration
for an orbital mission.

Ground antenna +19
Vehicle antenna - 3 for an omni

0 to +19 for a high-gain steerable
antenna

When the vehicle has an omnidirectional antenna, the shift to UHF involves additional
losses or margin adjustments of -4 to -5 db. This means tha the maximum effective range
Rmax is reduced by a factor of 1.4 to 1.5 or about 30 per cent. However operating with a



high-gain steerable antenna from a stabilized vehicle can afford as much as an 18-db
increase over that obtained with an antenna of comparable size at VHF. This increases
the maximum effective range by a factor of 8.5

DEEP-SPACE AND LUNAR VEHICLE SUPPORT    There is a definite advantage to
operating at UHF for missions where the range is extremely great. The design procedures
used for a deep-space link exploit every possible means of reaching a required input
signal-to-noise level. Such systems use coded formats with slow bit rates and narrow
bandwidths to gain signal-to-noise improvements. Such operation falls outside the usual
class of range telemetry systems. The advantage to UHF is twofold.

1) External noise is a minimum, for the UHF band is in the so-called “cosmic
window.”

2) Operation in this band offers a possible 18-db increase over operation at VHF
using a high-gain steerable antenna for systems with the same format and
bandwidth. The difference schedule for this situation is identical to the schedule
for the orbital vehicle using a high-gain antenna.

AIRCRAFT SUPPORT     The difference schedule for aircraft is the same as that for
ballistic mission with the entry for plasma effects removed. The margin adjustment for
broadbeam ground antennas and omnidirectional aircraft antennas is from -23 to -24 db.

Since an aircraft flies in a fairly stable attitude, except while maneuvering, there is a
possibility of using steerable antennas or even fixed antennas that improve on the gain
over an omnidirectional one. This can add as much as 19 db to the difference schedule,
though it is unlikely this much would ever be used.

The basic situation is this. With relatively short ranges involved for aircraft, there is far
more latitude in the combinations of equipment that can be used. If no attempt is made to
compensate for the increase in path loss, the difference schedule may be reduced as
much as 24 db. However, for specific situations, this may not be bad. On the other hand,
it is possible to reduce this loss using high-gain antennas on the ground or in the plane or
both. The maximum improvement is the same as that obtained for a deep-space vehicle,
19 db. Certainly, operation at UHF should pose no insurmountable problems with
aircraft.
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Figure 1 - Path Length through a 10-Kilometer Atmosphere
as a Function of Elevation Angle.



Figure 2 - Atmospheric Attenuation Due to O2 and H2O in db per km.



Figure 3 - Radio Blackout Regions.

Figure 4a - Antenna Noise Temperature: P-Band.



Figure 4b - Antenna Noise Temperature: L-Band.



Figure 4c - Antenna Noise Temperature: S-Band



Figure 5 - Normalized Dish Gain vs. Frequency.

Figure 6 - Usable Antenna Gain as a Function of Beamwidth.



NEW CONCEPTS FOR TELEMETRY CONVERTERS

LARRY FRIEND
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Summary    Future requirements to convert present VHF telemetry receivers to L and S-
bands can be satisfied by relatively simple solid state microwave converters. Use of the
recently developed Schottky barrier diodes in balanced mixers along with high frequency
field effect transistors in the intermediate frequency VHF preamplifiers, show
considerable promise of providing low system noise figure (e.g. 5.5 dB) and low
intermodulation distortion. These broadband converters have the potential advantages of
minimum cost, size, weight, and power consumption, thereby providing a convenient and
practical means for converting existing telemetry systems to the new frequency bands.
Design considerations and predicted performance characteristics are presented for solid
state converters of this type.

Introduction  By January 1970, all telemetry operations must move from the present
VHF band (215-260 MHz) to the new microwave bands of 1435-1535 MHz and 2200-
2300 MHz. Consequently, there is an immediate need for the various telemetry ranges to
modify or replace the present VHF equipment. Several of the ranges are now evaluating
possible solutions to this problem.

The most probable solutions are either a completely new microwave receiver system or
some combination of microwave antennas and frequency down-converter that will utilize
the present VHF equipment in the field. An important consideration is the increased
bandwidth of the new microwave bands (totaling 200 MHz), as contrasted with the
present VHF receivers that usually tune only a 45-50 MHz band. Hence, a compromise is
required to utilize the existing VHF equipment, such as tuning each of the new bands in
two 50 MHz increments. For example, to change from the low end of the S-band (2200
MHz) to the high end of the band (2300 MHz) would require changing the first local
oscillator frequency because of IF bandwidth limitations. Therefore, two local oscillators
with appropriate switching networks could be used to cover the complete band. With the
lower injection frequency the VHF receiver would tune from 215 to 265 MHz and cover
the new input range of 2200 to 2250 MHz. Likewise, with the high injection frequency,
the VHF receiver would also tune from 215 to 265 MHz but cover the new input range of
2250 to 2300 MHz. A similar arrangement could be used to accommodate the 1435-1535
MHz band. Unfortunately, this arrangement does not permit simultaneous reception of



two signals at opposite ends of the new band. For acquisition of two simultaneous
telemetry signals (e.g. 2220 and 2280 MHz) with two VHF receivers, it would be
necessary to have two separate frequency converters each with a different local oscillator
injection frequency.

It appears that a better solution is an entirely new microwave receiver that covers both of
the new bands and provides a 100 MHz tuning range. This would alleviate the
aforementioned problems. Although a new microwave receiver is the best technical
approach, a substantial capital investment would be required to outfit a complete test
range. It seems probable that some sort of frequency down-converter will be utilized as
an interim measure (next 5-10 years) until the present VHF receivers can be fully
depreciated. In most cases, the addition of an L-band and S-band frequency converter is
the most economical method of moving up to the new bands. With this premise in mind,
the following sections discuss new concepts and techniques for frequency down-
converters, new state-of-the-art devices, and a recommended converter design.

Converter Design And Performance Considerations    The frequency down-converter
is an auxiliary piece of equipment that may be added to a VHF receiver and thereby
adapt it for receiving microwave frequencies. For acquisition of the new L-band and S-
band telemetry frequencies (1435-1535 MHz) at least two converters are required, one
for each band. These converters are usually specified to be broad band, fixed tuned, and
have a fixed local oscillator frequency. Specific frequency selection is accomplished by
tuning the VHF receiver, which is in essence now a tunable IF amplifier. A typical block
diagram for one of these converters is shown in Figure 1. The individual functional
components are self-explanatory although numerous variations in circuit hardware are
possible. For example, the microwave preamplifier may incorporate vacuum tubes,
transistors, tunnel diodes, parametric varactors, or a traveling wave tube. Each of these
devices have at least one different attribute that may make it desirable for a specific
application. It is not within the scope of this article to evaluate the relative merits of
these differences in detail.

A more universal approach is to consider the important characteristics or parameters of
the overall converter. These characteristics have been tabulated in Table 1. The relative
importance or weighing of these characteristics will determine the design approach and
the specific devices that can be utilized. Some of these characteristics are inter-related
and some have conflicting requirements. For example, by increasing the point of output
saturation the intermodulation distortion is reduced. Fortunately these two parameters
compliment each other. In considering various preamplifier techniques in general, there
seems to be an inverse correlation between low noise figure and low intermodulation
distortion. The low noise parametric amplifier and tunnel diode amplifier, for example,
suffer from increased intermodulation distortion. Principally, this correlation is because
of their limited dynamic range rather than any basic relationship between noise figure



IMPORTANT CHARACTERISTICS OF FREQUENCY
CONVERTERS

TABLE I

Characteristic of Frequency
Converter Application Considerations

1. Low noise figure (high
sensitivity)

Weak signals: long range, poor site location, mutipath
fading, frequent bad weather.

2. Gain stability Amplitude sensitive systems: monopulse tracking,
conical scan receivers.

3. Phase stability Phase sensitive systems: phased array antennas,
distance measuring equipment, interferometer angle
measuring.

4. Low intermodulation and
cross modulation

Universally desirable, particularly in dense signal
areas and with multiplex modulation.

5. Output saturation Strong signals: close in tracking, near by transmitter,
high gain antenna. Also see #2 above.

6. Front end burnout Extremely strong signals. Faulty power supply
ground, lightning, static electricity. Also see #5
above.

7. Image rejection Universally desirable, particularly in dense signal
areas with omnidirectional antennas or in areas of
known interference.

8. Local oscillator radiation RFI: nearby receiving equipment operating in same
band, FCC requirement, MlL-I-2600, etc.

9. Reliability and
maintainability

Accessability: remote site antenna mounted, on top of
tower. Simplicity of design, use of solid state low
voltage devices.

and intermodulation. A contrasting example is the vacuum tube with higher noise figure,
but greater dynamic range and, therefore, less intermodulation distortion.

Phase and gain stability are strongly dependent upon the circuit design and the specific
active devices selected to perform the desired functions. The single port amplifiers, such
as parametric amplifiers and tunnel diode amplifiers are inherently less stable than
unilateral two port amplifiers. Amplifier gain stability can almost always be improved by



reducing the gain per stage. Phase stability is closely related to bandwidth and the
method of interstage tuning. If a particular application requires high phase stability, then
stagger-tuned amplifiers should always be avoided. With identical gain, the synchronous
tuned amplifier will have better phase stability. As a general rule, increasing the
bandwidth will also improve the phase stability.

Recent studies in the field of intermodulation and crossmodulation distortion have
provided better understanding of these characteristics. It is now possible to predict this
type of distortion with a fair degree of accuracy. The key parameters are the device
nonlinearity and the dynamic range of the complete circuit. Experience has shown that
there is very little the engineer can do to significantly alter the device nonlinearity other
than choose a different type device. The most practical way to reduce intermodulation
distortion is to increase the dynamic range of the circuit. Sometimes this may only
involve changing the bias or operating point of the device. A predictable relationship has
been theoretically determined and physically observed between signal level and
distortion which indicates that a 1 dB increase in signal level will cause a corresponding
2 dB increase in intermodulation and a 1 dB increase in crossmodulation.1 The
intermodulation relationship is shown in Figure 2 as it applies to a resistive diode mixer.
The absolute distortion level is a function of the circuit saturation point or dynamic
range. As shown in the graphical data, this saturation of transfer function is determined
by the local oscillator power. A cursory glance at Figure 2 will reveal a large reduction
in third-order intermodulation product (34dB) by using 50 mw of local oscillator power
instead of I mw. This mode of operation will be discussed later as it relates to hotcarrier
mixers. An empirical equation has been formulatedl to calculate the intermodulation
ratio. (IMR) .

(1)

where
IMR = Ratio of third-order intermodulation to signal, in dB
Po = Power out of device
Pom = Maximum available output power
(K - 2Pom ) = 19.5 dB for maser, crystal diode, or varactor.

The constant “K” is dependent upon device nonlinearity characteristic. Other devices
such as the bipolar transistor, vacuum tube, tunnel diode, and traveling wave tube have a
somewhat worse (reduced) nonlinearity coefficient. In fact, these four devices have very
nearly the same coefficient and their intermodulation distortion can be predicted from the
graph in Figure 3. Although they may have nearly identical “K” factors, the vacuum tube
has greater dynamic range (or power output) and will therefore have less intermodulation
distortion than the bipolar transistor or tunnel diode for the same input power. Amplifier
design criteria should normally include maximum power output (Pom).



From the standpoint of intermodulation and crossmodulation, it is interesting to
differentiate between the bipolar and field-effect transistor (FET). The bipolar transistor
has greater nonlinearity than the FET. Accurate intermodulation data for the FET has not
been widely published, but it is believed to closely follow Equation I and Figure 2.

The Schottky-Barrier Diode Mixer    The recent development of the Schottky-barrier
diode (also called hot-carrier diode) will have considerable impact on future mixers used
in frequency converters. Basically, the diode consists of a rectifying metal-to-
semiconductor contact in which current flow is predominantly by majority carriers.
When the diode is forward biased, these majority carriers are injected into the metal with
a greater velocity than the already present thermal electrons, hence they are sometimes
called hot carrier diodes. Switching time and high frequency performance is greatly
improved by the virtual elimination of minority carriers and the associated practical
limitations imposed by minority-carrier storage or recombination time. Under conditions
of reverse bias a voltage barrier (discovered by Schottky) is formed at the metal-to-
semiconductor junction which prevents the flow of reverse current and hence the name
Schottky-barrier diode.

A Schottky-barrier diode has approximately the same nonlinearity coefficient as the
conventional point-contact diode, but the spreading resistance has been reduced to one-
fourth the usual value. It therefore, has lower conversion loss, lower noise figure, a
relatively constant noise ratio, and the ability to typically handle 0.1 mw to 50 mw of
L. O. power without degrading the noise figure. These advantages, however, cannot be
realized by direct substitution of a Schottky-barrier for a point-contact diode. To yield
optimum results, the circuit must match into the lower spreading resistance.

By virtue of its planar construction, the Schottky-barrier diode is mechanically rugged
and more resistant to shock and vibration than the conventional point-contact diode.
Figure 4 compares the metal-to-semiconductor construction method of the Schottky-
barrier diode to the point-contact junction design. Since the point-contact junction is
achieved by applying light spring pressure to the point, it is probable that the point will
bounce under vibration, become blunt, and degrade diode performance. Each time the
point moves, a new junction is formed. This characteristic can be responsible for poor
reliability and makes it increasingly difficult to keep matched diodes in a balanced mixer
over a long period of time. The point-contact area of a 1N21WE diode is approximately
2 x 10-7 sq. inch. From this it may be seen that, at a forward current of 1.0 ma, the current
density at the point contact becomes 5000 amperes per sq. inch. At these high current
densities the heat generated must be dissipated mainly by conduction through the
semiconductor material. As a result, burnout occurs at a relatively low power level. The
Schottky-barrier diode, on the other hand, is highly resistant to burnout. A comparision



* Data furnished by Texas Instruments, Inc.

** Sylvania reports a silicon Schottky-barrier diode type D5501B having a 6 dB maximum NF at
S-band. Texas instruments reports 5.8 dB at S-band with a silicon type L-171 and 5.3 dB NF at
S-band with a GaAs type L-79.

of test results* is shown in Figure 5. Each diode was tested by means of apparatus made
according to military specification MIL-S-19500/233B. It may be noted from Figure 5
that the point contact 1N23WE diode withstood the specified 2-erg level quite well but
showed deterioration following pulses at the 3-erg level. The Schottky-barrier diodes
under test in the same apparatus showed from 3 to more than 10 times better burnout
resistance in this comparison run, the larger-diameter contact showing better resistance.
The test was discontinued at 20 ergs, hence was not conducted above this 400 volt test
potential.

Schottky-barrier diodes can be fabricated with silicon, germanium or gallium arsenide
semiconductor material. Most of the devices available at this time utilize N-type silicon.
However, some gallium arsenide (GaAs) devices are now available that exhibit superior
qualities as compared with silicon or germanium. A comparison of the three
semiconductor materials* is shown in Table 2. The low total resistance of gallium
arsenide results in less conversion loss and lower noise figure. Some typical noise
figures are shown in Figure 6 as compared to conventional point-contact silicon diodes.
(Noise figure measurements were made using an argon gas tube calibrated at the
National Bureau of Standards.) To make the meter reading consistent with the commonly
accepted definition of single channel receiver noise figure, the image side band excess
noise of 3dB is added to the reading on the noise figure meter. The indicated overall
noise figure NFo, of Figure 6 includes this correction. With GaAs diode mixers noise
figures of 5.5 dB attainable at X-band, it doesn’t seem economical to use an RF
preamplifier in converter front ends except for very special applications.

GaAs Schottky-barrier diodes are in the relatively early stages of development and there
is insufficient data available across the frequency spectrum to make an accurate
comparison with silicon Schottky-barrier diodes. Some recent test data at S-band
indicates that GaAs has approximately a 0.5dB better NF than silicon.** It is probable
that GaAs will be better than silicon at all frequencies, because of the characteristics
shown in Table 2.

The Field Effect Transistor Preamplifier    Another comparatively new device, the
high frequency field-effect transistor (FET), will become more predominant in future low
noise VHF circuits. It has many of the same characteristics as a triode vacuum tube, but
surpasses the tube in exhibiting lower noise figure and less intermodulation distortion.
Since it is beyond the scope of this article to give a detailed discussion of the physics and



TABLE 2
COMPARISON OF SEMICONDUCTOR MATERIALS

construction of field-effect transistors, the reader is referred to the references, 2 through
8, at the end of this article. These devices are expected to have much wider application in
the electronics industry than the Schottky-barrier diode, consequently, it is pertinent to
give a brief introduction to their characteristics and a comparison to the bipolar
transistor.

The FET is essentially a semiconductor having a current path whose resistance is
controlled by applying an electric field perpendicular to the current path. Impression of
the electric field on the semiconductor bar is through a control element called the gate
(analogous to the vacuum tube grid). Current flows through the semiconductor bar from
source to drain (analogous to cathode and plate, respectively). Electric field from the
gate controls the majority carrier flow through the semiconductor bar. It is important to
note that the semiconductor bar is purely resistive and that there are no minority carriers.
Current can flow through the bar in either direction, and in this respect it is different than
the vacuum tube. As a matter of interest, the labeling of source and drain is purely
arbitrary and they may be interchanged with equal results. Therefore, the device is
sometimes called unipolar. There is no fundamental limitation to power handling
capability and devices are now being developed that will dissipate a hundred or more
watts. Present small geometry devices are useful as amplifiers up to 500 MHz, (for
example type 2N3823) and above 500 MHz, the 2N3823 performance is basically
limited by the TO-72 package. The characteristics of two high frequency FET’s are
shown in Table 3.

Their noise figure at 100 MHz is better than the vacuum tube and approaches the best
bipolar transistors. Intermodulation distortion is less in the FET than in both the vacuum
tube and the bipolar transistor. The only principal disadvantage for VHF circuits is the
high input and output impedance. Broadband circuits become a little more difficult to
design than with low impedance bipolar transistors. The advancement of FET technology
over the next few years are expected to provide heretofore unattainable circuit
capabilities.



TABLE 3
FET CHARACTERISTICS

Converter Design Example    The FET and the Schottky-barrier diode can be utilized to
build a simplified and reliable telemetry converter for L or S-band. With the low noise
figure of the Schottkybarrier diode, an R. F preamplifier normally is not required. A
specific example of such a converter is shown in the block diagram of Figure 7 and a
tabulation of its probable characteristics in Table 4. The hot-carrier mixer recommended
for this converter would have a local oscillator drive of 50 milliwatts and a resulting
dynamic range from the thermal noise to +14dBM. This is an important feature in
converters since the intermodulation distortion is directly related to the dynamic range.
Intermodulation distortion for this mixer can be predicted from Figure 2 using the above
operating parameters and expected signal levels.

Preceding the hot-carrier mixer in Figure 7, are two other important components, a ferrite
isolator and a bandpass filter. The isolator is useful to suppress local oscillator radiation
(about 25 dB suppression) and to decouple the antenna from the bandpass filter. Without
this isolator, the antenna VSWR could detune the filter and change the bandpass
response. The purpose of the bandpass filter is to provide image rejection (60dB) and to
suppress local oscillator radiation (45 dB). An additional 20 dB of local oscillator
suppression is provided by the balanced mixer circuit. The radiated oscillator signal at
the antenna input can be calculated as follows:



Local Oscillator Power +17 dBm
Balanced Mixer Rejection -20 dB
Bandpass Filter Rejection -45 dB
Ferrite Isolator Rejection -25 dB    
Radiated Local Oscillator Level -73 dBm

Table 4
DOWNCONVERTER SPECIFICATIONS (L OR S-BAND)

Input Frequency: 2200 to 2300 (S-Band)
1435 to 1535 (L-Band)

Output Frequency: 215 to 265 MHz

Noise Figure: less than 7 dB, typical 6 dB

Oscillator Stability: ± 0.0005% in 8 hours after
15 min. warmup

Input VSWR: less than 1.3: 1

Overall Gain 20 dB nominal

Radiated Local Oscillator
at Input Connector:

less than -70 dBm

Image Signal Rejection: 60 dB

Intermodulation: Third order intermodulation at the
downconverter output will be less
than -100 dBm with two input
signals at -30 dBm.

Operating Temperature Range: -30EC to +60EC

Dynamic Range: thermal noise to -10 dBm
(up to +10 dBm without damage)

Input Power: 28 VDC at 0.5 amp. (normal operate)
28 VDC at 2 amp. (during warmup).

In this example, the local oscillator signal originates in a replaceable module that is
temperature stabilized. Within this module is a crystal oscillator, power amplifier, single
stage multiplier, and an output filter.



With temperature stabilization, the frequency stability can be held to +0.0005%. A
noteworthy feature of the suggested local oscillator is a single stage multiplier using a
step-recovery diode. Tuned idler circuits are not necessary and the single step-recovery
diode is more stable and reliable than a more conventional varactor multiplier chain.

Following the hot-carrier mixer in Figure 7, is a low noise IF amplifier utilizing field-
effect transistors. The primary purpose of this amplifier is to provide an overall gain of
20 dB for the downconverter and to keep the mixer noise figure independent of external
cable losses or second stage noise figure. Intermodulation products from a -30 dBm input
will be less than -100 dBm at the downconverter output.

Several variations of this converter are possible. If cost is of prime importance, the ferrite
isolater could be eliminated at the expense of mismatch and increased L. O. radiation. A
further cost reduction is possible by eliminating temperature stabilization. Under this
circumstance, the L. O. stability would be relaxed to ± .005%.

If it is desirable that the converter be mounted on the antenna, the dc power could be
supplied through the center conductor of the output coaxial cable. In such an instance, it
would even be possible to mount the local oscillator module within the telemetry
building and feed the L. O. signal to the converter through the output cable. Within the
converter, the L. O. signal could easily be separated from the IF output by nature of their
wide frequency separation. This type of scheme would facilitate changing the local
oscillator frequency from within the telemetry building. It would also provide a relatively
stable temperature environment for the local oscillator module and consequently simplify
equipment maintenance.

Conclusions    With recent advances in Schottky-barrier diodes and the FET, it is
possible to build simplified and improved frequency converters. Mixer noise figures
have been improved to the point that an RF preamplifier is not necessary for most
applications. The elimination of a preamplifier and use of a hot-carrier mixer can result
in better phase and gain stability, less spurious generation and intermodulation products,
greater resistance to front end burnout and reduced cost. Reliability and maintainability
are improved through the design simplification achieved.
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Fig. 1- Typical Frequency Downconverter



Fig. 2- Mixer Intermodulation



Fig. 3- Intermodulation Distortion For Bipolar Transistors, Vacuum
Tubes, Tunnel Diodes, and Traveling Wave Tubes.



Fig. 4- Comparison Point Contact Diode and Schottky Diode Construction

Fig. 5- Burn Out vs. NF Comparison



Fig. 6- Noise Figure Comparison at X-Band for Point Contact Diodes
and Schottky Diode

Fig. 7- Downconverter Block Diagram
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UHF TELEMETRY SYSTEMS DESIGN FOR THE
EDWARDS HIGH-RANGE1

R. T. BLAKELY, I. BOSINOFF, and N. I. HEENAN
The MITRE Corporation

SUMMARY    A systems design analysis for the Edwards High-Range UHF telemetry
receiving station network is described which takes into account reliability, availability,
design adequacy, and initial and operating costs. Alternate High-Range configurations
investigate the utility of sites using omnidirectional, sector, and steerable antenna
systems in both the manned and unmanned modes of operation. In the analysis,
reliability, availability, and design adequacy are combined as a measure of system
effectiveness in a manner that permits the system design to be selected on the basis of
maximum system effectiveness for a given total systems cost. Finally, an operational
guideline is presented that permits the future programming of the range operation and
expansion to be premised on probable losses incurred due to down-time.

INTRODUCTION     The mandatory shift of telemetry services from VHF to UHF by
1970 has necessitated the redesign of air-ground telemetry systems. In the case of the
Edwards Flight Test Range, this redesign is being carried out by the Electronic Systems
Division of the Air Force Systems Command with the assistance of The MITRE
Corporation. The systems engineering required to implement the range with UHF data
acquisition facilities must take into consideration the operational support requirements of
the 1970-era, the systems factors affected by the change in frequency, and the state-of-
the-art in the telemetry equipment industry. In addition, the design must be integrated
with a real-time data transmission system which relays the information to the display
centers at Edwards, and it must be consistent with the terrain and environmental factors
affecting the operation of equipment on the range.

This paper summarizes the systems design for the high-range of the Edwards Flight Test
Range. It does not include the design of the ocean test area coverage system or of the
local flight-line coverage system for Edwards Air Force Base.

The high-range is a loosely defined corridor 400 miles wide centered on a line
connecting Edwards AFB with a point in the Sawtooth Mountain Range near the
intersection of the Utah, Nevada, and Idaho borders. The 1970 operational requirements



that must be met by the high-range system are summarized in Table 1. In meeting these
requirements, two diverse approaches were used. One approach was based on the use of
unmanned sites, each of which employed omnidirectional antenna systems. This
approach, if followed, would continue the AFFTC practice of utilizing unmanned sites.
Recognizing that NASA now has three manned sites at Edwards (Flight Research
Center), Ely and Beatty, it was considered permissible to study manned sites. These sites
offered the immediate possibility of employing steerable antennas provided they could
be radome-protected from weather conditions such as those shown in Figure 1.

Table 1. Summary of Operational Requirements of High-Range

Frequency Bands 1435-1540 Mcs (L-Band)
2200-2300 Mcs (S-Band)

Number of Missions/Site 2 or less
RF Links /Site 6 or less, a maximum of 3 may be S-Band
RF Bandwidth/Link 0.5, 1.0, or 1.5 Mcs
Transmitter Power 20 to 50 watts
Airborne Antenna Gain 0 to -3db average gain
Polarization Any
Frequency of Flights 1 per day (average)
Average Duration of Flight 3 to 4 hours
Minimum Range 5 miles from a site
Maximum Range varies with mission
Altitude to 300,000 feet
Speeds to Mach 14
Telemetry System MTBF 100 hours (target) 
Equipment Life 5 to 10 years
Maintenance Technicians AF Grade 5

In summary, the basic approach to the system problem was to postulate fixed and
steerable antenna systems, and manned and unmanned sites, and to determine a site and
equipment mix that optimized the system effectiveness for a given total systems cost.

DESIGN CONSIDERATIONS     In considering fixed antenna systems, the
omnidirectional tntenna system shown in Figure 2 was utilized as a point of departure.
This antenna was the result of a development contract between Chu Associates of San
Diego and the Air Force Flight Test Center. It provides L - and S-band coverage for both
horizontally and vertically polarized signals. Although this antenna is still under
evaluation, it appears that about 6 db of gain is realizable in four polarization options.
Additional gain is achievable with fixed antennas of this type by either (1) increasing the
number of stacked colinear elements to increase directivity in the vertical plane, or (2)
increasing the gain and directivity in the horizontal plane by restricting the coverage to a



sector less than 360E and juxtapositioning several sector coverage antennas. An analysis
of both possibilities indicated that 8 to 10 represented a practical maximum number of
elements in the colinear array, and that 90E represented the smallest practical sector. The
first factor is determined primarily on the basis of operational and technical factors
(directive gain and impedance matching), and the sector limitation is due primarily to
cost limitations since a minimum amount of equipment is associated with each (sector)
antenna.

Directional antennas of 6-,8-,10- and 12-foot diameter were considered. Such antennas
provide sufficient gain and beamwidth and are small enough to be enclosed and mounted
at the top of a mountain either on transportable or fixed pads.

Systems Threshold     The system noise temperatures obtainable in a system with the
use of various preamplifiers are summarized in Figure 3. On the basis of cost and
maintainability, the preamplifiers considered for the remainder of the study were the
tunnel-diode amplifier (TDA) or the transistor amplifier, and a system noise temperature
of 1160E K was considered realizable.

The above considerations permit the calculation of maximum freespace range for the
various antenna systems considered. These are tabulated in Tables 2 and 3, and are based
on an end-of-range desired minimum signal-to-noise ratio of 13 db and a minimum
margin of 8 db. The power budget and free-space range calculation permit a measure of
the adequacy of each proposed configuration. The design adequacy is required in the
subsequent analysis.

Table 2.  Power Budget:  Assumed Parameters

TS 1160EK
RF Bandwidth 500 Kcs
End of Range S/N 13 db
LA 1.5 db
GT 0 db (average)
Polarization Loss 0 db
Frequency 1435 Mcs
Margin 8 db (minimum)
PT 50 watts
GR 6 to 32 db



Table 3.  Free-Space Median Performance

Margin Requirements     It is common practice in engineering problems such as this to
assume normal distributions for variable quantities since, in most cases, this gives a
fairly accurate representation of the physical facts. The result of combining several
normal distributions is also normal, and there is a one-to-one correspondence between
the related cumulative distribution function and communication reliability.

This is tabulated below in units of standard deviation (F):

Communication Reliability (%) Cumulative Distribution Limit

 50 0.0 F
 90 1.3 F
 99 2.3 F
 99.9 3.1 F

Thus, to achieve a communication reliability of 90%, acceptable for telemetry service on
the Edwards High-Range, a margin of 1.3 F is required.

The important variations in system parameters and the resulting standard deviation are
tabulated below:

Paramete r Standard Deviation (db)

Miscellaneous Effects 1
Airborne Antenna Gain 3
Ground Antenna Directivity 1.3
Path Loss 7   

   F 7.9



2 Lund and Winder “X 15 A 2 Antenna Location Study,” Boeing Company, Seattle, Washington.
Contract No. NAS 4-485, NASA.

3 K. Bullington, “Antenna Engineering Handbook, “ edited by H. Jasik, McGraw Hill, Chapter
33, 1961.

Miscellaneous effects include variations in noise figures and gains of various equipments
as received from the manufacturer and resulting from age. Installation variations and
aging effects in cable runs are also included and maintenance effects are involved as
well. The result is equivalent to an effective system noise temperature that varies
between 580EK and 2320E K.

Airborne antenna gain can vary greatly from vehicle to vehicle and mission to mission.
The figure used in this study is based on an analysis made by one of the authors of the
model study2 conducted on the X-15 VHF telemetry antennas. The analysis was
restricted to the region 0 # N # 360E and 85E # N # 105E with the aircraft assumed in
straight and level flight. Both top and bottom-mounted antennas were considered.

At extreme ranges, the angle subtended by the mission vehicle and the horizon will vary
with vehicle altitude. This necessitates assigning a standard deviation to the antenna
directive gain. Based on the use of an 8 to 10 element colinear array, this factor amounts
to 1.3 db for the operational heights of 30,000 to 300,000 feet.

The most important variable factor in the system design is path loss. This factor varies
both on a long-and short-term basis. The variations, due to the effects of turbulence, are
jointly proportional to path length (through the atmosphere) and to frequency. Although
the short-term variations are approximately Rayleigh distributed, the approximation to a
normal distribution above the median value is accurate to about ± 5%. The standard
deviation of 7 db attributable to this factor is based largely on the published works of
Bullington.3

Design Adequacy     The above analysis indicates that 90% communication reliability is
achieved with a system margin of 1.3 x 7.9 = 10.3 db. The subsequent analysis will
indicate the importance of the sector and steerable antenna systems in either the manned
or unmanned modes. These systems are capable, under some conditions, of achieving up
to a 300-mile coverage radius. Therefore, for the majority of high-range mission
altitudes, the sites at which such systems are placed would be horizon-limited rather than
power-limited. This is an important fact since the majority of missions using the range
fly below 70, 000 feet. Moreover, the missions now flying the high-range use high power
and RF bandwidth of 500 kc or less (See Table 3).



It was therefore considered advisable to consider the design adequacy of the sector
antenna systems operating in each of two cases. In Case I, the operating parameters were
considered to be:

Transmitter power 50 watts
RF Bandwidth 500 kc
No Specular Reflection
No Polarization loss

In this case, horizon-and power-limited coverage is achieved almost concurrently at a
maximum altitude of 70,000 feet. From Table 3, the margin is 8 db; this corresponds to a
communication reliability of 85%. However, approximately 4 out of every 27 flights are
not covered by a system providing maximum range coverage to only 70,000 feet. Thus,
85% of the flights are each covered with a reliability of 85%. This indicates a design
adequacy of 72% (.85 x .85) for sector antenna systems placed at Edwards, Ely, and the
Sawtooth Site.

Case II for the sector antenna system considers the reduction of transmitter power from
50 to 20 watts or the increase of RF bandwidth to 1.5 mcs and the imposition of a 3 db
polarization loss. This places another 7.8 db requirement on the system margin of 10.3
db if the 300mile line-of-sight requirement at 70,000 feet is to be met. Thus, the margin
required is 18.1 db (7.8 db + 10.3 db) and the margin available is 8 db. Therefore, for
this case the design adequacy is essentially zero.

The steerable antenna systems afford a design adequacy of essentially unity. This is
particularly true of the 12-foot antenna which affords a 21 db margin against the 18 db
required even at horizon distances corresponding to altitudes up to 300,000 feet. The
number of vehicles projected to use these extreme altitudes at ranges more than 700
miles beyond the Sawtooth site is so small that it does not warrant the extension of the
range to provide this coverage at this time.

A design adequacy of unity can be achieved with a large number of omnidirectional
sites.

Station Equipment Configurations    With this background, it is now possible to
specify site or station equipment configurations that have been used in the subsequent
cost and effectiveness studies. The site equipment configurations considered were as
follows:

1) Ornnidirectional Site Configuration
2) Sector Antenna Configuration Four-90 0Sector Antennas/Minimum Receiver

System



4 See Table 6 for a listing of cost categories.

3) Monopulse Auto Track/Minimum Receiver System

Block diagrams of these systems are shown in Figures 4, 5 and 6.

COST ANALYSIS     The cost and configuration analysis examined a spectrum of range
configurations incorporating both varied site locations and the use of the omnidirectional
site configuration, the 90-degree sector site configuration, and the monopulse Auto
Track/Minimum Receiver site configuration. As a logical point of departure, alternatives
representing a direct conversion of the range from VHF to UHF were considered; these
included the use of existing sites, and the use of the omnidirectional system site
configuration. After the evaluation of direct conversions, range configurations were
examined that represented a more precise synthesis of the operational requirements. A
more detailed description of all the alternatives and a summary of their respective cost
are included in this section.4

In the course of this analysis, certain ground rules were specified to guarantee
consistency with the objectives of the analysis:

1) The analysis is an estimate of cost; i.e., an estimate of the direct and indirect costs
attributable to the introduction of the new system.

2) An examination includes only incremental costs (the additional costs that must be
incurred).

3) Five years of maintenance and operation are included in total system cost.
4) For the purposes of this paper, all costs will be presented on the basis of “cost

units.”
5) Total systems cost includes research, development, technology, and engineering

(RDT&E), initial investment, and five years of operation and maintenance. The
cost of operation and maintenance for five years includes the maintenance of the
microwave link. Since maintenance crews service both Microwave Repeater Units
(MRU) and Data Acquisition Units (DAU), it was difficult to separate them in the
projection of required manpower. Maintenance of the microwave trunk line is the
same for all alternatives so that this convenience does not affect the decision
factors.

6) While it has been established that a new microwave system is required to meet the
projected operational requirements, it has not been costed in this exercise. When
the addition of a new site is considered, the cost of a microwave link to connect
the site to the existing microwave trunk line is included. From a decision
standpoint, the updating of microwave will be the same for all alternatives and as
such does not influence the decision as to which range telemetry configuration
should be specified.



7) Equipment to provide the coverage over the Pacific has not been considered in this
analysis. At the present time, it has not been decided whether this coverage will be
provided by AFFTC or the Western Test Range at Vandenberg.

Use of Existing Sites    The initial analysis considers the use of all existing sites and
provides each of the five sites with a UHF capability. The greatest similarity in
equipment and coverage was achieved by using the 90E sector antenna system
configuration and its related equipment at each site. This provided the same coverage
capability as presently exists in the 30,000-70,000 ft. altitude range and, in addition,
allowed the unmanned mode of operation at the remote sites. The following assumptions
were made before costing this alternative:

1) Available space at the existing sites for the new equipment.
2) Use of portable shelters to house the UHF telemetry equipment.

The following is a summary of the cost units for this alternative:

Omnidirectional Antenna Systems    Another alternative which was examined involved
the use of sites with omnidirectional antenna systems of the colinear array type. Each site
would have a station equipment configuration similar to the present DAU equipment
configurations on the range. Due to the decrease in coverage with the omni-antenna
system at UHF, many additional stations were required. Even with the optimistic
assumption of line-of-sight coverage, six new DAU’s and eight new MRU sites would be



required in addition to the five presently existing DAU sites. Again, it is assumed that
portable shelters will be used to house the equipment and diesel power will be used at
the new sites. Costs for this range configuration are as follows:

RDT&E Initial Investment Total Systems Cost
          Units            

24 89 173

Three-Site Configuration and Operational Requirements     Having completed the
base study of a one-for-one conversion, close scrutiny was given to the operational
requirements. Coverage as a function of altitude was examined to determine what
coverage was necessary to meet operational requirements. Shown in Figure 7 is the
existing horizon-limited coverage at 60,000 feet and a proposed three- station coverage
that was deemed adequate to meet operational requirements over the High Range. The
three-station range configuration uses the existing sites at Ely and Edwards and, in
addition, a new site in the Sawtooth Mountains. Shown in Figure 8 is the existing and
proposed three-site coverage at 30,000 feet. The small gap in coverage in the three-
station configuration is over Atomic Energy Commission property which the range
aircraft are not allowed to overfly. It was pointed out that if at a later date aircraft were
allowed to overfly this area, coverage would be achieved if missions were flown at or
above 31,000 feet. This three-station configuration was the culmination of a study
examing a large number of combinations, in light of requirements.

A close examination was made of feasible three-site equipment configurations. Before
costing these configurations, the following two assumptions were specified:

1) Space and power were assumed to be available at both the Ely and Edwards site.
2) At the Sawtooth site, diesel-generated power would be used. If a manned site was

considered, a building would be constructed; if it were an unmanned site, portable
shelters would be used for the equipment.

Shown in Table 5 are the costs of four three-site range configurations. It was observed
that within the accuracy of the estimates there was no significant difference between the
total systems costs of the four alternatives presented. In RDT&E, it was felt that no
significant difference existed between the alternatives. The initial investment tends to be
higher for a sector system due to the increased amount of equipment and the fact that the
receivers must be controlled remotely.

Additional Site at Wheeler Peak, Nevada     At the request of AFFTC, the possibility
of using Wheeler Peak, Nevada, as a site was investigated. AFFTC was interested in
collocating telemetry with a proposed radar installation at this site. Shown in Table 6 are



the costs of two range alternatives using this site. In both cases, the costs include the
Wheeler site in addition to the sites at Edwards, Ely, and Sawtooth.

Table 5.  Three-Station Costs

Table 6. Three-Station and Wheeler Peak Site Costs



Figures 9 and 10 depict the additional coverage that would be provided by this site over
the three-site configuration at 60,000 feet and 30,000 feet, respectively.

Recommendations     On the basis of this cost and configuration analysis, it was
recommended that a three-site configuration be used to implement the high-range at
UHF. This configuration provides a minimum cost solution while still meeting
operational requirements. It did not appear that the small increase in coverage provided
by the Wheeler Peak site warranted the increase in cost such a site would require. This
analysis, in addition, supported the conclusion that reliability could more effectively be
provided by using more reliable equipment rather than by overlapping site coverages as
is done on the present range.

SYSTEM EFFECTIVENESS    System Effectiveness, as used in this paper, is defined
as the product of system reliability, availability, and design adequacy. It thus becomes
the joint probability that the system is available when required, reliable throughout the
mission, and adequate to do the job. Formally, one can write

We note here that reliability is an explicit function of time whereas availability and
design adequacy are implicit. Thus, system effectiveness answers, in a single measure,
the following three questions:



1) What percentage of the time is the range operational?
2) If the range is operational, will it continue to work for the duration of a mission?
3) If the equipment works, was the design inherently adequate to do the job now

required by the mission?

Based on the method of analyis used here, the range will exhibit maximum system
effectiveness for a given total systems cost. By examining different system
configurations and/or repair rates, it is possible to establish values of system
effectiveness and cost. By ranking these values in ascending order and deleting all
entries whose associated cost is more than or equal to a cost associated with a larger
value of system effectiveness, a dominating sequence is achieved from which a final
configuration can be chosen.

Both steerable antennas, and 90E sector antennas are considered at this point. Figure 6 is
a block diagram of a steerable antenna subsystem, and a reliability analysis of this
subsystem is shown in Table 7. This analysis only considers half the equipment shown in
Figure 6; that is, one antenna and its associated equipment have a predicted MTBF of
328 hours. Figure 5 shows a block diagram of a sector antenna subsystem, and Table 8
presents a reliability analysis of this subsystem; its computed MTBF is 235 hours. In
both cases, it is assumed that the equipment exhibits a failure rate (8) that is constant
with respect to time.

Table 7. Reliability Analysis of Steerable Antenna



The operation and maintenance (O&M) staff of the range varies; however,- the existing
staff is shown in Table 9. The mean time to repair (MTTR) is a function of both the
hardware, diagnostic routines, and number of repair crews available. It also depends on
whether the site is manned or unmanned, since travel time is considered part of the repair
time.

Table 8. Reliability Analysis of Sector Antenna

Table 9.  O and M Staff



A total of twenty-five different system designs was analyzed. A reliability model was
prepared for each design approach. These models are shown in Figures 11 through 18,
inclusive. The Figures also show the results of a reliability analysis of each model in
terms of system failure rate 8 and system MTBF. Note: All failure rates are expressed in
failures per million hours.

Using the design adequacy definition described earlier, the reliability, availability, design
adequacy, and system effectiveness have been computed for all the system
configurations shown in Figures 11 through 18. The results of these computations are
tabulated in Tables 10, 11, and 12. Also tabulated here are the following cost units:

1) Initial equipment cost units.
2) Five year O&M cost units.
3) O&M cost plus initial cost units.

An examination of Table 10 shows that for a system having a one-mission capability
(i.e., only one of the two antennas required), the lowest figure of 59 cost units results in a
system effectiveness of 82.3%. The next larger single mission systems effectiveness of
85.8% represents 61 cost units. Third in line is 87.4% system effectiveness associated
with 97 cost units. The next candidate, 85% system effectiveness, has an associated cost
of 90 cost units; a lower system effectiveness at increased cost. Therefore, the latter is an
inadmissible candidate and is deleted from further consideration. All of the
configurations examined for the desired two-mission capability were found to be
acceptable, and they are arranged in sequence as shown by the circled numerics to the
right of the system effectiveness column shown in Table 10.

Similar reasoning can be applied to the system configurations shown in Table 11. Here
the dominating sequence is indicated by the circled numerics shown to the left in the
column of system effectiveness. Here all design approaches are acceptable except the
three that are shown shaded. These three designs are represented by reliability model 3,
where the MTTR is 24 hours; reliability model 2 where the MTTR is 7 hours; and
reliability model 2 where the MTTR is 24 hours. These designs are ruled out because the
same or greater system effectiveness can be achieved at lower cost using other system
configurations.

The systems designs using steerable antennas shown in Table 12 dominate all other
configurations; that is, the dominating sequence shown by the circled numerics in the
system effectiveness column provided the maximum system effectiveness per cost unit of
all 25 system concepts considered. Specifically, for a two-mission capability, a total cost
of 57 units will achieve 82.3% system effectiveness. Increasing the number of repair
crews reduces the MTTR from 3 hours to 1 hour and increases the total cost to 59 units.
The system effectiveness jumps up to 86.9%. The third increase in effectiveness to



92.7% results from the addition of redundant equipment. The cost jumps to 76 units. The
last candidate considered has a system effectiveness of 95% and a total cost of 79 units,
as a result of both reducing the MTTR from three hours to one hour and adding the
redundant equipment. These four points are shown graphically in Figure 19 and are
connected by a curve to illustrate intermediate degrees of equipment redundancy. Figure
19 also shows the sensitivity of the analysis to mission abort cost. These curves were
generated as follows: the curve labeled 125 cost units per mission considers that each
mission abort cost is 0.25 unit, that approximately 300 missions are flown per year, and
that the system will be in operation for five years. That is, the loss is equal to one minus
the systems effectiveness times 0.24 cost unit times 300 times 5. Likewise, similar curves
for 0.5 cost unit per mission and 0.75 cost unit per mission are generated. The total cost
is equal to the sum of the system effectiveness cost plus the cost of aborting the mission.
The determination of abort cost is difficult since it includes a long list of intangible
items. For example, penalty cost due to slipping a program, cost of fuel for operating
airplanes, cost of manpower for flying and servicing the planes, -etc. Notwithstanding_
the above the curves presented are useful in the operation and planning functions that
must go on at the range.

CONCLUSIONS    A systems design procedure has been described for the UHF
Telemetry systems on the Edwards High-Range by which cost, availability, reliability,
and design adequacy have been combined to weigh against one another various mixes of
station equipments and site selections, each of which meets the operational requirements.
In all cases, the aim has been to provide adequate horizon-limited coverage over the
Edwards High-Range in a cost effective manner.

The conclusions drawn from the study are:

1) Three sites employing steerable antennas will adequately provide the coverage
required.

2) The use of manned sites will provide greater system effectiveness for a given total
system cost.

In addition, as an additional benefit, the procedure provides guidelines that may be
useful in the operational and/or expansion of the range as mission abort costs increase
with increasingly complex missions or aircraft.

ACKNOWLEDGMENTS    This study was conducted by members of D-91, D-83, and
D-53 at The MITRE Corporation with assistance from many people at Edwards AFB and
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Table 10. System Effectiveness Analysis of Steerable & Sector Antennas



Table 11.  System Effectiveness Analysis of Sector Antennas



Table 12.  System Effectiveness Analysis of Steerable Antennas



Figure 1 - Rime Ice at the Ely Site

Figure 2 - L-and S-Band Omnidirectional Antenna



Figure 3 - Noise Temperature for Various Preamplifiers

Figure 4 - Omni System



Figure 5 - Sector Antenna System Block Diagram



Figure 6 - Steerable Antenna System Block Diagram



Figure 7 - 60,000-Foot Coverage

Figure 8 - 30,000-Foot Coverage



Figure 9 - 60,000 -Foot Coverage with Wheeler Peak Site

Figure 10 - 30,000-Foot Coverage with Wheeler Peak Site



Figure 11 - Sector Antennas: Reliability Model 1

Figure 12 - Sector Antennas: Reliability Model 2

Figure 13 - Sector Antennas: Reliability Model 3



Figure 14 - Sector Antennas: Reliability Model 4

Figure 15 - Steerable Antennas: Reliability Model 5

Figure 16 - Steerable and Sector Antennas: Reliability Model 6



Figure 17 - Steerable and Sector Antennas: Reliability Model 7

Figure 18 - Steerable and Sector Antennas: Reliability Model 8

Figure 19 - Cost vs. Systems Effectiveness



SOLID STATE MICROWAVE POWER GENERATION

R. W. BROUNLEY
Project Engineer

RF Engineering Lab.
Electronic Communications, Inc.

Introduction    Significant advances have been made in the state-of-the art capability of
RF power transistors and varactor diodes. This progress coupled with the recent demand
for microwave telemetry transmitters particularly at S-band - has created a large potential
market. Other requirements exist at L, C, X, and KU band, although presently not as
active as those at S-band. Even though much research and design has been car ried on
over the past four to five years in this area, such transmitters still demand considerable
experience and ingenuity from the designer if a unit capable of production is desired.
The purpose of this paper is to discuss the current capabilities of microwave transmitters,
the problem areas associated with their design, and the techniques developed which have
resulted in production oriented equipment. Typical circuits of the various stages of a
transmitter are also presented along with photographs of developed hardware.

Basic Microwave Transmitter Concept    Basically, a microwave transmitter consists
of the building blocks as exemplified by the block diagram of Figure 1. A signal source
which can be anything from a simple crystal oscillator to a sophisticated wide band FM
modulator, develops an RF signal usually at low power and at a frequency under 100 mc.
This signal is raised in frequency and power to some intermediate value by an RF
exciter. A Power Amplifier follows the Exciter and develops the necessary input power
for the varactor chain. The varactor chain follows the power amplifier and consists of the
required doublers or triplers in the correct combination to achieve the desired output
frequency. Often a DC to DC converter-regulator is added which gives the transmitter
protection from variations and transients existing on the primary power source. The
frequencies and power levels shown in Figure I are representative of an all solid state X-
band transmitter currently under development.

Power Available vs Frequency    Figure 2 is a graph which displays the state-of-the-art
power output capability of currently available solid-state devices as a function of
frequency. The varactors are manufactured by Motorola while the 3TE440 and TA2675
transistors are manufactured by IT&T and RCA respectively. At frequencies below 1000
mc it is practical to use parallel transistors and balanced varactor multipliers to increase
the available power. However, above 1000 mc where distributed constant circuits must



be used, the use of more than one varactor per multiplier necessitates somewhat
cumbersome and tedious techniques which leave much to be desired from a practical
viewpoint.

Besides the devices shown, some work has been performed recently on a technique
which combines the function of a transistor amplifier and, varactor multiplier in one
device. The device is referred to as a “Transistor Parametric Multiplier”. Basically the
transistor is driven by an RF signal in the base circuit in a conventional fashion, and the
collector circuit made to function as both an amplifier and varactor multiplier by
utilizing the transistor collector-base capacity non-linearity over the RF cycle. The
overall performance approaches that of the separate amplifier-varactor combination and
has less power output potential. Simplicity and cost are its main attractive features.

Even though the transistor curve in Figure 2 extends up to 500 mc, superior performance
in efficiency and simplicity of microwave transmitters can be achieved when the
transistors are operated in the 250 mc to 350 mc range. This improved performance is
due to the high efficiency obtainable from varactor multipliers at frequencies below 1000
mc coupled with the superior gain and efficiency of the transistors.

Problem Areas and System Requirements    A number of system requirements and
problems confront the designer of microwave transmitters, each of which must be dealt
with and solved if an adequate design is to be achieved. The most significant of these
are:

The transmitter must be free from parametric instabilities under all conditions of
operation.

The transmitter must be free from lock-up phenomena by which full power output
is never reached during initial turn on and other transient conditions.

The transmitter must be protected against significant VSWR conditions at its
output terminal.

Primary power source variations and transients must be prevented from adversely
affecting the operation.

The type of modulation to be transmitted must be considered and the design
treated accordingly.

Design techniques must consider environmental requirements such as temperature,
shock, vibration, acceleration, altitude, etc.



If the design is to have production potential the factors of cost and reproducibility
must be considered.

Stability    The problem of maintaining the transmitter free from spurious responses is
one of the most difficult the designer faces. These spurious responses can occur in the
RF exciter, the power amplifier, or in the multipliers, and if present in any module, are
multiplied upon cascading with the other modules. The instabilities create such spurious
responses by introducing amplitude modulation of the main carrier at any rate from a few
cycles to many megacycles. Since this instability cannot be predicted and thereby
removed by appropriate filters, it must be minimized.

Figure 3 displays the swept passband response of an L-band transmitter as viewed on an
oscilloscope and shows the effect of a typical instability. Figure 4 shows the RF
spectrum of the same instability viewed on a spectrum analyzer when the transmitter is
operated in the cw mode.

While these spurious responses were originally being investigated, it was observed that
they were affected by a variation in power level, a variation in frequency, and a variation
in circuit tuning. Therefore, it was decided to align the transmitter using a swept
frequency display of the bandpass characteristic. In addition, if the swept response is
observed under various drive levels, two of the three types of variations are simulated.
Also an effort is made to make each stage free from bandpass response breakup within as
large a tuning range as possible. By performing this stability criteria on a stage by stage
basis and then applying the same criteria to the complete transmitter, a significant
improvement in stability is realized. Figure 5 is a series of photographs which display the
transmitter bandpass under various drive levels and shows no evidence of breakup.

Turn-On    When power is first applied to the transmitter, a transient condition exists
during which the supply voltage sweeps up from zero to its nominal value. If an unstable
condition is encountered during this time, a lock-up can occur in which full power output
is never reached. Often, the final power amplifier draws excess current and a catastrophic
failure can result. Since it is difficult to ensure freedom from unstable modes during such
extreme variations, a simple delay technique should be incorporated in which the RF
drive to the amplifier chain is disconnected until the supply voltage is established. If an
FM modulator using an AFC loop is employed as a frequency source another technique
can be adopted. It makes use of the fact that the FM modulator is initially off frequency
by an amount in excess of the bandpass of the RF exciter. If the lock-in time of the
modulator AFC loop is in excess of the power supply charging time, RF drive to the
power amplifier is delayed until the power supply is completely charged.



Output VSWR Protection    VSWR at the transmitter output in excess of 2:1 can cause
parametric instabilities as well as excess dissipation in the power amplifier. In order to
prevent this from occurring, an isolator is recommended between the transmitter output
and the intended load. The penalties are insertion loss, size, weight and cost. At 2.25
GHz the insertion loss of such a device is about 0.3 db, the isolation is 20 db, the size is
about 6 in3, and the cost is about $300.00.

Power Source Variations and Transients    It is virtually impossible to design a
transmitter of this type capable of withstanding large variations in supply voltage, line
surges, line interference, etc. without resorting to a DC to DC converter-regulator. When
a converter-regulator is used the result is that the above mentioned power source
characteristics have no effect on the transmitter’ s performance. The further advantages
of ground isolation and freedom in choice of voltages for the transmitter design are also
achieved. The penalty is only a 10% increase in the required input power when a state-
of-the-art design is used.

Modulation

Amplitude Modulation    Because of the non-linearity of microwave transmitters, linear
AM must be implemented by a scheme similar to that shown in Figure 6. Here the carrier
level of the transmitter is coupled into a absorption type modulator whose average carrier
output is one -fourth of the input power. The modulator loss then follows the modulation
input waveform. The scheme suffers from an efficiency standpoint since the average
carrier output is reduced.

A non-linear AM system is shown in Figure 7. In this scheme the RF signal is switched
on and off into the RF exciter, thus utilizing the full peak power of the transmitter. The
only consideration necessary here is that alteration of the switching time is not of
consequence and that spurious which may be generated during the switching interval do
not adversely influence the system. In addition the various stages must have sufficient
bandwidth if faithful reproduction of the modulation waveform is to be obtained.

Single Sideband    Single sideband cannot be transmitted directly by a microwave
transmitter because of the amplitude non-linearity as well as the frequency multiplication
involved. Instead a power up converter is normally employed as shown in Figure 8. The
system shown is representative of state-of-the-art results.

Frequency Modulation and Phase Modulation   Microwave transmitters are best
adapted to handling FM or PM type of modulation. The deviation ratio of the
fundamental frequency source is multiplied by the total multiplication factor of the
transmitter, and the full average power of the transmitter can be utilized. The primary



problem in the scheme is in the design of the frequency source. For wide band systems
the lower frequency exciter stages must be designed to have sufficient bandwidth to pass
the intelligence or distortion will occur.

Environmental Considerations

Temperature Characteristics    Excessive variation in output power and efficiency over
a wide temperature excursion can be minimized by a number of techniques. The results
are illustrated in Figure 9. Over a temperature range of -20E C to +80EC, the power
output varies less than 1.5 db while the efficiency varies from 20% down to 14%.
Among those techniques employed are:

Adequate derating of all semiconductors to prevent power output drop-off at high
temperatures.

Low Q multi-pole filter circuits to prevent excessive mistuning in temperature.

Operation of the transistor driver stages into slow saturation, thereby minimizing
gain changes in temperature.

Temperature compensation of low-level transistor stages to reduce changes in
gain.

Use of step recovery varactor diodes which have a minimum variation in
efficiency with temperature.

Shock, Vibration, Acceleration, Etc    In addition to close attention to mechanical
strength of the package and parts layout, it is helpful to pot the parts of the transmitter
which operate at frequencies below1000mc. Available compounds reduce the movement
of components under stress immeasurably and result in negligible loss to RF circuits. At
frequencies above 1000 mc, the use of combine and interdigital multipole wideband
filters results in far less incidental AM and PM than that created by narrow band cavity
filters.

REPRESENTATIVE CIRCUITS

RF Exciter    A schematic diagram of an RF exciter is shown in Figure 10. Amplifier Q1
has a gain of 17 db at an input frequency of 83 MHz. With 0.1 mw input from the signal
source, amplifier Q1 delivers 5 mw to the frequency tripler. Varactor frequency tripler
CR1 is operated in the series configuration and provides 2.5 mw at 249 MHz to amplifier 



Q2 which has a power output of approximately 30 mw. These three stages are contained
in the top (low level) section of the RF exciter module shown in Figure 11.

Amplifier stages Q3 and Q4 raise the power output to a nominal value of 0.7 watts.
Adjusting the forward bias on Q3 varies the power output above or below this value. The
two stages are constructed in the bottom,(high level) section of the RF exciter module as
shown in Figure 12. The high and low level section are then bolted together to form a 1-
1/4" x 1-1/4" x 2-1/2" module. Careful shielding and decoupling have made the RF
exciter a high performance module which is easily manufactured. The unit operates with
over 40 db of gain and an efficiency of 33%. Power output up to 3 watts can be obtained
by increasing the operating voltage of the bottom section from +16 VDC to +28 VDC.

Power Amplifier    A power amplifier module is shown schematically in Figure 13. The
249 MHz input from the RF exciter is amplified to a level of 20 watts in two stages. The
amplifier uses a 2N3375 driver transistor for Q1 and a pair of 2N3632's as the final
amplifier. In order to achieve 40 watts at 249 MHz, Q2 and Q3 could be replaced by
either the RCA TA 2675 or the ITT 3TE440, both of which are capable of this
performance.

The driver amplifier circuit is quite conventional, but the final amplifier uses a unique
arrangement in which the two transistors are combined in a hybrid output circuit. The
hybrid provides isolation between the collectors of the two transistors, thereby
preventing interaction if the outputs are not matched. A significant improvement in
stability and performance has been achieved with this technique over arrangements using
direct paralleling, push-pull, or paralleling with separate output circuits. The gain of the
two stages is 14 db and the efficiency is about 55%. Figure 14 shows the packaging of
the power amplifier.

250 MC to 750 MC Tripler    Figure 15 is a schematic and Figure 16 is a photograph of
a 250 mc to 750 mc varactor tripler which uses the MV 1807C varactor. A power output
of 13 watts can be achieved with a conversion efficiency of 65%. A 750 mc three section
comb line filter is used in the output but the input filter and output matching from
varactor to filter are lumped constants. The comb line filter is used following the lumped
circuitry in order to achieve sufficient filtering of harmonic freuencies above 750 mc.
Lumped circuitry tends to become self resonant somewhere in the vicinity of 1000 mc
and thereafter provides poor filtering. The bandwidth of the multiplier filter combination
is approximately 10% thereby providing non-critical performance under the various
operating conditions expected. Broadband operation also minimizes packaging problems
and RF voltage build up created by narrow band, high Q circuits.



S-Band Tripler    Figure 17 is a schematic diagram of an S-band tripler which utilizes a
lumped input circuit at 750 mc and a lumped idler at 1500 mc. Lumped circuitry is
practical in the input circuit of the multiplier since the filtering requirements are not as
severe as in the output of the 750 mc tripler. The 1500 mc idler is implemented by the
self resonant frequency of a Johanson .8 - 10 uufd trimmer capacitor in series with a
short connection directly to the MV 1808B varactor. A five section comb line filter with
a 10% bandwidth is used as the output filter at 2.25K mc The varactor is mounted
directly between the matching post of the filter, which incorporates a dc block, and the
wall of the cavity. Excellent heat conduction and mechanical rigidity for the varactor are
achieved in this arrangement. A photograph of the tripler is shown in Figure 18. The
multiplier operates with a conversion efficiency of 45% and can deliver output power in
excess of 5 watts. Spurious suppression at S-band is greater than 70 db.

C-Band Doubler    Figure 19 is a photograph of a C-band doubler operating at an output
frequency of 4200 mc and capable of delivering greater than 3 watts of power. Its
multiplication efficiency is approximately 60%. Atwo section comb line filter is used for
the input and a three section interdigital filter is used for the output. The varactor is
mounted directly between the common matching stub and the cavity wall. A DC block is
built into the stub. The interdigital filter is superior to a comb line at 4.2K mc by means
of its lower insertion loss. In addition the width of the cavity is made the same for both
input and output filters thereby providing for an efficient package configuration.

Summary    In summary, microwave transmitters have emerged from the research era
into one of practical use for those applications of a few watts or less. High reliability,
small size, crystal stability, and environmental ruggedness are among their primary
attributes. Compared to their non-solid state counterparts - cavity amplifiers and
oscillators, TWT’ s, BWO’s, Amplitrons, etc, they are inferior in efficiency, power
output, and degree of complexity. The rapid advance of microwave transistors however,
is rapidly closing the gap particularly in the areas of efficiency and complexity. For
instance, a current development is under way to produce a 15 watt 1 KMC transistor. By
using such a device as a frequency stabilized oscillator, the efficiency of an S-band
transmitter would be increased and the complexity decreased significantly. In short, the
future of solid state power generation at microwave frequencies is brighter than ever
before.



Figure 1

Figure 2

Fig. 3-Swept Frequency Response of Typical Parametric Breakup



Fig. 4-Spectrum Analyzer Display of Parametric Breakup

Fig. 5-Swept Frequency Response of Transmitter
at Various Drive Levels



Figure 6

Figure 7

Figure 8



Fig. 9-L-Band Transmitter Temperature Characteristics

Fig. 10-RF Exciter Schematic



Fig. 11-Low Level Exciter

Fig. 12-RF Exciter Module, High Level Section

Fig. 13-Power Amplifier Schematic Diagram



Fig. 14-Power Amplifier Module

Fig. 15-First Tripler Circuit Diagram

Fig. 16-First Tripler Module



Fig. 17-Second Tripler Circuit Diagram

Fig. 18-S-Band Trippler

Fig. 19-C-Band Doubler



DESIRED TELEMETRY SYSTEM CHARACTERISTICS FOR
SHOCK, VIBRATION, AND ACOUSTIC MEASUREMENTS

Subcommittee G-5.9 on Telemetry Requirements, SAE Committee G-5 on
Aerospace Shock & Vibration

Presented by: Mr. HARRY HIMIELBLAU, Chairman

Summary     For over a decade structural dynamicists and acousticians have registered
general dissatisfaction concerning the limitations of telemetry systems, especially the
insufficient number of channels and insufficient data bandwidths. To spell out the users’
need for present and future telemetry, a representative group of dynamicists was
organized under the SAE. Requirements for number of channels per flight, data
bandwidths, minimum dynamic range (with stationary and transient data signals
considered separately), certain accuracy, phase and other characteristics were
established. The subcommittee is hopeful that this information will spur the telemetry
community into developing and standardizing on new systems with superior
characteristics.

Introduction     A careful review of the history of aviation shows that shock and
vibration is a major cause of failure of aerospace vehicles and equipment. This statement
seems to apply as much today as it did during earlier years. There are many reasons for
this situation, of course. One of the most significant is the difficulty of estimating the
magnitude of the dynamic environment over a broad frequency range. Although there
have been many prediction methods developed in the last few years, no single method or
combination of methods has been found which provides adequate answers (References
1-8). There are several reasons for this, too, but it is not intended to discuss them here.
This situation is mentioned only to point out that an adequate flight measurement
program is required to define the environment adequately, and is therefore essential to
achieving the ultimate goal of eliminating or reducing shock- and vibration-induced
failures.

Flight measurements are made primarily to serve two purposes. First, measurements are
used to refine or correct the design and test criteria which are usually based on earlier
prediction. In most programs, any necessary redesign and/or ground retesting will be
performed before later flights are made. (A direct cause-and-effect relationship may be
established between an environmental condition and a failure if a sufficient number of
environmental and performance measurements are made). Second, measurements may be 



used as a basis for predicting the environment for the next vehicle or class of vehicles, if
enough similarity exists.

Dynamically-induced failures and malfunctions are frequency sensitive. To be of real use
to the structural dynamicist or environmental engineer, the frequency band of flight
measurements should cover the range where the fragility level (or failure threshold) is
low as well as where the environmental level is high. Unfortunately, the frequency range
of both is usually very wide, especially when compared to the telemetry bandwidths
commonly available in the past. By commonly available is meant the standard IRIG 18
channel proportional bandwidth FM/FM system used since 1943 (Ref. 9-10). In fact, in
the past the dynamicist has made it painfully clear to the instrumentation engineer that
the number of channels, data bandwidths, dynamic range, and several other
characteristics of this telemetry system are wholly inadequate to meet the users’
requirements. The demand for wider bandwidths continues to grow. Over the past decade
acoustic environments have received increasing importance, requiring a frequency range
up to 10 kHz. There is little doubt that in the future many more of these measurements
will be required, especially for establishing aerodynamic fluctuating pressure fields
(References 11-13). In addition. there is an increasing trend to separate vehicle stages
and deploy various equipment devices with pyrotechnic charges. Mechanical shock from
these charges can cause operational failures in certain types of equipment, especially at
high frequencies (References 14-16). Future flight measurements of pyrotechnic shock
will also require frequency bands up to 10 kHz.

If the vibration environment is to be adequately sampled on even a small vehicle,
measurements at five or more locations are usually necessary. Medium and large
aerospace vehicles often require five to fifty times this number of locations for the total
flight test program. Considering that at least half the locations need three vibration
measurements per location, and add a few acoustic and dynamic strain measurements to
the above vibration, the total number of measurements desired becomes very large
indeed.

The problem of predicting environments affects the selection of flight instrumentation
sensitivity as much as it does the selection of design and test criteria. Difficulty of
prediction produces a tendency for the dynamicist to reduce the sensitivity of
measurements to avoid the possibility of having a large data signal clipped or distorted
by exceeding the amplitude range of the instrumentation. In many cases, the data signal
is not as large as anticipated. Then, difficulty may develop in keeping the signal above
the system electrical noise. This problem becomes more acute if flight measurements are
desired over several widely-varying phases of the mission, a tendency becoming more
common as new vehicles are developed.



Recently the telemetry community has moved to improve this situation. At the
suggestion of ARTC Panel 59-A (References 17-18), IRIG will shortly revise its
Telemetry Standards (Reference 9) to: (a) extend the range of the standard IRIG
proportional bandwidth system to include higher frequency channels, producing data
bandwidths up to 5 kHz (for a modulation index of 5 and a deviation of ±15 percent),
and (b) permit the use of constant bandwidth channels of data bandwidths up to 1.6 kHz
(for a modulation index of 5) as standard replacements for or in conjunction with
proportional bandwidth channels (References 19-21). (Obviously, wider data bandwidths
can be obtained by using lower modulation indices. Increased interchannel modulation
may result.) Most dynamicists welcome the new system as a significant improvement
over the present system. However, it will shortly be shown that even the new system falls
far short of many of the present and future requirements of the user. This may come as a
surprise to instrumentation engineers who believe that structural dynamicists and
acousticians were participants in Panel 59-A and concurred with the Panel’s
recommendations. The membership of ARTC Panel 59-A was comprised entirely of
instrumentation personnel. Only a very few dynamicists were aware of Panel 59-A or its
recommendations at the time that References 17 and 18 were published, let alone
participate in the deliberations. The Foreword of Reference 18 states that “As a major
aerospace companies are represented on Panel 59-A, it can be fairly stated that this
document represents the aerospace industry position concerning telemetry system design
criteria.” From the standpoint of the ultimate user, this statement could not be further
from the truth.

In the meantime, several nonstandard systems have been developed. Single sideband
suppressed carrier amplitude modulated subcarriers on a frequency modulated carrier
(SSB/FM) have been used on several flights for stationary vibration and acoustic
measurements, even though they could not be used for transient or DC measurements
(References 22-25). Double sideband suppressed carrier amplitude modulated
subcarriers on a frequency modulated carrier (DSB/FM) have been recently proposed for
dynamic measurements but have not yet been used (References 26-27). On-board
analysis of vibration and acoustic measurements has also been used, with the analyzer
outputs being telemetered on narrow band channels (References 28-29). Although on-
board analyzers permit very efficient use of the narrow band channels, they cannot be
used for transients or DC measurements.

Many dynamicists are surprised to see that nonstandard systems are used at all. Often it
takes great courage for an instrumentation engineer to suggest a nonstandard system.
Most DOD contracts involving flight testing list MIL-STD-442 (Reference 30) along
with hundreds of other applicable military specifications and standards. This Standard
has no provisions for the use of nonstandard systems. The IRIG Telemetry Standards
(Reference 9) does provide some relief, but not much. The Foreword of these Standards
states that “Agencies proposing to use equipment that deviates from these standards will



be required to show that their proposed action is both technically necessary and
economically feasible.” Most dynamicists can understand why the ranges must be
protected from the whims and vagaries of of the unthinking and demanding user.
However, the telemetry engineer might be surprised to find out how many times these
words have been used to coerce the user to prove beyond a shadow of a doubt that a
nonstandard requirement is really necessary. This usually occurs early in the program
when flight measurement lists are being prepared and long before measurements from
the first flight can be used to prove their necessity.

Organization of User’s Representatives    In the summer of 1965, it was brought to the
attention of several dynamicists that the IRIG Telemetry Working Group was
considering the recommendation of new standard systems to provide improved telemetry
performance. These new standards would be used by all governmental and industrial
ranges. These dynamicists considered it important that the users’ requirements be known
to TWG. They contacted several of their associates through an established organization
of their field, the Society of Automotive Engineers’ Committee G-5 on Aerospace Shock
and Vibration. This committee normally organizes research work on joint problems in
shock, vibration, and acoustics, and disseminates technical information to fellow
dynamicists. It meets monthly in the Los Angeles area, but has consultant members
throughout the country. To handle this new activity, the SAE Committee set up
Subcommittee G-5.9 on Telemetry Requirements, consisting of: (a) a representative
cross-section of dynamicists who use telemetry for flight shock, vibration, and acoustic
measurements, and (b) consultants who could assist in defining or resolving joint
dynamics-telemetry problems. Subcommittee members are listed in Appendix I with
their organizational affiliations, with an asterisk denoting those participating as
dynamicists. An effort was made to assure that a wide spectrum of users were included
as participants. The objective of the Subcommittee’s activities was to formulate a set of
basic requirements, hopefully valid for the next ten-year period, to be considered by
IRIG in their selection of new standard systems. Although interested in the IRIG
selection, the Subcommittee felt that their legitimate interests would not include the
selection itself but only the specification of desired characteristics.

Users’ Requirements    Through a number of meetings held during the last half of 1965,
a questionnaire relating to users’ requirements was formulated by the Subcommittee and
filled out by the participants. The requirements covered were number of channels per
flight, data bandwidth, dynamic range (shock and vibration considered separately),
certain accuracy parameters, and phase characteristics between various frequencies of a
channel or between two or more channels. The results are summarized in Table I and the
histograms of Figures I through 8. To avoid coercing a participant to select the worst
case requirement, each category was split into two cases: a Normal requirement and an
Occasional requirement. This division was expected to be helpful in considering new
telemetry system characteristics.



A brief summary of each histogram and equivalent section of Table I, and the process
used in developing the numerical result (if applicable), is contained in the following
paragraphs.

Number of Channels Per Flight     The wide spread in this requirement, shown in
Figure 1 on a logarithmic scale, is not surprising when the basic reasons are examined.
The small number (3) represents a modest request for dynamic data on a small payload,
and does not include additional measurements for the booster. (On an older standard
booster, little or no additional dynamic measurements will be required and the payload
data will probably be the only request.) Large numbers reflect the general tendency of
increased vehicle size and/or the fewer number of developmental flights. The largest
requirement (200) was generated for a single structural verification unmanned flight for
a large manned spacecraft.

Data Frequency Range    Users’ requirements for data bandwidth are shown in Figure 2
on a logarithmic scale. In most cases, two or three frequency ranges were specified for
each requirement. The percentage of the number of channels per flight for each range is
also presented. With one exception, 10 to 2000 Hz or more was Normal for one of these
ranges. Every participant had an Occasional requirement up to either 5 or 10 kHz,
usually for acoustic noise or pyrotechnic shock. There was also some requirement for
lower frequency channels. In these cases interest was to be focused on lower frequencies,
such as the measurement of basic structural modes or guidance and control functions, or
where high frequency vibration was not expected.

Minimum Dynamic Range for Stationary Data    Because of the possibility of
differing requirements for stationary and transient data, each requirement for dynamic
range was established separately. For both cases, dynamic ran e was defined as

(1)

where (2 xb) = bandedge-to-bandedge (or maximum linear) data amplitude, Fy = rms
value of electrical noise.

In order to numerically establish this requirement for stationary data (i.e., data where the
rms value did not change significantly with time), the participants agreed to use a
standardized power spectrum for an envelope of spectral peaks of the data signal, which
is illustrated in Figure 9. This data envelope G(f) is comprised of three segments: (1) a
low frequency segment from frequency fR to frequency (fm/b) with a power spectral
density increasing at ±6 dB/octave; (2) a mid-frequency segment from (fm/b) to (fm/a)
with a white power spectrum; and (3) a high frequency segment from (fm/a) to fm with a
power spectral density decreasing at -12 dB/octave. To establish a relationship between



the data envelope and allowable system electrical noise, a spectral envelope G’(f) of the
maximum allowable electrical noise was determined at a factor of r1 or r2 below the data
envelope. The participants agreed to use the same factor r1 for the low and mid-frequency
segments, and r2 for the high frequency segment.

Two types of electrical noise are commonly found in telemetry systems: (a)  those with a
white power spectrum, i.e., F(f) = constant; and (b) those with a violet power spectrum
with F(f) increasing at +6 dB/octave. Both are band-limited at the maximum data
frequency fm. By setting the system electrical noise power spectrum equal to the
maximum allowable envelope, F(f) = G’(f), at one or more frequencies, the minimum
dynamic range for stationary data was calculated:

(2)
where M = xb/xp = data safety factor, Kx = xp/Fx = data crest factor, xb = bandedge
amplitude xp = minimum value of data signal peaks, Fx = rms value of data signal.
Equations relating the data envelope G(f) and the electrical noise power spectrum F(f) to
DRSmin appear in Appendix II. Specific values of the various parameters (M, Kx, a, b, r1,
r2) used for establishing the minimum dynamic range are shown in Table II.

Users’ requirements for minimum dynamic range appear in Figure 3 and Table 1. For the
white spectrum of electrical noise, the Normal requirement varied from 31 dB to 41 dB,
with 64 dB as the worst case Occasional requirement. For the violet spectrum, the
requirements were 5 dB higher than those for the white spectrum.

Minimum Dynamic Range for Transient Data    To establish a requirement for
minimum dynamic range for transients, participants used one of two procedures. The
first procedure was to determine the ratio of the maximum peak data signal xp to the rms
value F y of the electrical noise, and then use

(3)

The second procedure, similar to the first, was to determine the ratio of the maximum
peak data signal xp to the maximum peak yp of the noise, and then use

(4)

where Ky = crest factor for the (random) electrical noise. Both procedures i
should establish nearly or exactly the same value of DRTmin. 

Because of the differences in spectral characteristics between low and high frequency
transients, as well as differences between the data spectrum and the electrical noise, the



participants chose to consider low and high frequency transients separately. Low
frequency transients were defined as containing no substantial data signal above 2 kHz.

As shown in Figure 4, both Normal and Occasional requirements varied widely between
participants. Figure 4.A shows that Normal requirements for minimum dynamic range of
low frequency transients varied from 20 dB to 42 dB, with 60 dB as the outstanding
worst case Occasional requirement. As shown in Figure 4.B, Normal requirements for
minimum dynamic range of high frequency transients were generally higher, 26 dB to 54
dB, with 60 dB as the worst case Occasional requirement. One user did not submit a
dynamic range requirement for high frequency transients.

Maximum Zero Shift     When both static and dynamic measurements are made on the
same channel, e.g., sustained acceleration and vibration, the accuracy of the static
portion will be dependent on the zero shift from the time of DC calibration. As shown in
Figure 5, with one exception the participants chose ±5 percent or less as the maximum
allowable zero shift, with ±1 percent as the most stringent Normal requirement. The
worst case Occasional requirement was ±0.5 percent.

Maximum Sensitivity Shift    The accuracy of dynamic measurements is greatly
dependent on changes in gain from the time of calibration. As shown in Figure 6, with
one exception Normal requirements were generally from ±1 to ±5 percent, with the worst
case Occasional requirement of ±0.5 percent.

Intrachannel Phase    Phase linearity between various frequencies of a channel is
important when it is desired to preserve data waveform, e.g., when the data signal is a
transient or when it contains phase-related periodic components. As shown in Figure 7,
three participants had no Normal requirement, indicating in these cases that a random
signal was expected. Other Normal requirements for maximum deviation from phase
linearity extended from ±5 degrees to ±45 degrees. The worst case Occasional
requirement was ±1 degree. One participant would allow a greater tolerance as long as a
calibration curve was furnished for the channel actually used.

Interchannel Phase    Between-channels relative phase is important for the proper
determination of cross-correlation, transfer function, coherence, propagation velocity,
and other joint functions. As shown in Figure 8, most participants had no Normal
requirement, indicating that single channel data were sufficient. Two participants
selected ±5 degrees for the maximum allowable relative phase difference between
channels. Occasional requirements varied from ±2 degrees to ±10 degrees. Two
participants would permit a wider tolerance if a calibration curve were furnished for
those channel pairs actually used.



Measurement of Varying Environments     The requirements for minimum dynamic
range, expressed earlier for stationary and transient data separately, were determined on
the basis that the instrumentation sensitivity would be selected to measure only the single
most-severe environmental condition. However, for the last few years there has been a
growing desire to measure the changing dynamic environment at a specified location
(and direction) during various phases of the mission. For example, an accelerometer
might measure engine ignition and vehicle release transients, acoustically-induced
vibration (caused by engine noise), aerodynamically induced vibration (at transonic and
maximum dynamic pressure conditions), one or more vehicle staging transients,
deployment of shrouds and equipment devices, and possibly reentry-induced vibration
and landing shock, all of differing magnitudes. The dynamic range could easily exceed
70 dB. If a certain subsystem or equipment is operating under a lesser environment and
is not operating during a greater one, dynamic data are required for both conditions for
evaluation of catastropic failure under the greater environment, operational performance
under the lesser environment, and cumulative failures under both. Seven methods of
attacking this problem are discussed below.

The first method employs the use of more than one transducer at the same location (and
direction) to make the same measurement, with each instrumentation system set at a
different sensitivity and utilizing a separate telemetry channel. This would require a
proportional increase in the number of telemetry channels, which are already in critical
supply.

The second method employs the use of a multiple-gain signal conditioner for each
transducer, with a step gain change initiated: (a) automatically by a timer, (b) by an
events programmer or sequencer, or (c) manually. The complexity of this system and the
need for careful calibration, checkout, and debugging does not lend itself to a highly
reliable and economical measurement system at the present time. However, if a reliable
and economical system can be developed, this might be the best of the several
alternatives.

The third method employs the use of a logarithmic or other nonlinear signal conditioner,
with antilogarithmic receiving or data reduction equipment. The application of this
method to oscillatory data is in its infancy and will probably require some development
before it can be considered further.

The fourth method employs the use of on-board analysis, with the analyzer output or
outputs being telemetered on a narrow band channel or channels (which also solves the
frequency range problem). Commercially available equipment includes: (a) a moderate-
bandwidth filter swept through the frequency range, and (b) a set of continguous octave
band filters, the outputs of which are suitably squared (or rectified) and time-averaged to
give a set of quasi-DC signals. These systems have been used with mixed feelings



(References 28-29). They cannot handle transients, cannot discriminate between random
and periodic data, and may have some difficulty analyzing nonstationary data. Like
laboratory analyzers, they tend to be expensive, but unlike laboratory analyzers are
usually not recoverable. When employed, they are often used in combination with
conventional instrumentation, or are relegated to analyzing data later in a flight test
program, as a production check on the variation of an environment established earlier by
conventional instrumentation.

The fifth method employs automatic gain control, a standard technique used in
communication. AGC may be used to: (a) vary the gain of each signal conditioner
individually before multiplexing, or (b) in the case of suppressed carrier AM systems,
vary the gain of the combined signal after multiplexing, but before telemetering. The
former choice would reduce the effects of overall system noise, whereas the latter would
reduce the effects of system noise except for interchannel modulation. The
Subcommittee considered two pertinent characteristics of AGC in Table III: (a) gain
range, i.e., the ratio of the maximum to the minimum amplifier gain; and (b) time
required to change the gain from 10 percent to 90 percent of the maximum amplitude of
an applied step function. Only transient data signals were considered, as the use of AGC
for stationary and quasi-stationary data was considered fairly common. Some transients
measured in flight have only low frequency content, requiring a lesser response time than
high frequency transients. For this reason low frequency and high frequency transients
were considered separately, with the former defined as having no significant data signal
above 2 kHz. Participants specified gain changes from 2 to 10 and from 10 to 100 as
their Normal low frequency and high frequency requirement, respectively, with 10 and
400 as the Occasional worst case low and high frequency condition. The response time
Normal requirement varied from 0.5 to 10 ms for low frequencies and from 0.1 to 1 ms
for high frequencies, with 0.5 and 0.05 ms as the Occasional worst case requirement,
respectively. However, three participants flatly disapproved of the use of AGC for
transient measurements. In fact, all participants who submitted AGC requirements did so
with some apprehension. The additional need for one or several channels for gain
information and the consequences of losing gain data were the major concerns.

The sixth method employs on-board analog-to-digital conversion and the telemetering of
the digitized data, such as PCM presently used in some applications (Reference 31). To
cover a large dynamic range with the desired accuracy shown in Figures 5 and 6, a large-
bit digital system is required. (From Reference 22, each bit doubles the range. A 11-bit
word is needed to cover 77 dB.) This requires a wide RF bandwidth and, at the present
time, is expensive but not beyond the state-of-the-art. However, future developments
may bring the cost down. (The matter of cost is often of little concern to the user!) It
should be mentioned that the large user of telemetry might prefer his data in digital form,
since his subsequent data analysis would probably be performed on a digital computer.
On the other hand, the small user would probably prefer his data in analog form, since



his data analysis would probably be performed on analog equipment. In the latter case,
digital-to-analog conversion would be required on playback after the flight. The small
user would probably prefer that the conversion be done at the test range because of the
cost of the conversion equipment. Further development of digital systems is required to
demonstrate their economy to handling widely-varying dynamic data.

The seventh and last method utilizes improved techniques of modulation and
multiplexing to provide lower electrical noise and minimum interchannel modulation.
From the users’ viewpoint, this is the obvious choice.

A qualitative comparison between the dynamic range for varying environments and the
minimum dynamic range for stationary and transient data (DRSmin and DRTmin)
summarized in Figures 3 and 4 can be made. The first and second methods would utilize
the same dynamic range as DRSmin and/or DRTmin. The third through sixth methods could
utilize a lesser dynamic range. The seventh method requires a greater dynamic range.

Conclusions     The user’s requirements summarized in Figures 1 through 8 points out
the pressing need to develop a standard telemetry system with superior characteristics for
shock, vibration, and acoustic measurements. The requirements shown in Figure 2 show
the need for greater flexibility in the choice of data bandwidths in this standard system.
Considering the desired number of channels per flight as well as the desired data
bandwidths, a typical flexible standard system might be used in one of several
arrangements. For example, a standard system might be used with: (a) ten 10-kHz
channels, or (b) forty 2.5-kHz channels, or (c) three 10-kHz, sixteen 2.5-kHz, seven
1.25-kHz, and four 312-Hz channels. This type of flexibility would allow the dynamicist
the considerable latitude he needs to optimize his flight measurements.

Obviously, all users would prefer to utilize a standard system of sufficient capability.
However, it is unlike that even a standard system of greatly improved capability could
handle all contingencies. For example, one of the participants, denoted by the double
asterisk in Appendix I, is almost totally dependent on nonstandard systems which have
data bandwidths to 100 kHz. Therefore, telemetry specifications should be liberalized to
permit the use of nonstandard systems when these very special problems arise.

The user’s requirements presented here should be a challenge to the entire telemetry and
instrumentation field. We hope that the industry will accept this challenge.
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APPENDIX II

Relation of the Minimum Dynamic Range for Stationary Data to the Power Spectra
of the Data Envelope and the Electrical Noise    The participants agreed to use the
power spectrum G(f) shown in Figure 9 as the envelope of spectral peaks of the random
stationary data. The mean square value for each of the three segments may be calculated
from Reference 33:

(II-1)

(II-2)

(II-3)

where Gm maximum power spectral density of the data envelope, fm = maximum data
frequency. Assuming no superimposed DC data, the total Mean square data signal is

(II-4)

The power spectra F(f) of the electrical noise commonly found in telemetry systems are
band-limited and are either: (a) white, or (b) violet. For both cases, the mean square noise
is

(II-5)
where Fm = maximum power spectral density of the noise, Ry = slope of the noise power
spectrum, dB/octave. For the white spectrum:

(II-6)



where Fm is constant throughout the band. For the violet spectrum:

(II-7)
where Fm occurs at the maximum data frequency fm, as shown in Figure 9.

In most cases, the electrical noise power spectrum F(f) is most likely to exceed the
maximum allowable envelope G’(f) at the maximum data frequency fm. Relating the data
envelope power spectral density to the noise power spectral density at this frequency:

(II-8)
For the third segment of the data envelope, it can be shown that

(II-9)

Substituting Equation (II-9) into Equation (II-8), the relationship between Gm and Fm is
established:

(II-10)

Substituting Equations (II-4), (II-10), and (II-5) into Equation (2) of this paper, the
minimum dynamic range for stationary may be expressed as

(II-11)
where ARF = 20 log (2M Kx) = amplitude range factor

Substituting the values shown in Table II into Equation (II-11), the users’ requirements
for DRSmin shown in Figure 3 and Table I are determined.
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A COMPATIBLE DOUBLE SIDEBAND/SINGLE
SIDEBAND/CONSTANT BANDWIDTH FM TELEMETRY

SYSTEM FOR WIDEBAND DATA

W. O. FROST, F. H. EMENS and R. WILLIAMS
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SUMMARY

This paper reviews the telemetry problems involved in transmission of wideband
phenomena such as shock, vibration, and acoustic measurements. Three approaches to
this problem have recently received considerable attention from the telemetry
community: SS/FM, DSB/FM, and constant bandwidth FM/FM. The relative capabilities
and limitations of these three techniques are discussed and their S/N performance and r-f
bandwidth utilization efficiency are compared. An arrangement whereby the three
techniques may be flexibly intermixed on a single RF carrier is then described.
Examination and consideration of the merits of this arrangement as a future standard
telemetry technique is proposed.

INTRODUCTION

A critical problem which now confronts the telemetering community is the perfection of
telemetry techniques to efficiently handle rapidly increasing demands for shock,
vibration, and acoustic measurements. Although moderately small quantities of
wideband data channels have been a typical measuring requirement for well over a
decade, in recent years pressures for better methods to transmit these measurements have
increased enormously. The sheer physical size of space vehicles such as Saturn certainly
calls for more structural dynamics measurements, but other factors are at work as well.
The astronomical cost of building a large, complex space vehicle has encouraged the
compression of vehicle development programs to a minimal number of developmental
flights. Four to six development launch tests are now typical for the large space vehicles,
compared to 30 or so for the missile development programs of a few years ago. The
dynamicist is thus impelled to measure as many points as possible on each flight, since
measurements that would have been delayed until later development vehicles must now
be accomplished on early flight tests. Meanwhile, the requirement for man-rating of
space vehicles creates an additional critical interest in defining the vibration and acoustic
environment of the vehicle as completely and as early as possible.



TELEMETRY TECHNIQUES FOR WIDEBAND DATA

Three telemetry techniques for transmission of wideband data have recently received
considerable attention in the telemetry community. These are: 1) SS/FM - Single
sideband suppressed carrier AM subcarriers on an FM carrier, 2) DSB/FM - Double
sideband suppressed carrier AM subcarriers on an FM carrier, and 3) Constant
bandwidth FM/FM - Arrangements of FM/FM channels with uniform response. Each of
these techniques has certain capabilities and limitations which are pertinent to its
consideration for transmission of wideband data.

SS/FM     Telemetry equipment using the SS/FM technique has been developed and
utilized in recent years in the Saturn and Titan III programs.1 This early equipment was
designed primarily to meet the requirements for power spectral density analysis. The
phase response of individual channels and the uniformity of phase characteristics
between channels were not adequate for measurements requiring waveform reproduction
or cross correlation analysis. These deficiencies resulted primarily from the techniques
used in implementation rather than inherent shortcomings of the SS technique.

Recent development efforts have demonstrated that the technology now exists for SS
channels with flat frequency response down to 10 Hz and adequate channel-to-channel
phase uniformity for cross correlation analysis. The phase vs frequency characteristic
although consistent from channel-to-channel is somewhat nonlinear at low frequencies
and may require phase correction networks to allow accurate waveform reconstruction.

An ideal SS channel would provide DC channel response, with a carrier component of
fixed phase transmitting the DC information. However, the technology for generating
such a signal does not now exist and DC response for SS/FM remains out of reach.

DSB/FM     Wideband data channels with DC response and excellent phase
characteristics can be provided by double sideband suppressed carrier AM subcarriers on
an FM carrier. The advantages of DSB/FM over SS/FM, however, entail a factor of 2
reduction in r-f bandwidth utilization efficiency for equal S/N performance. Successful
implementation of telemetry equipment using the DSB/FM technique has been
demonstrated in at least one case.2

The discussion and comparison of DSB/FM in this paper relate to an alternate
implementation, which differs in several respects from that described in reference 2.
Major problems involved in design of both SS and DSB equipment are: 1) subcarrier
summing, 2) automatic gain control and correction, and 3) derivation and reconstruction
of carriers. These problems may be solved in an identical manner for both techniques. A
straightforward approach to design of a DSB/FM link is to delete the sideband filtering



from the vehicle SS/FM equipment and accomplish a minor modification in the SS
demultiplexer which allows it to accommodate both SS and DSB subcarriers. The factor
of 2 reduction in data bandwidth capability is then accommodated either by halving the
bandwidth of individual channels or by deleting alternate channels. This design concept,
which is detailed later, permits a flexible intermixing of SS and DSB subcarriers on an
RF link.

Constant Bandwidth FM/FM     Arrangements of FM subcarriers with uniform
frequency response have been widely used in recent years in ground data acquisition
systems. Evaluation of this technique for airborne and vehicle application and a
comparison with proportional bandwidth FM/FM arrangements have recently been
accomplished, 3 and the newly revised IRIG telemetry standards 4 now include constant
bandwidth FM subcarriers. These channels provide the ultimate in data frequency and
phase response. They are capable of high fidelity waveform reproduction and can
provide time correlation between channels to a few microseconds. In addition, an
exchange of frequency response and S/N ratio is available through selection of deviation
ratio.

On the other hand, except for rather low deviation ratios, the r-f bandwidth utilization
efficiency of CBW FM/FM is comparatively low. In addition, the triangular spectral
characteristic of noise at the subcarrier discriminator output seriously handicaps the
application of some types of analyses to data transmitted over FM subcarriers.3

RF BANDWIDTH UTILIZATION EFFICIENCY

The rapidly increasing usage of telemetry techniques in recent years creates serious
concern about the supply of r-f spectral resources for telemetry applications. Critical
limitations and restrictions on the future availability of r-f spectrum in the telemetry
bands are a likely possibility. In many applications, wideband data accounts for over 90
percent of the total data bandwidth requirements. Consequently, the r-f bandwidth
utilization efficiency of potential telemetry techniques warrants careful consideration.
Table I compares r-f bandwidth utilization efficiency (ratio of the total summed channel
bandwidths to the spectral occupancy of the r-f carrier) for the three techniques under
consideration. The comparison is based on a 100 kHz baseband, a peak carrier deviation
of ±125 kHz for each technique, and the commonly used approximation that the
bandwidth of an FM carrier modulated by a complex signal is two times the sum of the
peak carrier deviation and the highest modulating frequency.



TABLE I
COMPARISON OF RF BANDWIDTH UTILIZATION EFFICIENCY

SIGNAL-TO-NOISE PERFORMANCE

The output S/N ratio of the m th channel of an ideal SS/FM transmission link, which is
operating above threshold in the presence of r-f fluctuation noise, is5

(1)

where So/No, is the peak data signal to rms noise ratio in the channel output bandwidth Bo

resulting from an rms carrier to rms noise ratio equal to Sc/Nc in the effective i-f
bandwidth Bc, fds is the full modulation peak carrier deviation allotted to the channel, and
fss(m) represents the baseband center frequency of the m th channel.

Equation (1) also expresses the output S/N of the mth channel of an ideal DSB/FM link.
One may justify this result intuitively by comparing the operation of an SS and a DSB
subcarrier channel having identical data channel bandwidth Bo and centered at equal
baseband frequency fss. The two comparison channels are exposed to the same baseband
noise density k, but the DSB subcarrier occupies two times the bandwidth of the SS
subcarrier. Thus with equal subcarrier levels Ss the S/N ratio at the input to the channel
demodulator is Ss /k%Bo for the SS channel and Ss/k%Bo for the DSB channel. This seems
to indicate a 3db S/N advantage for the SS subcarrier. However, the DSB demodulator
contributes a compensating 3db S/N gain. This gain results because each sideband of the
DSB subcarrier has an amplitude Ss/%2 which adds coherently with the other sideband to
give an output signal level of 2 (Ss/%2) = %2 Ss while the noise components add rms-
wise. Therefore we may conclude that an SS subcarrier and a DSB subcarrier, both
having equal magnitudes and equal data bandwidths and subjected to identical noise
density environments, produce the same output S/N ratio. Since the carrier modulation is
FM for both cases, then Eq. (1) represents the output S/N for DSB/FM as well as SS/FM.



An equivalent expression for the output S/N ratio of a constant bandwidth FM/FM
channel is1

(2)

where fdf is the peak carrier deviation due to the FM subcarrier, fsf (m) represents center
frequency of the mth FM subcarrier, and Df is the deviation ratio of the FM subcarrier.
The other parameters are identical to those previously defined for Eq. (1).

To compare the S/N performance of SS/FM, DSB/FM, and CBW FM/FM let us consider
three transmission links - one allotted to each of the three techniques. Each link transmits
N channels of data of identical bandwidth and uses equal peak total carrier deviation
with a linear pre-emphasis taper which is identical for each link. The rms signal level and
the r-f fluctuation noise density within the receiver i-f are the same for each link, but the
i-f bandwidths required by the three links are not necessarily equal. Under these
conditions Figure 1 shows the signal-to-noise ratio (So/No)s of the mth SS or DSB channel
relative to the output S/N of the corresponding FM channel. The curve for SS/FM, which
is taken from Figure 3.6 of reference 1, corresponds to a ratio of base band channel
spacing to data bandwidth of $s = 2. The equivalent DSB/FM link requires a value of  
$s = 4, which places a given channel at 2 times the baseband frequency of the
corresponding mth channel on the SS/FM link. This subjects the DSB channel to an
increase in noise density which accounts for the 6db difference in S/N performance. Cs is
the crest factor (peak-to-rms ratio) of the data inputs and L represents load factor1 of the
composite multiplex of SS or DSB subcarriers. A typical value for Cs/L in actual
operation is 4, and the likely range of variation would be from 2 to 8.

The curves of Figure 1 arenormalized to the signal-to-noise ratio, (So/No)f, of the
comparison CBW FM/FM link. The ratio of baseband channel spacing to peak subcarrier
deviation $f is taken to be 4, the value used for the IRIG constant bandwidth FM/FM
standard. One interesting aspect of the data shown on Figure 1 is that subcarrier
deviation ratio Df does not appear in the comparison. This result can be justified by
noting that the channel spacing for the FM/FM link is, $fDfBo. Therefore the channel
spacing required for a given data bandwidth Bo increases directly with Df, and the
advantage gained by increasing Df is exactly offset by the greater noise density at a
higher baseband position.

Incidentally, this result illustrates a relationship one may tend to neglect in application of
constant bandwidth FM/FM. If the requirement is for a given number of channels of
identical data bandwidth, a subcarrier deviation ratio of 1, for example, provides the



same S/N performance above threshold as a deviation ratio of 2, insofar as r-f fluctuation
noise is concerned, and results in a substantial reduction in r-f bandwidth. In practice,
operation at reduced deviation ratio results in some increase in distortion from
intermodulation and sideband attenuation, but for many applications operation at low
subcarrier deviation ratios should receive serious consideration. The reader should note,
however, that the result described above applies to an ensemble of identical FM data
channels on a single r-f link. For FM subcarrier operation at a given baseband frequency,
an exchange of bandwidth and S/N is available by selection of deviation ratio.

A HYBRID FREQUENCY DIVISION MULTIPLEX ARRANGEMENT

From the preceding discussion of SS/FM, DSB/FM and CBW FM/FM note that each
technique offers attributes which are advantageous to the data user, but does not provide
all of the transmission capabilities and characteristics he would prefer. For a given
wideband data application, assuming equal availability of equipment, the userl s
selection of telemetry technique would likely vary with specific requirements and data
characteristics. If his interest was mainly power spectral density analyses (and this type
of requirement typically covers more than 50 percent of the wideband data demand), his
probable choice would be SS/FM in order to minimize r-f power and spectral
requirements. On the other hand, if his measurements required DC response and phase
correlation over a relatively wide frequency range’, he might select DSB/FM; if his
major problem was medium response channels to reproduce waveforms with minimum
distortion and high S/N, a constant bandwidth FM/FM link might be the better choice.

Unfortunately in the real world, the typical measuring list includes a variety of wideband
data requirements and no one of the three techniques is likely to satisfy the requirements
in an optimum manner. A preferred solution would provide a means whereby a choice of
technique could be made for each individual measurement. This flexibility of selection is
available in the hybrid frequency division multiplexer arrangement described below
which allows intermixing of SS, DSB, and FM subcarriers on a single r-f carrier.

Recall that the IRIG standard for CBW FM/FM places subcarriers with ± 2 kHz
deviation at baseband center frequencies which are multiples of 8 kHz beginning at
16 kHz. In addition, FM subcarriers with ± 4 kHz deviation may be inserted at multiples
of 16 kHz beginning at 32 kHz. Now consider SS and DSB channels which are spaced at
multiples of 4 kHz. This spacing, with a comfortable guard band allowance, permits data
channel bandwidths of I kHz and 2 kHz for DSB and SS, respectively. If alternate
channels are deleted, the channel spacing becomes 8 kHz which accommodates data
bandwidths of 2 kHz for DSB and 4 kHz for SS. Likewise, further deletion of
intermediate channels to produce a channel spacing of 16 kHz allows DSB and SS
channels with data bandwidths of 4 kHz and 8 kHz, respectively. It is readily apparent
that this spacing of DSB and SS channels presents the possibility for flexible intermixing



of SS, DSB, and FM channels. Table II lists the data channel bandwidth options
available in such a hybrid frequency multiplex arrangement.

TABLE II
DATA CHANNEL OPTIONS FOR THE HYBRID MULTIPLEX

ARRANGEMENT

Accurate demodulation of the SS and DSB subcarriers requires a means for
synchronizing the frequency and phase of carriers at the demultiplexer with
corresponding carriers in the transmitting equipment. Also, the insertion of variable
premodulation gain allows more efficient utilization of SS and DSB techniques, but
requires the transmission of reference information to permit compensating gain
adjustments to be made in the receiving equipment. Both reference information
requirements can be satisfied by a primary and a secondary pilot tone transmitted with
the composite frequency multiplex. The primary pilot tone serves as a frequency, phase,
and gain reference. The secondary pilot tone allows the resolution of certain phase
ambiguities which are inherent in the carrier reconstruction process.1 After allowance for
the reference tones a 100 kHz baseband will accommodate 23, 11, and 5 channels at a
spacing of 4, 8, and 16 kHzrespectively. Some details of the vehicle and ground
equipment for the hybrid multiplex arrangement are shown in Figures 2 and 3.

Figure 4 shows the exchange of channel response vs. S/N ratio which is available for a
given baseband channel location of a hybrid frequency multiplex with 8 kHz channel
spacing and a crest factor/load factor ratio equal to 4. For convenience in comparing the
results with more familiar applications, the S/N values have been normalized to SIN ratio
for a subcarrier deviation ratio of 5. The dashed portion of the SS-DSB curve represents
operation which is possible only with SS at the specified channel spacing. Notice that an
FM subcarrier provides better SIN than a DSB or SS subcarrier for data bandwidths less
than about 900 Hz.



CONCLUSIONS

Recently, increasing demands for shock, vibration, and acoustic measurements have
focused attention upon the deficiencies of present standard telemetry techniques. Further
growth in these requirements likely will continue to tax the capabilities of state-of-the-art
telemetry designs.

A recent survey by a group of dynamicists6 has contributed to a better understanding of
the quantities and characteristics of wideband data channels required for future telemetry
applications. Further comprehensive studies of data characteristics and transmission link
requirements are critically needed to guide the detailed design of future telemetry
equipment.

The hybrid frequency division multiplex arrangement described in this paper offers a
versatile exchange of data channel frequency response for S/N ratio. It also permits
efficient baseband frequency utilization where the user’s requirements include a variety
of wideband data. It is proposed that the merits of this arrangement be examined in
connection with planning for future telemetry standards.
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Figure 1.  S/N Comparison of SS/FM, DSB/FM, and Constant Bandwidth FM/FM.

Figure 2.  Channel Unit and Common Equipment for
SS-DSB Airborne Multiplexer.



Figure 3. Channel Demodulator Unit and Common Equipment for
SS-DS Ground Demultiplexer.

Figure 4. Channel Response vs. S/N Ratio for Given Channel Location
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A MINIATURIZED RF ACCELERATION MEASURING SYSTEM1

D. L. TRAPP
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Albuquerque, New Mexico

Summary    This paper will describe the design and development of a miniaturized high-
shock package utilizing an FM modulated 19.8 mc transmitter and a piezoresistive
accelerometer.

This program was initiated in October 1965 for the purpose of measuring deceleration
profiles generated by small diameter (1-1/4 inch) vehicles that penetrate targets of known
composition with input velocities up to 1500 feet per second.

Shock levels were anticipated to be in the 0 - 10,000 g range, with rise times varying as a
function of projectile ogives and anticipated to be as fast as 100 Fsec.

The system was designed to an existing volume described by a right circular cylinder, 1
inch in diameter by 6 inches in length, and an allowable volume of 3/4-inch diameter by
4-inches long was allocated for the 19.8 mc transmitting antenna. The first operational
usage of this system was in late January 1966.

Introduction    A complicating factor in the design of the system was the necessity for
the RF transmission through targets which offered relatively high mitigation of RF
carrier frequencies. Loss in efficiencies of up to 60 db were anticipated. This problem, in
addition to high shock, led us to the development of the relatively low frequency
(19.8 mc) transmitter.

All other system components had to be designed or modified due to the unusual
packaging and shock conditions.

In addition to the above, the new system was to be compatible with existing horizontal
and vertical sled track facilities and likewise was to have the capability for use in gun
environments. Standard FM trailer mounted ground stations were to be utilized.



Method of Approach    The basic system was laid out as shown in Figure 1.

From previous experience in high-g, fast-risetime shock environments, a decision was
made to use a low-source impedance piezoresistive bridge type accelerometer.

The signal conditioning circuit was designed to amplify the 0 - 500 mv signal from the
transducer and condition it for the 0 - 5 volt input to a wide-band 70 kc voltage-
controlled oscillator. The VCO would then deviate the 19.8 mc, 100 mw transmitter
approximately 60 kc.

An autotransformed loopstick-type antenna was designed to radiate the RF signal.

Power to the system was supplied by a specially designed and packaged water activated
silver chloride battery, which provided 24 volts at 100 ma for approximately 30 minutes.

As is shown in Figure 1, the transducer was mounted in the signal conditioning module
along with the 70 kc VCO and this module acted as a wrench for screwing the transducer
to the mounting stud. Elco connectors mounted on this module and on the battery
module allowed for easy interconnection. A guide pin insured proper connector
alignment. A loading ring forcing against the transmitter placed the entire package in
high compression. A second loading ring affixed the antenna to the rest of the package.

Component Design and Development    The design parameters of the individual
components will be described along with their size and performance characteristics.
Following this phase of the report will be a discussion of system operation and some
typical data will be presented.

A.  Piezoresistive Accelerometer

As a result of previous experience and considerable in-house testing, a decision was
made to utilize the Endevco 2261 piezoresistive four-arm bridge type accelerometer.
Endevco Corporation was requested to repackage the unit in regard to the type and
location of the output cable and connector. This was accomplished and the device was
designated 2261M4. (Figure 2).

The decision to use a piezoresistive device was based on the following factors.

1. Low source impedance (~330 ohm), which allowed the use of a relatively low
input impedance operational amplifier.

2. Good dynamic response, from DC to 6 kc.
3. Good temperature stability in the 0EF to 160EF temperature range.



4. High natural frequency of approximately 30 kc which, along with the low source
impedance, enabled us to utilize a simple low pass filter (5 kc) for use in gauge
resonance situations.

The disadvantages of high excitation power (10 volts, 20 ma) and low sensitivity
(0.1 mv/g) were not considered to outweigh the advantages of the gauge for this
application.

The following are the manufacturer’s performance specifications on the 2261M4. A new
gauge with a 10,000-g capability will be delivered to Sandia approximately August 30,
1966, for test and evaluation.

Performance Specification
2261-2500-10 Accelerometer

1.  Scope

This instrument is a high range piezoresistive accelerometer of the four active arm bridge
type. The frequency range extends from static to 6000 cps, with low damping and phase
shift for observing shock phenomena.

Piezite Type IX semiconductor crystal material is used.

2.  Characteristics

2.1   Dynamic
2.1.1 Range: ±2500 g
2.1.2 Full Scale output with ±250 mv nominal

rated excitation
2.1.3 Combined linearity and ±2% of reading to 3000 g

hysteresis: (sinusoidal and shock)
2.1.4 Resolution: Infinite
2.1.5 Frequency Response: ±5%, 0 to 6000 cps
2.1.6 Mounted Resonance Frequency: 30 K cps nominal
2.1.7 Damping: Approx. 0.03 critical
2.1.8 Transverse Sensitivity: 3% maximum (0.0012% FS/g)

in any transverse axis
2.1.9 Temperature Response:

Compensated Range: -65E to +250EF
Thermal Sensitivity Shift: 0-03%/EF maximum
Thermal Zero Shift: 0.2% FS/EF



2.2   Electrical
2.2.1 Rated Excitation: 10 v DC
2.2.2 Resistance (RT)

Input: 510 ohm nominal
Output: 330 ohm nominal

2.2.3 Cable: Integral, 4 conductor with
shield and jacket. Shield
connected to case.

2.2.4 Insulation Resistance: Greater than 100 megohms at
100 v DC

B.  Signal Conditioning Amplifier

The amplifier used in this system had to meet the following specifi cations.

1. It must be compatible with a standard FMIFM telemetry system, i.e., its output
should be from 0 - 5 volts.

2. The amplifier should have the capability of either linear or nonlinear operation.
This means that the amplifier must be able to provide either a fixed gain or a gain
that varies logarithmically with input so that the entire 5000-g capability of the
Endevco Model 2261 accelerometer can be utilized.

3. The amplifier must be compatible with the Endevco Model 2261 gauge. This
gauge produces a 0 - 500 mv output from a source impedance of 250 ohms.

4. The 2261 gauge resonates at approximately 30 kc and it was desired to cut the
frequency response of the amplifier at 5 kc.

5. The system should be compatible with whatever power source can be made
available to it.

These problems were analyzed and it was decided that an operational amplifier approach
should be taken. The circuit for this system is shown in Figure 3a. The only variable
components in the system are ZF and RB. RB is the bridge balancing resistor that is used
to set the nonlinear (Logarithmic) operating point of the amplifier.

ZF is the feedback component and it is used to determine the gain of the amplifier. For
the linear fixed-gain system a single resistor is selected so that the output of the amplifier
will be 5 volts at a given peak input.

ZF = RF would be chosen from the equation

(1)



where A is the gain necessary to produce 5 volts out at maximum input. Equation 1 is the
standard operational amplifier gain equation and it is based primarily on the assumption
that the open loop amplifier gain is very large.

The situation for the nonlinear amplifier is practically the same. The feedback
component ZF, however, becomes a network such as is shown in Figure 3b. The resistor
values are chosen so that the current through the network becomes an approximate
logarithmic function of the voltage across the network; thus, the amplifier with this
feedback network has a logarithmic gain curve. Such a gain curve is shown in Figure 4,
along with the feedback network used to produce that curve. The maximum and
minimum gains are easily calculated provided that the outputs desired for minimum and
maximum inputs are known. Knowing these gains and using Equation 1, the value of the
resistor R and the total resistance can be calculated. That is, if A is the amplifier gain,
then

(2)

or

(3)
and

(4)

Then, if the accuracy of the approximation is known, the total number of diode resistor
pairs is known; and from the slope of the gain curve, the other resistor values can be
calculated. The calculations for the feedback network are based on the assumption of
ideal diodes. Since the diodes are not ideal, a small error is introduced. The fact that the
diodes are not ideal also smooths the curve so that the break points do not stand out.

The Fairchild MA702A in the TO-5 configuration was chosen to be the amplifier used in
this system because of its electrical characteristics and its size. The power source used
with the system must supply 20 to 24 volts at 40 milliamperes. This requirement supplies
not only the signal conditioner but also the excitation for the gauge and the power for the
voltage-controlled oscillator as shown in Figure 3. The voltage regulator used here is of
the simple zener diode variety. The component values, voltages, etc., are shown in
Figure 3. This signal conditioner was designed around +5 volts as a reference so that the
accelerometer could be DC coupled to the amplifier. The roll-off capacitor, shown as C-1
in Figure 3 was selected to roll the frequency response curve off at 5 kc. The rate of roll
off is 6 db per octave.



C.  VCO

The Vector Division, United Aircraft, MMO-11 voltage-controlled oscillator was
selected for this application primarily due to its small size and its inherent resistance to
high shock loadings. To further increase the shock capability of the MMO-11, Vector
was requested to epoxy encapsulate the substrate board to which the microminiature
integrated circuits are affixed.

Frequencies selected for this application were Channels D and E (52.5 kc and 70 kc
±15%).

The VCO is mounted in the transducer and operational amplifier package and is
encapsulated in Hysol Epoxy (Figures 5 and 7). In order for the unit to fit in our
mounting configuration, it was necessary to grind off the mounting flanges.

Shock tests at levels up to 7500 g (half sine, 1 msec) in the longitudinal axis shaved no
measurable deviations from standard parameters.

D.  Ag C1 Battery

 1. A market survey was conducted to determine the best possible power source for this
application. After analyzing the volume available for the battery and the operational
characteristics required for this application, the following parameters were established.

Nominal voltage 24 volts
Rate 100 ma
Capacity 50 mah
Weight 40 grams
Length 1.85 inches
Diameter 0.995 inch
Shock 7500 g1s, half sine, 1 msec.

As a result of the market survey, two types of batteries were selected that met some or all
of the above listed specifications. These were the silver cell and the water activated
silver chloride cell. The latter was selected due to the physical structure of the plates and
their adaptability toward high-shock packaging.

A contract was placed with Eagle-Picher Company, Precision Product Plant, Socorro,
New Mexico, and as a result, a battery was designed which was compatible with the
other components in the system as we” as the above listed specifications.



Figures 6 and 8 show the physical configuration, including the Elco connector and guide
pin which allowed for blind insertion of the battery and operational amplifier in the
penetrometer.

2.  The battery receives its formation charge by immersing it in water for a 1-minute
period, after which a 100 ma load is placed on the battery for a period of 5 minutes. Felt
pads are then placed in the fill slots and the battery is ready for use.

3.  Chemical data. The cathode reaction is a silver chloride reduction:

Anode reaction is an oxidation of Dow Chemical Company magnesium alloy Az-31B:

4.  This battery, as shown in Figure 8 is encapsulated in solid epoxy. Shock tests at levels
in excess of 7500 g’s showed a transient voltage loss of less than 5 percent during shock,
which will not affect the performance of the system. Figure 9 shows the battery response
to a 7500-g shock input. Capacity of this battery can be increased up to 40 percent by
decreasing the amount of compressive load on the plates; however, its resistance to
shock loadings falls off proportionately.

E.  Transmitter

A survey of telemetry transmitter manufacturers resulted in Conic Corporation, San
Diego, California, being selected to design and manufacture a 2.4" x 1" diameter
transmitter capable of producing 100 mw and withstanding severe shock loads up to
10,000 g’s.

The design concept centered around the modulator circuit from the Conic CTM 400
series of 215 - 265 mc transmitters. These transmitters utilized an IC voltage-controlled
oscillator with a center frequency of approximately 20 mc.

In addition to the above-mentioned LC VCO, a buffer amplifier, power amplifier, and an
output bandpass filter were designed and checked out in breadboard form. All
components were chosen with the shock environment in mind, including encapsulated
inductors and capacitors. The circuits were then mounted in cordwood form between two
printed circuitboards running in the longitudinal direction. The module was then firmly
attached to an aluminum longitudinal keel strength member and encapsulated with high-
strength configuration polyurethane. A Selectro SK-14 connector was mounted in the
transmitter for coupling to the antenna (Figures 10 and 11).



The buffer amplifier serves to minimize the effects of antenna reflection and voltage
perturbations in regard to frequency stability. Modulation frequency response is DC to
500 kc (±3 db). The transmitter was designated by Conic as the CTM 400.25.

CTM 400.25 Transmitter Specifications

1. Power Output 100 mw nominal
2. Voltage Input 22 v ±10%

 3. Current Input 40 ma
4. Temperature 0E to +60EC
5. Frequency 19.8 mc ±50 kc max.
6. Frequency Stability 0.01%

This transmitter has been shocked at levels up to 7500 g’s (half sine, 1 msec) with
frequency perturbations of less than 10 kc.

Although this transmitter was designed as a true FM unit, it was felt that the VCO
modulation technique would be preferable due to the possibility of small carrier
frequency shifts under severe shock loadings.

F.  Antenna

The selection of a transmitter operating on a 19.8 mc carrier frequency presented several
antenna design problems. The antenna would have to survive high-shock loadings and be
of such physical configuration as to not adversely affect the penetrometer flight
performance. In addition, it would have to radiate the 100 mw output of the transmitter
through both air and target materials with enough efficiency to insure adequate signal to
the receiving antenna.

The physical size was established as a right circular cylinder, 4-1/2 inch in length and
3/4 inch in diameter, with a pin and load ring supplied to make electrical contact to the
transmitter. (Figure 12).

The antenna, which was designed by Division 1424, Sandia Corporation, was an auto-
transformed ferrite loopstick, with the components epoxied inside a fiberglass rod. The
antenna presents a load to the transmitter of 50 ohms ±5 with a j factor of ±5. The
antenna efficiency is approximately -10 db.

This completes the electrical and physical discussion of the individual components. With
the exception of the signal conditioning module and the antenna, which are made by
Sandia Corporation, the other components are now available as commercial products
from the respective vendors.



Operational Concepts    The theory of projectile design and the interpretation of data
will not be duscussed in this paper. We will now discuss the test facilities, receiving
instrumentation and operational concepts utilized in this project.

A.  Test Facilities

1.  Sled Tracks -- Existing Sandia sled tracks were modified to incorporate a 1-1/4-inch-
diameter slotted tube mounted above the rail. A rocket powered sled mounted on the rail
accelerated the projectile in the tube by means of a push rod. The sled was decelerated by
means of stopper foam and the projectile then free flighted into the target materials.
There were virtually no pitch or yaw perturbations in the projectile flight profile.

Both vertical and horizontal sled configurations were used on this project.

2.  Ground Station Instrumentation -- Quarter wave ground plane antennas were
installed in close proximity to the targets to receive the 19.8 mc transmitted signal. These
antennas then feed an upconverter which Sandia designed to allow the use of standard
frequency receivers. With the exception of the upconverter, the ground station
instrumentation was standard (Figure 13).

The upconverter schematic is shown in Figure 14. It consists of a preamplifier stage, a
crystal-controlled local oscillator and a mixer stage. This device beats the 19.8 mc signal
with a 215 mc signal, resulting in a 234.8 mc carrier which is then fed into a standard
telemetry receiver. The combined upconverter/receiver sensitivity was approximately
3 Uv.

Due to the close proximity of the receiving antennas, there has been no lack of signal
strength on any of the more than 100 tests on this program. Typical signal strength when
firing through targets with a percent lead content is 2000 uv.

3.  Camera Coverage -- High speed image motion photography taken just prior to entry
into the first target gives us a velocity reading with 1 percent accuracy. Fastex camera
coverage gives angle-of-attack and soil-deformation data.

4.  Data Reduction -- The test tape is digitized by the Epsco process and is fed into
computers for analysis and plotting. Four data plots are used for each event: acceleration
vs. time, the first integration of A/T (or velocity) vs. time, the second integration
(displacement) vs. time, and )acceleration vs. )velocity.



B.  System Operation

The assembly, calibration, and operation of the accelerometer package will be described
below in sequence form as pertains to a typical rocket sled shot.

1.  Select transducer and signal conditioning module for desired g range. Either a linear
or a nonlinear package will be chosen depending on the degree of knowledge concerning
anticipated shock levels.

2.  Dynamically calibrate the package on a vertical actuator to the anticipated g levels.
By means of calibrated reference gauges and oscilloscope pictures, the sensitivity of the
package is established in terms of millivolts per g.

3.  The package is now taken to the firing area and a five-step spin cal is transmitted to
the ground station and recorded. Signal-tonoise ratio of the VCO carrier is monitored on
a spectrum analyzer. Typical readings for this system are in the 35 - 40 db range.

By means of an RF attenuator, a signal strength step cal is recorded on tape.

4.  Targets are selected and placed in position.

5.  The rocket sled is positioned and the firing circuits and camera signals are verified.

6.  After the Ag Cl battery is activated, the package is installed in the projectile and
placed in the launching tube.

7.  The rockets are armed and the ground station is prepared to receive the transmitted
signal.

8.  After receipt of command from the ground station operator, the sled is fired and the
projectile is accelerated into the target array; at which time the transmitted signal is
recorded and displayed for quick-look analysis.

9.  After the projectile is recovered, the unit is post calibrated as described in Step 2.

10.  After the calibration is verified, the shot tapes are sent to the data reduction
organization where they are reduced and plotted. Typical shot records are shown in
Figures 15, 16, 17, and 18.

Figure 16 is the first integration of Figure 15 (velocity) and Figure 17 is the second
integration (displacement). The initial velocity on this particular shot was 315 feet per
second, which was verified by image motion camera data.



Conclusion    This paper has described the development of a system capable of
measuring deceleration profiles in the 0 - 10,000 g range. Since February 1965, there
have been approximately 100 firings of the system described. In this number of tests
there have been no transmitter, VCO, battery, antenna, or signal conditioning failures.
On several occasions, gauge failures have occurred when the environmental limits of the
gauge have been accidentally exceeded.

The principal problem encountered has been in the area of gauge resonance and
considerable testing was accomplished to verify the validity of filtering techniques and
their effects on data.

This system is currently being incorporated into gun-test facilities and, at this time, we
have not encountered any serious problems in this area.
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Figure 1.  Accelerometer Package Assembly Drawing



Figure 2.  Endevco 2261-M4 Piezoresistive Accelerometer



Figures 3a & 3b.  Signal-Conditioning Amplifier & Nonlinear Feedback Network



Figure 4.  Gain Curve of Nonlinear Operational Amplifier As A Function of Input



Figure 5.  Vector MMO-11 Microminiature Voltage-Controlled Oscillator

Figure 6.  Eagle-picher model 340 Silver Chloride Battery



Figure 7.  Signal-Conditioning Module and VCO

Figure 8.  Eagle-Picher Model 340 Ag C1 Battery



Figure 9.  Voltage Variation of Ag Cl Battery Under 7506G Shock Impulse

Figure 10.  Conic CTM-400,25 19.8 mc Transmitter



Figure 11.  Conic CTM-400-.25   19.8 mc Transmitter

Figure 12.  Projectile With Autotransformed Loopstick Antenna Installed



Figure 13.  Ground Station Schematic



Figure 14.  Upconverter Electrical Schematic



Figure 15.  Acceleration Vs Time Plot



Figure 16.  Velocity vs Time Plot



Figure 17.  Displacement vs Time Plot



Figure 18.  Acceleration vs Velocity Plot
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MICROSECOND RESOLUTION TELEMETRY1

JERRY D. MOORE
Sandia Corporation

Albuquerque, New Mexico

Introduction    This paper is concerned with the measuring and telemetering of event
occurrence times with a 1 to 2 microsecond accuracy. There are three basic approaches
presented, all of which can be used in different applications for one event up to several
hundred events. The factors involved in the choice of a system are presented from the
encoding viewpoint with little emphasis on the actual RF link problems.

Definition of the Problem    The difficulty of obtaining the microsecond resolution
depends to a large extent on the constraints used in defining the problem. The
assumptions made are of a general nature, but may not be valid in some isolated cases.
When a particular problem does not follow the constraints, then a complete review of the
techniques for additions or deletions would be a necessity. The problem will be limited
to RF links in which information retrieval is not possible some finite time after data
occurrence.

There are two major constraints placed on the specific problem. First, it must be capable
of handling any sequence in which the events occur (including simultaneous occurrence
of a set), and supply 1 to 2 microsecond resolution. Second, the data should be recovered
as soon as possible after the event has occurred. This latter constraint can be one of the
more important factors in the choice of a particular system. For example, in impact
measurements where the RF link will be destroyed soon after the last event occurrence.

The event occurrence time is defined az the time a threshold value is reached. The
number of events that can be handled by the system will be defined as “N”. The success
of a particular technique is de-pendent on the value of N.

Explanation of the Three Techniques    General - There are two parts of the data to be
transmitted; they are the recognition of one particular event and its occurrence time. The
three techniques presented in this paper obtain the data in three basic methods designated
as real time, delayed time, and a hybrid approach called hybrid time.



Real Time Systems    A real time system yields the information as it occurs. Examples
of such systems would be an FM-FM system where a, function is continuously
monitored, and even a commutated channel where a particular segment represents a
signal during its allotted time. Of course, a signal directly modulating the transmitter
would also be considered real time.

There are two major subdivisions of real time systems; they are True Real Time and
Coded Real Time. A True Real Time system transmits both the event identification and
the event occurrence time simultaneously. The analog level will identify the event, and
the time when this level appears is the occurrence time. The Coded Real Time uses a
binary, tertiary, quaternary or etc. code to identify the event, and the time of the codes
first character transmission as the event occurrence time. Figure 1 shows an example for
4 events on True Real Time and Coded Real Time.

Both systems are limited by the components; however, within this limitation there are
certain advantages and disadvantages of each. Referring to Figure 1, the True Real Time
system can transmit event and occurrence time as fast as the system can respond; but if a
number of signals are placed on the same data link then many levels must be
distinguished and a good signal-to-noise ratio is required. The Coded Real Time system
is limited to event occurrence times that are separated at least by the length of the coded
word; however, because of the discrete levels it can tolerate more noise.

Delayed Time Systems    A delayed time system stores a particular event occurrence in a
pre-addressed storage location and telemeters it at some later or delayed time. An
example of such a system could be where data is recorded on a flight tape recorder and
then played back on command. Also, the data could be stored independent of real time in
a coded format and then multiplexed into the RF link. Such a method is shown in Fig. 1.
The length of the coded word for each event would depend on the type of code (binary,
tertiary, quaternary, etc.) used and the total elapsed time that must be encoded. To better
explain this point consider the following specific example.

Example 1:  Requirements exist for 4 events to be monitored with 1 microsecond
resolution on the occurrence time. The total time that can elapse from the first event to
the last event is 320 microseconds.

Solution - A 1 MHz clock could be gated into 4 9-bit binary counters by the event
occurrence times. A counter would be controlled by a specific event in the following
manner. When any one of the events occur then all counters are enabled and receive
pulses from the clock; each counter is then disabled by the occurrence of the event which
controls the disable gate. The counter corresponding to the first event would have no
count shown as it has the enable and disable signal pulses applied simultaneously. Using
an 18-bit sync word then the total frame length would be 64 bits. The frame would be



multiplexed continuously at the highest rate the components or bandwidth will tolerate.
There are many other factors that could affect the use of such a system, but this example
serves to explain the delayed time approach.

The advantage of the delayed time system is that each event is identified by the position
on the frame, and the stored occurrence time can be completely independent of all other
events. This allows for simultaneous occurrence. The disadvantage is that the entire
frame data must be transmitted after the last event. That is, two adjacent frames must be
the same in data content to assure accurate data. In some cases the amount of time
required for this transmission may be longer than the expected life of the telemetry
system. Impact measurements could impose this latter condition.

Hybrid Time Systems    As the name suggests, the Hybrid Time System is a
combination of the Real Time and Delayed Time characteristics. The system would
transmit event occurrence time as it happens by a change in level and the event sequence
as a delayed time coded word, as per Fig. 1. The Hybrid Time System is limited in
resolution to the speed of the telemetry system, but the length of the coded word is
determined by the number of possible sequences that can occur. If a binary coded word
is used then

2m = N!
where m is the number of bits required to code N events happening in random order but
not simultaneously. The number of bits required increases substantially if simultaneous
occurrence is considered.

System Determining Factors    There are many factors that determine which approach
should be taken. Some of the more important factors will be reviewed in the following
list. Many of these terms are cross-related, but some are independent of others.

1. BW1 - The bandwidth capabilities of the system.
2. BW2 - The allowable bandwidth that can be used.
3. N - The number of signals required to be handled.
4. R - The resolution required i.e., one part out of how many.
5. T1 - Minimum time spacing between events (it might be 0 or perhaps

1 second).
6. T2 - The maximum time that can elapse between the first event occurrence and

the last event.
7. T3 - The minimum amount of time available for transmission of data after the

last event occurrence.
8. S/N - Signal-to-noise ratio.
9. C - Cost of the system permitted.
10. REL - Reliability required of the system.



For the purpose of this paper the response time of the entire system to a step function
will be considered as the capability with very little presented on true bandwidth
considerations. The term used will be RT for Rise Time.

It would be possible to obtain a formula which equates the type system to some function
of these variables. This has not been performed in this paper because time and
experience is needed to determine if these are all of the variables that should be
considered. Also some weighing factor would have to be assigned to things like cost and
reliability, which would not be valid in general.

A System Requirement Solved Using Delayed Time Technique    Recently a program
requirement was presented for a Mach 6 sled test to make event occurrence
measurements at impact. The general requirements were 100 time events to be monitored
with a 1 to 2 microsecond accuracy, and limited volume and weight available for any
telemetry package. The amount of time available after the last event occurrence was
estimated to be a minimum of 300 microseconds. The amount of time that can elapse
between the second event occurrence and the la-st event occurrence wa,s estimated at a
maximum of 200 microseconds. The first event could occur 200 microseconds prior to
all other events. Thus

N = 100
R = 1/200
T1 =0
T2 = 200 x 10-6 sec.
T3 = 300 x 10-6 sec.

The evaluation of some new P-Band transmitters revealed that when used with a
1.5 MHz bandwidth receiver a maximum rise time (RT) of 1 microsecond for pulse
modulation on the RF link was feasible. Thus

RT = 1 x 10-6 sec.

The signal-to-noise ratio was believed to be favorable to analog or multilevel signals at
near impact locations.

The resolution could possibly be obtained by a Real Time System. The Delayed Time
System would require an 8-bit word for each event. The event identification becomes
extremely difficult for Real Time, while relatively simple in Delayed Time because the
100 8-bit word locations would identify the event. Likewise, if a Hybrid system were
used then a 100! combination must be considered (even eliminating the simultaneous
occurrence modes). The logic to perform this would be very extensive.



It appeared that the Delayed Time System was the best, but with 8-bits for 100 words
then 800-bits must be transmitted. The bit time period could be 1 microsecond at a
miniimim thus 800 microseconds were required if only one RF link was used. If four RF
links were used, then only 200 microseconds would be used. Also, if a quaternary code
instead of a binary code were used, then only 100 microseconds are required. The system
design revealed that 2 to 4 microsecond character periods were more compatible with
components and transmission capabilities. A period of 2.5 microsecond was chosen so
the total transmission time required is 250 microseconds when four transmitters and a
quaternary NRZ-C code are used. The encoding package is called ISMAC for Integrated
System of Multiplexing and Counting. The main subsystems are:

1. 1 megahertz clock
2. Master Delay Circuit
3. Synch Generation
4. Start and Stop Gates
5. 96 8-bits binary counters
6. Multiplexer

The operation of the system as shown functionally in Figure 2 is as follows: The clock is
running and all other circuits are reset. The counters are not receiving pulses. When the
first event occurs, called T0, the master delay circuit is activated. After the preset delay
time of 0 to 255 microseconds, the start signal is applied so that all counters begin to
receive pulses. As an event occurs it supplies a. stop signal to its corresponding counter.
The number of pulses, up to 255, are then stored in the counters. The 8-bit output of ea-
ch counter is translated by binary to quaternary converter into four quaternary coded
outputs. The multiplexer samples the four quaternary coded outputs from each counter
and directs it to four transmitters.

The system design and packaging revealed that 96 channels were easier to package than
100, thus the limitation to 96 counters. The entire ISMAC was packaged in a 9" x 7" x
2-7/8" package and weighs less then 20 pounds.

Conclusion    The basic approaches to microsecond resolution telemetry were presented
and classified as

1. Real Time Systems
2. Delayed Time Systems
3. Hybrid Time Systems

An explanation of each technique was given so that a general understanding could be
obtained. There was nothing presented on actual circuit design. The purpose of the paper
was to present the methods in a, general view so that others might be able to find



applications. Some of the factors that would influence the choice of a particular system
are presented without detailed explanation.

A specific problem where the techniques were considered as a solution and which
yielded a slightly modified delayed time system was presented.

It is possible that many applications exist for MRT (Microsecond Resolution Telemetry)
in which these techniques could be utilized. Currently, circuits are being designed on the
Hybrid Time and Delayed Time Systems for handling 4 events. These systems should be
capable of replacing much larger and more expensive equipment presently being used for
obtaining resolution of 10 to 20 microseconds.

Acknowledgment    The author wishes to acknowledge the assistance of C. M.
Applewhite, N. E. Corlis, K. Oishi, and J. P. Quint rendered during the concept and
formulation of these ideas.

Figure 1 - Example of MRT Techniques



Figure 2 - ISMAC Counter and Control
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Summary    This paper describes a new all solid state airborne low level PAM
multicoder that employs N-channel FET for all the analog switching functions of the
system. The unit features a 72KHz true chopper amplifier that affords complete isolation
between input and output. This unit is fully developed and went into production in June
1966 offering many advanced features to airborne telemetry system users.

Each input channel presents a true differential analog switch into the low level D. C.
amplifier. The operating characteristics such as C. M. R. (100 db) out to 1KHz, no D. C.
drift or gain-change, and selectable pedestal levels add to ease of operation and
flexibility. Heavy use of integrated circuits was also made including monolythics,
hybrids and discrete elements.

The gating logic, chopper amplifier front end, and carrier amplifier/synchronous
demodulator each have a separate power supply winding thus providing excellent
isolation for user applications. Mechanical construction employs plug in boards
affording ease of manufacture and complete interchangeability of boards between units.

The system is discussed as to unique features and techniques necessary to build the unit
and satisfy stringent specifications.

1.  Introduction    The Part Number 2010-01S is a low level, solid state PAM
multicoder from GDI and comprises the following basic portions:

1. Analog Differential Gates
2. Logic
3. Low Level, Isolated Chopper Amplifier
4. Clock and Driver Circuits
5. Power Supply

In Figure 1 is shown a block diagram of the system. The unit contains 43 analog
differential gates that are sampled at 50 frames/second. The output of the differential



gate is fed into the low level DC chopper amplifier front end which is completely
isolated and floating from signal ground. The signal at the input to the low level buffer
input is then chopped at a 72K Hz rate and coupled by the signal transformer into the AC
carrier amplifier. The carrier amplifier amplifies the chopped signal 100 times and the
output is synchronously demodulated to reform a commutation sample period. Also in
the demodulator section, the duty cycle and pedestal levels are set.

The analog gates are formed from differential pairs of Field Effect Transistors (FET’s)
which have essentially zero offset voltage in the “on” condition with an R sat of
approximately 200 ohms. The FET’s are sequenced in pairs from floating logic outputs
derived from a ripple counter connected to form a 15 x 3 matrix for switching the 45
channels sequentially. Drawing Number C2010-01-11-050 (Fig. 2) shows the schematic
for the analog gates.

In Drawing Number D2010-01-11-040 (Fig. 3) the logic circuitry is shown which is
comprised essentially of thin-film hybrid flip flops and discrete component planar silicon
diodes. Also the inputs to the switch portion of the system; that is, the drives into the
switch portion of the system are completely isolated from signal ground. The outputs
from the analog switch portion of the system are connected to a common buss which is
fed into the input of the low level chopper amplifier, Schematic D2010-01-11-020
(Fig. 4). The signals so presented to the amplifier are chopped by series-shunt FET’s
chopper at a rate of 72K Hz. The input to the amplifier is formed by a high impedance
Darlington type emitter follower amplifier which is heavily fed back to decrease
capacitance effects and increase input impedance. The output of the input buffer portion
is then connected by a signal transformer into the carrier amplifier which amplifies the
72K Hz pulse signals by a voltage gain of 100. The output of the carrier amplifier is then
demodulated synchronously, integrated and presented at the output. Included in the
demodulator section of the amplifier is a level shifting circuit that allows the potential
level of the output signal to be set such that zero volts in presents +3 volts out and the
plus and minus 20 millivolt input signal represents a dynamic swing from the +1 to +5
volts. Therefore, the unit has a +1 volt pedestal upon which the data pulse rides with the
dynamic output voltage range of 4 volts (+1 to +5). Also in the demodulator section, the
duty cycle switching is performed by two more FET switches. The logic is such as to
provide a 50% duty cycle with the intra-data channel times being returned to zero volts.
The master pulse which comprises two “on” and one “off” times of the normal channel
times is generated in the logic and fed in the normal fashion to analog gates which are
fed with a master pulse reference voltage of 20 millivolts and connected such as to
provide the wide master pulse of two “on” periods plus one “off” period and of
amplitude +5 volts constant at the output. The pulse rate of the commutator is 2250 PPS
and the system is completely synchronized; that is, the power supply is synced with the
clock which operates at 72K Hz. The 72K Hz is formed from a Colpitts type oscillator
located on the clock board Schematic C2010-01-11-070 (Fig. 5) which synchronizes the



power supply the output of which is shaped-buffered and used to drive the chopper
FET’s at the input of the low level DC amplifier and the demodulator section switches of
that amplifier. Also this 72K Hz frequency is counted down to 4500 Hz and drives the
commutator sequencing binaries. Therefore, the commutation switching rate of 2250
PPS is synchronized with the clock that operates the power supply, Schematic 2010-01-
11-010 (Fig. 6), and chopper amplifier. In this way, the demodulation formed in the low
level DC amplifier is synchronized and allows no ambiguity (jitter) in the demodulation
function to exist.

This low level electronic multicoder therefore accepts signals in the range -20 millivolts
to +20 millivolts and provides a PAM output format comprising a +1 volt pedestal
giving a dynamic range of +1 to +5 volts for data. The output pulse rate is 2250 PPS
which represents a 45 channel system operating at 50 frames/second. The input of the
system to each channel is completely isolated from ground and therefore relatively high
values of common mode voltage (50 - 100V) can be applied at the inputs with the
breakdown to signal ground being a function of the insulation resistance of the power
supply transformer and the signal transformer in the low level DC amplifier portion.
With any input referred to signal ground, the CMV is limited to approximately -20 and
+40V in the negative and positive directions respectively.

2.  Technical Discussion

2.1  Approach    The process of sampling many points of low level data sequencially,
amplifying and presenting a pulse amplitude modulated waveform is well known and has
been performed for many years. The previous techniques employed to achieve this
electromechanical commutator with vacuum tube; electromechanical commutator with
solid state amplifiers; and all solid state system using planar chopper transistors for the
analog switching functions. In the system described herewith the analog switching is
performed by FET choppers and the amplification utilizes a true chopper amplifer
comprised of discrete and integrated circuit elements. The amplifier requires no
balancing or adjusting and does not drift considering either DC level or gain
characteristics.

The general problems of low level multicoders (commutators) include:

A) DC output level drift with temperature
B) Amplifier gain changes with temperature
C) Back current leakage into transducers
D) Common mode voltage rejection
E) Internal noise generation
F) Over-voltage input recovery characteristics
G) Linearity



The solving of some of these problems requires great care in design and manufacturing
activities.

The FET’s used should exhibit as low an “on” resistance as possible, and each
differential pair should be matched as to R “on” value. Another characteristic that is of
some importance is the forward and backward resistance of the FET. It was found that
the FET’s would exhibit slightly different values of resistance for current drain to source
than for source to drain. This characteristic gave rise to some apparent scatter at the
output due to a “rectification” action of any spikes that appeared between the differential
analog gates. A small capacitor placed across the common busses of the analog gate
output eliminated the problem for the system in question. But for some systems it may be
necessary to match forward and backward resistances of the FET’s although for low R
“on” units (10 - 20 ohms) it probably would not present any difficulty.

The values of the R “on” for the FET’s used in the commutator also affected the common
mode rejection characteristics of the unit, it being desirable to match and keep R “on”
small. The DC drift that could be encountered in a DC coupled amplifier is obvious.
Front end drift is most important and difficult to eliminate but with the true chopper
amplifier, the low level DC signal is chopped at high frequency (72K Hz) and the
amplification takes place in an AC amplifier. The synchronous demodulation is a
function which does not cause errors, and further amplification is by unity gain
operational amplifiers whose characteristics do not add DC drift sufficient to be a
problem at the high level signals they pass. The use of low R “on” FET’s is desirable
also in the demodulator switching function particularly for the switch driving the
integrating capacitor.

The amplifier gain stability in the subject unit is a function of input, output and feedback
precision resistors. For an open loop gain reduction of 30%, the closed loop gain varies
only 0.05%.

and sufficient gain/phase margin is incorporated in the amplifier to maintain stability for
such open loop gain changes.

The common mode rejection problem was tackled from the systems point of view. The
front end of the amplifier is isolated from signal ground and the commutator portion of
the system is also isolated from signal ground with each portion being powered by its



separate winding on the power supply. The objective was to minimize capacitance to
signal ground from the front end of the system. The areas where capacitance to signal
ground exist are:

1) Low level amplifier transformer
2) Logic power supply windings
3) Amplifier front end power supply windings
4) Low level amplifier chopper’drive from the power supply windings
5) External synchronization pulse transformer from logic to signal ground
6) Stray wiring capacitances

All of the above possible capacitance paths were given special attention and techniques
employed to reduce the magnitude of capacitance to signal ground. With the resultant
minimal capacitance that does exist to signal ground from the front end, it is most
important that the same magnitude be present at each of the differential inputs otherwise
a differential signal will be created by the AC common mode signal by any slight
imbalance in the

line resistances R1 and R2. For zero source impedance, of course, the balance of C1 and
C2 is not necessary, but in any practical case, they should be the same value. In the case
of this low level multicoder, the common mode is set by the difference in C1 and C2 and
also the value of R “on” of the FET analog switches. For FET R “on” of less than
20 ohms, the common mode rejection is greater than 100 db with a ± 10 V AC signal out
to 1K Hz.

The over-voltage characteristics of the system are affected on a first order basis by the
back to back diodes across each analog input. These diodes are extremely low leakage
devices exhibiting less than 20 pico amps for ± 20 MV applied voltage. Additional 200
ohm resistors are incorporated in each input lead to protect the clamp diodes in an over-
voltage condition. The voltage thus presented to the amplifier input is of the order of
± 0.6 V representing the forward drop of the diodes. This over-voltage must be taken
care of, in the amplifier, in such a manner as to not interfere with the next channel of
data. Various techniques are employed to ensure no channel interference, with the
biggest problem being the over-driving of the signal transformer in the amplifier. Any
tendency to oscillation or large overshoot will provide a memory superimposed on the 



next channels. The capacitors coupling in and out of the signal transformer need to be as
large as possible to reduce DC level shift effects in the over-voltage condition.

The internal noise generated is mainly connected with the front end transistors of the low
level amplifier. This is minimized by using very low noise transistors in the input. Ripple
from the internal power supply provides most of what we might call “noise” although
being synchronized with the system PAM output it can be treated separately.

Feedback into the transducer output can cause errors for large values of impedance
Switches A closed together; Switches B and C alternately open and close 32 times in the
full on period of the commutator Switch A. During C closed, the capacitor C, will charge 

to +8 V on side nearest input and when Switch B closes, theoretically, no current will
flow through Switch B because it is connected to the +8V supply. In a practical sense 

there will exist a back current into the transducer made up mainly of leakage currents
from the4Z off gates via their gate-drain functions. For this multicoder, the back current
averages to approximately 50 NA.

The following is a description of the system board functioning, mechanical arrangement
and specifications.

2.2-System    The Part Number 2010A-01S low level solid state PAM multicoder is
designed for aircraft type environments. The Specification Control Drawing Number
D2010-01-01 outlines the environments over which this unit will remain within the



technical specifications. The unit has 43 data input differential gates which are
sequenced 50 times per second providing a 2250 PPS output wavetrain. Therefore, the
data applied to each input can have frequency components up to approximately 10 Hz.
To accommodate data channels with higher frequency components, it is necessary to
cross-strap on the input the number of channels such that the data would be monitored
more than once per frame. The output format is a standard IRIG description and includes
a +1 volt pedestal which makes the dynamic input range from +1 to +5 volts. The output
wavetrain includes a frame or master pulse once per frame which is of duration of 2 “on”
and 1 “off” periods and of amplitude +5 volts. This master frame pulse is used in the
decommutation equipment to synchronize the decommutation operation. The between
channel level is zero volts, therefore, it is possible to sync each channel in turn with the
transition from +1 volt to zero volts that occurs between each data channel. The system
operates from +22 to +32 volts at approximately 400 milliamps and is protected against
accidental reverse polarity voltage application on the power input.

The mechanical arrangement of the system is in the form of plug-in boards formed from
3/32 glass epoxy, tin soldered plate printed circuit and high reliability subminiature
connectors. Certain boards such as the gate and logic boards have many interconnections
with the rest of the system and therefore include two 37 pin connectors. With the balance
of boards, it is only necessary to incorporate one connector and on these boards
additional guide pins are incorporated to insure positive entry into the female connector
mounted in the mother board. Also included with this system are extender cards that
allow each card to be extended beyond the top surface of the housing and check various
points during a troubleshooting operation. A card puller is also provided which is
necessary to remove the cards from the housing.

2.2.1  Gate Boards    Drawing Number D2010-01-11-050 (Fig. 2) is the schematic of the
analog gates. Each analog gate is formed from 2 FET transistors driven from the diode
matrix included on the logic board. Included at the input are two 200 ohm resistors and
two low leakage clipper diodes. For an overvoltage condition, the 200 ohm resistors in
corporation with the diodes clip the input level and present approximately 0.6 volts
through the analog switch to the input of the low level amplifier. The diodes connected
between the Sources of the FET’s are specially selected low leakage types that present
no greater than 20 pico amps at room temperature and no greater than 0.5 nanoamps at
+85EC with ±20 mv applied. Included on board number 2 are the analog gates for
channels 44 and 45 which are used for the master pulse or frame pulse. These gates are
fed from the master pulse reference voltage of 20 millivolts constantly and are sequenced
once per frame to provide the correct master frame pulse in the output wavetrain. The
field effect transistors are baked for a minimum of 24 hours at 120EC with a backbiased
voltage of -20 volts between gate and source. Subsequent to this temperature run,
leakage and pinch-off voltage measurements and saturation resistance measurments are
completed and only those units satisfying GDI’s internal specifications are utilized in



this system. Similarly, the diodes are temperature cycled and measured after the baking
cycle for a stipulated maximum leakage of 20 pico amps at 25EC with 20 millivolts
forward or back-biased applied to the diode.

The logic board’s diode matrix supplied the pulse sequence to the common gate drive of
each switch and this is in the form of a change from approximately -25 volts to 0 volts.
At 0 volts applied to the gate relative to point J which is the isolated ground, the analog
gates are in the “on” period, with a negative voltage greater than -5 volts on the gate
relative to the source the FET is pinched “off” and the “off” resistance is greater than
100 megohms.

2.2.2  Logic Board    The logic board schematic is shown in Drawing Number D2010-
01-11-040 (Fig. 3). The logic board comprises thin-film, hybrid binary elements that are
connected to form a 3 x 15 switching matrix. The diode coupling out of the binaries is
performed by 1N4148 Silicon Planar Diodes which are connected to AND gate the
switching functions to the FET analog gates. Also included on the logic board is the
master pulse and 50% duty cycle circuitry necessary to generate these functions. The
master pulse is generated from the sequencing binaries and is fed from IC8 via Q3003,
Q3004 collectors to the demodulator section of the amplifier Schematic Drawing
Number D2010-01-11-020 (Fig. 4). The sequencing binaries which are formed from
Intellux FF1524B thin-film hybrid units, are driven from the output of the countdown
flip flops included on the clock board Schematic Drawing Number C2010-01-11-070
(Fig. 5). The coupling into the sequencing binaries, which have to be maintained in a
floating condition with respect to signal ground, is by isolated transformer T3002 which
is a differentiating type pulse transformer necessary to trigger the IC1 binary. The logic
board also includes an external sync generator circuit which allows the user to sync the
system with external equipment such as an oscilloscope etc. for analyzing the output
pulse wavetrain. The sync output is isolated by a transformer T3003 which is driven by a
low impedance emitter follower Q3006.

The intent in designing the system was to standardize on as few number of types of
transistors as possible within the framework of technical performance, and the 2N3227
was selected as a good universal type transistor for most of the discrete amplifying
functions of the system. Similarly all of the diodes utilized except where otherwise
specified in the system are 1N4148 silicon planar types.

2.2.3  Amplifier Boards    The low level DC chopper amplifier utilized in the Part
Number 2010A-01S low level PAM multicoder is shown in schematic form in Drawing
Number D2010-01-11-020 (Fig. 4) and it is constructed on two boards.

In studying the schematic of the amplifier shown in Drawing Number 2010-01-11-020
(Fig. 4) it can be seen that the amplifier is broken down into a number of sections. At the



input we have the synchronous choppers followed by the input buffer. The output of this
then feeds the carrier amplifier which drives into the synchronous demodulator. Also on
the board are the level shifting voltage regulator and input constant voltage source for
the level shifter. The synchronous input chopper is formed from FET transistors, Q2000
and Q2001. These are driven by IC1 which is driven from the power supply board
schematic Drawing Number C2010-01-11-010 (Fig. 6). The Q2000 is the series chopper
and the FET Q2001 is the shunt chopper. Between them, they chop the signal presented
from the common buss of the analog gates at 72K Hz rate. These pulses are then
impedance transformed by the input buffer which presents a high impedance formed by
transistors Q2002, Q2003 and Q2004 which are heavily fed back to increase input
impedance with the output of Q2004 driving transformer T2000. It was important that
the gain of the input buffer be as constant as possible and it was deemed desirable to
utilize a straight emitter follower in a Darlington connection as shown. The transistor
used for Q2002; namely, the 2N2586, is a special low noise device with a gain
bandwidth product completely adequate for this application. The transistor used for
Q2003; namely, the 2N930A, is a high gain, low noise device and the transistor used for
Q2004 is the standard NPN type device we use; namely, the 2N3227.

The output of the secondary transformer T2000 is fed into the input transistor Q2005 of
the carrier amplifier. The carrier amplifier is a 3 stage voltage amplifier followed by 2
stages of impedance transformation. The output stage comprises a complementary pair
Q2009 and Q2010 which are a 2N2219A and a 2N3504 transistors, respectively. It is
necessary to have a low output impedance from the Carrier Amplifier in order to drive
the coupling capacitor C2027 adequately. The gain of the carrier amplifier is set
essentially by the divider network and feedback resistors comprising R2028, R2029,
R2032 and R2017. Sufficient gain and phase margins are incorporated to prevent any
tendency to oscillate throughout the full environmental range plus allowing the ability to
substitute replacement transistors without regard to special trimming requirements. The
carrier amplifier has a gain of 100 and the output as previously mentioned drives
coupling capacitor C2027, which with FET Q2011, when gated by the integrated circuit
IC5/Q2016 performs the DC restoration function of the amplifier.

The integrated circuit IC5 is fed from the power supply via terminals Y and Z with 5 volt
differential spikes which are synchronous with those supplied to integrated circuit 1C1
used to actuate Q2000 and Q2001 series and shunt choppers at the synchronous chopper
input. Diodes CR2021 and CR2022 are necessary to limit the voltage into amplifier IC2
for an over-voltage input situation. Similarly, transistor Q2022 is used for the case of an
over-voltage in the opposite direction to that accommodated by CR2021-2. With the
opening of Q2011, a voltage pulse is presented via C2027 to the input of the integrated
unity gain amplifier IC2. This amplifer then forms its impedance transformation function
at unity gain, its output being switched by Q2012 FET into C2034 for the integration
function. The actuation of FET Q2012 is performed by the delay multi-vibrator IC6 in



conjunction with transistors Q2017 and Q2018. The purpose of the delay multivibrator is
to allow a selection or slicing to be made of the pulse presented at the output of amplifier
IC2. In this manner, undesirable noise, spikes etc. can be eliminated. The value of C2034
is of necessity small and limited in size by the drive capability of IC2 and the series
impedance of analog switch Q2012.

With the completion of the integration on capacitor C2034 we now have a restored pulse
train that is representative of the commutator output wavetrain but at the 100% duty
cycle. At the input to integrated IC2, terminal 3 is raised -by +3 volts by the level
shifting voltage regulator, and therefore, all amplification through this amplifier is done
with respect to +3 volts with 0 volts analog gate input signal representing a +3 volts
output level. The regulation or stability of the level shifting regulator is important and
this circuit is formed from an integrated amplifier IC4 connected to provide a high gain
feedback amplifier the output of which feeds a power amplification section formed by
Q2021 and Q2019. The integrated amplifier IC4 operates on the difference signal (which
it minimizes with negative feedback) from the +3 volts output that is supplied to terminal
3 of IC2 and IC3 and the +3 volts supplied from the constant voltage source presented to
terminal 2 of IC4 from the junction of R2061 and C2047. The constant voltage source
utilizes a temperature compensated zener diode CR2020 which is a IN827 and passive
circuit elements.

The duty cycle of 50% is affected by actuating analog switches Q2013 and Q2014
sequentially. These are fed via terminals EE and FF from the logic board schematic
Drawing Number D2010-01-11-040. The gate of Q2013 is referenced via transistor
Q2020 to the output such that the source gate voltage of Q2013 is related to the output
level. The FET Q2014 clamps the input terminal 1 of IC3 to ground which forms the
interchannel potential level. The amplifier IC3 is an integrated monolithic device
MC1531 manufactured by Motorola Incorporated. This amplifier is a unit gain feedback
configuration with the output impedance being approximately 200 ohms.

The commutation rate of 2250 pulses per second is directly related (synchronized) with
the 72K Hz rate of the master clock. It is necessary to maintain a synchronizm between
the basic clock rate which is also the power supply oscillator frequency and the
commutation channels per second rate. If this is not done, then an ambiguous time slot is
created in the synchronous demodulator in which an apparent jitter which is directly
proportional to the ratio of the commutation rate and clock frequency will result.
Therefore, it is essential that complete synchronization in this system is maintained to
avoid this apparent noise jitter being created. If it were possible to make the chopping
frequency for the amplifier many times greater, then it may be feasible to ignore the
synchronization feature of the basic clock and commutation rates, because the
synchronous demodulator ambiguous time zone would then be extremely small and the
apparent jitter created could be ignored.



2.2.4  Clock Board    The clock board schematic is shown in Drawing Number C2010-
01-11-070 (Fig. 5). The clock board includes the power supply sync driver and
demodulator sync circuit driver. The basic clock is formed from a Colpitts oscillator
which is fixed in frequency at 72K Hz. The output from oscillator transistor Q5001 is
buffered by Q5002 and after clipping presented to a Schmitt trigger circuit integrated
circuit IC1. The output of the Schmitt is then fed to two places. One to the input of
integrated circuit IC2 and the other to transistor Q5005. The output provided to
integrated circuit IC2 is counted down or divided by the 4 flip flop arrangement
providing an output at IC5 a frequency of 4500 Hz which is then amplified and buffered
to terminal GG which is used to drive the sequencing binaries of the logic section. The
output terminal 3 from Schmitt trigger IC1 that feeds the base of Q5005 is then buffered
and used to synchronize the power supply via terminals TT and C. The driving circuit
used to synchronize the power supply is performed by Q5006 and Q5007 complementary
NPN/PNP configuration.

The integrated circuits utilized on this board are monolithic type manufactured by RCA
and the thinfilm hybrid type for the Schmitt trigger is manufactured by Intellux, Inc. The
majority of the transistors included on the clock card are of the 2N3227 variety which is
the type upon which GDI has standardized as far as possible for the whole multicoder
system.

The use of a Colpitt oscillator was decided after consideration of the stability
requirements of this sytern and testing through environment etc. This type of oscillator, it
was found, remained stable and therefore no frequency adjustments potentiometers are
incorporated.

2.2.5  Power Supply Board    The power supply schematic for this PAM multicoder
system is shown in Drawing Number C2010-01-11-010 (Fig. 6).

The power supply for Part Number 2010A-01S low level PAM multicoder is
fundamentally a DC to DC converter which operates from +22 to +32 volts power input.
The DC to DC converter oscillates at 72K Hz and provides the necessary DC voltages to
operate the multicoder. The DC output voltages fall into two categories; those referenced
to signal ground and those floating from signal ground. The logic, analog gates and low
level DC amplifier’s buffer input stage are all fed from the floating power supply
sections while the carrier amplifier and demodulator etc. are fed from the signal ground
referenced portion of the power supply.

The circuit used for the DC to DC converter oscillator utilizes a twin core technique in
which the main core does not saturate but a much smaller core which is used to drive the
bases of the oscillator is made to saturate. This technique of operating a DC to DC
converter is more efficient and easy to implement. Normally in a single-core DC to DC



oscillator, excessive current is drawn during or subsequent to the saturation of the core
and the transistors used in such an oscillator circuit have to be capable of supplying most
of this current. This type of oscillator is fundamentally current limited in that once the
transistors cannot supply sufficient current, the magnetic field collapses and a transition
in the opposite direction is started. With the twin core technique, the main core does not
saturate but a smaller core fed from the main core is made to saturate with the result that
the base drive to the oscillator transistors is terminated switching off the appropriate
transistor and effectively eliminating current from that transistor collector at which time
the main core magnetic field collapses in a similar manner to the single-core oscillator
circuit. In the configuration used by GDI, an additional winding is placed on T1004
which is fed from the clock circuit to synchronize the power supply with the master
clock system. The free-running frequency of the oscillator without the winding fed from
terminal TT and C is approximately 65 K Hz with the incorporation of the winding at
terminals TT and C, the frequency is pulled to 72K Hz and remains synchronized. The
power supply incorporates a pre-regulator formed from Q1001, Q1002 and Q1003 which
presents a 20 volt output line to the DC to DC converter oscillator. The application of
erroneous reverse voltage is protected against by diode CR1001 which does not allow
current to flow in the opposite direction should reverse polarity be applied. Once again,
as in other protions of the system component standardization as far as possible has been
attempted with all diodes being the IN4148 types except for CR1001.

The capacitors employed in the power supply section are high quality tantalytic types
which have been connected for the most part in LC configuration; that is, the filtering of
the output full wave bridges being of the inductor input type. This type of filtering
although producing a smaller output voltage limits the “turn on” current into the
capacitor and is generally the preferred method of operation for tantalytic capacitors.
Two of the windings; namely, those terminated with terminals KL and YZ, are pulse
outputs used in the chopping and demodulation functions of the system. All of the other
windings are DC voltage of various magnitudes necessary to operate the multicoder. The
output winding terminated at MN provides the 20 millivolts signal for the master frame
pulse.

2.2.6  Mechanical Construction    The low level multicoder physical arrangement is as
shown in Fig. 7. Plugin boards are used and positioned as follows from the main
connector end:

1) Gate Board No. 1
2) Gate Board No. 2
3) Logic Board No. 1 (plus small piggyback board)
4) Amplifier Board No. 1
5) Amplifier Board No. 2



6) Clock Board
7) Power Supply Board

A mother board by which all of the PI board inter connection is completed is positioned
perpendicular to the plug-in boards. The mother board includes female connectors to
receive the plug-in boards and numerous terminal test points which are accessable
through a removable panel on the bottom of the unit. The location of the board functions
was chosen with due regard to operation of the system. Such considerations as gate noise
pickup, power supply radiation, wiring lead lengths etc.

The boards are removed from the housing using a card puller which applies an evenly
distributed pull across the board width.

Each board is conformal coated to seal the surface and protect the mounted components.
Replacing components is straight-forward and requires no special tools. AU boards are
repairable down to simplest components and as resistors, diodes, capacitors etc.

The cover of the unit has rubber pressure pads affixed for maintaining positive pressure
on the plug-in board connectors. Also, the power supply board has a heat sink which is
tied by three screws to the cover.

2.2.7   System Specifications    The following will be satisfied by Part Number
2010A-01S.

Electrical Characteristics

1. Number of poles: 2 pole low level; differential input.
2. Number of channels: 43 data and 2 for synchronization (master pulse).
3. Input level: ±20 millivolts differential.
4. Isolation impedance: 50 megohms minimum from either input to signal or power

ground.
5. Common mode rejection: 100 db balanced from DC to 1K Hz for ±8 volts.
6. Input impedance (differential): 150 K minimum.
7. Back Current: 0. 05 microamps maximum for “on” channel sampling time and

0.01 microamp for “off” channel sampling time.
8. Cross Talk: ±0.15% measured on a particular channel and applying full scale

signal to adjacent channel.
9. Offset error: Differential channel offset error in terms of the input signal less than

±200 microvolts.
10. Sampling rates: 50 frames per second; output pulse rate 2250 samples per second.
11. Frame rate stability: Frame rate constant within ± 1% of nominal from internal

clock.



12. Output impedance: Less than 250 ohms.
13. PAM output format:

A. PAM format: Generally per IRIG 106-66 Telemetry Standards. Duty cycle is
50% ±5%; +1 volt pedestal applied during data time; frame synchronization
pulse is of full scale amplitude of duration equal to 2 “on” periods plus 1
“off” period.

B. Amplification: Voltage gained input to output equals 100.
C. Noise: 15 millivolts peak to peak maximum at the output of the multicoder;

this represents an input noise of 150 microvolts.
D. Linearity: Linearity is better than ±0.4% from best straight line plotting input

voltage versus output amplitude.
E. Gain Stability: Less than ±0.5% variation from a set value throughout the

environmental range; the DC stability of the output level is better than ±25
millivolts referred to the output of the amplifier.

F. Scatter: Less than 60 microvolts maximum referred to the input;
approximately ±0.1% full scale.

G. Overvoltage: An overvoltage of up to +15 or up to -8 on any channel will not
damage the system or degrade the accuracy of other channels by more than
0.1% of full scale. The overloaded channel recovers within its channel time.

H. Output waveform: The rise and fall of the pulse edges is less than 20
microseconds maximum between the 95% and 5% levels.

14. Source impedance: 1000 ohms max. balanced.
15. Overall accuracy: Accuracy of the overall multicoder system from input to output

will be better than 1%. Error does not include those attributable to changing
source impedance and common mode voltages.

16. Auxiliary outputs:
A. Auxiliary frame sync pulse output is provided for synchronization of external

equipment.
17. Power requirements: +28V nominal at a current drain of 400 milliamps. Unit

operates with B+ varying from +22V to +32V. Unit is protected against reversal of
input power leads.

18. Power supply stability: Unit will operate satisfactorily from +22V to +32V.
19. Power line feedback: The noise current fed back to the power line in terms of the

voltage as measured across a I ohm series resistor will be less than 100 millivolts
peak to peak.

20. Ground connection: Signal ground, power ground and case ground are isolated
and supplied at separate pins on the connector.

21. Warm-up time: Multicoder normally within specification after 3 minutes of
applying voltage.

22. Reliability data: Calculated MTBF value for typical equipment of the Series 2010
is 5000 hours per MIL-HDBK-217. This data did not conclude the reliability
factors interjected by the use of card connectors as utilized in this unit.



Environmental Characteristics

1. Temperature: The unit will operate over a temperature range of -20EC to +85EC;
storage temperature range allowable -60EC to +125EC.

2. Altitude: Unit operates satisfactorily from sea level to an atmospheric pressure of
1 tor.

3. Humidity: Unit operates satisfactorily with up to 95% relative humidity with no
condensation.

4. Vibration: Unit operates satisfactorily while experiencing a 30 minute logarithmic
sweep in all three mutually perpendicular axes at the following levels:
A. 0.5 inches double amplitude 0 to 50 Hz.
B. 20 g peak, 50 to 1000 Hz.

5. Shock: Unit operates satisfactorily within specifications after shock of 100 g peak
half sinewave for 11 ±1 millisecond in all three mutually perpendicular axes.

6. Acceleration: The unit operates satisfactorily within the specifications after
experiencing an acceleration of 10 g’s for 30 minutes in all three mutually
perpendicular axes.

7. Radio interference: The unit meets the requirements generally of MIL-I-26600 and
MIL-I-6181D.

8. Acoustical noise: Unit will operate satisfactorily under 140 db (ref. to 0.0002
dynes/ cm2) over the frequency spectrum encountered in most missile
environments (0 to 80,000 Hz).

Mechanical Characteristics

1. Size: See outline drawing.
2. Mounting: Size No. 8-32 stainless steel screws. See outline drawing.
3. Weight: Less than 4 lbs.



4. Connectors: Two Cannon DDM50P connectors used are for the main system
connections; each card utilizes its own subminiature Cannon Type MDB
connectors.

5. Construction: For ease of maintenance the system is broken down into removable
plug-in modules which can be removed for examination, troubleshooting and
maintenance as required. The boards are of glass epoxy GIO material and the
components are all preaged and tested prior to assembly. The boards are also
conformal coated to protect all components.

3. Conclusion    The low level multicoder described in this paper was engineered to
provide the aircraft testing telemetry user with an equipment that was reliable and easy to
implement in a system. Should malfunctions occur, the plug-in board approach affords
rapid location of the fault and ease of maintenance. The circuit approach also allows a
unit that needs no operational adjustments. The FET devices utilized for the analog
switching functions proved through hundreds of hours of operation to be extremely
reliable and in time it is predicted will become the standard commutation switching
element. The later is re-emphasized when considering the improvements in MOS FET
techniques of late which have the more desirable “power-off” characteristic of being
“off”. The thin film hybrid elements employed in the system also exhibited excellent
reliability and operational stability. One of the reasons for selecting the thin film units
originally was the availability of larger output voltage swings’. But as it turned out, a
much larger gate activating voltage swing was required, which renecessitated working
the thin film units at low voltage with the outputs supplying driver transistors.

The monolythic elements deployed were used for digital and linear functions. In general,
the performance of these elements was excellent especially with respect to reliability,
although inplementation of the amplifiers required particular attention to the supply-
voltage levels.

A recurrent problem today with miniaturized equipment is the availability and
functional/reliability of the connectors. The units selected for this multicoder proved to
be operationally satisfactory and maintain good characteristics after many hundreds of
insertions. Attention is required to dimension tolerancing for the connector locations.

Acknowledgements for contributions made to this development are given to John
Brinster, President, Russ Schuss, Al Lang and Andrew Sivo of the Engineering
Department of GDI.



Appendix A

Requirements of FET’s for analog switching in low level multicoders.

Specifications to which particular attention is warranted:-
rds (on) - dynamic resistance drain to source for on condition. This is very nearly same

as static “on” resistance when working near zero.

A This should be as low as possible to improve common mode rejection, reduce
signal loss, and reduce errors due to leakage current.

ID (off) - Leakage current with VGS Vgs (off)

[Vgs (off) is pinch off voltage]

B This leakage creates errors in other channels and should be a minimum.

C These capacitances should be as small as possible to minimize coupling of
switching transients into signal line, and also to allow faster switching.



FIG. 1:  LOW LEVEL PAM MULTICODER BLOCK DIAGRAM



FIG. 2:  ANALOG GATES



FIG. 3:  LOGIC AND SYNC GENERATOR



FIG. 4:  LOW LEVEL D.C. CHOPPER AMPLIFIER



FIG. 5:  72 KC CLOCK; P.C. SYNC, DRIVER AND DEMODULATOR SYNC CIRCUIT



FIG. 6: POWER SUPPLY



FIG. 7:  LOW LEVEL PAM MULTICODER MECHANICAL ARRANGEMENT



TRANSISTOR -MAGNETIC LOGIC IN AEROSPACE TIMING

S. C. GOLDMAN and M. M. STERN and D. J. GOLDMAN
Di/An Controls, Inc.

Boston, Mass.

INTRODUCTION

Over a period of years, a number of magnetic circuit programmers for control logic and
timing systems have been developed for Aerospace use. These units all have in common
the non-volatility of storage inherent in magnetic material and exhibit low power
consumption in both standby and operating modes. Depending upon the parameters of
the application, a number of various types of magnetic logic could apply and it is the
purpose of this paper to present design balances, tradeoffs and approaches to system
design. The core-memory programmer discussed here in some length, has been used in a
number of spacecraft.

Basic Method

In the process of executing a program, magnetic logic performs two basic operations. (a)
Count down from an oscillator time base to establish the execution time, and (b) Storage
in memory of the time for execution of a given operation and of the operation itself. A
general block diagram of a sequential programmer is shown in Figure 1.

The simplest magnetic counting circuit is the two phase core-diode circuit. This is shown
in Figure 2. The circuit requires two shift currents labelled I1 and I2. The widths of these
currents are not particularly important so long as sufficient volt seconds can be supplied
to the core to switch it. The technique consists of starting a “ONE” at the core labelled 01

and allowing this “ONE” to propagate 1/2 stage for each shift drive. The system operates
as a shift register which may be used for counting, shifting or storing processes. The
diodes shown are to insure the propagation of information only in the left to right
direction at the occurrence of a shift time and to re duce response to spurious noise and
external sources of ionization.

Figure 3 shows another implementation of core-diode counting. The number of cores is
reduced by a factor of 2. The penalty paid is the inclusion of a delay network of time
delay longer than the width of the shift pulse. Figure 4 shows the sequence of operations.
The shift pulse of width 1/2 microseconds pushes the core to the “ZERO” state. If the



core was in the “ONE” state, energy is transferred to the delay network. This shifting
operation takes place in all cores simultaneously. Following the shift, the energy stored
in the delay network arrives at core 2 and sets it to the “ONE” state. For given energy
transfer and for a given rate of change of current, a particular voltage will develop across
each shift winding, and the total voltage developed in the entire register will then be
determined by the number of “ONE” present in the register. A core containing a “ZERO”
will undergo a small flux change when shifted and will have a small back voltage.

The number of cores that can be shifted by a current driving network becomes quite
small when high speed counting is desired. It is difficult to obtain reliable operation for
less than about 0.5 volts for the few hundred milliamps usually available in aerospace
equipments. The voltage output of each stage can be transferred to a shift register for
cycling and comparison to the active wording memory.

Core-Transistor Methods

The inclusion of a transistor in place of the diode adds reliability and flexibility to the
operation.

a. Regenerative operation. Figure 5 shows a transistor core and delay network wired
in the regenerative mode. The shift pulse supplies energy to turn the transistor into
the conducting state. The regenerative core winding in the collector of the
transistor then continues the switching to the “ZERO” state. Thus, the energy is
supplied to the core by the transistor and not by the shift. The shift back-voltage is
reduced and the number of stages which can be driven from the current source in
the shift line is increased.

b. Figure 6 shows the core, transistor and delay network connected without
regenerative feedback. There is a somewhat higher back voltage and lower voltage
margin with this circuit.

Counting techniques utilizing sequential methods are based upon the use of a shift
register with feedback. Figure 7 shows an N-stage feedback shift register in which the
first core is set to a “ONE” before shifting begins. The feedback is modulo 2 from the
two adjacent final states. The coudter shown is no longer operable as a scaler or counter
by itself, but requires auxiliary stages for the detection of a code state. This device can
generate all possible states except the “ZERO” state and can give an output binary code.
The detector can be as simple as one extra core. By presetting the proper codes, the count
can be preset to any desired value. Figure 8 shows a dual register timer designed for a
military missile.



The shift register shown in Figure 7 can now be coupled with the magnetic core memory
and code coincidence detector to produce the basic reference timer. As shown in
Figure 9, the outputs of the register and the memory are compared in a magnetic
exclusive-or circuit. When the circuit determines a word equality situation, the program
portion of the word stored in memory is sent to the system control logic for execution.
The operation can be performed each time the register is indexed if the commands in
memory have been previously stored in time sequence of operation. This is the preferred
storage method since a non-organized storage will require complete scan of the memory
at each count index.
 

Storage of Count

Since temporary power shutdown often occurs in an ordnance or aerospace vehicle,
operation of the equipment during power outage must be considered. If a system uses
only semi-conductor solid-state elements, power loss implies loss of information and
time. A properly designed magnetic logic system will hold its state during outages and
shutdown as well as through severe line transients.

The magnetic shift register can be used also for serial to parallel or parallel to serial
conversion. Thus, the serial data word from memory can be easily converted to parallel
for execution. The presetting method is shown in Figure 10 in the case of a shift register.
Presetting can be accomplished by loading information at any stage in the system in
sequence or in parallel as shown. A block diagram of a system of this type was shown in
Figure 8 which had incorporated in it the first stage of counting.

Use of Core Memories

Figure 11 shows a memory sequence timer in which the storage of instruction and time is
in a magnetic core memory. This sequential memory coupled with the use of core-
transistor linear feedback register and one decoding stage offers the best possiblity for
the execution of a very large number of programs. As each program is loaded, counted
down and sequenced, the memory loads the next sequential number into the shift
register. As an example of the saving involved, a typical programmer using field settable
resistive plugs, the DI/AN Model 12-12/FP, weighs 5 pounds and occupies a total of 109
cu. in. A memory sequence timer of similar weight and volume could handle 75
sequences with independent outputs. Thus, the technique can be seen to be very powerful
for control functions in which large numbers of circuit activations are required.

In addition, the memory sequence devices can be altered at any time via a telemetry link.

The programmer can be tied to the telemetry link to both send and receive instructions
and time information. The program may be fixed via a pre-wired circuit or can be altered



before launch in a number of ways. In those cases, the times of discreets are not alterable
by telemetry. In most applications, the occurance of a discreet is fed to the TM link for
transmittal to the ground.

When a fixed program is used, a number of approaches can be taken.

When the number of stored times gets above 3 or 4, the number of permanent
connections can yield a large, unwieldy connector for programming. Recourse is to a
plugboard matrix setup. This approach is valid from 5 to about 20 intervals. The
photograph in Figure 12 shows a programming plug matrix presently used on the Agena
launch vehicle. Each plug constitutes the jumping of a resistance between two points in
the matrix.

For more than 20 instructions, the combination of serial memory and linear feedback
register becomes best. The estimated volume of a programmer is shown in the graph of
Figure 13. The lower curve shows the optimum values which can be expected when
volume and weight are of primary importance. As the number of instructions increases,
less alternatives exist and the volume latitude narrows. The smallest single-event timers
occupy about 3 cu. inches, but special ordnance use timers have been built with accuracy
down to 2 cubic inches. The projection indicates that a carefully designed memory
sequence timer of 100 instructions would occupy from 140 to 180 cu., inches. This
would include the sequential memory of from 1000 to 2000 bits.

The weight of these units varies in proportion to the system volume. Modularized,
encapsulated circuits mounted on printed circuit cards with ancillary circuitry and
sufficient mechanical structural support weigh approximately I/ 2 ounce per cubic inch
of volume. When one considers the density of epoxies, electrical components, and
structural members, this number is not unreasonable. The dotted lines in the figure
indicate the approximate weight boundries. A well-designed single-event timer for
moderate accuracy could weigh as low as 1-1/2 ounces and the 100 interval memory
sequence timer would weigh in the range of 6 -1/2 to 9 -1/2 lbs.

Reliability Considerations

With regards to relative reliability of the devices considered here, there is as always a
wide discrepancy in interpretation of exixting data. In the case of the small programmer,
the selection of a logic- approach may be heavily swayed by the component count or the
types of failure modes. Regardless of the number of intervals, the time base and counting
mechanisms generally do not change. However, the mechanism of storage and the
method of achieving the outputs have a strong effect on the reliability of the overall
system and these may be varied depending upon the system requirements.



If a consistent definition of reliability values for cores, windings diodes, etc., is taken,
then a relative reliability of various systems can be calculated. This calculation is a
relative statement of reliability since in ordnance applications, it is often not the random
failure mode that effects a failure, but a special failure mode brought about by a unique
environmental situation.

First, one must consider the mode in which the output signals will be utilized in setting
up reliability criteria. Many steps, such as quad-redundant diode and capacitor groups or
series connected relays can be instituted to insure failsafe operation with a moderate
sacrifice in the reliability in the direction of failure resulting in no output, that is, no
instruction given is better than the wrong instruction.

From a straightforward component count and failure rate calculation the system using
(MAD Shift registers) appears optimum, since the number of active components is
minimized. Following that technique, would come, from a hardware standpoint, the
2-phase core diode approach and the bucket and ladle technique, core diode circuitry
with delya, core-transistor circuitry with delay and finally core transistor (regeneratively
connected) circuitry with delay. Of course, one must take into account the logical design
approach (linear feedback register, loop accumulator, scaler) and the length of the
program since the hardware could increase linearly. For a large number of instructions, it
is assumed that a core memory accompanies the counting hardware.

The technique using multi-aperature devices results in a design which is extremely
sensitive to voltage variations and temperature margins and requires relatively high
current shift pulses. The latter requirement reduces the reliability by increasing the
complexity and the stress levels of the associated shifting circuitry. This also applies to
these devices when used in the memory portion of the programmer.

The two-phase core-diode circuit is desirable even though the number of actual stages is
doubled by the need for odd and even shifts. only a single diode need be placed between
stages to obtain reasonable range of operation. The second diode performs as a failure
reduction circuit in radiation environment. The requirements on the associated drive
circuitry are more critical in the two phase core-diode register than any system except
MAD circuits.

In the core-diode circuit with passive delay network, a significant increase in margins
can be obtained at a sacrifice in parts count reliability. A further increase in operating
margins can be obtained with the core transistor circuit with delay network technique.
Here again, the failure rate of the overall system would appear to increase, but a trade-off
begins to appear obvious since extremely long divider chains can be implemented.



A reliability balance sheet shown in Figure 14 has been prepared with the approaches
rated with regard to the relative reliability of each technique. Three categories have been
provided: (a) parts count, (b) design margins, (c) accuracy and long term stability. The
specific weighing that one would place on each category in an actual sub-system design
would depend somewhat upon the criteria delineated when other aspects, such as the
environment and operational modes, are considered. Thus, the high-rel requirement of a
satellite programmer and the absolute fail-safe requirements for accuracy a nuclear
device would obviously require different weighing factors since the relative reliability
factors are different.

CONCLUSION

Magnetic logic is inherently suited for serial data handling and therefore is easily used
with telemetry systems. The wide margins of the core-transistor circuit, plus its ability to
store its state during power shutdowns makes the technique highly valuable for
spacecraft control systems.

Core-logic is compatible with magnetic core memories used for storing program
information by time coincidence measurements. Intervalometers and programmers of a
desired size and accuracy can be built with a minimum number of semi-conductors. The
resulting core logic system is highly reliable and relatively impervious to temperature,
shook and radiation.



Fig. 1 - Magnetic Sequential Programmer Block Diagram

Fig. 2 - Two Phase Core Diode Register



Fig. 3 - Core-Diode with Delay

Fig. 4 - Delay Logic Timing Diagram



Fig. 5 - Regenerative Core Logic Schematic

Fig. 6 - Core Transistor Non-Regenerative Logic Schematic

Fig. 7 - Linear Feedback Register



Fig. 8 - Linear Feedback Timer with Decoder

Fig. 9 - Serial Time Comparison

Fig.10 - Core Presetting: Parallel to Serial Conversion in a Shift Register



Fig. 11 - Electronic Sequence Timer with Program Memory

Fig. 12 - Resistor Plug Matrix Programming



Fig. 13 - Volume and Weight Estimations



Fig. 14 - Reliability Table



EVALUATION OF REDUNDANCY REDUCTION ALGORITHMS

DR. R. S. SIMPSON
Department of Electrical Engineering
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1.0  Introduction    The concept of redundancy reduction in PM telemetry data prior to
transmission is an attractive idea which has received much attention in the literature. The
potential gain is in the conservation of transmitter power and spectral bandwidth through
more effective utilization of the available channel capacity.

In this paper an important group of redundancy reduction algorithms is classified, which
yields a basis for establishing a nomenclature to describe the algorithms. Also, it is
shown that several algorithms can cause the unnecessary transmission of samples
because of variations in the data which are small with respect to the tolerance range.
Finally, the algorithms are compared relative to performance by computer simulation
using both real and synthesized data and relative to implementation difficulty.

2.0  Sources of Redundancy and Errors Associated with Redundancy Reduction 
Redundancy in sampled data is chiefly the result of sampling at a higher rate than is
necessary to reconstruct the time domain waveform of a signal to the accuracy required.
The oversampling is caused by two factors. First, there may be insufficient knowledge of
the signal spectrum to allow a precise a priori determination of the sampling rate, which
frequently results in the rate being overestimated. Second, the necessary sampling rate is
often a function of time, because data signals can be non-stationary. Hence, a sampling
rate adequate to prevent undersampling will at times cause oversampling. Since
redundancy reduction systems simply remove the unnecessary samples due to
oversampling, in a broad sense such systems result in adaptive sampling.

Redundancy can also result if the data user is supplied with a signal waveform when he
needs only information concerning certain features of the waveform or spectrum. In such
a case the problem is not one of complete signal reconstruction from samples, but only
the extraction of needed information. Additionally, complete signal reconstruction is
probably unwise if the sampled signal is perturbed by noise. In this case it is desirable to
reduce both the redundancy and noise content of the sampled signal and to reconstruct
only the unperturbed signal.



In a strict sense the removal of redundant samples will result in no degradation of the
reconstructed waveform. However, in reality redundancy cannot be precisely measured;
hence the approximate methods, which are used to determine if a particular sample is
redundant and to be discarded, can result in the discarding of information. Therefore
redundancy reduction can produce an error between the reconstructed and original
waveforms. Further, if an approximate interpolation technique, e.g., linear interpolation,
is used, there is an additional contribution to the error. In this paper the RMS value of
the total error between the linearly interpolated non-redundant samples and the original
waveform will be used as a measure of the effect of redundancy reduction on data. No
consideration is given to the situation where the data user does not require the original
signal waveform.

3.0  Classification of Redundancy Reduction Algorithms    A significant amount of
effort has been expended in the investigations of redundancy reduction systems.
However, a comparison of the results is often difficult because, among other factors,
there are differences in the nomenclature used to describe the algorithms. This problem
can be solved by establishing a consistent method of classifying the algorithms and
deriving a nomenclature from the classification.

One particular classification which is applicable to a large class of algorithms consists of
the specification of the order, the type corridor, and the particular transmitted sample. A
nomenclature results from using a letter to denote each of the three categories of this
classification.

The order of an algorithm denotes the order of the derivative used to predict subsequent
samples. In this paper only zero-order (Z) and first-order (F) algorithms will be
considered. The corridor, which can be fixed (F) or variable M, refers to how the
prediction of subsequent samples is made. Finally, the transmitted sample determines
what information is transmitted when a non-redundant sample occurs. The sample can be
the non-redundant sample (N), the sample preceding the non-redundant sample (P), or an
adjusted value for the preceding sample (A).

The classification is best understood by considering the specific algorithms included in
the Appendix. For each algorithm the rules for redundancy reduction and first-order
(linear) interpolation are given, and the maximum peak error is stated.

4.0  Qualitative Analysis of the Effect of Low-level Noise    The performance of
several first-order algorithms can be seriously affected if the data amplitude is relatively
constant but perturbed by low-level noise or if there are small variations in the data with
respect to the tolerance range.



FFN and FFP are affected as illustrated in Fig. 1. Sample 2 is outside of the first
corridor; therefore, Samples I and 2 are used to establish a second corridor. Because of
the slight difference in the amplitude of these samples, Sample 7 is outside of the second
corridor, but plainly there is no significant change in the data relative to the tolerance
range. Unless a subsequent corridor happens to be horizontal, unnecessary samples will
continue to be produced, and the algorithm will, in effect, oscillate.

FFA is affected in a different but similar way as indicated in Fig. 2. Since the corridors
are constructed using adjusted samples which exceed the variation in the actual samples,
the oscillation can be more severe than for FFN and FFP.

In Fig. 3 the effect on FVA of small variations in the data samples is examined. Region I
is the region in which the ends of the tolerance ranges of the samples fall. If the adjusted
sample used to start a corridor lies in Region I, e.g., Sample A, an unnecessary
transmitted sample will be produced in a manner similar to that for the other algorithms.
However, if the adjusted sample used to start a corridor lies in or on the boundaries of
Region II, e.g., Samples B or C, no unnecessary samples will be produced. If several
subsequent adjusted samples lie in Region 1, oscillation will be produced and will
continue until an adjusted sample falls in Region II. The effect of small data variations
on FVA is thought not to be serious because of the small probability of obtaining
adjusted samples in Region I and the large probability of obtaining such samples in
Region II when the variations are small. Larger variations can cause difficulty, but in
such cases it is not clear that the variations are not significant.

5.0  Evaluation of Algorithms Using Computer Simulation    Redundancy reduction
algorithms can be studied by digital computer simulation and by processing either
synthesized data or typical flight data. An evaluation can be made by plotting the
compression ratio (the total number of samples divided by the number of non-redundant
samples) as a function of the RMS error (previously defined).

The RMS error is chosen as a comparison criterion because it results in a statement of
the average performance of an algorithm. However, peak error, if desired, can be
calculated using the relationships in the Appendix between peak error and tolerance
range and realizing that tolerance range is a variable along the compression-ratio versus
RMS error curve.

In Fig. 4 eight algorithms are compared using synthesized data consisting of band-
limited white noise having an attenuation of 30 db/octave beyond the cut-of f frequency.
The data is sampled at a rate of ten times the cut-off frequency, and the tolerance ranges
used are 1, 4, 7, and 10 percent of full scale. Each curve consists of straight line
segments connecting the four points corresponding to the four tolerance ranges. Observe
that FFA exhibits the worst performance, and FFN and FFP do not rank very well among



the other algorithms. Also, FVA performs relatively well, almost as well as FVP. For
large tolerance ranges these observations can be partially explained by the analysis in
Section 4.0 of small variations relative to the tolerance range. It is concluded that ZVA
probably exhibits the best average performance across the range of compression ratios.

In Figs. 5 and 6 the four best algorithms from Fig. 4, ZVA, FVA, FVP, and ZFN, are
compared using Saturn flight data from the SA-10 vehicle. The tolerance ranges are 1, 4,
7, and 10 percent of full scale. The comparison in Fig. 5 is based upon 42 pressure
measurements sampled at a rate of 4 samples per second during the entire flight. ZVA
clearly gives the best performance. In Fig. 6 the comparison is made using the same data,
except that only the ignition period is considered. Again, ZVA ranks highest in
performance but by a smaller margin.

From these two comparisons of the algorithms using both generalized and real data, it is
concluded that ZVA exhibits the best performance.

6.0  Relative Difficulty of Implementation    Consideration must be given to the
relative difficulty of the implementation problems associated with the various
algorithms. While the primary emphasis in this paper is on performance, the following
information is helpful in evaluating the algorithms.

In Fig. 7 four of the most promising processes are compared with respect to the number
of logic modules, the basic clock rate, and the number of reference memory bits
necessary for an X-channel system operating with a word rate of F words per second. To
give additional insight into the problem, the number of logic modules necessary for
common functions such as gating and buffering is listed separately from those associated
directly with the particular process.

From this comparison ZVA is seen to be more difficult to implement than ZFN, as would
be expected, but easier to implement than FVA or FVP. Thus ZVA appears to be a
compromise with respect to implementation difficulty.

7.0  Conclusion    A nomenclature for a class of redundancy reduction algorithms has
been proposed which would greatly simplify reference to the algorithms by different
investigators. Also, the propensity of FFN, FFP, FFA, and FVA to oscillate has been
investigated. FVA has the least tendency to sustain such oscillation, and it may be a
usable algorithm, as indicated by the evaluation using computer simulation.

The most promising algorithm is ZVA. Computer simulation has shown that the
performance is excellent and implementation difficulty is only moderately greater than
that for the simplest algorithms.



APPENDIX

A.  Zero Order, Fixed Corridor, Non-redundant Sample Transmitted (ZFN). Rules for
redundancy reduction:

a) The occurrence of a non-redundant sample requires that a new corridor be
established. This is accomplished by drawing lines of zero slope through the end
points of the tolerance range placed around the non-redundant sample.

b) If a subsequent sample lies inside the corridor, it is a redundant sample and is
discarded.

c) If a subsequent sample lies outside the corridor, it is a non-redundant sample and
is transmitted.

Rules for interpolation:

a) If there are no omitted samples between transmitted samples, the latter are
connected with a straight line.

b) b) If there are intermediate omitted samples, a straight line of zero slope is drawn
from the first transmitted sample to the time of occurrence preceding the second
transmitted sample. The end of this line is then connected to the second
transmitted sample with a second line.

c) c) The maximum peak error between raw data and interpolated, reduced data is
plus or minus one-half tolerance range.

These rules are demonstrated in Fig. A-1.

B.  Zero Order, Variable Corridor, Preceding Sample Transmitted (ZVP). Rules for
redundancy reduction:

a) The occurrence of a non-redundant sample requires that a new corridor be
established. This is accomplished by drawing lines of zero slope through the end
points of the tolerance range placed around the non-redundant sample.

b) If a subsequent sample lies inside the corridor, it is a redundant sample and is
discarded. Each redundant sample modifies the corridor extended to the next
sample in the following way. The new corridor consists of that part of the previous
corridor which is overlapped by the tolerance range placed about the redundant
sample.

c) If a subsequent sample lies outside the corridor, it is a non-redundant sample, but
it is not transmitted. Rather the preceding sample is transmitted.



Rules for interpolation:

a) If there are no omitted samples between two transmitted samples, the latter are
connected with a straight line.

b) If there are intermediate omitted samples, a straight line of zero slope is drawn
from the second transmitted sample back to the time of occurrence of the first
sample following the first transmitted sample. The end of this line is then
connected to the first transmitted sample with a second line.

c) The maximum peak error between the raw data and the interpolated,

Processed data is plus or minus one-half tolerance range.

These rules are demonstrated in Fig. A-2.

C.  Zero Order, Variable Corridor, Adjusted Preceding Sample Transmitted (ZVA).

Rules for redundancy reduction:

a) The occurrence of a non-redundant sample requires that a new corridor be
established. This is accomplished by drawing lines of zero slope through the end
points of the tolerance range placed around the non-redundant sample.

b) The requirement for a subsequent sample to be redundant and thus discarded is
that one end of the tolerance range placed about the sample fall within the
corridor. Note that the sample itself is not required to be within the corridor. Each
redundant sample modifies the corridor extended to the next sample in the
following way. The new corridor consists of that part of the previous corridor
which is overlapped by the tolerance range placed about the redundant sample.

c) If the tolerance range placed about a sample does not overlap the corridor, the
sample is non-redundant but is not transmitted. Rather, the mid-point of the
corridor used to analyze this sample, actually the predicted value of the sample, is
transmitted for the preceding sample. Hence, the transmitted sample is not a real
data sample but an adjusted sample.

Rules for interpolation:

a) If there are no omitted samples between two transmitted samples, the latter are
connected with a straight line.

b) b) If there are intermediate omitted samples, a straight line of zero slope is drawn
from the second transmitted sample back to the time of occurrence of the first
sample following the first transmitted sample. The end of this line is then
connected to the first transmitted sample.



c) The maximum peak error between the raw data and the interpolated, processed
data is plus or minus one-half tolerance range.

These rules are demonstrated in Fig. A-3.

D.  First Order, Fixed Corridor, Non-redundant Sample Transmitted (FFN). Rules for
redundancy reduction:

a) The occurrence of a non-redundant sample requires that a new corridor be
established. This is accomplished by placing tolerance ranges around the non-
redundant sample and the previous sample and by drawing two straight lines, one
through the upper ends of the tolerance ranges and the other through the lower
ends.

b) If a subsequent sample lies inside this corridor, it is a redundant sample.
c) If a subsequent sample lies outside the corridor, it is a non-redundant sample and

is transmitted.

Rules for interpolation:

a) Transmitted samples are connected by straight lines.
b) The maximum peak error between the raw data and the interpolated, processed

data approaches plus or minus full scale.

These rules are illustrated in Fig. A-4.

E. First Order, Fixed Corridor, Preceding Sample Transmitted (FFP). Rules for
redundancy reduction:

a) The occurrence of a non-redundant sample requires that a new corridor be
established. This is accomplished by placing tolerance ranges around the non-
redundant sample and the previous sample and by drawing two straight lines, one
through the upper ends of the tolerance ranges and the other through the lower
ends.

b) If a subsequent sample lies inside this corridor, it is a redundant sample.
c) If a subsequent sample lies outside the corridor, it is a non-redundant sample, but

it is not transmitted. Rather the preceding sample is transmitted.

Rules for interpolation:

a) Transmitted samples are connected by straight lines.
b) The maximum peak error between the raw data and the interpolated analyzed data

approaches plus or minus one tolerance range.



These rules are illustrated in Fig. A-5.

F.  First Order, Fixed Corridor, Adjusted Preceding Sample Transmitted (FFA).

Rules for redundancy reduction:

a) The occurrence of a non-redundant sample requires that a new corridor be
established. This is accomplished by placing tolerance ranges around the non-
redundant sample and the adjusted preceding sample, which is transmitted, and by
drawing two straight lines, one through the upper ends of the tolerance ranges and
the other through the lower ends.

b) If a subsequent sample lies inside this corridor, it is a redundant sample and is
discarded.

c) If a subsequent sample lies outside the corridor, it is a non-redundant sample, but
it is not transmitted. Rather, an adjusted value for the previous sample is
transmitted. This value is the mid-point of the corridor for the previous sample,
which is the predicted value for that sample.

Rules for interpolation:

a) Transmitted samples are connected by straight lines.
b) The maximum peak error between the raw data and the interpolated,

processed data is plus or minus one-half tolerance range. 

These rules are illustrated in Fig. A-6.

G.  First Order, Variable Corridor, Preceding Sample Transmitted (FVP).

Rules for redundancy reduction:

a) The occurrence of a non-redundant sample requires that a new corridor be
established. This is accomplished by placing a tolerance range around the non-
redundant sample and drawing two straight lines. The first passes through the
previous sample and the upper end of the tolerance range; the second passes
through the same sample and the lower end of the tolerance range.

b) If a subsequent sample lies inside this corridor, it is a redundant sample and is
discarded. Each redundant sample modifies the corridor extended to the next
sample in the following way. If a boundary line of the corridor does not pass
through the tolerance range placed around the redundant sample, a new boundary
is established which passes through the nearest end point of the tolerance range.
Either or both boundary lines can be affected.



c) A sample falling outside the corridor is a non-redundant sample, but it is not
transmitted. Rather the preceding sample is transmitted.

Rules for interpolation:

a) Transmitted samples are connected by straight lines.
b) The maximum peak error between the raw data and the interpolated analyzed data

is plus or minus one-half tolerance range.

These rules are illustrated in Fig. A-7.

H.  First Order, Variable Corridor, Adjusted Preceding Sample Transmitted (FVA).

Rules for redundancy reduction:

a) The occurrence of a non-redundant sample requires that a new corridor be
established. This is accomplished by placing a tolerance range around the non-
redundant sample and drawing two straight lines. The first passes through the
adjusted preceding sample, which is transmitted, and the upper end of the
tolerance range; the second passes through the same sample and the lower end of
the tolerance range.

b) The requirement for a subsequent sample to be redundant and discarded is that one
end of the tolerance range placed around the sample fall within the corridor. Note
that the sample itself is not required to be within the corridor. Each redundant
sample modifies the corridor extended to the next sample in the following way. If
one of the boundary lines of the corridor does not pass through the tolerance range
placed around the redundant sample, a new boundary is established which passes
through the nearest end point of the tolerance range.

c) If the tolerance range placed about a sample does not overlap the corridor, the
sample is non-redundant but is not transmitted. Rather an adjusted value for the
preceding sample is transmitted, which is simply the predicted value for the
previous sample. This value is the mid-point of the corridor at the time
corresponding to the previous sample, where the corridor is the one used for
analysis of the nonredundant sample.

Rules for interpolation:

a) Transmitted samples are connected by straight lines.
b) The maximum peak error between the raw data and the interpolated, processed

data is plus or minus one-half tolerance range.

These rules are illustrated in Fig. A-8.
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Fig. 1 - Effect of Small Variations on FFN and FFP.



Fig. 2 - Effect of Small Variations on FFA.

Fig. 3 - Effect of Small Variations on FVA.

Fig. 4 - Evaluation of Algorithms Using Synthesized Data.



Fig. 5 - Evaluation of Algorithms During Entire Flight of SA-10
Using Pressure Measurement Data.

Fig. 6 - Evaluation of Algorithms During Ignition of SA-10
Using Pressure Measurement Data.

Fig. 7 - Number of Logic Modules Required for Implementation
of X-channel System with Word Rate of F.



Fig. A-1 - Zero Order, Fixed Corridor, Non-redundant Sample
Transmitted (ZFN).

Fig. A-2 - Zero Order, Variable Corridor, Preceding Sample
Transmitted (ZVP).



Fig. A-3 - Zero Order, Variable Corridor, Adjusted Preceding
Sample Transmitted (ZVA).

Fig. A-4 - First Order, Fixed Corridor, Non-redundant
Sample Transmitted (FFN).



Fig. A-5 - First Order, Fixed Corridor, Preceding
Sample Transmitted (FFP).

Fig. A-6 - First Order, Fixed Corridor, Adjusted Preceding
Sample Transmitted (FFA).



Fig. A-7 - First Order, Variable Corridor, Preceding
Sample Transmitted (FVP).

Fig. A-8 - First Order, Variable Corridor, Adjusted Preceding
Sample Transmitted (FVA).



CHANNEL NOISE—A LIMITING FACTOR ON THE
PERFORMANCE OF A CLASS OF

ADAPTIVE TECHNIQUES

G. L. RAGA

Summary    The effects of channel noise on a class of adaptive sampling techniques
based on the concept of removal of redundant data samples were investigated. Assuming
a system of fixed bandwidth and fixed transmitter power, the channel noise forces the
adaptive system to operate at a lower bit error probability than the equivalent PGM
system since in the adaptive system each transmitted bit represents more information.
This limitation was partially overcome by adding error criterion of unequal weighting to
the data which enabled the system to operate at essentially the same bit error probability
as the PCM system with a net coding efficiency greater than the coding efficiency of the
error-correction code. Experimental results from subjective tests, and the RMS error
demonstrate that a new error criterion must be developed for the class of adaptive
techniques.

Introduction    The purpose of this paper is to report on the results of an experimental
program to determine the effects of channel noise on a class of adaptive techniques.
Solutions to certain problem areas are postulated and the net efficiency of the coding
techniques is determined.

The field of adaptive-compression telemetry techniques is relatively new compared with
such areas as television and speech-bandwidth compression. One of the earlier papers on
the subject, whose central theme was the design of an efficient telemetry system,
appeared in 1959.(1) Since that time, effort has been concentrated in four major areas of
adaptive sampling, preprocessing, selective monitoring, and efficient encoding.

From the available literature it appears that the majority of the users and investigators of
telemetry compression are considering the zero-order interpolator. An unfortunate
discrepancy exists in the terminology since the zero-order interpolator is frequently
described as a zero-order predictor,(2) self-adaptive compression,(3) an adaptive sampling
technique,(4) selective monitoring,(5) run-length encoding.(6) floating aperture,(7)

redundancy removal,(8) and the step method.(9)

Each of these techniques, although sounding basically different, operates indentically.
Although these techniques have been applied to a telemetry source, they can also be



applied to a television source. For the purposes of illustration, the source will be
considered a television source. Assume that we start with word one, line one, of a
television frame. Word one is compared with word two; if the absolute value of the
difference is less than K, word two is disregarded and the process continues until the
difference is greater than K, say at word j. At this point, word one is transmitted to a
buffer store along with the distance from word one to word j. Word j then replaces word
one and is used as a basis, and the process continues. It is this class of adaptive
techniques that will be investigated.

Problem Definition     The use of adaptive techniques for data transmission can be
applied to various sources, including video, speech, and telemetry data. There are three
possible ways to take advantage of the adaptive technique: If the bandwidth is fixed,
adaptive-compression techniques can save transmitter power; if the transmitter power is
fixed, bandwidth can be conserved; if both the transmitter power and bandwidth are
fixed, more information can be transmitted per unit time.

Assume, for example, that photographs are transmitted from an earthorbiting vehicle
with rf parameters as given in Figure 1. With the channel capacity fixed at A = 106

bits/second and by employing data compression, more information can be received per
unit time. If the PCM television frame is composed of x samples/line and y lines/frame,
each sample is quantized to n bits/sample, and F frames/second can be transmitted, the
data rate is

R = Fnxy bits/second (1)

The number of frames of data that can be transmitted is

(2)

The amount of information that can be transmitted in t seconds is I = Ft.

If F can be increased, I increases, and a savings results. One way of increasing F is to
decrease nxy by some form of data compression.

Adaptive Sampling Techniques    The adaptive sampling technique that will be
discussed is the zero-order predictor. Assume that the frame of dat is composed of xy
samples. If the coding algorithm is applied, the result is a sample reduction of

(3)
where S is the number of nonredundant samples/frame. To reconstruct the data at the
ground stations, it is necessary to address each nonredundant sample. Assuming that the 



absolute magnitude and address of each sample in a line is transmitted, the gross average
data compression is

(4)

For example, consider n = 6 bits, x = y = 256. Then

(5)
Hence, to address the nonredundant samples, approximately a 60% reduction in
compression results.

For the purposes of this analysis, it will be assumed that instead of the absolute address
of the nonredundant samples, the incremental distance, )x, between nonredundant
samples will be transmitted; that is,

(6)

For n = 6 and )x = 16, we have Cg = 0.6 Gs.

With this form of addressing, the sample reduction compression is only 40% rather than
the 60% achieved with absolute addressing.

Channel Noise    Channel noise is another limiting factor on efficiency of an adaptive
sampling technique.

Under the constraints of fixed transmitter power and bandwidth, the effects of channel
noise on the zero-order predictor will be more pronounced than on PCM data
transmission. Each transmitted segment now represents, on the average, Cs elements.
Therefore, a single bit error will affect many elements. It will be shown later that,
depending upon the system implementation, a single error can destroy an entire frame of
data, single line of data, or just a few samples.

For the zero-order predictor analyzed, it will be assumed that perfect line
synchronization is available and the first element transmitted of each line is correct. With
these constraints, the maximum degradation that can be caused by a single bit error is the
loss of an entire line of data; however, the error can not propagate into the next line. The
most logical solution to the problem is to increase signal power; (10) however, this is not
permissible under the constraints of the stated problem. Therefore, once the channel
characteristics are specified, it is necessary to add error protection to minimize error
propagation by means of error detection and correction or error detection and
retransmission. For the purposes of this paper it will be assumed that the former case will



be employed, that the channel is binary symmetric, and that the type of error protection
will be a single-error-correcting coding of the Hamming class. In this case, the net data
compression is reduced further by the amount of redundancy the error-correcting code
adds. In general, if P bits is the amount of redundancy added to each transmitted word,
the net data compression is given by

(7)

or

(8)

which is merely a restatement of the fact that the net compression is equal to the gross
average data compression times the efficiency of the error-correcting code. Carrying
through the previous example, but adding a (14, 10) Hamming code,

(9)
that is, when error protection and addressing are employed on the system, the net data
compression is approximately 43% of the sample reduction. With the basic terms
defined, it is now possible to compare the performance of the adaptive sampling system.

The basis of comparison of the system’s performance with that of other systems will be a
subjective evaluation; however, so that the data can possibly be extrapolated to other
sources, the rms error will also be used as a basis. In general, for the zero-order predictor
the peak error is normally specified as being an error criterion; however, because of the
expansion of errors due to channel noise, this can not be used as a basis of comparison.
Since this error-expansion factor is quite pronounced for the lower error rates, there is a
need for another error criterion. As a consequence, the experimental program was
initiated to investigate the effects of channel noise.

Experimental Program    The objectives of the experimental program were to evaluate
subjectively the effects of channel noise on PCM and compressed data, to,determine
experimentally the rms error as a function of compression, and to determine
experimentally the rms error between the compressed data and PCM data at varying
channel bit error probabilities.

Figure 2 is a block diagram of the conceptual experiment. A photograph was scanned by
EDITS (EMR’s Experimental Digital Television System). The digital data then were
transferred to EMR’s ASI-210 Digital Computer, processed by the computer with
various coding algorithms, channel noise was injected into the compressed data, and the
data then were decoded and transmitted back to EDITS to be displayed and
photographed. A third path existed in the computer: the addition of error correction in



the form of a (7, 4) or (14, 10) Hamming code. The (7, 4) code, which was the easiest to
implement and the fastest operational, was used to protect only the )x positional bits
since an error in position is weighted far heavier than an error in intensity. A (14, 10)
Hamming code which protected both the intensity and the positional information was
also implemented on the computer. This code has the same net coding efficiency as the
(7, 4) code; however, its figure of merit (the ratio of the word error probability after
coding to the word error probability before coding) is not as large as that of the (7, 4)
code and is an order of magnitude greater in complexity in both implementation and
encoding time. However, as anticipated, the code performed more efficiently than the (7,
4) code.

Error Performance    In the past, most investigators have ignored the effects of channel
noise on PCM data or have argued that with compression the bandwidth is reduced and
therefore the noise also is reduced. It is obvious that an error in the most significant bit
has more of an effect than an error in the least significant bit and, of course, all errors are
equally weighted. A derivation of the rms error as a function of the channel bit error
probability is a straight forward matter. The rms error as a function of the channel bit
error probability (Pe

b) and the number of quantizing bits, N, is given by

(10)

Errors in a video PCM scene occur as a salt-and-pepper effect and are constrainted to
individual samples; however, for the zero-order predictor
this is not the case.

For the zero-order predictor a single-bit error can propagate the average sample
reduction, it can propagate the entire length of a line and destroy all the samples, or it
can merely cause a finite percentage of the samples in the line to be in error. Assume that
)x is encoded to M bits and the intensity to N bits; therefore, for each nonredundant
sample and (N + M)-bit word is transmitted.

Figure 3 represents the error analysis model. State A occurs when the decoder is in
perfect synchronization with the encoder; that is, when transmission is error free. State B
is when a single-bit error occurs in intensity bits; this will cause an error to propagate the
average sample reduction and then return to State A. State C represents the system being
completely out of sync; however, the error propagation is finite since this can be
described as a sliding synchronization state--that is, an error in the least significant bit of
)x will cause a displacement of ±1 sample for each segment, but the remaining elements
will still maintain the correct intensity since there exists an average number of successive
samples of the same intensity equal to the sample reduction. Once the system enters State



C, it can not reenter State A without additional constraints on the decoder. For the
purposes of this analysis the decoder returns to State A at the start of each line. State D
occurs when an error occurs in the most significant bits. Such an error will cause
complete loss of synchronization with zero probability of returning to State A, and in
general, a complete loss of each line occurs. As with State C, State D will return to State
A at the beginning of each line by external control.

Assuming that the channel bit error probability is given by Pe
b, the probability of being in

State A is (1 - Pe
b) and the rms = 0. The probability, to a first-order approximation, of

being in State B is given by

(11)

The probability of being in State C or D is the same and is given by

(12)

The rms error can be considered as an rms error-expansion factor. Assuming that the
encoded frame is used as a basis of comparison, the rms error is given by

(13)

Hence, an error in intensity will have an rms value of

(14)

and it will occur (N/N+M)% of the time and will propagate Cs samples. Thus,

(15)

An error in )x that will cause the system to enter State C will occur M/2(N+M)% of the
time and will cause an rms error,

(16)

to be weighted by E{SL} samples/line times the E {D} , the expected value of the
displacement. It can be shown that



(17)

and

(18)

for M, an even integer.

A single bit error in )x that will place the system in State C will have an rms value of

An error of )x that will place the system in State D will have an rms value of

(20)

occurring M/2(M+N)% of the time weighted by a factor E{.}.

It can be shown that this is given by

(21)

Therefore, the rms error introduced when the system is in State D is given by

(22)



The total rms error expansion for the zero-order predictor is given by

(23)

This is only part of the total error which is caused by channel noise, and it is relative to
the encoded frame. The total error is given by this error plus the rms error due to the
encoding process.

RMS Error Due to Encoding    The concept of the coding algorithm introduces an rms
error that, due to the coding technique itself, is irreducible. For the zero-order predictor
with an error band of ±K elements, in a single frame of data there are on the average

(24)

samples which by definition are correct. Hence, the number of possible elements that
could be in error is given by

(25)

or [1 - N/ (N+M)Cg] % of the elements may be in error. The expected value of the error
is given by

(26)

However, of these elements that may be in error, the expected number that could be in
error is determined by the amount of redundancy in the frame of data. Let PE be defined
as the amount of redundancy where, as the error band increases, the amount of
redundancy increases also; therefore, the percentage of elements that may be in error is
given by

(27)

Consequently, the rms error due to the encoding algorithm is given by

(28)



The total rms error as a function of the  channel bit error probability is given by

(29)
These theoretical predictions will now be compared with actual experimental results.

Experimental Results    Due to the nature of the source data, both subjective and rms
experimental results will be given.

Subjective Results--Figure 4 compares the subjective results of a zero-order predictor,
the 6-bit PCM original, and the linear-approximation coding technique. For rather large
apertures (error bands), contouring results for the zero-order predictor; the contouring
can be minimized somewhat by the linear-approximation technique. The zero-order
predictor can be thought of as a run-length (zero-slope) encoder with an error band. The
linear approximation allows a finite number of slopes with an error band; therefore, it
should eliminate the contouring effect as the aperture is gradually increased. Figure 5
illustrates the subjective effect of varying the compression for the zero-order predictor.

The effects of channel noise on a zero-order predictor are given in Figure 6. Here the
error band is fixed and the channel bit error probability is varied from 10-4 to 10-1. We
can see that channel noise raises the lower limit on permissible channel noise compared
with PCM. Therefore, with the channel capacity and transmitter power fixed, it is
necessary to add error protection to the compressed transmitted data.

Figures 7, 8, and 9 illustrate the effectiveness of the (14, 10) and (7, 4) code at a channel
bit error probability of 10-3 with the compression variable. Here, the effects of channel
noise become more pronounced as compression increases. However, the error protection
is quite effective in reducing the error expansion.

RMS Error Results--As stated earlier, the rms error for the zero-order predictor can be
considered as consisting of two parts: the irreducible coding error and the error caused
by the effects of channel noise giving an rms error expansion. Figure 19 plots the rms
error as a function of the gross average compression. At an error band of ±5 out of 64
possible levels, the rms error is 3.54%; however, the peak error is 7.85%. Since the peak
error is normally specified and the actual rms error is less than one-half peak, it appears
that peak error is not an especially good criterion in describing the zero-order predictor.
Furthermore, recalling the subjective photos of Figure 4, which contain an rms error of
3.54% ( a high value relative to the quantizing noise), it can be seen that subjectively the
picture is acceptable. Therefore, it appears that neither the rms or peak error appears to
be acceptable error criterion for television data. Also given in Figure 10 is Equation (28)
which is the analytical prediction of the rms error. It might be pointed out that although
the rms error is not a good error criterion for TV in certain telemetry channels, it will be
acceptable, and the analytical expression should be valid for telemetry data.



Figure 11 illustrates how effective the error-correction code is along with the equivalent
PCM error. The error-correction code, which is a monotonically increasing function with
decreasing bit error probability, can never reduce the error below the basic rms error of
the coding technique. As the error rate increases, the rms error and the rms error with
protection converge to approximately 25%. Below Pe

b = 10-2, the effectiveness of the
error-correcting code decreases; so its usefulness also decreases.

The analytical prediction based on Equation (29) agrees quite well with the experimental
results. It appears that there exists an optimum error reduction as evidence by the PCM
and zero-order predictor with the (14, 10) code having nearly the same rms error at
Pe

b = 10-2. In this case, at the same rms error, the zero-order predictor without error
protection operates at Pe

b = 9 x 10-4. Hence, Figure 12 plots what can be called a bit error
improvement factor--that is, the ratio of the bit error probability after coding to the bit
error probability before coding the same rms error. For example, at Pe b = 10-2 with the
(14, 10) code, for the same rms error without protection, the zero-order predictor
operates at Pe b = 9 x 10-4, or a bit error improvement of 11.1.

The improvement with coding can also be seen from Figure 13 which plots the
difference between the rms error without and with error protection as a function of the
channel bit error probability. Here we are multiplying the figure of merit of the error-
correcting code by the rms error where both curves are a function of Pe

b. The figure of
merit of the code is a monotonically increasing function of decreasing Pe

b whereas the
rms error for the zero-order predictor is a monotonically decreasing function to a
constant value with decreasing Pe

b. This seems to indicate that there exists an optimum
operating channel bit error probability for maximum error reduction; however, this error
probability is not necessarily optimurn for minimum rms error. Hence, by plotting the
difference of Equation (23) and the equation modified by the figure of merit of the error-
correcting code, one can obtain Figure 13, which experimentally gives the Optimum Pe

b

for maximum rms error reduction.

In view of Figure 13, the data were replotted in Figure 14 to give a figure of merit for the
error-correcting code. Given a minimum acceptable rms error before error correction, it
is possible to determine the rms error after error correction. This can be considered as a
figure of merit for the error-correcting code with the zero-order predictor.

Figure 15 and 16 show how another error criterion could possibly be employed. Both
rms error and percent similarity for the zero-order predictor and linear approximator
relative to the encoded form are plotted. Note that for the zero-order predictor without
channel noise, the rms error is 3.54% whereas the percent similarity relative to the
original data is 35.2%. It appears that the percent similarity has more meaning than the
rms error at this particular point.



Conclusions    It can be concluded that under the constraints of fixed bandwidth,
compression can be used to obtain more information per unit time. Furthermore, under
these constraints, some form of error protection must be employed. The type and form of
the error protection will be a compromise between implementation, desired efficiency
and channel characteristics. When error protection is employed on the class of
techniques, the effectiveness of the code is decreased considerably. Sample reduction is
not a valid way to compare system performance of this call of techniques. The effects of
channel noise are more pronounced on compressed systems; therefore, error protection is
required. When addressing of the nonredundant samples and the redundancy of an
errorprotection code are considered, the net coding compression is reduced more than
50%.

This particular experimental program requires additional effort to verify the analytical
expressions as applied to the broad category of telemetry data. Various addressing
techniques, including optimum encoding of the addresses, might be investigated as a
means of increasing the net compression and the effects of channel noise on the self-
synchronizing codes to be investigated. Although the television source was employed in
the analysis, it must be emphasized that, in general, these results will apply to the broad
class of adaptive sampling telemetry techniques since the television source can be
considered to be an extremely active telemetry channel.
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APPLICATION OF WALSH FUNCTIONS TO DATA
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Summary    The Walsh functions are considered with respect to the following system
functions:

1. Concise signal representation.
2. Arithmetic operations.
3. Convolution and filtering.
4. Transfer function analysis.
5. Special measurements and functions:

5.1 Phase.
5.2 Digitally controlled function generator (DCFG).
5.3 Power density spectrum.
5.4 Correlation functions.

The foregoing operations are required of equipment in the following areas of application:

1. Seismic data processing.
2. Hybrid data systems and simulation studies.
3. Special purpose Instrumentation.

Introduction    The representation of a function f(t), is accomplished by many
techniques in electronic systems, in accordance with performance objectives. The
following performance objectives have been considered necessary. These performance
characteristics lead into a justification of the Walsh functions.

1. Concise signal representation, as with the Fourier series, Laguerre polynominals,
etc.

2. Generation of arbitrary waveforms on a variable time base, economically. This
feature is unique to the proposed functions.

3. Inexpensive transfer across analog/hybrid boundaries.
4. Utility in executing arithmetic operations.
5. Convolution, correlation are allowable operations.



There are several areas that require some of the above features:

1. Low frequency spectral analysis.
2. Vibration analysis.
3. Hybrid simulation systems.
4. Seismic data acquisition/processing.

The Walsh functions are an orthonormal set of digital functions, that allow economic or
operational advantages in most of the listed functional requirements. An illustration of
these functions is given in Figure 1.

Central to the subsequent discussion, will be the representation of sine or cosine waves
as a minimal requirement. This representation is common to many applications. Consider
a digitally controlled function generator, DCFG.

Assume the DCFG is assigned the minimal task of representing a sine wave. The Walsh
functions will be used. The coefficients of the Walsh functions will be determined as
noted in Figure 1. The functions are then summed so that a comparison with the sine
wave may be achieved. Figure 2, Walsh Approximation to Sinusoid, illustrates the result.
When the Walsh functions N(n, k;t) are specified completely, for the chosen value of n,
the resultant waveform is the same as a zero-order hold waveform of 2n samples/cycle.
The theoretical error for sinTit amplitude representation is:                                 and the
side-band amplitudes are given by        

The error in the fundamental can be corrected by a gain constant and a lowpass filter will
remove the side-bands. Using Figure 1, , = 0.00275 and 0 is less than 3%.

There is no direct limitation of low frequency spectrum limit. Frequencies on the order of
0.00001 Hz can be easily achieved. To remove the sidebands economically, the
frequency may have to be limited to 0.01 Hz. Errors occasioned by less than perfect
waveforms limit the high end to some small multiple of 10 KHz, say 10KHz to 50KHz.

Thus, in summary, we need an oscillator, a count down register and logic to generate the
Walsh functions. The individual Walsh functions have digitally controlled amplitudes, so
that their sum does approximate the desired function.

Figure 3, on the page following, is a simplified representation of an arbitrary function
generator. The digital value determines the amplitude of the particular N(n, k;t) and the
N(n, k;t) are summed to form the desired waveform.



If the class of function is fixed, then the values of the amplitude coefficients, Knk for each
N(n, k;t) is also fixed. Amplitude may be varied at the output, after summation. Phase
may be varied by inserting a delay of J seconds in the countdown chain.

The coefficients, Knk, were determined mathematically by an assumed program. Of
distinct interest in many applications, is the ability to develop a measure of the
coefficients, or perform spectral analysis, nearly automatically.

Spectral Analysis    Conventional spectral analyzers employ either heterodyning with a
swept-frequency oscillator or employing band-pass filters tuned to the center
frequencies. A third alternative, phase-lock loop with frequency counter is seldom
employed.

For our purposes, we assume the generation of digital numbers in a form suitable for the
DCFG. These digital numbers will be the Walsh spectral coefficients.

Each                                                        The amplitude of the original set of functions is
defined to be unity. Hence, a bipolar switching operation accomplishes the function of
multiplication. This is a distinct advantage over other techniques when enhanced
accuracy is required. The spectral analyzer will develop the Knk in digital form after
solving the given equation.

The input waveform is fed into a series of simple switches, and the switches are driven
by the appropriate N(n, k;t). The output of the switching multiplier is then fed into an
integrator. Each integrator is reset at the beginning of the interval so that at time T the
integrator has the analog value of Knk which is digitized by the ADC.

Figure 4 is the block diagram for this sequence of operations. If the spectral the Walsh
functions must be generated by logical operations on the countdown chain. If the spectral
analyzer is used with the DCFG, the appropriate waveforms are available and a reduction
in hardware is possible.

In analysis of simple waveforms, e.g., sinusoids, relatively good accuracy is maintained
when n is limited to 4, rather than to 5 as indicated in Figure 2. In the general case of an
arbitrary waveform, with n=5, there are 31 Knk.

The interval defined in reproducing f(t) may be changed, so that f(t/") is reproduced.
Frequency scaling is easily accomplished, without requiring a change in oscillator
frequency. f(-t) may be generated through appropriately multiplying the Knk by +1 or -1.



The Walsh spectrum is not a familiar tool. For display and plotting purposes the Fourier
spectrum is more readily interpreted. An algorithm is easily constructed for transposing
the Walsh spectrum into the Fourier spectrum.

In summary, this square-wave approach has the advantage of flexibility, low frequency
accuracy, and a limitation on the number of frequency components that may be sought.
The swept-frequency approach may be employed in the low frequency and of the
spectrum at an4ncrease in processing time. In any case, the lowest frequency components
must be identified in amplitude and density if reliable operation is to be achieved with
the chosen technique.

System testing may be accomplished by using a DCFG and a Spectrum Analyzer as
indicated in Figure 5. The DCFG generates the required Walsh functions for use in
generation and detection. The DCFG Walsh functions can be economically, and
arbitrarily, delayed to match the system phase characteristics.

For single sinusoidal testing, only the low frequency ability and phase determination
offer significant advantages. For arbitrary waveforms and adaptive control, significant
advantages may be enjoyed.

Arithmetic Operations    The basic operations of addition, subtraction, multiplication
and division are to be considered as well as compound mathematical operations,
including integration. The compound operations are relevant to the discussion of
convolution, filtering and autocorrelation determination.

Normally, arithmetic operations with spectral components are not required. Addition and
subtraction of like functions can be performed in a conventional manner, analog or
digital.

Multiplication and division in the analog domain are no different in difficulty when
using the Walsh functions. When the spectra of f(t) is limited to a few Walsh functions,
digital multiplication can be accomplished rapidly, with a net advantage over other
orthonormal representations. This is especially true in mass data acquisition systems,
where high order accuracy is desired in the multiplication process. For instance, it is very
expensive to instrument 0.1 sec sampled digitizing of 100 channels carrying up to
10KHz bandwidth signals. Ablation and stability studies at high Mach numbers require
such instrumentation.

When multiplication is a precondition to an operation to be completed by integration,
spectral components may be handled easily. Consider multiplication of two spectral
components, Knk N(n, k;t)Kmj N(m, j;t). New spectral components are generated. If



identity of the spectral components must be maintained, the operation is most
economically carried out in the digital domain, where algorithms for identifying new
spectral components, may be most economically executed. If the products are to be
summed or integrated to form a single function, g(t), the operation is most conveniently
completed by conventional analog techniques.

Analog manipulation requires wider bandwidth, because the square-wave rise time and
phase shift must be maintained.

A multiplying DAC is indicated in Figure 6. The analog waveform E1 is multiplied by
the sampled waveform D, as expressed in the digital domain. When D, the digital value,
has a sign bit, this form of DAC may be used to multiply two Walsh functions. A more or
less conventional mechanization, such as in Figure 7, may also be used.

In computation of an autocorrelation function, flexibility and range are achieved, at a
price, by virtue of the ability to achieve a delay of J seconds. Figure 8 is a simple block
diagram of an autocorrelation computation. As a precondition, identification of the f(t)
spectral components is assumed. There are a set of amplitude and timing signals from the
spectral analyzer, required by the autocorrelation computer. If J is in the range of :sec,
there is little advantage in the technique. As J increases in value, this method becomes
more competitive.

The same general remarks apply to division. Digital division has a number of advantages
where accuracy and spectral identification are required. Figure 9 indicates a method of
division. If two Walsh functions with the same value of n and k are divided, and there is
no phase shift, the resultant quotient is a signed dc value. If these conditions are not met,
then Figure 9 is not generally applicable.

Power spectral density computation is a special case.

Again, special advantages accrue for small values of T . In the case of spectral analysis,
more than one sinusoid can be processed at one time. In Figure 10, only one value of T
is relevant at any given time. Thus, the counter must be sequentially varied to trace out
the values of N(jT).

To provide a basis of comparison, Figure 11 illustrates a commercially available method
of achieving this result. The Walsh method is more expensive for nominal frequency
ranges, unless, the spectral Walsh coefficients are desired for another reason.



Walsh Function Utility    The Walsh functions possess certain distinct advantages:

1. Easily realized by Boolean gates.
2. Large phase and time shifts are easily accomplished.
3. A general advantage in the low frequency area.

In certain, large data processing applications, these functions offer advantages over
conventional sampled data systems. In other system operations, costs may inveigh
against use. This will be treated lightly when dealing with applications.

Applications    The following four areas will be treated:

1. Seismic data processing.
2. Test Instruments.
3. Vibration data.
4. Hybrid Data Systems.

Seismic Data Processing    A general background of current techniques is given in the
December, 1965 issue of the Proceedings of the IEEE.

The basic objective is a representation of incident waveforms on local detection
apparatus. Accordingly, large arrays, LASA, are utilized for multiple signal gathering.
The multiple inputs are then processed to obtain reliable estimates of the input wave
parameters. In oil field seismology, further processing is required to identify local
geological formations. In the VELA program, bandwidths can be restricted to 0.2Hz to
5Hz.

This application has a number of unresolved problems. All of these data acquisition
systems employ analog-digital conversion, and subsequent waveform manipulation is
based on sampled data sequences. One of the current methods for performing these
mathematical operations lies in the algorithm of the “convolver”. Such a unit is
controlled by a conventional computer.

Consider two operations, correlation and velocity filtering. Correlation has been treated
in terms of the Walsh functions. Clearly, a similar result can be obtained through proper
use of the digital “convolver”. Within reasonable accuracy limits, the approach of Figure
8 should be cheaper by a factor of 4. In order to confirm this, mathematical manipulation
of some typical seismic waveforms would have to be carried out.

In velocity filtering, successive transducers, * km apart have outputs which are displaced
in time by */v where V is the velocity of the incident wave. Thus, velocity filtering is



accomplished by crosscorrelation of specific transducer outputs as function of specific
frequencies and time displacement. For a specific frequency, the value of time that
maximizes the autocorrelation of that frequency, or crosscorrelationbetween two
transducers, is J. Then J = */v, so that the velocity of the waveform may be determined.

The Walsh functions possess the property of time reversal when the amplitude
coefficient is multiplied by +1 or -1, appropriately.

Test Instrumentation    Specific instruments can be identified from earlier discussions.

1. Autocorrelation and crosscorrelation computation.
2. Digital function generator.
3. Spectrum analyzer.

Two other instruments are worthy of consideration, each involving phase determination.
The first measures the in-phase and quadrature component relative to a reference
waveform. In synchro and resolver tests, this identification is necessary at the operating
frequency, 60Hz, 40Hz or 1500Hz.

Figure 12 illustrates a basic mechanization. This instrument allows wide range and high
accuracy, but it is potentially much more expensive than conventional instruments.

Vibration Analysis    This application is fruitful:

1. Low frequency capability is required.
2. Arbitrary driving waveforms are required, with variable time base.
3. Spectral analysis is relatively simple.

Hybrid System    Previous discussions have established the relative ease of obtaining
time delays and the economy of representation. The allowable frequency range lies
between dc and 20KHz. The technique is compatible with single-shot or multiple cycle
solutions.

Multiplication/division has to be treated within the context of performance goals. The
Walsh functions can either be useless or quite advantageous. The Walsh functions do not
possess defined derivatives, therefore integration must precede differentiation.
Integration or other manipulations of a Walsh function, as with other orthonormal
functions, will not yield a single term of the series. A recurrence formula or algorithm is
needed, as previously noted.
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Figure 1 - Walsh Functions



Figure 2 - Walsh Approximation to Sinusoid

Figure 3 - Digitally Controlled Function Generator



Figure 4 - Spectral Analyzer

Figure 5 - General System Test Configuration



Figure 6 - Conventional DAC

Figure 7 - Walsh Function Multiplier

Figure 8 - Determination of Autocorrelation Function



Figure 9 - ADC Division

Figure 10 - Power Density Spectra Computation



Figure 11 - In-Phase and Quadrature Component Determination

Figure 12 - Time Delay Determination
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Abstract    The growing interest in the practical applications of data abbreviation and
compaction to efficiently handle large quantities of significant information have led to
numerous investigations and studies of this discipline. Although there is great potential
in both the airborne and ground applications, it is primarily the latter that led RCA to
initial independent data abbreviation and compaction studies. It is the purpose of this
report to present results of the practical application of data abbreviation to actual
telemetry data recorded on magnetic tapes. The presentation will include the affects of
routine parameters, the amount of redundancy information removal, and, the reduction in
processing time and recording facilities. Even though these studies involved the use of
telemetry data from a mission that has already occurred, the need for the inclusion of
data abbreviation devices into the existing ranges to process data in real time is
becoming more apparent.

Introduction    Increased concern is being expressed over the acquisition of a vast
quantity of telemetered data and how this data will be processed by already over-
burdened data-processing facilities. Existing range acquisition equipment have the
capability to initially handle a great quantity of data, but to retransmit all, or part, up-
range has increasingly become a complex data management problem. Limited bandwidth
retransmission facilities from the range sites, fixed or mobile, have imposed many
constraints on the amount of information which can go to central telemetry control.
Projected inclusion into the range facilities of priority call-up systems have been made to
ease the burden of collection, processing and displaying the data, by requesting only high
priority elements of information whenever the controller so dictates. Other information,
which is not directly monitored, is stored on magnetic tapes or deemed unnecessary and
eliminated. The storage requirements of such data involve time in processing and
reformatting as well as facilities for physical tape storage and handling. Elimination of
telemetered parameters whenever considered uneventful would increase efficiency in
parameter selection and facilitate handling of the telemetered data. In any event, accurate 



decisions must be made to determine the validity of telemetered data prior to assigning
priority ratings for real time analysis and display.

Much interest has been developing in employing data abbreviations or compaction
techniques to reduce or eliminate those elements of the telemetered signals which do not
produce any detectable change. Real time pre-processing of the telemetry signals, prior
to up-range retransmission or storage, will permit more significant information to be
conveyed in real time over existing limited bandwidth retransmission facilities.
Investigations into the type of methods used to practically apply data abbreviation and
compaction techniques have involved numerous simulation computer studies, as well as
direct application of various routines on actual range telemetry data. Studies conducted
at RCA have involved the investigation of the parameters affecting various routines, the
mechanics of the routines and the practical application of these routines.

Several tapes containing actual telemetry information obtained during the flight time of a
first stage booster vehicle were processed. Data abbreviation programs were prepared for
an IBM 7090 general purpose computer and used to reduce the information redundancy
contained on these telemetry tapes. As will be shown by this paper, the reduction in
redundant information and the indicated savings in tapes and data processing time,
definitely highlights the usefulness of this new data processing tool.

Continuing investigations have been providing more insight into the mechanics and
subtleties of data abbreviation and compaction. By analyzing the affecting parameters of
specific routines, the common characteristics of many other routines can be probed. With
this information and a general classification of basic types of information more effective
use of this new art can be made.

Definitions    There are two general methods used to detect and reduce similarities which
appear between successive data elements of a telemetered signal. These methods are
classified as data compaction and data abbreviation. The following definitions are
presented to further clarify their function:

A. Data Compaction is a process in which the number of bits for each discrete data
sample is reduced when successive similarity is detected by evaluation of each
sample to a pre-established reference.

B. Data Abbreviation is a process in which the number of data samples are eliminated
when successive similarity is detected by evaluation of each sample to a pre-
established reference.

Each of these methods have distinctive intrinsic characteristics which determine their
frequency response during operation, data processing error, bandwidth translation limits



and in general the advantages or disadvantages of practical application into data
handling systems. Increased circuit complexities required to implement the numerous
data compaction or abbreviation methods, tend to degrade the inherent advantages of
each method.

An illustration showing the operation of these two methods is presented in Figure 1. The
reduction in data samples for each method when compared to the original sampled
waveshape is indicated. Neglecting the reformatting of the detected significant samples
with such pertinent information as data sample time correlation, evaluating aperture
tolerances, sample address or word ID, a significant reduction in data similarities is
illustrated. This reduction was obtained during the data abbreviation studies using an
IBM 7090 General Purpose Computer to process actual range telemetry data.

Affecting Factors    The main emphasis in the computer studies was to study the affects
of data abbreviation characteristics on actual range data. Before effective use could be
made of the various existing or proposed routines, the salient influencing parameters of
these routines were investigated. After eliminating various routines because of their logic
complexities, limited mathematical routine adaptability, slow processing speeds and
most important attributing processing error - first order-fan methods were selected. Their
salient parameters will be presented and application guidelines can be developed.

Sampling    Since the entire concept of eliminating data redundancy or similarity from
telemetered information is based on reducing the number of already telemetered samples
which do not contain any salient changes in data, the data abbreviation device must
directly function within the sampled data stream. Because of this usage the data
abbreviator can be considered a second sampling device operating in an aperiodic
manner. The selection of salient or significant elements is based on the particular
iterative abbreviation routine but the output is aperiodic or random. Time correlation of a
selected data sample appearing at the output of the abbreviator to the original sampled
wavetrain is of extreme importance to minimize the error generated by this second
sampling device.

It has long been established that the greater number of samples taken of a function the
more accurately the function will be reproduced during data reconstruction. The system
designer must make a trade-off between the sampling rate and the fidelity of the desired
output. Sampling rates are usually specified by predicting the highest information
frequency component of the parameter to be monitored. Any departures from the classic
theoretical sampling factor will result in oversampling but also in better system
accuracies. Usually in practical applications the event of interest within the monitored
channel is but a small portion of the total monitoring time. The periods when no
significant data are being observed is of little or no value, but the monitoring continues
to produce an over-abundance of data samples. It is because of this condition that the



system designer must make a trade-off between the sampling rate and the maximum
activity of the measured parameter. This trade-off is to achieve the desired fidelity during
the reconstruction of the processed function. If the same sampling rate, for all measured
parameters, could be held constant for the highest information frequency component and
only the salient elements of this telemetered data were to be transmitted within required
system accuracies, less over-burdening of the data processing facilities could be
achieved. This is to say that the information bandwidth encompasses a -wide range of
frequency including DC components; therefore, at the low frequency range the maximum
sampling rate will produce an over-abundance of redundant or similar data samples. The
data abbreviator will prevent the retransmission of this over-abundance of redundant
information without significantly increasing the system error.

During the investigations it was noted that when applying a first order-fan method
routine to a previously over-sampled function, there would be a fixed number of selected
data samples obtained regardless of any further increase in the original sampling rate.
The detected samples would then represent the salient changes in data, but would not be
periodically spaced as were the original samples. Therefore, the data abbreviator can be
considered an aperiodic sampling device. Computing the areas under the resulting
curves, due to periodic and aperiodic sampling, the average RMS error,  �2 , was
obtained. Resulting infomation indicated a 2% increase in waveshape definition using
the aperiodic sampling device. For example if given number of detected samples are
aperiodically spaced within a given waveshape an average INS error can be obtained.
Computing the average WS error due the same number of samples periodically spaced
within the same waveshape and comparing this error with the aperiodic sampling error
the latter has the least generated error. A simplified example is shown in Figure 2 to
clarify the error comparison results.

Evaluating Aperture    To determine those sampled data elements which are significant
and those to be eliminated, some tolerance or limit must be established to which the
samples can be individually evaluated. These limits are referred to as an evaluating
aperture and usually take the form of a constant width corridor or the divergent
boundaries of a fan. The width or areas, to which the following consecutive data samples
are to be evaluated, are determined by pre-established tolerances. These tolerance values
are based on a fixed percentage of the full scale value of the original function. Some of
the general properties of these evaluating apertures are:

A. As the evaluating aperture is increased the number of detected significant sample
decreases.

B. The total width of the evaluating aperture determines the minimum transient
response of the process.



C. The �2, error increases as the evaluating aperture width’@increases, except when
the incoming function remains constant.

D. The width of the evaluating aperture determines the breakpoint where any further
increase in original sampling rate does not increase the number of detected
significant samples.

As previously stated a first order fan method had been selected as the basic data
abbreviation process. The evaluating aperture for this routine is a fan whose slopes or
boundaries are established by pre-selected tolerances. The boundaries are then projected
to predict the area or location where the next consecutive data sample will appear. When
this routine is initially started the evaluating aperture or fan area will be twice the fixed
tolerance at the interval in which the next data sample is to be tested. Despite this large
initial evaluating aperture the fan boundaries converge or “tighten up” to a width or area
equal to the fixed tolerance after a number of successive evaluations take place. This
“tightening up” property whereby the fan method can be considered as a transient
detector, especially in the processing of large amplitude variations.

Output Reformatting    Another affecting factor is the reformatting of the detected
significant data samples. This reformatting of the abbreviated data sample must be
accomplished before retransmission to a central processing facility. Reformatting
consists of adding information to the abbreviated output to time correlate the data
samples to the originally sampled function, for indicating the evaluating aperture
tolerances used and detected significant sample identification. Increasing the number of
additional bits to be combined with the undisturbed original data sample increases the
complexity of the data abbreviator smoothing output-storagebuffer and decreases the
overall processing time of the data abbreviator. If the data abbreviator is to process a
time multiplexed signal on a frame by frame basis, then additional addressing of the
individual channels must be considered which in turn will increasing the storage buffer
requirements. The results of the computer studies have shown that for single channel
operation the number of additional bits should not exceed approximately 1.5 times the
number of bits in the original data sample. Any increase in this factor affects the output
unloading bit rate to a point where the original goal of reducing similar data samples for
output bit rate-down-translation cannot be achieved. Composition of the reformatted
word during the computer studies included time correlation information, tolerance code,
data and parity. Total length of the output word was twice that of the input data word.

Time Correlation    Time correlation information was necessary to give the individually
detected significant samples the same time-of-occurance position as in the original
waveshape. The minimum interval of time between detected significant samples was
based on the incoming sampling rate. This means that a sampling interval counter, up-
dated each time by the incoming wavetrain, could be used to keep a running tally of the



number of original samples eliminated between any two detected significant samples at
the output of the data abbreviator. By using this method of keeping track of the
accumulated elapsed time, time correlation was achieved. When the second detected
significant sample was reformatted the accumulated elapse time tally was added to the
data word and dumped into the output storage buffer. This method for keeping track of
time was advantageous because the tally could be short counted to a preset value which,
when reached, could select a sample regardless of its significance causing the routine to
recycle. This is referred to as confidence sampling.

Tolerance    Because the evaluating aperture also affects the fidelity of the waveshape,
the tolerance value or width of the evaluating aperture was also transmitted. During the
investigations the tolerance coded by 2 bits was adjusted as the data activity changed,
thereby reducing the evaluating aperture width to provide less redundancy removal
during transient or salient information intervals. The changing of the tolerance values
also provided a control over the output storage buffer to prevent overflow and underflow
conditions.

The coding of the original data sample was not disturbed. The process of the data
abbreviator was to provide a decision as to which of the data samples within the
incoming periodic wavetrain were significant. Once this condition was established the
significant data samples were stripped or gated into the reformatting circuitry. All other
data samples which did not meet the requirements for significance were eliminated. The
operation of the data abbreviator is similar to that of a decommutator except the
aperiodic stripping of data samples is controlled by discrete decision-making operations
in the abbreviator device.

As had been stated previously adding more information to the selected original data
sample increases the length of the data abbreviated output reformatted word. It was
determined that increasing the reformatted word length greatly increased the output
storage requirements as well as the output buffer unloading times of each reformatted
word. To reasonably determine the data abbreviator output storage buffer capacity, the
highest buffer loading rate must be obtained. This loading rate is dependent on the
particular data abbreviation routine and the number of significant samples detected
during the high activity portions of the signal to be processed. It is during this high data
activity period that a decrease in redundancy results until a point where essentially every
incoming data sample is loaded into the data abbreviator output buffer eventually
causing the buffer to overflow. Overflow controls in the buffer which will change the
data abbreviator routine which will in turn increase the amount of error generated by this
process. By providing a so-called built-in }R̄ factor of two the unloading requirements
will not be too stringent. The error generated by essentially halving the original sampling
rate by the data abbreviation process (Method I in Table II) was within acceptable
system requirements.



Abbreviation Ratio (AR)   The presently accepted figure of merit, used to describe the
removal of redundant data samples, is called the abbreviation ratio (AR). This ratio
describes the relationship between the input and output of the data abbreviator. There are
two distinct operations of a data abbreviator. One operation is when the computing
elements of the device determine significance of a data sample prior to buffering. If this
is the case the AR figure will be expressed as:

If the samples are reformatted and passed into an output storage device the output bit rate
is changed. This brings about a down-translation in bit rate and the overall abbreviation
ratio can be expressed as:

These two expressions show their importance when relating the output of the data
abbreviator to specific retransmission or recording facilities. For example when using an
incremental recorder the aperiodic output of the data abbreviator can be recorded
directly, but when attempting to retransmit up-range the output data stream must be at a
constant bit rate, with no interruptions which may impose a constraint on the
snychronization requirements of the system. Most of the computer investigations
involved the sample AR relation because specific routines were being investigated rather
than an overall data handling system.

Abbreviation Routine Used    A prior study at RCA of the data abbreviation and
compaction routines indicated a growing trend to the first and higher order routines.
Recent activity has been increasing in using the first order predictors or interpolators.
Published information has shown that the first order devices and routines are more
accurate and have less data interpolation error than the zero order methods. Because of
this increased accuracy, the first order routines were used during the analysis of data
abbreviation when applied to actual range telemetry data. These first order routines
employed the divergent fan boundaries as the evaluating aperture to test the validity of
the successive data samples.

In herently the fan method is a device which detects the salient changes more accurately
than the zero order routines. A brief description of some of the salient characteristics of
the first order fan method routine will indicate why this algorithm was chosen.

A. Higher data interpolation accuracy over zero order routines.
B. Basically a transient detector.
C. Operates over a broader information bandwidth than zero order routines.
D. Larger abbreviation ratios can be obtained with less error generated.



The accuracy of the first order algorithm was estimated to be twice that of the zero order
routines despite the increase in logic complexity necessary to implementing the first
order routine. This implementation complexity occurs because of the linear slope
construction of the evaluating aperture which requires additional computing and
temporary storage circuitry. However, the resulting decrease in interpolation error
justified the increase complexity in the circuits.

As stated earlier in this report the primary function of the data abbreviator is to detect
salient variations in the incoming signal and can be considered a transient detector. It is
this feature that makes the data abbreviator attractive. However, if the data does not vary
sufficiently producing constant slopes, d.c. levels or slowly varying levels, the data
abbreviator will eliminate those samples within the constant slope and transmit only
those which indicate a departure from these constant values. Here again if the data has
been grossly oversampled, a minimal number of samples detected at the points where the
data exhibits salient changes will provide sufficient reconstruction definition at a
substantial reduction in the total number of data samples.

The ability of the first order routine, using slope settings to more adequately describe the
salient changes in data, will permit more data samples to be eliminated. As an illustration
of this statement consider a ramp function which has a slow rate of change. A fixed
horizontal threshold type of data abbreviation routine would automatically detect
significant samples as the rate of change exceeded the thresholds of the evaluating
aperture. In a slope type of evaluating aperture, the aperture would follow the signal rate-
of-change using the end points to describe the total parameter change within the specific
interval.

A first order method which is embodied with these characteristics is the typical fan
method predictor. Briefly this type of algorithm is used to construct a fan between two
known data samples. The divergent boundaries of this fan are projected to the next data
sample and if detected inside the evaluating area is considered redundant data and
eliminated. If the sample is determined to be outside the fan boundaries, it is considered
valid data, retransmitted and a new fan is created. This iterative routine continuous until
the program is changed or the mission is completed. A modified first order fan method
predictor was used to reduce the range telemetry data from an actual missile flight.

Data Format    The particular telemetered data was multiplexed into a PCM format
referred to as a High Bit Rate Link. This format consisted of a major analog frame which
contained five analog minor frames. Each of the minor frames contained sixty-four
digital words. Sixty-three words containing data and word sync. The last word contained
the minor and major frame synchronication information. Each minor frame
synchronization word contained twenty-seven bits which were the complement of the 



major frame synchronization word. This permitted unique identification of each record
block when recorded onto magnetic tape.

The data words, sixty-three for each minor analog frame contained three syllables of
eight bits each and three bits of word sync to make up the standard twenty-seven bit data
word. Each eight bit syllable represented a digital value of the telemetered channel.
There were a total of 155 active parameters monitored during this particular mission.
Five different sampling rates were multiplexed into the basic format. A 20 and 40 sample
per second rate were used for sub-commutation, whereas the 100, 200, 400 sample per
second rates were deemed the prime commutation rates.

The serial wavetrain was reformatted and dumped onto magnetic tape which was then
referred to as the High Density Recording No. 2 for entry into an IBM 7090 computer.
Seven recording tracks were used with data dumped broadside onto six of the tracks,
with the C track used for odd lateral parity, i.e. the data was recorded in an IBM
compatible format. Each block of information, whether time, data or frame sync
consisted of thirty-six bits, twenty-seven of which contained data and the rest were
fillers. The time word was recorded first with the actual time starting with hours and
ending with milliseconds. The word sync for each data, word proceeded the three-eight
bit samples which were arranged in consecutive order. After each 63 such data word
blocks, the minor frames are inserted, until the fifth minor frame data words are recorded
where upon the major frame sync was recorded in place of the minor frame sync word.
Damping of the longitudinal parity then completed the IBM record.

The information recorded was obtained during a five minute interval after the launch of
the missile. This information consisted of event and analog data and the remaining was
considered quiescent. Table I lists the estimated percentage of occurance of the
significant data in each of the channels during the five minute print out.

TABLE I
Occurance of Significant Activity



After further examination of the recorded information it was possible to ascertain the
highest predicted signal frequency component. Using a sampling factor of five, the
expected signal frequency was calculated to be approximately 80 HZ. However, by
analyzing the computer print-outs of periods of high data activity (such as the damped
oscillatory waveshape at the beginning of each event) the estimated signal was
calculated to have a maximum frequency component of approximately 44 HZ. This was
of particular interest because the accuracy of the applied data abbreviation routine is
based on the number of significant samples detected when the original signal is being
oversampled. Previous data abbreviation studies at RCA have shown that if the data
abbreviation ratio goes to unity, the error generated by the data abbreviation device goes
to zero and the system error is only that of the original sampling device. Conversely as
the abbreviation ratio increases, the system error becomes the accumulated error of both
the original sampling device and that of the data abbreviator. However, this total error
will reach a point where it will remain fairly constant even though the abbreviation ratio
increases.

Computer Results

Data Classification    The data was classified into three general types:

1. Analog (including noise)
2. Event
3. Quiescent or DC

In classifying a particular channel as to its type of activity and the percentage of
occurance (which can also be related to the information content) the entire parameter was
reporduced on a strip chart. From these strip charts the particular channels were
classified. The analog classification was given to those data elements whose amplitude
variations were continually greater than twice the width of the evaluating aperture or
have distinctive and measurable frequency components. These analog signal frequency
components ranging from the 44 HZ to DC and also included noise. By extrapolating the
frequency components between 1A HZ and DC limits an estimate of this type of data
activity as a percentage of maximum frequency response was obtained. Data elements
which have abrupt large changes in amplitude levels but do not immediately vary in level
once the abrupt change has occured were classified as event type data. This type of data
could change “state” many times during the monitoring intervals It could also be data
which is time correlated to some specific occurance. Lastly, the parameters whose
amplitude variations did not exceed the threshold limits of the evaluating aperture were
considered a DC or quiescent type of signal. Because the changes in the evaluating
aperture depends on the pre-selected tolerances, the above classifications of data also
depend on the pre-selected tolerances, therefore the minimum tolerance was set at ±1 bit
so if any increase in this evaluating aperture occured the data classification would remain



consistent. An interval of the type of data encountered during these investigations is
illustrated in Figure 3.

Since the evaluating aperture width, determined by the preset tolerance, directly affects
the error generated by the data abbreviation routine, five channels were data abbreviated
with the tolerance at ±2 bits. The remaining channels were evaluated with the tolerance
at ±1 bit. The results of these tolerances changes are shown in Table II.

Computed }R̄   Again refering to Table II the indicated 2:1 abbreviation ratio difference
in many of the channels is due to the routines themselves. As had been stated earlier
Method I evaluates every other data sample where as Method II evaluates each data
sample. However when the information contains high transitory components both }R̄
factors essentially become equal. The large abbreviation ratio figures obtained are
deceptive because they do not reveal the true nature of the data during the intervals when
significant changes are occuring. The }R̄ figure must be related to an additional factor
generated by the process to be meaningful. This second factor is the magnitude of errors
generated by the data abbreviation process. An additional point, concerning the }R̄
figure, is that if the signal amplitude variation does not exceed the value of twice the
tolerance factor large }R̄ figures will result and even larger signal processing errors will
be produced. This signal amplitude-to-tolerance relation will cause “tracking”. Tracking
is the condition that exists when the first order routine will follow the slowly varying
signal changes without detecting any significant data sample. Without any adjustment of
the routine parameter to correct this tracking condition the first order fan method
predictor cannot be considered as a low frequency detecting device.

Error Results    The magnitude of the errors generated by the data abbreviation device
reflect the quality of the process. it is understood that the peak errors generated during a
given interval do represent the real fidelity, but the overall error provide a more realistic
figure. By relating the error to the data activity a closer examination of the effects of
signal changes and routine parameters could be obtained. Figure 4 illustrated the error
generated for both first order fan methods used. It is interesting to note the affects of
tracking on the error result in an increase of approximately four times for only a one bit
change in evaluating aperture tolerances at the low data activity point. This is despite the
fact that the evaluating aperture has evaluated a sufficient number of data samples to
sufficiently tighten up. The resulting errors at the high data activity range again indicated
the attractiveness of a data abbreviator to reasonably reduce redundancy without
significantly introducing large processing errors. However this statement may be made
for the other end of the data activity scale. It can be noted that the high error figure drops
off very sharply after the 25% activity point. This is a result of the data approaching a
DC or quiescent condition. Large }R̄ factors as well as small errors can be achieved, but
caution must be exercised because if there are no data variations resulting processed data
can be meaningless. For example if the measured parameter has no component which



exceeds the evaluating aperture only the first data point will be transmitted for either first
order method. The last measured original date sample is a valid data sample but will not
be detected nor transmitted. Since more than two points are necessary to describe a
straight line and only one point is available that data cannot be considered valid. This
condition can be corrected for by employing confidence sampling as was described
earlier in this paper.

An additional point to consider, when referring to Figure 5, is the reasonably linear
increase in error when using Method I with a Tolerance of ±1 bit . As the routine of
Method I iteratively evaluates alternate samples it tightens up faster during the lower
activity intervals; however, because it effectively halves the original sampling rate to
achieve an inherent }R̄ factor of 2, the generated error increases. Method II does not
exhibit this property. This is because at the higher activity intervals the AR becomes
unity and the resulting data abbreviation error goes to zero, The inherent advantages of
data abbreviation using Method II are negated., if all data is highly active.

}R̄ Results    By merging both methods to generalize the effects of the first order fan
method, the value of AR for various data activity can be obtained. In Figure 5 are the
plots of the computer results of the combined methods with indicated tolerance changes.
The two plots graphically indicated the large quantities of redundant data can be
eliminated by changing only one parameter of the routine in this case the evaluating
aperture tolerance. As illustrated in the graph, the amount of redundancy removal
increases sharply around the 25% activity point. This is a result of the first order-fan
tracking on the lower information frequency components. The direction of the curve is
such that is asymptotically approaches the abssica of the graph. Truncation of the plot
will generally depend on the users requirements; however, if a predictable length of the
telemetered run can be made the following expression will aproximate the maximum AR
figure

The minimum value that the denominator can achieve is a factor of 2. This is to say that
if there are no changes in data then a DC level can be assumed to exist. The minimum
number of points necessary to describe a straight line is 2; the first and last points. All
other points in between can be considered redundant and eliminated. Practically, this
factor cannot be achieved, but does provide a way of determining the maximum AR
figure. Setting the obtainable maximum AR and minimum AR factors as guidelines
rather than definite limits points up the inadequacy of using the AR factor as a true
figure of merit to relate the date abbreviation operation. If the tolerance value is reduced
to ±1 bit, at the point where the sharp increase begins at the 25% point, the }R̄ factor can
remain fairly constant into the low activity data range. This indicates that small changes
in the data abbreviator routines will permit efficient practical operation without



introducing complex programming controls. Additional results have indicated that any
further increase in evaluating aperture tolerance increase the overall error to value which
negate the advantages of employing a data abbreviator in an information processing
system.

Print Out Time    After achieving good redundancy removal with what can be
considered reasonable processing errors, less than 2% added to the data handling system,
the significant data samples must be transmitted to a central processing facility. The time
required to retransmit or display the processed information is of great importance.
Illustrated in Figure 6 is the estimated print-out time of all channels-, combined into two
curves with the indicated tolerance changes. The }R̄ Print Out Time relation is linear
and the similarity in both curves is inpart due to the limitation of the print-out
equipment. In this case the output rate was 300 character per minute. Although the high
}R̄ figures are desirable, the data processing equipment tie-up time to transfer the data
into display or retransmission systems is not too economical. Efficient multiplexing of
data abbreviated information would require more investigation into data management
similar to existing data-call-up systems. If the printout times are used to indicate the
most efficient AR factors for reasonable printout time, then the }R̄ range between 20 to
100 would appear to be most desirable.

Application Example    The following example will illustrate hot., the graphs in -this
report can be used as guidelines to predict the data abbreviation operation within a
hypothetical data processing system. The parameter to be monitored will be classified as
an event type of signal. The activity of this signal will be predicted to have salient data
activity for 50% of the monitored interval. This means that the data levels will
continually change state. With this data activity figure, an }R̄ figure of 200 is predicted
by using the information in Figure 5. Again using the 50% activity figure, an average
RMS error value of approximately 0.5% of FS can also be predicted from Figure 4.
Finally, Figure 6 will indicate a printout time of approximately one minute for the }R̄
figure of 200. Therefore the data abbreviator will add 0.5% error to the processing
system with a redundancy removal factor of 200.

Conclusions    As additional data compression and abbreviation studies are undertaken,
more emphasis must be given to classifying the general types of predictable telemetered
data. The terms-event, analog, and quiescent-used to generalize the classification of data
are not sufficient. However these terms do give meaning to the computed }R̄ and error
figures when applied to telemetered information. Further investigation will relate the }R̄
figure and the error figure into a more meaningful relation.

In general first order fan method predictors can be practically applied to present range
requirements to reduce the over-abundance of telemetered data. The computed average



error is less than 1% with abbreviation ratios greater than 200 to 1000. Savings in
process-Ing information, whether at the down range sites or at central data reduction
centers, can be achieved with the use of specialized fixed programmed. first order fan
method data abbreviators. These special digital computers could be employed in a
manner which is similar to present day decommutators, with lower operating costs than a
general purpose computer and greater I/O processing times.

Although the reformatting of the significant data samples increase the length of the data
abbreviators output word, the obtainable abbreviation ratios will still provide a realizable
down-translation of incoming bit rates for compatibility into existing range
retransmission links.

Eventually as more investigations into the practical aspects of data abbreviation and
compaction develop into confident usage and practical operating hardware, these
techniques will be applicable at the source of data rather than at the data handling
facilities.
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Summary    The magnetic recording process using ac bias is reviewed and applied in a
discussion of recording heads. The difficulties in obtaining a sharp gradient are
explained. A new magnetic recording head that overcomes the weaknesses of
conventional heads is described and compared with the conventional ring core head.
Performance data are listed and show improvement in frequency response, decrease in
harmonic and intermodulation distortion, reduced electronics and higher reliability.

Introduction    Basic research efforts in magnetic recording are aimed at achieving
higher packing densities, which in analog recording requires better heads and tapes. It is,
in production of magnetic recorders, possible to obtain 16,700 wavelengths per linear
inch of tape corresponding to a wavelength of 60 microinches ( =1.5F). A newly
developed recording head* has improved this performance in connection with other
benefits, such as improved distortion figures, better isolation between the bias and data
sources and higher sensitivity.

This presentation can best be appreciated with a brief review of the ac bias magnetic
recording process, and the recording performance of standard ring core heads. The
recording process itself is still under heavy study by many groups, and the following
account is intended to give the latest thinking on this matter.

Magnetic Recording with AC Bias    The recording current fed into the record head
winding is the data frequency superimposed by a high frequency bias whose frequency
as well as amplitude is an order of magnitude greater than the data. When the magnetic
tape passes over the record head gap it is subjected to a changing magnetic field. Then
the field is at its highest value, in the center of the gap, the magnetic particles in the tape 



coating are at a state of saturation. Their magnetization rotates back and forth in
accordance with the bias field oscillations.

As the tape leaves the record gap the bias field decreases and has soon reached a value
equal to the coercitive force of the particles, whereafter they no longer will change their
magnetization back and forth. It is at this point the recording takes place and we can now
proceed to study this in more detail.

A similar process, called anhysteretic magnetization, comprises the simultaneous
application of a constant dc field and an ac field which gradually is reduced from a
saturating value to zero. The remanent magnetization is essentially proportional to the
applied dc field, which explains the high linearity that is possible with ac bias recording.
The physics of this process is beyond the scope of this paper, and are described
elsewhere 1)2). But two results from the explanation of the anhysteretic recording
process are important for the following discussions:

1. The recording is “ fixed” when the ac bias field decreases through a value called
the critical field strength Hcr, This is approximately equal to the coercitive field
strength Hc for the tape, with a spread determined by the nature and orientation of
the individual particles.

2. The anhysteretic magnetization curve has two distinct patterns as function of the
bias level. If the bias and dc field decay simultaneously the curve wi I I have a
maximum (optimum bias) , as shown in curve 1, Figure 1. But, if the dc field
remains constant while the ac field decays, then the remanence will remain at
maximum after a certain bias level has been reached, see curve 2. Curve I applies
to magnetic recording with a conventional ring core head, where bias setting is a
compromise.

Magnetic Field from the Air Gap in a Ring Core    Figure 2 shows a conventional
magnetic recording head, with a magnification of the field lines in front of the gap. The
data and bias currents are sharing the same winding, and essentially
the same field pattern. The bias frequency is normally selected five times higher than the
highest data frequency; this will then be 10 MHz for a 2 MHz recorder, and the effective
core permeability at that high a frequency will be significantly reduced from the low
frequency value. Even the use of very thin laminations or ferrite materials will not
prevent the bias field pattern to be broader than shown.

The recording zone is shown hatched, and has a field strength decaying from 300 to 240
Oersted (270 Oe • Hc) . This spread on each side of the critical field strength is typical
for an oriented acicular particle tape. The level of the recording field is, as shown,
sufficient to magnetize the tape coating in its full thickness (.120 Mils). The width of the



recording zone at the tape-to-head interface is approximately .030 Mils, we can not
expect to record wavelengths shorter than .030 Mils. It can be speculated that a gap loss
similar to the sin x/x loss for reproduce heads is applicable to the recording zone in a
conventional record head.

A convenient measure for the effectivity of a record head can be found in calculating the
field gradient. The higher the gradient is, the narrower the recording zone will be. For
Figure 2, the field gradient calculates to be 60/30 =2 Oersted/microinch. If less bias field
strength was used it would increase to two or three times that figure, but the tape would
no longer be magnetized in its full thickness, and low frequency distortion would be
excessive. If, on the other hand, the gap was made narrower, the field strength would
have to be increased and the recording zone would be just as wide again. These are the
reasons why a quarter mil record gap length has become optimum design.

Figure 3 shows the field from a single current carrying wire, compared with the field
from the recording head gap. If the wire could be made infinitesimally smal I, the field
gradient would be 2.7 Oersted/microinch for the recording zone, that penetrates the
coating. This compares with the gradient for a conventional head, but is never obtained
in practice since the wire would have to have a reasonable size to carry the current
required.

Improvement of Field Gradient by Using Several Pole Pieces    The best known
improvement of the field gradient is achieved in the cross field head 3), shown in
Figure 4a. Here a third magnetic poleshoe is employed to sharpen the gradient, but has
the disadvantage of being located on the opposite side of the tape. In later constructions
a similar field pattern is obtained by three pole shoes on the same side of the tape.

Another method for improving the gradient is shown in Figure 4b, where a conducting
plate is inserted in the trailing pole piece. This acts as an eddy current shield for the high
frequency bias and, to a much smaller degree, for the signal. The bias field gradient is
therefore sharper at the trailing edge, and also sharper than the gradient for the data field
thus providing a better anhysteretic recording.

It is generally difficult to obtain sharp and well defined magnetic field patterns by use of
magnetic circuitry. It is from time to time compared with designing electrical circuits in
salt water. Analogies from acoustics and antenna theories using for instance, magnetic
dipoles with proper spacing and phasing, are not possible with the dimensions and
frequencies we are working with. And if seriously considered it would be found that the
operating bias frequency should be well above the spine[ frequencies of the magnetic
tape particles, and anhysteretic magnetization therefore impossible.



* Patent Pending

Direct Bias Head    From the foregoing it appears almost impossible to improve the
state-of-the-art in magnetic record head design, unless other means of field shaping are
found. In the discipline of super-conductors it is known that magnetic fields inside these
are non-existing, they have in other words been trapped outside. If a superconducting
material was placed near a current carrying wire, the field would be distorted as shown in
Figure 5a, and an additional block on the opposite side would further constrict the field
lines (Figure 5b) .

Superconducting materials do not exist at room temperature, but an excellent substitute
is found in the material already used in the magnetic head core: High permeabel
material!

The skin depth of metals is given by the formulae:

where
* = skin depth in Mils
f = frequency in MHz
Fr = the relative permeability ( =1 for air)
D = the resistivity
Dc = the resistivity of copper

The skin depth for Mu-metal is only a few microinches when we operate with a bias
frequency of 10 MHz or higher. The Direct Bias head is hence constructed using a
conductive gap spacer carrying the high frequency bias current, while the data field is
generated in the conventional manner*. This is illustrated in Figure 6, which can be
directly compared with Figure 2, and two significant observations are made.

The bias field decreases through the recording zone at a rate that is faster than the
decrease of the data field. This is therefore more closely an anhysteretic magnetization
process per curve 2, Figure 1.

The field gradient is sharper by a factor of 2-3 at the tape-to-head interface. For the ideal
case, where the bias field corresponds to a sink-source field the gradient has been
calculated to be 12 Oersted/microinch, six times higher than a conventional head. (See
appendix)



Comparative Performance Data and Measurements    The change in the bias field
pattern in a conventional head was discussed earlier, and a comparison with the Direct
Bias head is shown in Figure 7. Due to the trapping of the bias field in the new head no
such broadening takes place, and the field gradient does not change appreciably. This
head does therefore provide almost optimum bias level for all frequencies, and the
sharper gradient has a potential of recording shorter wavelengths than would ever be
possible with a regular head.

The separate bias circuit permits that the number of turns on the core are increased.
Normally the resonance frequency has to be higher than the bias frequency. This means
that less current is required and that the data record amplifier in many applications can
be deleted and substituted with an impedance matching network.

The most significant characteristic of the new Direct Bias head is, aside from simplicity
in reduced record electronics and better bias field, its capability to record with very low
distortion figures. In conventional recorders the harmonic distortion increases with data
frequency, because of the broad recording zone. (This distortion has been compared to
that found in earlier Hill and Dale phono-records.)

Figure 8 shows how the distortion varies with data frequency, for three different bias
levels. The Direct Bias head provides a much more uniform curve than conventional
heads. This does ultimately reduce intermodulation distortion, as found in measuring the
Random-Noise-Power-Loading.

Figure 9 shows distortion versus record level, and the slower rise of the distortion with
the new head is quite clear. These measurements are applicable to multiplex recordings,
such as FM/FM, where the channels with high carrier frequencies normally have caused
more overload and intermodulation distortion than the low frequency channels. The
uniform distortion characteristic will now allow for equal level settings of all FM
channels.

Conclusion    The Direct Bias head gives better performance than a conventional record
head, and has certain operational advantages. The elimination of record amplifiers results
in higher reliability, and since the bias gap can loop through from track to track in a
multi channel head, only one bias oscillator is required per head. This leads to reduced
cost and cuts maintenance and set-up time.

With regard to magnetic tapes the question can be raised whether or not present
wideband tapes are optimum for the Direct Bias head. The sharper field gradient retains
its shape as the bias frequency is raised, in contrast with a conventional record head. It
has further been observed that the short wavelength response for certain tapes increased
several db when the bias frequency was raised.
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Appendix

1.  Field from the Air Gap in a Ring Core    The recording field zone shown in
Figure 2 does closely resemble the field from a single current carrying wire (assuming
the coating permeability equal to one). This field is shown in Figure 10a and expressed
by

and the field gradient is

If the coating thickness is equal to half of the gap length (y = a ) , and we want the tape
to be recorded in the full coating thickness, then

or

Inserting K1 and a = . 25 microinches . 6 x 10-6 meter we find ( y = .1a and x = a) :



* L. V. Bewley: “Two - Dimensional Fields in Electrical Engineering” , Dover Publications,
1963.

With a recording zone between 300 and 240 Oersted ( )H = 60 Oersted) , the width of
the recording zone is 54 microinches. (A graphical analysis of this zone, based upon
Figure I give a zone width of 30-40 microinches.)

2.  Field from the Direct Bias Head    If the bias frequency is assumed so high, that an
additional skin effect forces the current to run on the surface of the gap conductor, then
the field lines will follow the pattern shown in Figure 10b. This field is analog to the
electrostatic field from two line charges and can be expressed *

with the field gradient

With the coating biased in its full thickness, and with y = a we find

or

Inserting this value and a = .25 microinches and y = .1a, x = a we find

This gradient is in other words 6.3 times greater than for a conventional recording gap.



FIGURE 1. ANHYSTERETIC MAGNETIZATION PROCESS. CURVE 1 : DC
FIELD DECAYING SIMULTANEOUSLY WITH AC FIELD.
CURVE 2 : DC FIELD CONSTANT WHILE AC FIELD DECAYS.

FIGURE 2. MAGNETIC FIELD LINES IN FRONT OF THE GAP IN A
CONVENTIONAL RECORDING HEAD



FIGURE 3. MAGNETIC FIELD LINES AROUND A CURRENT CARRYING
WIRE

FIGURE 4. POLE CONFIGURATIONS FOR IMPROVEMENT OF THE
FIELD GRADIENT



FIGURE 5. DISTORTION OF MAGNETIC FIELD BY PRESENCE OF
SUPERCONDUCTING MATERIALS.

a. ONE BLOCK
b. TWO BLOCKS

 



FIGURE 7. RECORDING ZONES IN FRONT OF A CONVENTIONAL RECORD HEAD AND THE NEW
DIRECT BIAS HEAD.



FIGURE 8.  HARMONIC DISTORTION VERSUS FREQUENCY



FIGURE 9. OVERLOAD CURVES, MAGNETIC RECORDING



FIGURE 10.    MAGNETIC FIELD FROM SINGLE WIRE (UPPER FIGURE)
AND DIRECT BIAS HEAD (LOWER FIGURE)



MAGNETIC TAPE RECORDER SPECTRAL PURITY

DR. R. S. BRADFORD
Revere-Mincom Division

3M Company

Summary    The data recovery and reduction processes of various telemetering systems
have clearly demonstrated the critical role of flutter and time errors in instrumentation
recording and reproduction. One of the effects of these errors is that of “frequency
smearing” of individual recorded/reproduced sine wave components. The advent of
precision tape speed servo control has reduced these errors to a point where a detailed
examination of the residual effect becomes both possible and profitable. The detailed
measurements of the resultant spectrum of a recorded/reproduced sine wave component
are described. These are quantitatively analyzed and interpreted in terms of the flutter
and time error characteristics of the recording/reproduction system.

Introduction and General Definitions    A recent exercise in our Laboratory was the
measurement and interpretation of the resultant spectrum of a sinusoid recorded and
played back on a tape recorder/reproducer (pair) having a known combined
record/playback flutter/time base error characteristic. In examining the literature in this
area, it was found that much has been written around this subject. However, the
relationships required to interpret the results were not displayed in an explicit form in
terms of the flutter and time base error performance characteristics of the recorder/
reproducer familiar to the instrumentation tape recorder user.

Flutter is defined as the variation of tape speed in the combined recording/reproducing
process. This speed variation results in an instantaneous frequency modulation of a
signal sine wave component. This frequency modulation has the effect of removing
energy from a fundamental frequency and redistributing it into flutter noise sidebands.
Even though conventional frequency response tests show uniform high frequency
response, narrow band analysis reveals an attenuation of the higher recorded frequencies.

The time base error (TBE) is defined as the total time error caused by speed variations,
measured from a reference point. It is due to the integrated effect of the flutter, and is
related to the flutter-produced phase modulation of a signal sine wave component.

Abramson1 has stated the general features of the resulting spectrum: “For small values of
the mean-square modulating signal, it is known 2 that the spectrum -- approaches that of



* Fractional flutter is the familiar percent flutter expressed in decimal form rather than in percent
form.

a cosine amplitude - modulated by the same signal, --. For large (but definite) values, the
spectrum -has a Gaussian shape centered about the carrier frequency.”

It is the purpose of this paper to re-state the analyses behind these statements in a form
convenient to the instrumentation tape recorder user, and to work through a pair of
specific examples to illustrate the use of the results. The results are presented for two
limiting performance regions, and are displayed without formal proof. A partial list of
references are given; the reader is invited to verify the stated relationships by referring to
these papers and re-casting their results in terms of the parameters of interest to him.

Detailed Definition of Parameters    In order to establish quantitative results we start
with the defining equations and experimental techniques for flutter and time base error
(TBE).

Flutter    The output frequency of the combined record/playback process is given by

(1)
where gRP(tp) = fractional* combined record/playback flutter evaluated at time of
playback, tp and To = 2Bfo = angular frequency of recorded sinusoid.

The power spectral density of gRP(tp) may be measured by the use of a discriminator
operating on the carrier frequency modulated by the flutter. The power spectral density
(P.S.D.) of gRP(tp) is defined as the power in the normalized output of the discriminator
observed in a one cycle slot at the frequency f.

Thus
(2)

The mean square flutter is defined as the total power in the discriminator output

i.e.,

(3)

Time Base Error    Consider the situation where we record two events separated in time
by T seconds. Due to the flutter of the tape recorder, the two events are separated by a
time T + * (rather than T) when the tape is played back. The difference, *, between the
record and playback time-intervals is defined as the time base error difference (TBED). 



In general, * is a function of the original time interval, T, as well as being a function of
the tape recorder flutter characteristics during recording and playback.

When the flutter spectrum contains no DC or very low frequency components, the mean
square value of * approaches a finite limit as the time interval T becomes large. This
limit is defined as the mean square TBE.

(4)

Equation (4) cannot be evaluated explicitly for a generalized MG(f). However, (4) may be
rewritten as

(5)

As long as MG(f) falls off at low frequencies, at least as fast as f2,               has a finite
upper bound.  Then, under the assumption of very large T, the cosine term in the
integrand will go through many cycles of oscillation for only a very small percentage
change in the f2 term in the integrand. Consequently, the rapid cycling of the cosine term
will average out to zero, and the contribution of the cosine term to the integral may be
considered insignificant.

For example, if

(6)

where M1 is a constant level,

(7)

Thus we can state that as long as MG(f) contains no DC or very low frequency
components,

(8)

             is seen to be the spectrum of the integrated flutter.



If we let

(9)

then

(10)
Thus we have at our disposal

These performance characteristics of the recorder/reproducer are characteristic of a given
recorder at a given tape speed.

Analytical Results and Examples    When a sinusoid of frequency fo is recorded and
reproduced, the resultant output power spectrum depends upon fo and these four factors.
The character of this spectrum is well defined in two asymptotic cases and is a mixture in
the transition region. These two cases are for 2B)fo<<1 and for 2B)fo>>1 . It is
interesting to note that 2B)fo may be interpreted as the rms phase modulation of the
carrier 2Bfo, and is related to the modulation index in sinusoidal (deterministic)
frequency modulation. The two cases are thus for low and high “modulation indices”.

In Figure 1 is presented the measurement methodology for test runs under these two
distinct sets of conditions. The results of these two test runs are shown in Charts I and II.
We will now describe the two spectra analytically, and compare the analytical
predictions to the observations.

Case 1:  2B)fo<1, i.e. , 2B)fo = 1 radian is a useful limit.

Then the output spectrum consists of 
a)  a sinusoid at fo whose power is reduced by the factor                            

(11)

A plot of (11) is presented in Figure 2.

b) A pair of symmetric sidebands with the shape of the spectrum of the integrated record/
play back flutter.



(12)

Here ) and G(f) are both intimately affected by the detailed shape of the spectrum of the
flutter.

For a flat spectrum, it is seen that MG is constant, and the spectrum of G(f) would be as
shown in Figure 3.

For transports with a reasonably fast position servo, the low frequency flutter
components are largely corrected by the servo action. For a typical machine, the
correction capability is represented approximately by the transfer function

(13)

where
s = Laplace operator.
TT = Radian natural bandwidth of servo.
î  = Damping factor of servo . .707.

Under conditions of a flat flutter spectrum input, the resultant spectrum of G(f) is
described by

(14)

This is shown in Figure 4.

Chart I is a chart record of the spectrum of a 500 kHz sinusoid recorded and reproduced
on a TICOR II phase locked to the 500 kHz sinusoid from the tape. The analyzer
bandwidth is 6Hz. We will compare the results from the chart with those predicted from
Equations (11) and (12), using published specifications for peak-to-peak flutter and
peak-to-peak TBE. Since both of these variables are essentially stationary Gaussian
random processes, we will assume that the rms value is 1/6 the peak-to-peak value, i.e. ,
we use the conventional 3 sigma approximation.



Example:  Flutter = 0.4% pp

If the flutter is assumed to be essentially flat and concentrated in a 5 kHz band, (using
(3)),

If f = 300 Hz and fo = 500 kHz

Here we have picked f = 300 Hz = fo for the servo involved, and thus are measuring at
the peak of the flutter-induced sideband.

In a 6 Hz slot this would be

-39 db + 10 log 6 = -31 db (15)
The observed level at 300 Hz from the 500 kHz carrier (see Chart I) is

Observed level = -30 db (16)

Case 2: 2B)fo >>1

Here the output no longer contains a distinguishable sinusoid and consists of a pair of
symmetric sidebands around the suppressed carrier. The power spectrum is Gaussian and
the power spectral density is given by

(17)



Both the level and the shape of this spectrum depend only upon the input power, the
mean square total flutter, and the recorded carrier frequency. They are independent of the
detailed shape of the flutter spectrum.

Chart II is a chart record of the spectrum of a 500 kHz sinusoid recorded and reproduced
on a TICOR II. Here the machine is operated in the TACH mode, resulting in much
higher TBE but somewhat less overall flutter. We will compare the results from the chart
with those predicted by Equation (17), using published peak-to-peak flutter data.

Example:  Flutter = 0.25%.

Here

Correcting for 6 Hz bandwidth, one would observe

-27 + 8 = -19 db (18)

We do observe -20 db (Chart II). (19)

is shown superimposed upon Chart II. The reasonable fit is apparent.

Conclusions    When a fundamental frequency fo is recorded and reproduced, the
resultant output spectrum may be described in terms of fo and the flutter characteristics of
the recording/reproducing system. The character of this spectrum is simply defined for
most cases of practical interest, and the model presented correlates well with
observation. An examination of the flutter characteristics of a potential machine, in light
of these results, should allow the system designer to select an appropriate tape
recorder/reproducer system to fit his data processing needs. Both the overall level and
frequency distribution of the flutter play an important role in meeting severe spectral 



purity requirements, and the suitability of using a given machine for a specific
requirement can be determined.
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Fig. 1-Measurement System
for Charts I and II



Fig. 2-Carrier Suppression
Due to Flutter



Fig. 3-Spectrum of Integrated Flutter

Fig. 4-Spectrum of Integrated Flutter
With A Position Servo



 



1 The Iso-Elastic Drive is a Kinelogic proprietary concept and development. A patent application
in the names of D. L. Burdorf, and I. Karsh, is the property of Kinelogic.

NEW CONCEPT IN HIGH RELIABILITY TAPE RECORDERS
FOR SPACEBORNE DATA STORAGE

D. L. BURDORF
Vice President and Director of Engineering

Kinelogic Corporation
Pasadena

Summary    The need for large bit capacity in on-board data storage for deep-space
probes, spacecraft, satellites, and aircraft, has created a requirement for a tape recorder of
ultra-high reliability.

In an ideal recorder, the conventional capstan would be eliminated and the reels would
be driven such that the linear velocity and the tension of the tape between reels would be
constant from the beginning to the end of the reel. The heads would also be the only
elements in contact with the tape. Reliability would be enhanced by driving the reels,
rather than the tape, through a reduction in the number of moving parts. Reducing the
number of elements in contact with the tape would also increase tape life.

The Iso-Elastic Drive,1 closely approaches the ideal recorder drive system. The reels are
driven by a seamless polyester belt which is in direct contact with the periphery of the
tape reel. The belt is driven at constant linear velocity (resulting in low flutter) and in
such a manner that it generates a constant tension in the tape connecting the two reels
and passing across the heads.

Constant tape tension in a high-reliability recorder is necessary in order to optimize 1)
tape tracking and guidance, 2) effective bias level on the tape during direct-type
recording, 3) playback level, 4) head wear, and 5) drop-outs. The Iso-Elastic Drive
reduces the number of moving parts by approximately 30% as compared with
conventional recorders. The tape drive has the additional desirable characteristic of
operation equally well in either direction.

Introduction    Developing a tape recorder for space missions necessitates a design of
tape transport and associated electronics which can withstand extreme environmental
conditions while offering very high reliability. This problem is complicated by the
demand for faithful reproduction of the recorded data, and by unusually small weight,



volume, and power consumption limitations. Previous approaches to these problems
have employed various techniques of component selection to reduce the envelope and
power consumption to an acceptably small level, while essentially maintaining a design
originally developed for ground station use.

In order to obtain maximum accuracy of reproduction, ground station tape recorders have
used complex reeling systems including several motors, clutches, springs, Servo systems
and frequently pneumatically operated brakes and sensing devices. The complexity of
the design of ground oriented tape recorders creates an inherent reliability problem
because of the many subsystems that must operate concurrently. At ground stations,
reliability is easily obtained by endless redundancy of equipment whose weight, volume
and power consumption are only limited by economic constraints. Thus, it may be seen
that the complexity necessitated by accuracy of reproduction is the antithesis of
reliability.

This paper discusses a new concept in tape recorder design for space and related
applications which uses the Iso-Elastic Drive principal of peripherally driving the tape
packs to obtain high reliability and excellent reproducibility in a simplified reeling
system having small size, low weight and minimal power consumption requirements.

Iso-Elastic Drive    Transferring magnetic tape from one reel to another at essentially
constant velocity and tension is a basic requirement for any high quality instrumentation
type magnetic tape recorder. Essentially constant velocity is the equivalent of very low
flutter which is necessary if distortion (spurious frequency generation) is to be avoided.
The need for constant tape tension, however, is not so apparent. For example, some
flutter frequency components are a function of the tape tension. Tape tracking and
guidance, effective bias level on the tape during direct type recording, playback level,
head wear, drop-outs, etc. are all influenced by tape tension. Difficult problems are
encountered, however, in meeting this requirement. The difficulty stems from the fact
that the diameter of each reel is constantly changing. To achieve constant tape velocity,
the conventional approach is to insert one or two capstans between the reels to provide
metering of the tape. Tape tension controls run the gamut from constant torque braking
and take-up of the reels to very sophisticated Servo systems. The more precise systems
use either reel Servos or a differential capstan drive. In a differential capstan drive tape
tension is generated primarily by the two capstans and reel torques are reduced to as low
a value as practical. Variations in the reel torques are therefore relatively small when
compared to the tension generated by the capstans and do not cause large tape tension
variations.

In an ideal system, the reels would be driven such that the linear velocity and the tension
of the tape between the reels would be constant from the beginning to the end of the reel.
The heads would be the only element in contact with the tape during the transfer of tape



from one reel to another, thus reducing the number of flutter generating elements to a
minimum.

The Iso-Elastic Drive closely approaches the ideal solution. The reels are driven by a
seamless polyester belt riding directly on the outer layer of tape in each reel. The belt is
driven at constant velocity and in such a manner that it generates a constant tension in
the tape connecting the two reels. Thus, the two prime requirements are accomplished in
the Iso-Elastic Drive without the use of a Servo.

The basic configuration of the Iso-Elastic Drive is illustrated in Figure 1. The operating
principle is based on drive belts mechanics which are commonly misunderstood. For
example, the fact that a driven pulley rotates at a speed slightly slower than indicated by
conventional calculations is generally attributed to belt “creep” around the pulley.
Analysis reveals that this is not “creep.” This speed variation is due to the belt running at
different speeds as it travels over different speeds as it travels over different pulleys in
the system. This phenomenon is illustrated in Figure 2. In Figure 2-1 the belt is shown in
a non-stressed condition before mounting. When the belt is mounted as shown in Figure
2-2, an initial tension is developed as a result of stretching the belt over the pulley
system. This stretching reduces the dimensions of the belt cross-section since the length
has been increased. Figure 2-3 shows the pulley system transmitting torque. In a
conventional belt system where the initial tension is sufficient to prevent belt-pulley
slippage, only one of the two belt sections between the two pulleys transmits the torque.
The additional force present in this section of the belt results in further belt elongation,
as illustrated in Figure 2-3. As this elongated section comes off the driver, the load
tension is no longer present. As a result, belt contraction takes place in the no-load side.
It should be noted that for the belt section under load, essentially no elongation takes
place until the belt elements come free of the load pulley, nor does the contraction of the
belt on the no-load side occur until belt elements leave the motor drive pulley. This is
due to the fact that the belt is under sufficient pretension to drive without slip.

Since the belt mass passing a given point anywhere in a belt system per unit time must be
constant for a condition of equilibrium, it follows that the linear speed of the belt on its
load side must be greater than that on its no-load side. Thus, a belt under load can run
without slip while having its load and no-load sides running at different linear speeds. A
properly designed pulley system can have a wide range of loads over which an
equilibrium condition exists without belt slippage. It can be shown that such conditions
are practical, using conservative design stresses. These facts are essential to
understanding the Iso-Elastic Drive.

In a recorder, the pretensioned seamless polyester belt (Reference Figure 1), is
simultaneously driven by both the slow capstan and the fast capstan, the fast capstan
having a surface speed a few tenths of a percent faster than the slow capstan. The belt 





pretension is sufficient to prevent slippage on either drive capstan or either tape pack
under any conditions. In Figure 1, “B” is the take-up tape pack and “A” is the supply
tape pack. The difference in surface speed between the fast and slow capstans tend to
elongate the drive belt in Sections A and D. This elongation occurs because belting is
removed by the fast capstan faster in Sections A and D than it is paid out by the slow
capstan. The stretching reduces the belt cross-section as shown in Figure 2-3. The result
is a higher linear speed (and tension) in this area (sections A and D). By the same token,
the fast capstan is paying out belting into sections B and C faster than it is being
removed by the slow capstan from these sections. The consequent belt contraction shows
up as a slower linear speed (and lower tension) in these sections. The difference in
capstan speeds simulates a loaded pulley system.

Due to the fact that the drive belts are coupled in non-slip, fashion to magnetic tape
packs A and B which are themselves interconnected by the magnetic tape, the tendency
of Section D to run faster and of Section B to run slower is neutralized by tension
developed in the magnetic tape.

The principle of operation described above is dramatically demonstrated by using an
operating system and purposely introducing a slack loop-of tape between the reels. The
slack is removed and the proper tape tension is re-established in a matter of seconds. Due
to its symmetry, the Iso-Elastic Drive also has a very desirable feature for many
applications. Reversal of tape motion and reeling conditions can be accomplished by
merely reversing the directions of rotation of both capstans.

The mathematical analysis of the Iso-Elastic Drive shows that desired operating
parameters can be established with very conservative belt and bearing loads, thus
assuring a long operating life.

Power requirements are extremely low, the major portion being used to overcome
bearing friction and magnetic tape-head friction.

One of the more significant advantages of the Iso-Elastic Drive is the complete absence
of reel brakes, clutches, motors, springs, etc. which constitutes a large percentage of the
moving parts in a conventional recorder. It is usually possible to reduce the number of
rotating parts to about one-third by using the Iso-Elastic Drive. This makes it possible to
achieve a considerably higher degree of reliability which is so important in
instrumentation recorders.

Analysis of the Iso-Elastic Drive     The following is a treatment of the mechanics
involved in a recorder employing the Iso-Elastic Drive. In Part I, the relations between
belt tensions, wrap angle, coefficient of friction, and transmitted power are developed. In
Part II, these relations are combined with tension and velocity conditions to produce the



essential tape speed, tape tension, and power equations. Parts III and IV consider
variations in the system as the tape is transferred from supply to take-up reel. Part V
considers the properties and life of the polyester belts. Part VI discusses the effect of
introducing magnetic heads into the system, and includes an actual example.

Part I, Analysis of Conditions to Prevent Belt Slip (Single Capstan)

Assume that the belt does not slip on the capstan. This requires that the friction forces
between the belt and the capstan be large enough so that they can produce the change of
tension. Consider a differential arc length over the contact region as shown in Figure 4.

If the belt is just at the slip no slip condition and not accelerating, then:

(1)

Therefore, the no slip condition requires

For a steady state solution in which the belt does not either break or pileup on the
capstan, the mass per unit time of belt entering and leaving the capstan must be equal.
Since the mass per unit time is the velocity times the mass per unit length:

(2)
If tensions do not exceed the belt’s elastic limits, using Hooke’s law we get,

(3)





where K = EA

Now Let

Tc = T2 - T1

If T2>T1 , the capstan is driven, if T1 >T2, the capstan is driving (4)

From equations (3) and (4)

(5)

Using (2) in equation (5), and since normally K >>T1,

(6)

To prevent a belt from slipping, a pretension To is applied where

(7)

Combining equations (7) and (1), one obtains, for the minimum pre-tension required in
order to obtain a tension Tc without slipping:

(8)

Part II, Analysis of the Iso-Elastic Drive System

All belts are assumed not to slip and thus have a velocity equal to the pitch velocity of
the take-up reel or capstan. The frictional losses of reels, capstan bearings, and heads
will be neglected. For a steady state solution, the net force and torque must be zero and
thus:

(9a)

(9b)

(9c)

(9d)



Also:

(10a)

(10b)
According to equations (9a) and 9b), the tension in the tape-is:

Tx = T4 - T3 = T1 - T2 (11)

If the tape is inelastic or pretensioned so that it does not stretch:

(13)

Substituting in (12):

(14)

From equations (12) and (14),

(15)

Thus, the tape speed and tension depend only on the capstan velocities and the elastic
properties of the belt, and not on reel radius.

By applying equations (6), (9), (10) and (14), the speeds V1 and V3, (and thus the tape
tension and speed,) can be related to the motor speed and the elastic properties of the
capstan drive belt. In the usual case, when the capstan drive belt does not stretch, then:

(16)



 and by equations (10a) and (10b):

(17a)

(17b)

From equation (13) and equations (17a) and (17b)

(18)

and from equations (14), (17a) and (17b):

(19)

Considering the tension at the capstans, the power to drive the tape is:

(20)
Using equation (11) and assuming T4, . T2

(21)

and from equation (21) and (15), eliminating V3 we get

(22)

Part III, Addition of Tensioning Idlers    A simple Iso-Elastic belt path was shown in
Figure I and analyzed in Parts I and II. To compensate for different amounts of magnetic
tape and to allow replacement of reels of tape, it is desirable to use a tension idler in one
section of the IsoElastic belt path. The tension idler acts to take up drive tape to produce
a fixed tension in the section of the Iso-Elastic drive belt it acts on. The tensions in the
other three sections will take values differing from this fixed value by amounts shown in
the analysis on the preceding pages.



Part IV, Analysis of Dynamic Characteristics    This analysis thus far has neglected
the fact that as the system runs the tape packs change size, causing a repositioning of the
drive belt. Consider Figure 6.

From the diagram it is clear that in the initial state the total length of the drive belt on the
feed (left) side of the capstans is longer than the total length on the take-up (right) side.
In the later state, however, after the tape has been transferred, the situation is reversed,
with more drive belt on the right than on the left.

It will be shown that as the tape is transferred, a small increase in tension is created in
the belt on the right side and a small decrease in tension is created on the left side,
causing these tensions to differ slightly from the values calculated earlier. The process by
which the belt is transferred from the left side to the right can then be explained in terms
of these changes in tension, with no belt slip taking place on the capstans or the tape
packs.

The Length of Belt between capstans is divided into three portions:

(1)

where

(2)

(3)

(4)

then

(5)





but

(6)

(7)

(8)

(9)

substituting equations 2, 3, 7, 8, and 9

(11)

(12)

(13)

This represents the increase in belt travel per unit of tape travel as the tape pack builds
up. Since the capstans run at synchronous speed and the values are so small, this also
represents the decrease in tape speed at this point in the tape pack. The other reel has an
increase in tape speed at its complementary point in the tape pack. The tape speed at the
head is the average of the increase and decrease on the two reels If the differing layouts
on both reels are considered as a negligible difference, the increase can be calculated at
the full and empty reel conditions and the average of the increase at full reel and the
decrease at empty reel will be the maximum variation from the nominal speed which
occurs at the mid-reel condition. In a typical recorder:



Full Reel

Empty Reel

Then the maximum variation in tape speed is:

Part V, Drive Belt Considerations    Since the Iso-Elastic Drive conception is
dependent on the properties of a polyester belt, it is pertinent to review some details on
this item. Mylar is one of the polyester films commonly used for drive belts. Mylar belts
were first developed by NASA to meet a need for more reliable drive systems for
satellite recorders. According to NASA Technical Note B668, Goddard Space Flight
Center “Polyester Film Belts”, no belt failures occurred in the extensive test program or
flight phase usage with Tiros, Vanguard II or Atlas - Score. Seamless Mylar belts are
now used in most high performance space and ground instrumentation recorders. They
are particularly valuable under conditions of shock and vibration because of their high
strength/weight ratio. Mylar belts exhibit the following properties:

Simple belt tensions do not fully define belt performance. Belt life requires consideration
of the complex strain distribution along the belt, including such elements as initial
tension, tension in the tight and slack sides due to driving torques, and bending stress on
the belt as it curves over a pulley. Initial tension is a function of the torque to be
transmitted. It is given by the following equation:



Where

Stress due to the initial tension is given by:

The change in stress due to transmitted torque

The bending stress can be shown as

Where E is the tensile modulus.

Belt life tests have correlated actual belt life with maximum combined stress calculated
in accordance with the above equations. Initial stresses below 5500 lbs. result in a belt
life in excess of 50 million belt cycles. Belt requirements in the Iso-Elastic Design have
been calculated in accordance with this test data, and consequently are very conservative
from the standpoint of both required torque transmission and belt life.

Part VI, Discussion of System Including Magnetic Heads    The introduction of
magnetic heads into the tape path serves to complicate the analysis, and additional
assumptions must be made to solve the system analytically. If we make no assumptions
with regard to belt and tape speeds, the system contains eighteen (18) non-linear
equations with eighteen (18) unknown quantities. This set of equations requires a
computer solution.

If a specific decrease in tension across the heads is assumed, the system can be resolved
to yield tape speed and tension as complicated non-linear functions of the differential,
and the tape and belt properties. Tape speed is sensitive to differential only to the order
of 0.1%.

An example of the tape tension profile is given below, taken from actual measurements
on a 1" tape machine with 0. 35% differential at 30 ips.



Location Tension

Supply reel 20 oz.
Free span, before first of 4 heads 16 oz.
Free span, just before take-up reel 20 oz.

It is important to note that this tape-tension is independent of tape direction or amount of
tape already transferred.
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MAGNETIC MEMORY TECHNIQUES FOR HIGH
ACCELERATIONS1

J. C. McALEXANDER
Bell Telephone Laboratories

Allentown, Pa.

S. C. COOK
Sandia Corporation

Albuquerque, New Mexico

Summary    A system to obtain and record impact data at accelerations of 3000 g’s has
been designed around a 1024 word, 12 bits per word, piggyback twistor memory.
Memory construction and potting techniques were developed to minimize the effect of
large acceleration forces. The memory and system tests prove that the memory can
withstand shock signatures beyond its original design requirements.

Introduction    In March, 1964, Sandia Corporation, Albuquerque, New Mexico, in
conjunction with Bell Telephone Laboratories (BTL), Allentown, Pennsylvania,
undertook to design and build an onboard monitoring and recording system for
application at high accelerations. This system was to be used to monitor the acceleration
of vehicles when it was not possible to hardwire or transmit the data, such as the impact
of certain rockets, bombs, or artillery projectiles. After impact, the system would be
recovered and interrogated.

Sandia requested BTL to design a 1024 word, 12 bits per word, piggyback twistor (PBT)
memory module2. The basic operation of the PBT memory module would be
incorporated into a store with its associated drive circuitry by Sandia. Dynatronics,
Incorporated, Orlando, Florida, would design an analog to digital converter, to Sandia
specifications, for this application. This system was to monitor and record average shock
signatures of 250 g’s for a duration of 200 milliseconds, the peak shock to be 3000 g’s.
The size of the overall system was to be a maximum of 5 inches in diameter and 20
inches long. Of this overall length, the memory module was to occupy no more than 7
inches, the analog to digital converter 5 inches, and the power and drive circuitry 8



inches. At the beginning of the initial proposal, it was hoped that future systems could be
reduced to a maximum of 12 to 14 inches in length. At the time of this writing, an
additional system has been built to the latter dimensions, but no tests have been
conducted on this smaller unit.

Recording System    The basic recording system consists of two piezo-resistive strain
gage accelerometers, appropriate dc amplifiers, a dual channel analog to digital
converter, a PBT store, and associated drive circuitry, as shown in Figure 1. The two
accelerometers with the dc amplifiers drive the dual channel analog to digital converter
which controls the store through appropriate drive circuitry. The drive circuitry is turned
on at the time of impact by the use of a piezoelectric crystal to sense the acceleration.

The analog to digital converter is a parallel output device and both six-bit words are fed
to the drive circuitry as a single word. Since the PBT memory is a parallel or word
organized memory, there is no need for sync words to reference the data. The data stored
in each memory group (word) is the amplitude of the acceleration since memory groups
or words are sequentially adressed, the time data of the shock wave is obtained from the
memory cell location. In this system, the time between sequential groups, which is
adjustable, has been set at 200 microseconds.

Memory Construction    A laminated twistor cable, multiple laminated solenoids, and a
number of ferrite cores form the basis for a PBT memory module, as shown in Figure 2.
To form these parts into a shock resistant unit, the solenoids are bonded to the twistor
cable, and the ferrite cores are positioned by a suitable support and bonded directly to the
twistor solenoid cable subassembly. By folding this assembled cable into a modular
subassembly, as shown in Figure 3, and vacuum molding this unit with a suitable
encapsulant, the module becomes a semirigid, compact unit.

To protect the brittle ferrite cores from large hydrostatic pressures, it was originally
thought that the cores should be isolated from and mounted independent of other
mechanical parts of the module. This compression isolation was accomplished by
molding the cores within oversized holes in a thin phenolic support, as shown in Figure
4. Subsequent shock tests indicated that the ferrite cores could be encapsulated directly
in the potting material, as shown in Figure 5. The access drive windings were wound
directly on the cores prior to the molding operation. The laminated twistor cable is also
shown with the molded core stick.

The first step of assembling a twistor plane is shown in Figure 6. Here the laminated
solenoid cable is bonded directly to the twistor cable using a suitable transfer adhesive.
The next step, as shown in Figure 7, is to bond the other side of the solenoid cable to the
twistor cable. Then the core stick is bonded to this twistor-solenoid subassembly and the
shuttle cores are placed in the appropriate holes in the core stick, as shown in Figures 8



and 9. The last step of the twistor plane construction is the bonding of the permalloy
shields to each side of the plane, as shown in Figure 10. The planes are then folded and
the modular assembly vacuum molded to form a semirigid, compact unit similar to the
one shown in Figure 3. Finally the additional access drive windings and the bias
windings are incorporated into the module. The circuitry to incorporate this module into
a store is placed around the module, as shown in Figure 11.

Shock Isolation    To adequately shock mount (isolate) a memory or a recording system
to withstand forces from large accelerations, considerations as to the encapsulating
material were as follows:

1. The density of the potting material when cured and the resulting internal
hydrostatic pressures.

2. The viscosity of the encapsulant during pouring and the “wetting” qualities of the
poured liquid.

3. The reactions of a long, slender, resilient tube to large impact forces.

Since the components of an encapsulated system are usually more dense than the potting
material, during accelerations the components tend to “fall through” the potting material.
This problem could be minimized by using as dense an encapsulating material as
possible. The hydrostatic pressures could be reduced by using a more rigid material, but
most of these materials effect large hydrostatic pressures as a result of the curing
process. Although these resulting isostatic forces cannot destroy solid objects,
characteristics such as the B-H loop of a ferrite core can be drastically changed. This
problem could be minimized by using a less dense encapsulant such as foam or
microballoons, but this would increase the acceleration between the enclosed
components and the potting material. The obvious solution is to use an extremely dense
encapsulating material which exhibits minimum internal hydrostatic forces during the
curing process.

With reference to item two above, encapsulants should be of such a consistency so as to
readily flow throughout the entire mold during pouring and therefore eliminate voids in
the molded structure. Also, this liquid should have good “wetting” qualities and readily
adhere to all of the components within the molded structure.

After testing several different types of epoxies, epoxy with polysulfide rubber modifiers
and other materials, Adiprene L-100 polyurethane most nearly met the above
requirements. During pouring, Adiprene L-100 is a low-viscosity liquid with good
wetting qualities and cures to a dense resilient material with low internal stresses.

When a resilient cylindrical object is compressed along its axis, the object will tend to
fracture around the circumference of the cylinder from internally induced stresses.



Therefore to alleviate this problem and to complete the recording system, the memory
with its associated circuitry was wired and placed in a 5" diameter metal tube. The tube
was then filled with Adiprene L-100 polyurethane, and cured under vacuum conditions.

Memory Evaluation    In order to “prove in” the proposed modular design, a two-plane
memory was constructed by BTL, electrically programmed, and given to Sandia for their
evaluation. This memory was subjected to impact accelerations in the range of 3000 g1s,
retrieved, and returned to BTL. Inspection showed the module to be in excellent
mechanical condition and electrical tests indicated that the module would retain stored
data under high shock conditions. Having tentatively shown that the proposed module
would withstand large impact forces, the next step was to test the associated equipment
in conjunction with the memory. Therefore, a two-plane memory with drive windings
and access diodes was constructed and sent to Sandia for further tests. This memory was
air gun tested with short duration shock pulses of 20,000 g1s with information recorded
before and read after shock tests. Indications were that the memory would survive
environments in excess of 20,000 g’s. The first complete memory (1024 words) was
tested as part of an operating system to impact levels in excess of 3000 g’s. During these
impact tests, environmental data was sensed and stored in the memory. The information
obtained correlated with values predicted b extrapolation from other means of
monitoring large accelerations.

Conclusions    The design of a PBT memory to record high impact signatures has been
discussed. The desired shock dampening was obtained by suspending piece parts and
subassemblies in a dense polyurethane. Then, by externally containing this resilient
mass, it became relatively incompressible. The two-plane memory tests at 20,000 g’s and
other supporting tests indicate that a PBT memory could be used for more stringent
applications than previously considered.



FIGURE 1. SYSTEM BLOCK  DIAGRAM

FIGURE 2. PIGGYBACK TWISTOR MEMORY SUBASSEMBLY



FIGURE 3. PIGGYBACK TWISTOR MEMORY ASSEMBLY

FIGURE 4. ENCAPCAPSULATED CORES



FIGURE 5. CORE STICK MOLDED OF ADIPRENE L-100
AND THE LAMINATED TWISTOR CABLE

FIGURE 6. THE MULTIPLE LAMINATED SOLENOID BONDED
 TO THE LAMINATED TWISTOR CABLE ON ONE SIDE



FIGURE 7. THE MULTIPLE LAMINATED SOLENOID BONDED
TO THE LAMINATED TWISTOR CABLE ON BOTH SIDES

FIGURE 8. THE CORE STICK BONDED IN PLACE AND THE
SHUTTLE CORES INSTALLED IN THE PROPER HOLES



FIGURE 9. PLANE CONSTRUCTION COMPLETED BY WELDING
THE SOLENOIDS TO A GROUND STRIP

FIGURE 10. THE COMPLETED PLANE WITH THE PERMALLOY
SHIELDS INSTALLED



Figure 11. The Completed Memory Module with Store Circuitry







PCM TRANSMISSION WITH MINIMUM MEAN-SQUARE ERROR

G. C. CLARK and R. E. TOTTY
Advanced Communications Department
Radiation Incorporated
Melbourne, Florida

Summary     One source of error in PCM transmission of analog waveform is the bit
errors made in the binary sequences representing a particular level. Using a mean-square
error criterion, the contribution of this (channel) error to the overall reconstruction error
is examined. In particular, general simplified error expressions are derived for arbitrary
sequence assignments including error correcting coding. Results are given for the power
gain resulting from use of several error correcting codes. The criterion used here is
mean- square error (rather than word probability of error) and the coded sequence is
constrained to occupy the same time interval as the uncoiled sequence.

Transmission Without Error-Correction Coding    Various aspects of the problem of
transmitting analog data via PCM have been treated recently by several authors [1], [2],
[3], [4], [5], [6]. If time samples of the analog signal are to be transmitted, the two
sources of error are the quantization error and the error caused by the incorrect detection
of the binary digits (referred to here as channel error). It may be shown [6] that when the
mean-square error criterion is used the total error is given by the sum of the quantization
error and the channel error provided that the quantization is done optimally (minimizes
the mean-square error between the unquantized and quantized data sample). Under these
conditions the channel error may be examined separately to determine its contribution to
the total error.

The procedure for optimum quantization is as follows. Consider a data sample x with an
arbitrary continuous probability density function. Divide the range of x into K adjacent
intervals, I1, . . . IK with some value in the ith interval (say xi) to be used as the
transmitted value whenever x takes any value in the ith interval. Then the quantization is
done optionally whenever the xi are taken as the conditional means on the ith intervals,
and the end points of the intervals are located halfway between two xi [1]. In particular,
when the probability density function is uniform the procedure results in K equally
probable, equally spaced data points. If K=2N, each xi may be associated with an N-bit
binary sequence Bi

N This sequence is transmitted, received, and decoded as some xi. if x
^

denotes the quantized version of x and x* denotes the received data points, the channel
error is given by



(1)

If x is uniform over (0, 1) and if the sequence assignment is made according to the
natural binary ordering (i.e. the smallest data point is associated with 00 ... 0, the next
smallest with 00 , . . 01, etc. ) equation (1) has the form [4], [5],

(2)

where the subscripts Nu indicate that the distribution is uniform and each data point is
represented by N binary digits; p is the bit error probability and each bit error is assumed
to occur independently of any other.

Other sequence assignments will in general result in error expressions different from (2).
It has been conjectured [3] and proven [7] that for the uniform case, sequence
assignments according to the natural binary ordering results in a minimum mean-square
error.

Suppose that the data points are required to be equally spaced (a common practical
procedure). This results, in general, in the data points not being equally probable. It
might then be possible to arrange the sequence assignments to take into account the non-
uniform distribution. Rather than attempting to seek the best assignment for a particular
distribution, we have obtained upper and lower bounds on the mean square channel error
incurred by uniformally quantizing non-uniform data and making the sequence
assignments according to the natural binary ordering. It is shown in the sequel that the
maximum value of the channel error is taken on when the first data point occurs with
probability one. If ,K

2 denotes the channel error for an arbitrary distribution, it follows
after some algebra that

(3) 

where it can be demonst2 ated that this lower bound is obtained whenever the (2N-1)th
data point occurs with probability one. Numerical results for K=2, .. ., 8 are given below.



Note that the width of the bound (from equation (3)) is no bigger than p2 , or since ,Ku
2 is

proportional to p, the percentage deviation is no bigger than 300 p. It is seen that the
error ,K

2 is very tightly “trapped” around ,Ku
2 for even moderately small values of p.

That is, the mean square error obtained by uniformly quantizing data samples with
arbitrary distributions is insignificantly different from the error which would have been
obtained had the distribution been uniform. Hence the contribution to the mean square
error due to bit error is approximately 1/3 p when the data is uniformly quantized
regardless of the probability distribution. Unfortunately one is no longer assured that
these errors are strictly additive.

In the next section, we derive some simplified expressions for ,2 for arbitrary
assignments where group coding may be used to reduce the effect of bit errors. Finally,
the power gain obtained by using group coding is examined where the coded sequence
must occupy the some time interval. The comparison is made on an equal mean square
error basis.

Transmission With Error Correction Coding    A set of N=2k equally spaced data
points, corresponding to the numbers 0 through N-1, is to be transmitted over a noisy
channel. The scheme to be used is shown in Figure 1 and may be described briefly as
follows. Each of the N data points is first represented by an ordinary k digit binary
number. The assignment is made in the usual fashion with 00 ---- 000 corresponding to
0, 00 ---- 001 corresponding to 1, 00 ---- 010 corresponding to 2, etc. A typical binary
number is prepared for transmission by first passing it through a device which generates
a new k digit binary number by making each digit in the new number a linear
combination of the digits in the old number. This operation has the effect of rearranging
the order of the data points. The re-ordered binary number is next encoded using a
systematic (n, k) group code. The code word is then transmitted over a noisy channel;
detected one digit at a time, decoded using a maximum likelihood decoding table, and



finally retransformed so that the original ordering of the data is obtained. Due to both the
noisy channel and the inability of the decoder to correct all mistakes, some of the
received data points will be in error.

Since the data points are ordered, a meaningful measure of this error is the mean-
squared error criterion. In the following sections an expression will be derived for the
mean-squared error which occur-s for an arbitrary probability distribution of data, a least
upper bound will be obtained for the mean-squared error which occurs when the
probability distribution of data assumes the worst possible form, and a simplified
computational algorithm will be presented for obtaining the mean squared error when the
data is uniformly distributed.

Description of the Data Channel    Let the original binary numbers representing the
input data be denoted Xo, X1, . . ., XN-1 where Xo corresponds to 000---00, X1 corresponds
to 000-01, etc. The binary numbers at the output of the linear device are denoted Yo,
Y1, . . . YN-1 where Yj is related to Xj through the matrix equation

 Yj = MXj (4)

In (4), M is a N by N square matrix consisting only of “zeros” and “ones”, multiplication
is carried out as usual, and all additions are modulo-two.

The elements of the (n, k) group code are denoted Ao , A1 , ---  AN-1 where Ao

corresponds to Yo , A1 corresponds Y1 , etc. At the receiver decoding is accomplished by
means of a standard array of the form

 
(5) 

where r denotes digit-by-digit modulo-two addition, and the Sj represents the correctable
error patterns. A received word is decoded by first locating it in the above table and then
decoding it as the code word which heads the column in which it is located.

Finally the binary numbers appearing at the output of the decoder are denoted Wo, W1, --- 
WN-1, and the binary numbers appearing at the output of the inverse-linear-device are
denoted Zo, Z1, - - -,  ZN-1. The relationship between the Z’s and the W’s is given by



(6)

The mean-squared error in question is given by

(7)

where P(Xj, Zi) is the joint probability of Xj and Zj . P (Xj, Zi ) may be expanded as

(8)

where P(Xj) is the a priori probability of occurrence of the Jth data point and P(Zi *Xi) is
the conditional probability of Zi given Xj. Since the two linear devices and the encoder
are completely deterministic, P(Zi *Xj) becomes

(9)

and (7) may be rewritten

(10)

The conditional probability P(Wi *Aj) in (10) is determined entirely by the (n, k) group
code and the decoding table.

If we let h [A] be the Hamming weight of the binary number A (i.e. the number of “ones”
in A), the transitional probability P(Wi *Aj ) may be rewritten with the aid of (5) as

where p is the bit error probability on the channel.



 The exponent in (11) may be rewritten

(12a)

(12b)
(12b) follows as a result of the closure property of group codes. The subscript, m, may be
determined as follows. Ai, Aj and Am are the code words representing Yi, Yj, and Ym , and
consequently can be obtained as some linear transformation of Yi, Yj and Ym . The Y’s
are in turn related to the X’s by a second linear transformation. Consequently the A’s are
a linear transformation of the X’s and may be written

                                                    (13)

Thus

Since the X’s are ordinary binary number s, the subscript m corresponds to the binary
number which is the modulo-two sum of i and j. That is

(14)
Using (12a, b) we may rewrite (11) as

(15)

where m is given by (14).

Derivation of Least Upper Bound     Now suppose that the nth data point occurs with
probability one. Denoting the mean-squared error associated with this distribution as ,n

2 ,
and making use of (10) we obtain

(16)



Making use of (15), and letting (Xn-Zi) = t, (16) becomes

(17)

where h, by virtue of (14) is given by

(18)

Since h takes on all integer values from 0 to N-1 we could just as well have used h as a
summation index in (17). In this case (17) may be written

(19)

In the special case when n=0 it follows directly from (16) that ,o
2 may be written

(20)

Thus

(21)

Referring to Appendix A we see that h and t must always satisfy the relationship

h $ t. (22)
Since P(Wh *Ao) must always be greater than zero, it follows that

(23)

Equation (23) states that the mean- square error which is obtained when the data point, 0,
occurs with probability one is greater than or equal to the mean square error which is
obtained when any other data point occurs with probability one. For the most general
distribution of input data the mean square error is of the form



(24)

where

Since ,o $ ,n

(25)

and

(26)

Consequently the mean squared error is a maximum, when the data point 0 occurs with
probability one. This permits one to find an upper bound on the mean-squared error for
any linear coding scheme.

Mean Squared Error for Uniformly Distributed Data    An expression will now be
derived for the case of uniformly distributed data. For this case (10) becomes

(27)

Making use of (15) and rearranging the order of the summation

(28)

where Xj = Zi q Zm .



Further making use of the theorem of Appendix B we have

(29)

Where Zmp is the pth binary digit of the binary number Zm.

Some Specific Results Using Single Error Correcting Hamming Codes    In this
section we present some specific results using the (7, 4), (9, 5), (10, 6), (11, 7) and
(12, 8) single-error-correcting Hamming Codes. The performance of these codes is
measured by first computing the mean-square error as a function of the bit error
probability, p, which, under the assumption of gaussian noise, may be simply related to
the signal-to-noise ratio on the channel. Now, if one further requires the coded sequence
to be transmitted in exactly the same length of time as the uncoded sequence the
difference in transmitter power required to achieve the same mean square error is easily
calculated. The results of this calculation are shown in Figures (2) and (3). In Figure (2)
the power gain (or loss) available through the use of coding when the mean square error
criterion is used is shown as a function of the bit error probability p (on the uncoded
channel) for the (9, 5), (10, 6), (11, 7), and (12, 8) codes. In Figure (3) the power gain
available using the (7, 4) code is shown when mean square error is used as a criterion of
goodness and also when word error probability is used as a criterion of goodness. It is
interesting to observe that the performance achievable on the basis of work error
probability is somewhat better than that achievable on the basis of mean-square error. In
particular the crossover points where coding causes a power loss occur in such a fashion
that for some values of p one criterion shows a small gain in power whereas the other
shows a small loss.

The curves shown in Figures (2) and (3) were computed with the aid of the 7090 digital
computer. The procedure was quite straightforward and only a few points are worthy of
mention. First of all the k digit binary representation of the data point was not re-ordered
(as described earlier) prior to the encoding operation. Consequently, the first k digits in
every code word were identical to the binary representation of the data point while the
last n-k digits constituted the necessary parity digits. Some work has been done on re-
ordering the data points so as to further reduce the mean-square error but so far no
significant results have been achieved. The second point worth mentioning involves the
construction of the maximum likelihood decoding table. Except for the (7, 4) code which
is perfect, some choice must be made as to which double error patterns to correct. It was
arbitrarily decided to make these correctable error patterns cyclic shifts of 000 ... 101. A
different choice may well have yielded somewhat different results.



APPENDIX A

Theorem:  Let N, T and S be ordinary binary numbers such that

N q (N + T) = S

where q denotes modulo two addition and+ denotes ordinary addition, then

S $ T

for any N and any T.

Proof:  The ordinary sum N + T can be expressed under modulo two assition as

N + T = N r T r C

where C is the binary number which supplies the carry. Thus we may write

N r (N + T) = T r C = S.

Now, the left-hand most “1” in C must occur in a position where both N and T are
simultaneously zero since a “1” carried to a position where one or more “ones” already
exist always causes a “one” to be carried one position to the left. Thus C always
increases the value of T since the left hand most modulo two sum always changes a
“zero” to a “one”. This proves the inequality. In the special case where C contains only
“zeros” the equality is satisfied.

APPENDIX B

Theorem:  Let ai denote the n digit binary number i, let aik denote the kth digit of the
binary number i, and let the symbol r stand for digit-by-digit modulo two addition.
Then, if aj takes on the appropriate set of values such that

ai r aj = am (1)

for a given m and all values of i,

(2)



Proof:  ai, aj may be expanded in powers of 2 as follows

(3)

(4)

Thus

(5)

Carrying out the square operation and introducing the dummy index we have

We next carry out t e summation over i. it is easi y seen rom an examination of a list of
all binary number s f rom 0 to 2n -1 that the kth and tth digits assume the value 1
simultaneously exactly one fourth of the time except when k=t. Thus

(7a)

and

(7b)



or

(7c)

where *kt is the Kronecker delta.

Also, since j assumes all possible values in the course of summing over i, an identical
expression holds for the summation of ajkajt .

Now consider the summation over i of aikaht. By virtue of (2)

(8)

For given values of m and t, amt can take on the value one or the value zero. Consider
first the case when amt  assumes the value zero. Then (8) is identical to (7a, b). For the
case in which amt is one, the tth digit of ai is complimented and

(9)

Combining the above results into a single expression (8) becomes

(10)

An identical expression is obviously valid for the summation over aikait .



Now, using (7c) and (10) plus the identical expressions for
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Figure 1. Schematic Representation of Data Channel.



Figure 2. Power gain available versus the bit error probability, p, on the uncoded
channel for the (9, 5), (10, 6), (11, 7) and (12, 8) single-error-correcting
Hamming Codes when mean-square error is used as a criterion of goodness.

Figure 3. Power gain available versus the bit error probability, p, on the uncoded
channel for the (7, 4) single-error-correcting Hamming Code when mean-
square error is used as a criterion of goodness and when word error
probability is used as a criterion of goodness.
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ABSTRACT

In this paper, the author reconsiders some of his previously reported assumptions on an
analysis of mean time to establish PCM synchronization, and he provides further insight
into the effect of specific synchronization patterns and parameters of the synchronization
process. An improvements in one assumption shows how the analysis can provide
slightly more accurate results. Specific recommendations are made for standardization of
PCM sync patterns.

INTRODUCTION

This material is an extension of work reported by the author in a previous paper entitled
“Mean Time to Establish PCM Synchronization, “ (Reference 1) and presented in the
Record of the 1962 National Symposium on Space Electronics & Telemetry, Miami
Beach, Florida, October 1962.

This paper will discuss some of the assumptions made in the previous analysis of pattern
synchronization in terms of the mean time to establish synchronization and the percent
data lost due to loss in synchronization, and show that the analysis as previously reported
is worst case. In addition some improvements in the analysis are justified which make
the analysis more accurate and/or point up the significance of specific choice of sync
patterns and their effect on sync performance.

Review of Previous Work    In References 3, 2, and 1, in that order, the author has
analyzed various aspects of PCM pattern synchronization. Specifically Reference 1
presents the mathematical tools to evaluate PCM synchronization in terms of the mean
time to establish sync and the percentage data lost due to a loss in sync. It was shown
that the analysis can be applied to more complex sync system instrumentation, however,
it was shown that rapid and highly reliable pattern sync is possible with a relatively
simple instrumentation technique.



The simple sync technique involves reviewing the incoming serial PCM bit stream as it
passes through a shift register, looking at each set on N consecutive bits with a majority
gate until a set of N bits containing e or less errors is found. This process is called the
scan mode and when the scanner finds an acceptable set of N bits, it is assumed to be
true sync. Counters are reset and the maintenance mode is initiated which ignores output
of the scanner except to see that the pattern continues to reappear each proper interval in
the data. In the maintenance mode the number of errors tolerated will in general be
changed to a greater number (e'). The first time the maintenance mode does not find an
acceptable pattern the system switches back to scan mode with e errors tolerated.

Equations are developed which provide the mean time to a scan decision, probability of a
scan decision being correct or in error, but most important equations are developed
which provide the mean time to true sync and the percentage data lost due to loss in
synchronization in the presence of noise.

The equations are then used to evaluate and plot the expected performance of such
instrumentation on various planned or in use PCM links.

The following is a list of symbols, their definitions, and the equations developed in
Reference 1.

Pc = Probability of detecting a true sync pattern in the presence of noise when in the
scan mode tolerating e errors.

Pc' = same but for the maintenance mode tolerating el errors.
Pi = Probability of occurance of an apparent sync pattern among random data when

in the scan mode tolerating e errors.
Pi' = same but for the maintenance mode tolerating e' errors.
b = number of bits between consecutive sync patterns minus 1, referred to as a

group or frame.
Pt = Probability of a false sync while scanning through one group of data.
T = Probability that a decision of the scan mode is true.
W = Probability that a decision of the scan mode is false.
M = mean number of groups or frames to a scan decision.
J = mean number of groups before maintenance mode can reject a false decision of

the scanner.
K = mean number of true patterns which can pass before the maintenance mode

rejects true sync because of noise errors.
L = mean time to reacquire true pattern synchronization.



Some of the assumptions made in the analysis reported in Reference I were discussed,
but. their significance in some instances may need more clarification and/or evaluation.
In addition, some suggestions will be made for further improving the analysis to make
the evaluation more accurate. It should also be noted that where improvements are made
in the analysis, the analysis as previously presented assumed worse conditions and
therefore the original analysis was more on the safe side.

REVIEW and ANALYSIS of SOME PREVIOUS ASSUMPTIONS

Bit Synchronization    This was mentioned in Reference 1, but the reader should be
reminded that the analysis presented deals with pattern synchronization, which before it
can operate must have a clean regenerated signal and clock. This means that a decision
has been made on each received bit of information, and if noise is present that decision
may well be in error. The performance of pattern sync is analyzed in terms of the bit
error probability which is the average rate of bits which are detected in error, and it is
assumed that the error rate is statistically random.



Random Data    The assumption of data bits being random means that any time a data
bit is received it has equal probability of being a “1” or a “0”. In other words, whether
that bit comes up a “1” or a “0” bears absolutely no relation to the polarity of any other
bit no matter if the other bit referred to is adjacent, one sample away, one frame away
etc. In general, if data channels are not relatively static and/or sync samples are taken
which overlap multiple channels, the assumption will be very good.

However, some of the dangers of this assumption become apparent. If a number of
consecutive samples contain information predominantly below half scale, the most
significant bits will be predominantly “0”. Even worse, if one channel or a few
consecutive channels are reading static data, their transmitted code will remain fixed
from one frame to the next.

If word synchronization is being analyzed, the problem of predominantly below half
scale channels (or above half scale) becomes significant. If the sync cycle is from frame
to frame, then the static channels are a problem. It would be a near impossible task to
take these dependent probabilities into account even if the characteristic variations of
each channel could be predicted in some specific operational test, and obviously
impossible to include them in a general analysis.

Instead of attempting to take dependent probabilities into account, the designer of the
transmission system can use some means to make their effect negligible. For example,
primary frame synchronization patterns will usually be long enough to overlap two or
three data samples. By intermixing expected static data channels with expected rapidly
varying channels, at least a significant part of any erroneously detected pattern may be
expected to change within a few frames or less. A much more certain way to handle this
is to use alternating patterns such as a pattern and its complement or better yet, two
patterns each with good autocorrelation properties and mutually with good cross-
correlation properties. Reference 2 is a technical paper dealing solely with the problem
of choice of synchronization pattern.

Using alternating patterns, if false sync occurs and the sync system requires that the next
pattern must change to its complement or to some new pattern with a large number of
bits different, the probability of these data channels changing to the same new code
requirements is about as random as you can get. Actually if the data is near static, the
probability of it changing to the second sync pattern is smaller than the Pi calculated as a
statistically independent probability and, in fact, the assumption of random data becomes
a safe-side assumption.

Synchronization Patterns    The assumption made in the analysis is that each and every
group of N data bits sampled by the pattern recognizer while scanning for the true sync
pattern, other than the one true complete set of sync bits, have a probability of exactly Pi



of providing a false sync indication. This is decidedly not true of those groups of N bits
which contain part of the sync pattern and part data bits. Consider as an example a 30-bit
sync pattern spaced at 300 bit intervals. While approaching the true pattern in a scan
mode, each set of 30 bits is sampled, one new bit enters the shift register as all bits
advance and another sample is then taken. As the true pattern is approached there are 29,
or in general, (N- 1) groups of bits which contain part of the sync pattern and part data
bits (hereafter called overlap groups).

Each time the scanner samples all patterns from one true pattern to the next it passes over
(N-1) “overlap” groups while leaving the vicinity of one pattern and (N- 1) more overlap
groups while approaching the next pattern. Therefore, if 30-bit patterns are spaced at 300
bit intervals, there are 299 non- sync patterns to be sampled, of which 2x(30-1) = 58 are
not made up solely of statistically random data bits and 241 are “random” data.

Specific probabilities of false pattern occurrence in each overlap group can be calculated
for each specific sync pattern and these probabilites can range from near 1 to well below
Pi depending on the chosen pattern.

Reference 2 is one technical paper dealing solely with this problem. In fact, more has
been written about patterns than about any other aspect of pattern synchronization.
References 2, 6, 7, 8, and 9 and yet other papers referenced therein represent many
papers which are wholly or predominantly devoted to the study of synchronization
patterns. Nearly all recognize the probelm of overlap false detection of sync and suggest
techniques for determining good sync codes. Our major concern here is how does the
selection of a specific sync pattern affect the assumption that each overlap group has a
probability of false occurrence equal to Pi. Referring to Reference 2, it has been shown
that for all pattern lengths, a large number of patterns exist which have the property that,
at a 10% bit error rate on the incoming signal, the probability-of-occurrence of the
pattern in each overlap group is less than Pi (where Pi is the probability-of-occurrence of
the pattern in one set of statistically random data). Actually, patterns have been found for
which the sum of the probabilities-of-occurrence in all (N-1) overlap groups do not add
up to one times Pi. If such good patterns are used, then the equation for Pt in Reference 1
will give a higher than actual probability of false synchronization. Thus, the assumption
of all groups including the overlap groups having a probability of false sync indication
equal to Pi will be on the safe or worst case side.

It is possible to evaluate just how safe this assumption actually is. Refer to equation 1, on
page 4. This says that the probability of not getting a false sync (1-Pt) while scanning
through b wrong patterns each of which has a probability of false sync equal to Pi is the
quantity (1-Pi)b.



This is a simplification of the more general equation (1-Pt)=(1-P1)a (1-P2)b (1- P3)c ---
(1-Pn)m which says that if in (a) positions the probability of false sync is P1, and in (b)
positions the probability of false sync is P2, and in (c) positions the probability is P3, etc.
, the probability of getting past all without a false sync indication is the above product.
Now consider Table 1, of Reference 1. Take the value of Pi for e=5. Pi = .001625. Now
let’s assume the existence of some hypothetical 30-bit sync pattern such that the
probability-of-occurrence of the pattern in all overlap groups vanishes to nothing. In
other words, the probability of a false sync while scanning through any groups of data
which contains part sync bits and part data bits is 0. Note the discussion in Reference Z
which indicates that in the complete absence of noise, some patterns can have the
probability-of-occurrence of false sync in all overlap groups equal to 0. Other patterns
may not have this property.

Now the number of wrong patterns which must be scanned which contain only “random”
data bits is 299-2(30-l)=24l.

This is only 1% greater than (1 -Pt) if b = 299 and says that such a condition will only
reduce the mean time the system spends in the scan mode by 1%.

Now consider another hypothetical 30-bit pattern such that in each and every one of the
29 degrees of overlap the probability-of-occurrence of false sync is double that of the
probability-of-occurrence of the pattern in random data.

This is only a 0.8 percent decrease in the probability of getting completely through a
group of non-sync patterns and will only increase the mean time spent in the scan mode
of operation by 0.8 percent. Note again that this second calculation is for a pattern such
that the probability of false sync in every overlap group is double that of random data.
Nearly every pattern suggested by anyone who is familiar with the problem will be better
than this.

Look at it another way. To get a 10% increase in the mean time to acquire sync, (1-Pt)
would need to go down to .85732. Calculating backword,

and n equals 12. Thus, each and every overlap group would need a probability of false
sync 12 times greater than the probability of false sync in one group of random data to
cause a mere 10% increase in the time to acquire sync.



This analysis then points up the relative insignificance of a specific pattern in its effect
upon the mean time to establish pattern synchronization. This discussion should not be
interpreted to mean that any pattern is acceptable. As is discussed in Reference 2, most
patterns of any specific length will not be good sync patterns since they will have
individual probabilities of occurrence of false sync in one or more overlap positions
which will be well in excess of 12 times Pi.

Although the effect on mean time to acquire sync may be only a few percent on the
average, when the system does lock onto this false sync in an overlap group, it will be
more difficult to reject than a set of all data bits. This is due to the fact that those bits in
the overlap group which are sync bits never change as transmitted. Thus, changes in the
data bits must be relied upon to cause rejection of this false sync, and in an overlap
group the number of data bits is smaller than N. The analysis of time to acquire assumes
that all N bits of a falsely detected sync pattern have a random probability of reoccurring
within the requirements of the sync pattern.

The analysis does show that a small difference between two good patterns will have
negligible effect on the mean time to establish sync. Thus any relatively good pseudo
random or minimum probability pattern will cause actual values of (1-Pt) to be greater
than the analysis assumes, causing a resulting calculated average time in the scan mode
(M/T) to be at most, a fraction of a percent on the high or safe side.

What are Good Synchronization Patterns    Reference 2, 6, 7, 8 and 9 all describe
good sync patterns. The author presented the best patterns selected by a minimum
probability of false sync criteria. Others use different criteria but which also produce
good patterns that differ little in actual performance and as shown above would have
negligible effect on the mean time to establish synchronization.

It is interesting to observe that the “Best Synchronization Patterns” found by Maury and
Styles and reported in Reference 6 are among the 3 best patterns reported by the author
in Reference 2 for pattern lengths of 7 to 14 bits length. The criteria for selection was
basically the same, however the author did not have the benefit of a computer to extend
the work to much longer patterns. The properties of good patterns of all code lengths
discussed by the author are characteristics of the Maury and Styles patterns.

Maury and Styles only extended the analysis to patterns of 30 bits length. Their patterns
are listed as the patterns up to length 30 in Table I. The actual patterns are listed in the
Octal notation defined by the author in Reference 2. Thus, the pattern defined as the 11
bit pattern 355 is the pattern.

00 01l 101 101



The octal characters are converted to binary groups of three bits and then zeros are added
on the left until the specified pattern length is obtained. Maury and Styles report these
patterns in the reverse order (end for end) but as pointed out by the author in
Reference 2, a pattern, its complement, or the pattern reversed end for end or the
complement of the reversed pattern all have identical sync pattern properties.

Table I also lists the summed relative probabilities of occurrence of the pattern in all
degrees of overlap Rt defined in Reference 2. As predicted, better or best patterns have
values of Rt which asymptomatically approach .25 as the length of pattern is increased.

It is easily shown that if Rt is less than one then the actual probability of occurrence of
false sync in all degrees of overlap does not accumulate to be equal to the probability of
occurrence of the pattern in just I sample of random data Pi. Specifically, the 7 bit
pattern 15 has an accumulate probability of occurrence of a false pattern of .0060 while
scanning through all six positions of overlap at a 10% bit error rate. The probability of
occurrence of the pattern in just 1 group of random data bits is .0078. If such good
patterns are used for sync patterns then in the analysis for mean time to establish sync,
the number of patterns to be scanned in searching for sync (the quantity b in the analysis)
can be reduced to b-2(N- 1) where N is the pattern length. This allows an assumption
that the entire set of all overlap positions on one side of a true sync pattern has no greater
probability of false sync than one sample of random data. As pointed out above however,
this should change the results only about 1% or less in typical systems.

The author in Reference 2 reported that adding a few bits to either end of a good sync
pattern, provided the polarity of the added bit is the same as the polarity of the last bit
before adding, will produce a very good pattern one or two bits longer. Note in Table I
that a 31, 32, and 33 bit pattern is presented which have the same octal notation as
Maury and Styles’ 30 bit pattern. These were obtained simply by adding 0’s to the left
end of the pattern ( the end which already has a series of consecutive 0 bits). The patterns
of length 31, 32 and 33 bits thus generated have Rt’s which are lower than any
previously found by the author. It is obvious that still better exist since the trend in Rt as
pattern length increases is up and in general it should approach .25000 as a limit.
However as evaluated above a little better pattern will have negligible effect on the mean
time to establish synchronization.

The second 33 bit pattern listed in Table I was formed by adding a 1 bit to the right end
of the listed 32 bit pattern. It is just slightly better than the first 33 bit pattern listed.

Mean Time to a Wrong Decision By Scanner    In the scan mode analysis of
Reference 1, the probability of detection of a false sync pattern is translated from the
probability of detection on each look (Pi) to the probability of false detection in each
group (Pt). In so doing, something is lost. The subsequent analysis referes to



probabilities in terms of groups, and assumes a false decision of the scanner still requires
at least 1 full group or frame. However, if Pi is very near 1, the scan mode will accept
almost any random pattern as possibly being true sync.

Assume true sync has just been slipped. Only a few patterns (bits in this instance) go by
in the scan mode before the scanner accepts a pattern as possibly being sync. Switching
to the Maintenance mode shuts out all data for at least one frame length. When the
maintenance mode again decides the scan decision was not right, it switches back to scan
which, if Pi is very high, goes only a few more bits before picking out another possible
sync position. Thus, the system in each scan operation only inches through a frame
switching to Maintenance mode and leaps over frames and true sync patterns then back
to inching in the scan mode. Thus where Pi is large, the system will switch many times
back and forth between scan and maintenance modes with each scan lasting much less
than one frame or group of data defined by consecutive sync patterns. Thus, when Pi is
larger the average time to a false decision will be shorter than one group because the
probability of a false decision is large. For example in Table I, Reference 1 for e = 9,
note that T = .0016. Therefore, W = .9984. This says that there is a 99.84% chance that a
wrong decision will be made in each scan of one group of data. It should be obvious
from this that the average time to a scan decision will be much shorter than one group.

The mean time to a dicision expression is not realistic as presented in Reference 1.
Therefore, reconsider a new expression for M based on the bit-by-bit samples made by
the scanning circuit.

Figure 1 is a representation of the situation. Assuming true sync has just been slipped,
the scanner begins just one bit after a true pattern is past. Pi is the probability that the
first sample comes up wrong, and (1-Pi) that the scanner makes no decision on the first
sample and thus gets to look again at a second sample. Pi(1-Pi) is thus the probability of
false detection on the second sample, etc. After passing one group of data (1-Pi)b=1-Pt,
as defined in Reference 1, is the probability of reaching the next true sync without a false
decision, and Pc(1-Pt) is the probability of a true decision on the next true pattern, etc.

The total probability of a true decision is the same sum of terms as calculated in
Reference 1 and T is unchanged.

Now, let’s see if the total probability of a false decision comes out right. It must be 1-T if
Pi and Pc are each between 0 and 1. Using the probability expressions in Figure I, where
(1-Pi)b=(1-Pt)



Note the common geometric progression of b terms in each line above. The common
progression reduces to 1-(1-Pi)b =Pt as defined in Reference 1.

Where

This checks out as I-T and is unchanged from Reference 1.

The major change in the following analysis is that the average time to a decision by the
scanner will be calculated in terms of average number of samples rather than assuming
one full group must go by before a decision is made. The average number of bits, or scan
samples, to a decision by the scanner will be the sum of the products of the probability of
a decision, right or wrong, on any bit position times the number of bits to arrive at that
position, divided by I (the probability that a decision will eventually be made). Since it is
average number of bit rather than groups lets call it Mb such that Mb divided by (b+1)
will be equivalent to the average groups to a decision.



Figure 1   Decision Probability Chart

Now consider the infinite set of lines containing Pc. The complete set of even lines
above form the sum of terms:

Using the rules of reduction of infinite geometric progressions, this reduces to:

Now, breaking up the third and fifth lines above, as will be representative of the infinite
number of additional odd number lines, into two lines each:



The even numbered lines in this expression for Mb all contain a common geometric
progression containing just b terms. This can be reduced to

Using the symbols of Reference 1:

Now after factoring out the b+1, 2b+2, etc. , the odd numbered lines above starting with
3 have a common geometric progression of b terms which reduces to

Now, considering that there are an infinite number of lines in the above expression for
Mb, it looks like this:

The remaining two infinite geometric progressions reduce to:

Thus

Since this was calculated in bits not groups, let’s divide by (b+1) to put it inequivalent
average groups. Also, factor out the common term in the denominator. We can again
refer to the average number of groups to a decision as M groups after dividing by (b+1).

The first term in the brackets is equal to T. The last term reduces to W-Pt. Since W+T=1,
it causes some simplification. Further combining and canceling produces:



Here we see that the value for mean time to a scan decision M as derived in Reference 1
exists outside the brackets with a new modifying factor inside the brackets. It can easily
be shown that as Pi approaches 0 the new factor approaches 1. The big question is when
does this factor become significant? As an example, this factor was evaluated for values
of e = 0 to 9 for Table I, Reference 1. Using this factor, it was found that the error
produced in M/T was less than 1% for e = 4 or less, 2.5% for e = 5, 10% for e = 6, and
over 80% for e = 9.

As Pi increases the modifying factor decreases below 1. Obviously the higher the
probability of a wrong decision on random data, the quicker that wrong decision can be
made. The M/T does not rise quite as rapidly as implied in Reference 1 as a function of
errors tolerated in the scan mode. Using this more accurate expression for the mean time
to a decision, M, may shift the minimum M/T for a given pattern length in the direction
of one or two more errors tolerance, or in general, a little more error tolerance in the scan
mode, to produce the minimum time to establish synchronization at a given error rate. At
least in the more typical systems of synchronization pattern lengths and spacings
analyzed to data, this additional factor had a small percentage effect.

Acquire Vs. Reacquire    Note that in the analysis in Reference 1 it is assumed that true
sync existed in the past and the equations determine mean time to reach new true sync. If
there was a sudden increase in signal strength, then there is no telling how far away the
first sync pattern is. On the average, the first pattern will be one-half group away and
thus, on the average, initial acquisition will be about one-half group less than the mean
time to reacquire as calculated here. Another way of looking at it is to simply realize that
this figure is on the safe side and assume that each time signal strength comes up to a
usable point, a sync pattern has just past and a scan through one complete group of data
is necessary to reach the first true sync position. Thus, the mean time to reacquire true
sync is what the equations actually produce, and on the average, the mean time to initial
acquisition at any fixed noise error rate is one-half group less.

Mean Time to Reacquire in the Absence of Noise     Note that the probabilities Pc
were taken for an assumed bit error rate of 0.1. Thus, the results apply to an extremely
noisy condition of barely usable data as defined in References 3, 4 and5. Note also that a
separate column in Table I, Reference 1 is presented for bit error probability of 0.01 or
1%. In every case, M/T, L and percent data lost will be smaller for little or no noise. For
one thing, if a good sync pattern is chosen, the probability of-occurrence of false sync in
all overlap groups can be made zero. However, it should be emphasized that this only
reduces Pt to: (1-Pi)b+1 -2(N- 1) and not to 0 since the pattern can still appear among random
data. Thus, the mean time to reacquire true sync in the absence of noise can only
approach 1 group unless the sync pattern can be inhibited from appearing in all data
groups of N bits length. This does not seem practical.



CONCLUSIONS

In this paper it has been further justified that a relatively simple approach to
instrumenting for PCM Pattern Synchronization provides the ability to very rapidly
synchronize on PCM sync patterns in the presence of noise while maintaining a very low
level of percentage data lost due to loss in synchronization in a constant noisy condition.
Some minor refinements are made to the analysis of Mean Time to Acquire
synchronization and percentage data lost due to loss in synchronization as previously
reported.

More importantly, it has been shown that the effect of different “good” PGM
synchronization patterns of any specific length, or chosen by different criteria, is
negligible in the overall problem of acquiring synchronization rapidly and maintaining
sync in the presence of noise.
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Summary    The hardware and theory of a multi-threshold bit decision technique called
Quarternary Decision Logic are described. Quartenary Bit Decision Logic results in two
simultaneous decisions on each received bit of a binary digital transmission: (1) a binary
status decision; and, (2) a reliability decision which reflects on the presence/absence of
multilation in the bit. Both decisions are based on a Shannon Integration of the received
information over the whole bit interval.

The ability to assess bit mutilation is then used to develop adjustable security-enforcing
restraints on error correction and the receiving process itself. These restraints are
developed by a Word Security Logic which keeps a “mutilation count” on each received
word, The “mutilation count” per word results in a “Correction Permit/Inhibit” and a
“Receiving Permit/Inhibit” output on each word. The “Correction Permit/ Inhibit” output
bars error correction when the risk of a spurious correction is high. The “Receiving
Permit/Inhibit” output blocks receiving when the risk of a direct evasion of security is
high.

The improvement in bit decision security and the improvements in security against
spurious correction and direct evasions of Error detection are evaluated quantitatively in
comparison to conventional single-threshold techniques, These improvements enable
secure operation with lower redundancy coding systems because of the information gain
which Quarternary Decision Logic provides. The possible contributions of Quarternary
Decision Logic to self-adaptive data transmission systems and to automatic line
equalization are explored in the section entitled “Conclusions”.



Introduction    The principal hazard to reliance on coding-based error correction is the
lack of information on the extent of mutilation of a transmission. If the mutilation
exceeds the code’s radius of detection, the threat of a direct evasion of security is posed;
and, if the mutilation exceeds the code’s radius of non-spurious correction, the threat of a
spurious correction is posed. 1 To minimize these hazards, codes of higher Hamming
distance properties are frequently used. These, however impose the alternatives of a
reduced information rate or a requirement for increased transmission speed. Realizing
that the bounding relationship between code length (nB) and the code’s minimum
distance property (nd) is

(1)

the cost in redundancy of improving (nd) becomes apparent. 2 The further relationships
between (nd) and the code’s radius of correction (rc) and/or its radius of non-spurious
correction (rs) reinforce the magnitude of the penalty of greater intrinsic coding security.
These relationships are:-

                                                     (2)
and

                                                         (3)

To avoid the penalties of increased intrinsic coding security and yet to execute error
detection and error correction under maximum security conditions involves a means of
detecting transmission mutilation, Further such a goal requires that the “multilation
count” per word or per block be fed back in the form of automatic receiving or correction
restraints when excessive mutilation is encountered, A means of achieving a “mutilation
count” and of generating rational security-enforcing restraints is offered in this paper. It
is called a Quarternary Decision Logic device.

Causes of Mutilation    The principal causes of bit mutilation are:-

a) the limitations on waveform fidelity imposed by bandpass limitations
b) relative amplitude distortion applied to information sidebands across the link’s

bandpass
c) differential angular retardation applied to information sidebands within the link’s

bandpass
d) “white noise” corruption of information sidebands and,
e) impulse, dropout, and burst noise corruption of information sidebands.



The major contribution to mutilation by Item (a) is to deprive a binary digital waveform
of those spectral components which gives the source waveformits unambiguous
character.3 Because of this type of mutilation, the re-construction of the waveform at the
receiving end of a transmission system is made dependent on decision thresholds, The
mutilation contributed by Item (b) alters the power distribution in information sidebands,
and thus further complicates the task of envelope recovery by altering both the front and
back porches of inter-state binary transits. The differential delays which the link imposes
on contemporaneously-generated information sidebands as per Item (c) deprives bit
decisions in any one bit-interval of pertinent information, and then introduces the
delayed information into decision intervals to which the sidebands are alien. Amplitude
equalization and delay equalization networks when properly tailored can condition a link
to minimize the effects of Items (b) and (c). The effects of Item (a) are beyond
compensation except as bit-sampling and bit-decision methods at the receiving end are
optimized.

The effects of the noise phenomena in Items (d) and (e), like the limitations imposed by
Item (a), are unavoidable, but are less subject to compensation by optimized decision
techniques because the corruption effects are stochastic. The influence of noise
corruptions in Items (d) and (e) is to introduce alien spectral components, to deprive
source components of their original power by cancellation effects, and to falsely
strengthen source components by spurious construction. For all three basic types of
binary receiving modems, the probability (pw) of Nyquist Interval 4 error to “white noise”
as the corrupting influence is:-

(4)

where

(5)

and where

(6)



In Eq. (4), EN = the rms “white noise” voltage, and ES = the rms signal voltage.

Relative to impulse, dropout, and burst noise, the deviation of the probability (Pi) of
Nyquist Interval error by this non-Gaussian noise begins with the definition of the
transfer function of the information channel’s bandpass filter. Let this property be
matched to the two-sided average power spectrum P̄(T) of a binar di ital transmission
where:-

defines P̄(T). In Eq. (7), P̄(T) = the average sideband power at anangular displacement
(T) from (Tc). Tc = the angular carrier frequency, and tb = the time-width of a singlet bit.
For the spectrum in Eq. (7), a wellmatched bandpass filter would exhibit the transfer
function defined by:-

(8)

where:-
$ = the filter’s gain factor
T = the sampling-time applied to the filter’s output
t' = elapsed sampling-time

When a signal element of amplitude (AN) and duration (tN) is applied to a filter defined
by Eq. (8), the signal voltage response (es(t)) is stated by:-

(9)

where:-
t = elapsed signal element time

and
c =time of transmission of the signal element



Setting tN = T and at t-c = t', Eq. (9) is readily solved to yield

(10)

On the other hand, let there be an impulse, dropout, or burst input of amplitude (Ai) and
duration (ti) to the filter as per Eq. (8), and, if this event occurs at a time displacement
(t”) with respect to the signal element the noise response (ei (t)) is stated by:-

(11)

which, when combined with Eq. (8) in defining H(T), yields

Again, setting t-c = t', Eq. (12) is readily solved to yield

(13)

Towards the goal of evaluating the probability (P̄i) of an impulse/dropout/ burst caused
error, the ratio of                  produces a useful vector, namely

(14)

where (T) in Eq. (13) is set equal to (tN) and

and

Examining the vector (*es(t) + ei (t)*) which would become the input to the Limiter-
Discriminators-Demod cascade of a receiving modem in the event of “coincident” 



signals and noise impulses , it is apparent that there are values of ("cos N) at which
spurious construction would occur, and values of ("cos N)at which cancellation would
be true. To evaluate (pi the bounds within which *es(t) + ei (t)*) would and would not
permit signal recovery in any given modem must be stated. We do this below for the case
of FSK and PSK modems, for the reason that these two basic types of modems are the
likeliest to be used in high security data transmission sets.

In the theoretical binary-level FSK receiving modem, signal recovery is possible as long
as

(15)

and, conversely, error will occur when

(16)

Solving Eq. (16) for the lower bound of (") at which erroring becomes probable we note
that b the use of E .(14), we obtain

or (17)

Eq. (I 7), we note, is the equation of a straight-line parallel to the j -axis in Fig. 1 and
intersecting the real axis at (-1/2, 0). Fig, 1 tutors the conclusion that for a two-level FSK
receivin modem

(18)

For the case of a two-level PSK modem, we note that signal recovery is possible as long
as

(19)
and conversely that erroring will occur when at one limit

(20)



Similarly to the development of Eq. (17), we then obtain

or (21)

Again we note that Eq. (21) is the equation of a straight-line parallel to the j-axis in
Fig. 2 and intersecting the real axis at (-1, 0). Fig. 2 then urges that for a two-level PSK
receiving modern

(22)

Eqs, 4, 5, 6, 12, 18, and 22 are useful in evaluating the Quarternary Decision Logic
Method proposed by this paper.

Quarternary Decision Logic Hardware    The block diagram of a Quarternary
Decision Method Receiving Terminal is shown in Fig. 3. The method consists of:-

a) a full-time sampling of the “mark” and “space” discriminator outputs of a modem
over very nearly the entire interval of each bit by a Quarternary Bit Sampling &
Bit-Decision Logic

b) the outputting by the QDL Logic of two bit-decisions at the conclusion of each
sampling operation:-
i) a binary status bit-decision which is used to load the Word Receiver
ii) a “gray’T’clear” fidelity decision which is used by a Word Security Logic to

arrive at security decisions for the word receiving interval
and,
c) the outputting by the Word Security Logic of two decisions at the conclusion of

eachword receiving cycle:-
i) a Correction Inhibit/Permit decision to the Word Receiver
and,

 ii a Receiving Inhibit/Permit decision to the Word Receiver.

Fig. 4 indicates the circuit and logic train by which Operations (a) and (b) are executed.
Fig, 5 indicates the circuit and logic train by which Operation (c) is accomplished.

In Fig. 4, the circuit and logic train of the QDL Bit-Decision Logic, the “mark” and
“space” outputs of a conventional two-level FSK or PSK receiving modem are inputted
to the Q1 -Q2 differential amplifier. Assuming that the “mark” and “space” outputs rise
positively from the same quiescent dc levels to the same peak output levels, the Q2-stage



collector output tends toward saturation for as long as the “mark”-output exceeds
“space” output by a threshold set by R3’s adjustment. The output from Q2’s collector
during such a time is subjected to amplitude limiting by the D1-D2-R5 configuration,
and is then applied via the current-limiting resistor R8 to the base of Q3. Q3, which is
biased into cutoff by the zener diode D3-resistor R9 string when Q2 is in cutoff, then
becomes a current source for the charging of capacitor C1 for the entire period that Q2 is
driven into or towards saturation. Accordingly, if the modem’s discriminators output a
full-time output over the full bit-interval, the result is, in the best circumstances of a “1”-
bit, the voltage ramp shown in Fig. 4's information-diagram. Conversely, if the modem’s
output were an ideal “0”-bit, the result over a bit interval would be the “0”6“0” line of
the information diagram. In the event of a pulse-per-Nyquist Interval output from the
modem’s discriminators, an ideal “1”bit would be represented by the voltage staircase in
the information-diagram, while the ideal “0”-bit would again be represented by the
“0”6“0” line. And, finally, it follows that non-ideal bits are represented by a partial
ascent along the indicated ramp or staircase, as the case may be.

In any case, the charge which is piled up on C1 over a bit-interval is submitted via the
Q5-Q6 Darlington emitter follower configuration to three independent thresholded dc
amplifier stages represented by the Q7, Q8, and Q9 members. With the Q7, Q8, and Q9
stages thresholded via their emitter bias conditions to impose the ramp or staircase
thresholds shown in the information-diagram, the terminal state of the charge voltage on
C1 results in a binary bit decision and a bit fidelity decision. These are

and

The results of the decision process are stored in the set-reset flip-flops 1 and 2 by outputs
“A”, “B”, and “C” respectively from the Q7, Q8, and Q9 stages during the bit-sampling
process. The decision-storing processes are self-evident from Fig. 4.

When, finally, the Receiving Synchronizer indicates the conclusion of a bit interval to
the QDL Logic, the front-porch of the input pulse triggers the one -shot multivibrator
chain 3 and 4, causing:-

I firstly, a test strobe from 3 by which the binary status and fidelity decisions are
strobed from and-gates 5 and 6 to their destinations via signal “Y”

and,
II an ensuing reset strobe (“X”) by which C1 is discharged via the Q4 transistor stage

and by which flops 2, and possibly 1 , are reset.



The time-constant of one-shot multivibrator 4 is minimized, and at worst is equal to the
envelope rise-time of an incoming bit. In any event, the QDL is thus reset for its next
duty cycle.

The Word Security Logic, shown in detail in Fig. 5, follows the main lines of
organization of the QDL Bit Decision Logic. Here, “gray”-bit indications from the QDL
Bit Decision Logic are driven into limit by the Q7 stage and are applied via capacitor C1
as a pulse input to the base of Q1. Q1, whose emitter-base circuit is normally biased into
cutoff via the D1-R5-R6 and D3-R7 configurations, delivers a single-valued step-
developing current pulse into capacitor C2 on each pulse output from the Q7 stages.
Under this arrangement, the terminal voltage exhibited by the capacitor C2 at the
conclusion of a word receiving cycle is a “mutilation count” by which thresholded dc
amplifiers Q4 and Q5 are enabled to render their recieving, error detection, and error
correction restraint outputs. Thus, if (V) is the terminal charge voltage on C2 and (E")
and (E)) are respectively the “mutilation count” voltage thresholds for 11correction
inhibit” and “receiving inhibit”:-

The decisions as per (1), (2), and (3) are reached via the actions of thresholded amplifiers
Q4 and Q5 on the set-reset flip-flops 1 and 2 in Fig. 5 during a word receiving cycle.
After the Word Security Logic’s security restraint outputs are used by the Word
Receiver, the Word Receiver feeds back an End-of-Program (EOP) pulse by which:-
capacitor C2 is discharged via the Q6 stage for its next duty cycle; and, the flip-flops 1
and 2 are reset for their next duty cycle.

Quantitative Benefits Of The QDL Method Receiving Terminal    If the curves to
which Eqs. (18) and (22) lead are broken into ranges of the " -parameter over which
linear averaging of (Pi) is permissible, and if each such range m# " #n is assigned an
anticipated number (nmn) of impulses /dropouts /bursts per unit of time (J) lying within
the range, one is enabled to calculate a probability (PIM) of Nyquist Interval mutilation by
these noises from the equation



(23)

Adding to (PIM ), the value of ( Pw ) in Eq. (4) which is appropriate for the dynamic ratio
of ES /EN and for the modem, one arrives at

(24)

where PM = the probability of Nyquist Interval mutilation due to all noise causes,
inclusive of “white noise”, and qM = the probability of a successful Nyquist Interval
Transmission.

If then the threshold adjustment conditions in Fig. 4 are such that:-

a) the height of each “clear” zone is equivalent to (t ) unmutilated Nyquist Intervals
and
b) the height of the “gray”-zone is (h) unmutilated Nyquist Intervals, where h/2 = an

integer
it will then follow that if h + t = s

(25)

(26)

(27)

(28)



Several conclusions are immediately possible from Eqs. (25) thru (28). These are:-

i) a descending order of probability of (A), (B), (C), and (D) events respectively
according to

P(A) > P(B) >> P(C) >> P(D) (29)

ii a sharp reduction under QDL methods of undetected bit errors as compared with
conventional single-threshold bit decision methods.

We note in connection with Item (ii) that [P(1 /0)]c, the probability of binary bit
inversion under conventional single-threshold methods, is indeed stated by:-

[P(1/0])c = [P(0/1)]c = P(C) + P(D) (30)

and that if full benefit is taken of the information gain under QDL methods the
probability of undetected bit errors may be restricted to P(D) itself.

Two important utilizations of the information gain under QDL Bit Decision methods are
the security-enforcing restraints developed by the Word Security Logic in Fig. 5. The
first of these is the increased protection against spurious corrections which is afforded by
the “correction inhibit” output of the Word Security Logic. The second is the increased
protection against direct evasion of error detection.

In evaluating the first of these protections, let it be true of a data receiving terminal that
it is performing error correction, that the (rs) of its coding is such that rs $ rc , and that its
Word Security Logic is adjusted to impose “correction inhibit” when the “mutilation
count” (ng) per word (i. e. when the number of “gray”-bits per word) is such that ng $ 8
where 8 # rc . Under these conditions, the probability of a spurious correction, (Psc), is
given by:-



(31)

We note here that, in view of Eq. (29), the most significant term by far in the right-hand
side of Eq. (31) is:-

whereby we could well reduce Eq. (31) to

(32)

If then [Psc]c denotes the probability of a spurious correction for the same coding system
under conventional single -threshold bit decision conditions, [Psc]c is given by:-

(33)

Towards the goal of determining the improvement, Eq. (33) is divided by Eq. (32),
yielding

(34)

But, since the ratio of the factorials in Eq. (34) is very nearly equal to one, and since
P(C) + P(D) . P(C) by Eq. (29), Eq. (34) reduces to

(35)

indicating a high order of improvement of security against spurious correction.

In the evaluation of the benefits of “receiving inhibit” by the Word Security Logic, let it
be true that “receiving inhibit” is imposed when ng $ ,, where , # nd the coding system’s
minimum distance property. Then if (PDE) is the probability of a direct evasion of the
error detection process, (PDE ) is given b :-

(36)



where (K) denotes the number of ways in which (nD) bit errors will yield a security-
puncturing code set. By far, the most significant term in the right-hand side of Eq. (36) is

allowing Eq. (36) to be reduced to

(37)

Noting that if [PDE]c denotes the probability of a “direct puncture” under single-threshold
conditions, it is stated by

(38)

and that division of Eq. (38) by (37) leads to the improvement factor, we arrive at

(39)

The improvement is thus again a sharp one.

Conclusions    Several extended uses of the “gray”/”clear” bit-reliability decision are of
interest. These are:-

a) The direct use of “gray”-bit locations in a tutored correction process
b) the measurement of the time-incidence of “gray”-bits as a key to link perturbation,

in particular as a measure of cluster noise” and extended “burst” conditions
c) the development of self-adaptive receiving end control measures during periods of

high link perturbation
and
d) the use of “gray”-bits frequency in guiding automatic line conditioning,

The tutored correction use of “gray”-bits involves the test inversion of a “gray”-bit
location in a received word if the received word fails to pass error detection. Tutored
correction would preferably be subject to the “correction inhibit” and “receiving inhibit”
outputs of the Word Security Logic. Such a correction process rests on Eqs. (25) thru
(29), is based on the “gray”-bit being a [C]-event as per Eq. (27), and is furthermore
based on the Bayes Law choice by which



This use of “gray”-bits could add a correction capability to coding which does nothave
intrinsic error correction capabilities,

Among the adaptabilities of “gray”-bits to self-adaptive receiving end optimization is the
ability to automatically select alternative values of (8) and (,) in Eqs. (31) and (36) in
response to “gray”-bits frequency measurements. Such an accommodation to link
perturbation measurement would provide a self-adaptive security capability to data
terminals.

In guiding automatic line conditioning circuitry, a threshold imposed on “gray”-bits
frequency would provide an excellent gate-control measure as well as a feedback check
on the circuitry’s self-adaptive accommodations, Thresholds on “gray”-bits frequency
could also provide a basis for receiving end-to-transmission end feedback measures to
control transmission speed andoptimize data security and data transmission rate.

NOTES

1. A code’s “radius of detection” is the maximum number of errored bits per word
for which it provides infallible error detection. The ‘tradius of correction” of a
code is the maximum number of errored bits per word for which it provides error
correction. The Hamming “minimum distance” property of a code is the number of
bit-positions in which the two most similar code-sets are distinguished. The
“radius of non-spurious correction” is the maximum number of errored bits per
word which can be tolerated before correction becomes spurious. For further data
on these coding parameters, see:- Brothman, A., Brothman, E. H., Halpern, S. J.,
Horowitz, L. M., and Reiser, R. D. “The Use Of Binary Cyclic Codes In the
Generation Of Two Other Classes Of Codes”, ITC/USA/65.

2. The relationships in Eq. (1) are for horizontal protection of information-sets rather
than vertical protection, To achieve the indicated relationships between (nr, ) and
(nB), the number of discrete messagesets which (nd) affords can be as few as (nB)
itself. In the case of saturated binary codes consisting of (m) message bits (and
therefore affording 2m discrete message sets), the appended redundancy for a
specified (nd) is usually (2nd-3) bits.

3. The principal degradation which a binary digital waveform suffers because of
bandpass limitations is to rise-time and fall-time at binary transition points. Under
ideal bandpass conditions (i.e. flat bandpass with respect to attenuation and zero
differential sideband delay), the product of rise or fall-time and bandpass is a



constant. This degradation immediately compromises sampling for bit-decision
purposes insofar as envelope excursion occurs at a delay from the theoretical bit-
clocking, Sampling becomes especially difficult in the case of singlet “1”s and
singlet “0”s.

4. A Nyquist Interval is by definition equal to one half-cycle of the information
carrier. That a half -cycle of the carrier suffices for reliable information is however
true only under noise-free conditions. The Nyquist Interval, despite this limitation,
is a convenient digital unit, or “information quantum”, for carrier-conveyed data
because equipment response lies within this time domain,

5. Brothman, E. H., Horowitz, L. M., and Reiser, R. D., “Factors Affecting The
Speed And Security Of A Digital Data Transmission System”, Tranactions Paper
63-944, IEEE Summer General Meeting, June 1963.
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FIG. 3 - QUARTERNARY DECISION METHOD RECEIVING TERMINAL



FIG. 4 - BIT-SAMPLING AND BIT-DECISION LOGIC



FIG. 5 - WORD SECURITY LOGIC
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Summary    On-board data stores in deep-space probes, spacecraft, satellities, and
aircraft, frequently require the extensive bit storage capability of a magnetic tape
recorder. For compatibility with other systems, it is necessary in some cases to be able to
reproduce the data in serial form at a synchronous rate. To take maximum advantage of
the storage capability of magnetic tape, however, it is desirable in many instances to
record the data in a parallel format; i.e., the technique used in magnetic tape recorders
used with ground based computers.

Reconstructing a serial pulse train with a synchronous bit rate from parallel data
recorded on magnetic tape involves some problems which are peculiar to magnetic tape
recording equipment. Variations in tape speed (flutter), dynamic skew (wobble) of tape
as it passes over the record and playback heads and static skew of the data on the tape
resulting from head gap scatter and mean gap azmuth alignment results in non-
synchronous data being generated during playback. To provide synchronous data output,
it is therefore necessary to provide a buffer between the output of the magnetic tape
recorder and the system accepting the data.

Recorder characteristics are examined with respect to their effect on the degree of non-
synchronism. Furthermore, the size and complexity of buffers necessary to provide
synchronous output data is considered.

Introduction    Reconstructing a serial pulse train with a synchronous bit rate from
parallel data recorded on magnetic tape involves some problems which are peculiar to
magnetic tape recording equipment. This is particularly true if the output serial data is to
be in absolute synchronism with an external clock. An application involving this
requirement is a data store for deep-space probes. Information from the data store must
be introduced into the RF link in synchronism with an on-board ultra-precision clock to
recover the data at the receiver. The extremely faint radio signals at the receiver are
separable from the background noise only througli the use of sophisticated filtering and
correlation techniques which require a known and constant data rate.



Problems peculiar to tape recorders arise from the following tape recorder
characteristics, which result in non-synchronous data being generated during playback:

1. Dynamic skew (wobble) of the tape as it passes over the record and playback
heads.

2. Static skew of the data on the tape resulting from, a) gap scatter in the record and
playback heads, and b) mean gap azmuth alignment in the record and playback
heads.

3. Flutter which is caused by variations in tape speed.

Dynamic and Static Skew    The effects of static and dynamic skew in a typical
precision instrumentation recorder may be quickly visualized by referring to the series of
illustrations in Fig. 1, which show the possible displacement data bits with respect to the
clock during playback. Time displacements in Fig. 1 are expressed as a distance-position
displacement in microinches. This unusual way of specifying a displacement
(microinches, rather than microseconds) is appropriate since the source of the error is
due to mechanical misalignments. IRIG specifications limit the gap scatter in a magnetic
head, record or playback, to a band of 100 microinches. Mean gap azimuth alignment is
limited by IRIG PCM Specifications to ± 20 seconds of arc, approximately 100
microinches per inch, for each head stack referred to the mounting surface. For a
specified tape speed, the actual time displacement in microseconds can be calculated as
follows:

The effects of temperature variation on static and dynamic skew are not included in the
typical values shown in Fig. 1. Recording at one temperature and playing back at another
temperature can result in the introduction of additional static skew, which can be quite
significant. The use of a single head for both record and playback functions materially
reduces the errors caused by static skew since it eliminates gap scatter and azimuth
alignment of the head stacks. This is dramatically illustrated by comparing Fig. IE and
IF. The use of a single head stack versus multiple head stacks also reduces tape wear and
should be considered where maximum life and reliability are of major importance.

From Fig. 1, it can be seen that the spacing between adjacent frames on the tape, after
taking into account the possible position dispersion of data bits, normally leaves very
little time to accumulate all of the data bits and sequentially sample them before data bits
for the next frames start arriving. Without a means of storing the data bits, it is obviously
impossible to sequentially sample the tape output at a synchronous rate and provide
synchronous serial reconstruction of the data. Fig. 2 illustrates a block diagram of a 







parallel-to-serial converter using two storage registers. The two storage registers, A and
B, store alternate f rame s to provide the necessary store between the recorder output and
the synchronous output to external equipment. A 2-frame store may or may not be
adequate for a given recorder system, but the principles involved remain the same and it
simplifies understanding the concept involved.

The complexity of the parallel-to-serial converter having its output synchronized from an
external source involves the following two problems:

(a) De-skewing to collect all of the time displaced frame bits at the same instant in
time.

(b) Maintaining the time interval between reproduced frames (the frame rate) from the
recorder at as near a synchronous rate as possible in order to minimize the total
store required.

As long as the bits in a frame do not overlap, an instant can be established at which the
bit information can be collected and, in effect, de-skewed. Thus, if a suitable storage
register is provided to handle the collection of the bits from the tape, static and dynamic
skew are not a real problem in providing output data in synchronism with an external
clock.

The problem in synchronizing the serial output bit rate with an external clock is reduced
to synchronizing the average frame rate coming off of the tape with the external clock.
To accomplish this objective, servoing the tape speed during playback is required. This
is necessary for the following reasons:

(a) Changes in tape dimensions occur due to:
1. Tension variations in the tape
2. Ambient temperature changes
3. Humidity changes (not normally a problem in a hermetically sealed recorder

filled with a dry gas)
(b) Mechanical slippage between the capstan or the tape driving elements and the

magnetic tape.
(c) Non-synchronous motor speed (e. g. , there is even a minute slippage in a

hysteresis synchronous type motor).

A servo system which provides a synchronous character rate from the tape operates by
comparing the bit rate from the tape with the external clock which is being used as the
synchronizing standard. Normally, a phase-lock system is utilized in order to eliminate
any fixed errors. Utilizing a system of this type, the average tape speed can be made to
exactly match the external synchronizing clock.



Flutter    In addition to matching the average tape speed with the external synchronizing
source, it is highly desirable to keep the instantaneous speed error to as small a value as
possible in order to minimize the store size. This is a function of flutter.

The relation of flutter to the time displacement error, or the more usable position
displacement error, can be readily obtained by referring to Fig. 3. For convenience in
assimilating the problem, it is easier to think in terms of tape position displacement from
nominal--i.e., how far off in position is the tape from where it theoretically should be if it
were moving at constant velocity? This concept makes it easy to compare the
instantaneous position error with the bit packing density in bits per inch and determine
how many bits (frames) the tape is ahead or behind. Fig. 3 is a nomograph of tape flutter
vs. tape position displacement. To determine the tape position displacement, it is, of
course, necessary to quantatively know the two components of flutter--amplitude, and
frequency. Referring to the nomograph, it can be seen that for a given flutter amplitude,
the tape position displacement from the nominal increases as the flutter frequency
decreases. In an optimized system, it is, therefore, of the utmost importance to reduce the
magnitude of the flutter at low frequencies, particularly below one cycle.

Typical servo systems of the type required in tape recorders usually employ a hysteresis
synchronous motor or a DC servo motor. An AC servo motor could also be utilized,
although it is rarely employed. Normally, from the standpoint of servo control, the DC
motor is preferable, but the conventional type suffers from the disadvantages of limited
life and noise problems due to commutation. Brushless DC motors would circumvent
this problem at the cost of additional complexity.

The AC hysteresis synchronous motor provides a relatively straightforward answer to
long-term life and reliability if its operating characteristics satisfy the servo system
requirements. The principal disadvantage of the AC hysteresis synchronous motor is its
under-damped characteristic, which tends to make it “hunt” about the oper-point. This, in
effect, is flutter, and the criteria for its acceptability is whether or not the magnitude and
the frequency of the flutter is such that it represents a relatively small position
displacement error. Conventional AC hysteresis synchronous motors will exhibit a
resonance in the range of one to ten cycles, depending upon the motor parameters: i. e. ,
size, rotor inertia, torque, etc. Through proper design, the motor can incorporate damping
characteristics which minimize the excursions and the number of cycles required to damp
out motor oscillation.

In a typical spacecraft-type recorder employing a high speed drive motor with servo
control, both the amplitude and frequency of the major low frequency flutter component
are independent of tape speed. They are dependent almost entirely upon the motor which
contains the major portion of the kinetic energy in the system due to its high angular
velocity.





Fig. 4 illustrates the typical flutter performance of a small hysteresis synchronous motor
as used in a minature space-borne recorder operating at a record tape speed of 12.8 ips
and playing back at 0.01 ips. Utilizing this flutter performance data (an amplitude of
approximately 2.5% peak, 5% peak-to-peak, and a frequency of 1.6 Hz ) and referring to
the nomograph, (Fig. 3) the position displacement can readily be determined -50
microinches peak-to-peak, 25 microinches peak. For a packing density of 1000 bpi on
the tape, this represents only 2.5% of the spacing between adjacent bits. Hence a
minimum store between the recorder and the serial output interface is more than
adequate.

The number of storage registers required for parallel-to-synchronous serial output can be
determined through the use of the nomograph and by knowing the maximum position
displacement which can be handled by a given number of storage registers. Fig. 5
illustrates the maximum allowable position displacement which can be tolerated for a
1-frame 2-frame, and a 3-frame store. In examining the maximum allowable position
displacement, it should be remembered that:

(a) The peak negative position displacement is always followed by a positive
displacement error. This is readily seen by referring to Fig. 6. The maximum
displacement error, whether positive or negative, occurs at the instant the actual
tape velocity matches the nominal velocity. At this point, the acceleration of the
tape is also the greatest and hence the inertia of the system carries the tape velocity
through the nominal to an approximately equal and opposite displacement of the
reverse polarity.

(b) Synchronous serial output must only be initiated after the following conditions, 1
and 2 are present, and also preferably 3:

1. The system is up to speed and the servo system is locked in.
2. The store is approximately one-half full, thus allowing an equal positive and

negative position displacement error of the tape.
3. The position displacement error is essentially zero. If synchronous output is

initiated when the position displacement error of the tape is at a maximum
rather than zero, 50% additional storage is required.

Conclusions     Absolute tape position error is the key in determining the size of the
register needed to smooth the synchronous output of parallel frames being reproduced
from a tape recorder and converted into a synchronous serial format.

For convenience, a nomograph has been developed for converting tape recorder flutter
into absolute tape position error. This error is inversely porportional to the flutter 



frequency for a given flutter amplitude and hence, low frequency flutter in the recorder
must be minimized.

Servo control of tape speed must be employed in order to make the average tape speed
error zero. For low speed recorders, e. g. 0. 5 ips, a simple hysteresis synchronous motor
with servo frequency control and a 3-frame register is normally adequate to provide
synchronous conversion.

In the tape recorder a single record/reproduce head as compared to two separate heads,
has significant advantages with regard to static skew, flutter, tape wear, and power
requirements.



 





AN EXPERIMENTAL INVESTIGATION OF THE CAPTURE
PERFORMANCE OF FM RECEIVERS

A. J. CASTELLANO, JR.
Data-Control Systems, Inc.

Danbury, Connecticut

Summary    This paper reports on the investigation of the effect of telemetry receivers
capture ratio on overall system accuracy. Receivers with normal and improved capture
ratio were compared to evaluate the methods used to measure capture ratio, determine
the effect of I-F filter characteristics on capture ratio, and establish the penalty of
bandwidth and distortion results including waveforms, photographs and spectral
diagrams for various values of co-channel interference.

Introduction    The capture performance of an F-M receiver is a measure of its ability to
reject the modulation on a slightly weaker interfering signal and is generally considered
an important measure of receiver performance when operation in severe multipath
conditions is contemplated, for example, over water. Capture ratio is commonly defined1

as the highest value of weaker to stronger signal amplitude ratio for which the F-M
demodulator output is essentially dependent (on the average) only upon the frequency
modulation of the stronger of the two input signals.

Since the use of instrumented aircraft for acquisition of telemetry signals over water is
growing rapidly, the relationship between receiver capture ratio and received data
accuracy, presently not defined, has become the subject of increasing interest. To shed
some light on this relationship, a series of simulated multipath experiments using R-F
carriers with both F-M subcarrier and PCM modulation formats feeding receivers with
various capture ratios were performed. Although the experimental results at this writing
were preliminary, no good correlation between receiver capture ratio and data accuracy
under simulated multipath conditions was found.

Over-Water Propagation    R-F systems operated over water are always subject to
multipath interference. When the spacing between the antennas and reflecting surface is
low, the path time difference between direct and interfering waves is small, with the
result that the composite signal seems to fade in amplitude and be perturbed in carrier
phase, but no significant difference frequency components between direct and reflected
signals arise.



However, when the path time difference between direct and reflected waves becomes
sufficiently long so that the apparent instantaneous frequency difference between the
received signals is appreciable, we no longer have a simple fading situation. Now the
two received signals, when processed by the receiver demodulator, produce difference
frequency beats of large magnitude and the two signals appear uncorrelated, allowing
consideration of the undesired path signal as co-channel interference.

Response to Co-Channel Interference    When a desired signal plus co-channel
interference is applied to a data receiver the receiver capture ratio is a measure of how
much smaller the interference must be before the modulation on the interfering channel
appears in the receiver output. There are two popular methods for measuring receiver
capture ratio, both of which give good correlation when used on the same receiver. In the
first method shown in Figure 1, two F-M signal generators are tuned to the receiver band
center frequency and one generator, the “desired” signal is deviated ± 25 percent of the
receiver I-F filter bandwidth by a 10.5 kHz sine wave. The other generator, supplying the
undesired” signal, is deviated ± 251o of the receiver I-F bandwidth by a 30 kHz sine
wave and a frequency selective voltmeter is used to measure the receiver outputs at
10.5 kHz and 30 kHz. The ratio of carrier levels at which the undesired modulation is
30 db below the undisturbed desired modulation is defined as the capture ratio. The
second method of capture ratio measurement involves the application of two
unmodulated signals, one at the receiver band edge frequency and the other at band
center. The receiver output is monitored as the band edge signal level is raised from zero
toward the level of the band center signal. The interference level at which the receiver d-
c output begins to shift away from the band center value is recorded and the interfering
signal is further increased until the receiver d-c output reaches band edge voltage, at
which point the interfering signal level is again recorded. The capture ratio is one-half
the difference between the two recorded amplitudes.

Since the relative amplitude of the desired and interfering signals is an important factor
in good data recovery, careful consideration must be given to the type of receiver I-F
filter used as well as its bandwidth. Large amplitude response variations in band produce
variations in the relative amplitudes of the two signals with modulation, resulting in
degradation of the apparent capture ratio. This requirement of in band flatness leads one
to choose a constant amplitude I-F filter, even at the expense of greater distortion caused
by envelope delay variations. If the constant amplitude I-F filter is made wide enough to
minimize delay distortion, the predetection noise bandwidth of the receiver is increased,
thereby raising its threshold signal level and decreasing its selectivity.

A factor not normally considered in discussions of co-channel interference is the
influence of the beat frequency output on data accuracy. As can be seen in Figures 2 and
3, when the interfering signal level is 1 db below the desired signal, large noise outputs
are observed regardless of the receiver capture ratio.



With this in mind, a test setup shown in Figure 4 was made to evaluate the performance
of a representative data link under simulated multipath conditions. The results using an
F-M multiplex are shown in Figures 5 and 6, and the effects of multipath on a PCM
wave train are shown in Figure 7. It was observed that multipath effects were far less
severe when long period subcarriers were used and that an appreciable reduction in PCM
intersymbol interference resulted when the receiver capture ratio was improved.

References

1 FM Capture Performance: Characterization and Measurement by Dr. Elie J.
Baghdady and Joseph M. Gutwein

Fig. 1-Standard Setup for Measuring Capture Ratio



Fig. 2-Receiver Output Spectrum for Signal/Interference Ratio of 1.0 DB
Capture Ratio = 1.0 DB

Sweep: 5 kHz/Div.

Fig. 3-Receiver Output Spectrum for Signal/Interference Ratio of 1.0 DB
Capture Ratio = 0.9 DB

Sweep: 5 kHz/Div.



Fig. 4-Multipath Simulation Setup



Fig. 5a-Capture Ratio = 2 DB

Fig. 5b-Capture Ratio = 0.9 DB

Fig. 5-IRIG Channel 14 Subcarrier Demodulator Output for 1 DB Level Difference
Modulating Frequency: 100 CPS



Fig. 6a-Capture Ratio = 2 DB

Fig. 6b-Capture Ratio = 0.9 DB

Fig. 6-IRIG Channel 1 Subcarrier Demodulator Output for 1 DB Level Difference
Modulating Frequency: 5 CPS



Fig. 7a-No interference

Fig. 7b-Capture Ratio = 2 DB
Multipath = -1DB

Fig 7c-Capture Ratio = 0.9 DB
Multipath = -1 DB

Fig. 7-PCM Intersymbol Interface as a Function of Capture Ratio
Bit Rate: 10 KB NRZ
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REQUIREMENT FOR A DATA QUALITY ASSURANCE PROGRAM

M. H. NICHOLS
Consultant*

Summary    The requirement for a Data Quality Assurance Program for telemetry
ground station operations is outlined. Examples are given for frequency division and
time division formats to demonstrate that a practical and meaningful program is within
the state-of-the-art and in fact that the basic modules have already been developed for
commercial communication systems. A program is recommended for expansion of the
IRIG Standards to include performance criteria and specifications of end-to-end ground
station tests for determining that the criteria are satisfied for each mission.

Introduction    The IRIG 106-66 Standards imply the use of a much greater base
bandwidth for frequency division systems. In the constant bandwidth FM/FM, operation
of greater numbers of channels at lower deviation ratios requires lower cross-talk and
noise levels than before. Also, the transition to UHF involves lower RF power generation
efficiency, greater antenna directivity for the same aperture and larger receiver noise
figures if conventional RF amplifiers are used. Larger gain transmitting antennas, which
involves pointing, and/or greater efficiency in the use of RF power to offset these losses
are required. These considerations all require that the user be informed as to what
performance he can expect from range supplied and operated equipment in order that he
may design a telemetry system to meet the needs of his mission.

Relative to frequency division, existing IRIG Standards state what amounts to the
bandwidth of subcarrier channel filters and discriminators and the bandwidth of low-pass
channel output filters. The frequency standards state the allowable spectrum occupancy.
This leaves the setting of subcarrier and carrier deviations to the user. The section on
tape recorders specifies head configurations, tape speeds, bandwidths, etc., but sets no
standards on intermodulation, flutter, noise, etc. (This section does describe test
methods.) Thus, there is no statement of the maximum allowed noise and distortion in
the ground equipment under defined conditions. In other words, as it now stands, the
user has no reliable knowledge of the performance of the range supplied and operated
equipment. What is needed is a statement of minimum allowable overall performance
criteria plus specification of end-to-end tests which are designed to show that these
criteria are met and that the equipment is ready for a particular mission.



The same observation can be made relative to time division systems. Receiver IF
bandwidth, synchronization and data format are given but no performance criteria for
receivers, tape recorders, synchronizers and detectors are given. In time division, the two
principal error sources are noise, both thermal and impulse, tape jitter and pulse shape
distortion. In PAM and PDM, the latter causes analogue type cross-talk and in PCM, it
increases the bit error probability.

What is needed amounts to a range DATA QUALITY ASSURANCE PROGRAM in
which overall criteria are established and end-to-end tests defined to determine
performance of range supplied and operated equipment and to assure that the criteria are
met. In analyzing the problem, two types of missions must be recognized. Type one
involves recording only and the other type involves real-time and/or quick look data. In
type one, it is only necessary to establish a test from antenna input to recorder output. In
type two, the tests must be from antenna input to data channel output. In the latter case, it
must be recognized that the precision required for realtime use may be as great as that
required for post-time data.

Frequency Division

Type one mission    The two sources of error to be tested here are additive noise,
including environmental, and distortion leading to cross-talk. Of course, the effects of
both of these sources can be evaluated by a complete simulation as in the EMR report,
but for type one missions, this is unnecessary. The notch noise test is an adequate
simulation for this purpose. This test and standard equipment were developed for
subcarrier microwave relay stations. Fig. 1 is a block diagram illustrating this method.

The spectrum shaper approximates the subcarrier taper and cuts off at the maximum base
band frequency to be used. The notches are distributed across the base band. It is
necessary that the notches occupy only a small portion of the base band so as not to
interfere with the loading of the radio link. The attenuator is set to provide the depth of
carrier modulation consistent with the frequency standards and/or the receiver IF to be
used. The band pass filters are centered at the notch frequencies and are narrower than
the notches. Thus with the notch filters in, only additive noise and cross-talk noise is
passed by the band pass filters. Consider the output power P of a single band pass filter.
Let

P1 = output power with notch filter out with large RF signal = channel signal
power plus residual noise power.

P2 = power output with notch filter in with large RF signal residual noise power
(including intermodulation).



P3 = power output with notch filter in at low and intermediate carrier S/N =
residual noise power plus added RF noise power.

P4 = power out with no input modulation to signal generator with large RF signal
– residual noise power (excluding intermodulation).

P5 = power out with no input modulation to signal generator at low and
intermediate carrier S/N = residual noise power plus added RF noise power.

Then:
= ultimate output signal-to-noise ratio for large carrier S/N.

= output signal-to-noise power at low and intermediate carrier SIN.
This includes residual and added RF noise.

= ultimate output signal-to-noise ratio for large carrier SIN not
including intermodulation. This assumes that the residual noise
(not including intermodulation) is independent of modulation.

= signal-to-noise power ratio at low and intermediate carrier SIN.
This includes residual noise and added RF noise but not
intermodulation noise. This assumes that the residual and added RF
noise are independent of modulation. This is not a bad assumption
for our purpose.

In the above, it is assumed that the signal power level of the receiver output is
independent of the input signal power level. This is a good approximation over the
carrier S/N range contemplated. If a correction is desired, it is only necessary to measure
each power quantity involved at the selected carrier S/N.

The above relations give the subcarrier channel S/N to a good approximation and can be
used to predict data channel output S/N by means of experimental data (as from EMR
report Table I-3.5-8, for example) or by theory. For type one missions, the tape recorder
should be included. Also if radio or other type relay of the signal is made, the test should
be made with the relay in.

For example, the Marconi 0A2090 test set is available commercially and notch and band
pass filters are available which are approximate for the above measurements. In final
equipment versions, the tests should be automated to provide go-no go indication, in 
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accordance with criteria established in reference to the mission, plus a permanent record
of the test data.

Type two mission    If the telemeter is to be used in real time for closed loop operation,
it appears that some form of complete end-to-end test is required. This test must be
designed to be consistent with mission requirements and, depending on the mission, a
more or less complete baseband simulation is required in which a quantitative
comparison is made between data input and data output channels in order to determine
that the ground station is properly interconnected and to evaluate the signal-tonoise ratio
in individual output data channels. This can involve considerable amounts of equipment
when time delay in the system, statistically meaningful sampling, etc., are taken into
account. For quick look data, it appears that routine maintenance testing of the baseband
processing equipment is satisfactory since precision data are generally not required for
quick look. Then too, it is possible to refine quick look data if the tape recordings are of
good quality, i.e., if the type one mission is adequately performed.

Time Division

Type one mission    If the time division signal is on a subcarrier which is part of a
frequency division multiplex, then it may be assumed that the notch noise test is
adequate for type one mission. If the time division base band signal directly modulates
the carrier, then the notch noise test is not adequate since it does not give a complete
picture of the transient response of the radio link, tape recorder, etc. At this point, only
PCM will be discussed because direct PAM and PDM are much less frequently used.
(Adequate tests for these systems are practical.)

In PCM the important quantity is bit error probability versus received carrier strength.
Test equipment has been designed and is available for testing data links using PCM on
commercial communication links. One possible method consists of using a PN sequence
of say length 15. This modulates the link as shown in Fig. 2.

There are numerous ways of obtaining synchronization so that the local PN generator is
in synchronism with the received sequence. One method is described by Springett.** By
using sufficiently narrow bandwidth in the synchronizer system, PN synchronism can be
maintained down to signal levels at which the PCM error rate is so high that the data are
useless. It is so, of course, that it is necessary to keep the bit synchronizer and decision
equipment tuned up to some well-defined performance level for this test. Just how to
“spec” and test its performance will require some further thought. For example, for
ground system performance criteria, it is not adequate to test bit synchronizers and
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detectors in the presence of gaussian noise only because environmental noise such as
impulse noise is frequently not gaussian and also the baseband noise in PCM/FM is not
gaussian. Also in PCM/PM where the phase reference is obtained by phase-locked-loop,
the loop error is not gaussian for low signal-to-noise ratios in the loop.*** If pre-detection
recording is used, it must be inserted before the carrier detector in Fig. 2. In this case,
depending on the time base error in the pre-detector recorder, the loop bandwidth of the
correlator in the PCM test pattern regenerator will have to be wide enough to track the
time base error. This may cause no significant degradation in the test because the bit
synchronizer will also have to have enough bandwidth to track the time base error.
Further analysis is required to confirm this.

Type two mission    In PCM this involves only the addition of the demultiplexer in
Fig. 2. Since the demultiplexer accepts as its input the detected bit stream, it can be
completely checked out by a PCM simulator. This is a standard part of the Apollo
ground station, for example.

Insertion of the Test Signal

Ideally, the test signal should be injected in the far field of the antenna and the antenna
swept through the angles to be encountered in the mission with all ground systems
operating in mission configuration. This would test both the antenna feed and the amount
of environmental noise picked by the lobes of the antenna.

A next best solution, which the writer has not heard of being tried, is to inject the test
signal in through a hole in the dish or by some auxiliary radiator in an array. With such a
feed, the antenna could be swept through the expected angles to determine if the criteria
are satisfied for all angles. Some test work is required to evaluate this method.

Another possible solution is to put the test signal generator on an antenna pole. This
solution is acceptable if the antenna does not pick up objectionable radiation from the
ground and if other environmental noise picked up at different antenna pointing angles is
found to be below the interference threshold.

In decreasing order of desirability are directional couplers and coaxial switches between
the antenna and pre-amplifier. The least desirable is the insertion of the test signal at the
multicoupler.



Recommendations

It is recommended that:

(a)  the notch noise and bit error probability tests be made on an experimental basis on
range equipment to determine its performance. On the basis of these results, the ranges
should equip at least one telemetry receiving site with an operational version of this
equipment and accumulate data on the basis of which criteria and test procedures can be
written;

(b)  use the results of (a) for expansion of IRIG Standards to include performance criteria
and specification of tests for determining that the criteria are satisfied for each mission.

Figure 1. Notch Noise Tester

Figure 2. PCM Tester
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RF INTERMODULATION CHARACTERISTICS OF VHF
TELEMETRY PREAMPLIFIERS AND RECEIVERS1

HAROLD O. JESKE
Sandia Corp.

Albuquerque, N.M.

Summary    Tests have been conducted on ten preamps and six receivers to
quantitatively determine their linear operating range. The range of linear operation was
determined by the measurement of, or the effects of, intermodulation (IM) products that
were produced by the simultaneous application of two input signals. Measurements were
made at a frequency equal to twice the frequency of one signal source minus the
frequency of the other signal source. Tests of the ten preamps, which included eight solid
state units, indicated that their dynamic range varies from approximately 46 to 70 db.
Since the IM products of interest vary as the cube of the input signal, the output IM
products may vary over a 72 db range, between the preamps tested, for a given input
condition. It was found, under the best conditions with some receivers, that their proper
operation was prevented by the presence of two signals that were less than 30 db larger
than the desired signal. The two interfering signals were located well outside the rated -
60 db bandwidth of the receiver. The results of the tests should provide receiving system
designers and operators with a better insight into the problem of RF intermodulation
interference. Since no known military interference specifications consider
intermodulation as investigated, it is believed that some standard test procedures should
be developed by the telemetering community for preamp and receiver testing.

Introduction    Comments are sometimes received from telemetry operating personnel
that receiver system performance is improved by system modifications such as the
removal of low noise preamps, which would ordinarily be considered detrimental to
system performance. In most instances, when system components are within their rated
specifications, it is assumed that the lack of system linearity produces interference at the
desired frequency by other nearby signals. Unfortunately, specifications or data
concerning the linearity of RF receiving components are seldom mentioned, thereby
making an accurate system evaluation very difficult.

The purpose of the work covered in this paper was to quantitatively determine the
intermodulation (IM) characteristics of commonly used 215 to 260 Mc telemetry



receiving components. A brief mathematical discussion of the factors involved in the
production of objectionable IM components with two input signals is presented by way
of introducing the problem.

Assuming the nonlinearity of an amplifier to be gentle, then the output of the amplifier
can be expressed as a power series such as:

Figure 1 illustrates the position of all of the frequency components of the output signal
on a linear frequency scale. Fortunately, only terms (2), (3), (10), and (12) need be
considered. It should be observed that all other components are far removed from the
input signal and can easily be removed by moderate filtering. Terms (2) and (3) indicate
the output of the device for the desired signals. It should be noted that in addition to the
linear gain term, k1, the desired output is modified by the third order coefficient, k3. In a
normal amplifier, k3 possesses a negative sign which accounts for large signal gain



compression. In addition the amplitude of one of the signals is affected by the other
signal which gives rise to cross modulation in AM receivers.

Terms (10) and (12) of the series expansion are the culprits in the telemetry preamp, and
receiver front end case. As illustrated in Figure 1, these IM products are located as close
to the input signals as the two input signals are from each other. Actually little, if any
difficulty should be encountered in FM systems until it is desired to receive a signal at
the position of these IM products.

The above analysis has been simplified by considering the effect of only two signals, the
inclusion of only the first three terms of the power series and the assumption that the
bandwidth is small compared to the desired frequencies. If higher order terms are
considered in the power series, additional components will be found at mT1 ±nT2 where
m and n are intergers and their sum is the order of the coefficient Producing them. If m+n
is even, the IM products are of little concern in tuned amplifiers because they are far
removed from the desired frequency. If m+n is odd, however, some of the IM
components will fall very near the desired frequency. Fortunately, the higher order
coefficients have considerably smaller values and can normally be neglected. The
analysis of a larger number of input signals is considered in the literature.1,2 It should be
mentioned that as more signals are added the number of IM products increases very
rapidly. For example, if the number of signals is increased from two to three, the number
of the IM products close to the desired frequency increases from two to nine.

Several methods could be employed to evaluate the third order coefficient of the series
expansion. Since the IM components represented by terms (10) and (12) were of the
most concern, most of the effort was devoted to their measurement.

Preamp tests    The test setup for the determination of IM characteristics of preamps was
as shown in Figure 2. Measurements were made of the 245 Mc signal level on the output
of a preamp when two signal generators, one located at 215 Mc and the other at 230 Mc,
were simultaneously fed into the preamp. The signal generators were connected to the
preamp input through a passive multicoupler to provide a 50 ohm source for the preamp
input and to minimize the possibility of interaction between the generators. The 245 Mc
output signal was measured using a telemetry receiver preceded by a 245 Mc bandpass
filter. The filter suppressed the signal generator frequencies to assure that the measured
signals were not generated in the receiver. In addition to the above, the preamp gain was
measured and the I db gain compression point determined.

The comparison of the nonlinear characteristics of preamps could be done by the
calculation of the third order coefficient in parts (10) or (12) of the equation presented
earlier. For convenience, however, in making comparisons and in predicting IM product



levels with varying signal conditions, the nomograph of Figure 3 was employed. The
nomograph is published by Avantek, Inc. of Santa Clara, California. It was preferred that
all signal and IM levels be referred to the preamp input rather than the output as
indicated. By doing this, the reference scale is an expression of k3/k1 rather than k3. It
should be noted from the equations or the nomograph” that when the two interfering
signal levels are raised one db the resulting 3rd order spurious signal will increase 3 db.
The second order spurious response level of the nomograph is of no value for the IM
cases considered.

Known input levels and the equivalent input IM level were initially plotted on the
nomograph. A straight line was then extended through these points and the reference
scale to determine the intercept point (IP) of the amplifier. By knowing the IP of an
amplifier the IM levels for any input signal condition can be easily estimated within the
range of the nomograph.

Shown on the nomograph is the range of a total of ten preamps tested that will
produce an equivalent IM product of -100 dbm (approximately 2.2 microvolts in a 50
ohm system) as referred to the input of the preamp. As can be seen, the input level of two
interfering signals may vary from -53.5 to -29.5 dbm to produce the -100 dbm IM
product as referred to the input. If -100 dbm is considered to be the minimum usable
signal the spurious-free dynamic range is then determined to be from 46.5 to 70.5 db for
the preamps tested.0 Eight of the preamps tested were of a solid state design. With one
exception the Us of the solid state units ranged from -16 to -30. The two vacuum tube
preamps and one of the solid state models possessed Us ranging from +2 to +6 on the
reference scale.

Preamp measurements were made at several signal levels to determine the scatter in the
IP values for a given preamp. It was found in most cases that a single measurement could
determine the IP within one unit on the reference scale. The greatest exceptions occurred
on the solid state devices having a low IP and at higher input levels.

A comparison was made of the 1 db gain compression points of the preamps with the IP
points. The IP of most solid state units ranged from 2 units below the 1 db compression
point to 11 units above. The IP of the two vacuum tube units and one solid state unit
ranged from 11 to 17 units above the I db compression point. Due to the scatter in these
comparisons, the I db compression point is not considered to be of any particular value
in determining IM products.

One of the vacuum tube preamps tested was a part of a conventional preamp
multicoupler combination with a 50 ohm interface. The preamp possessed a gain of 27
db with an IP of +3. The multicoupler possessed an IP of +13. The IP of the combination
was determined to be -15 as compared to -14 if the preamp gain is subtracted from the IP
of the multicoupler. As compared with the operation of the preamp alone, the addition of



the multicoupler reduced the dynamic range approximately 12 db. From this it can be
seen that in order to prevent an active multicoupler from being the predominant IM
producer it should have an IP that is at least greater than that of the preamp by the
preamp gain. Here would be a good place for the examination of the amount of isolation
required between receivers, improvements in receiver design to reduce the local
oscillator signal on the input terminal and the use of passive multicouplers with a
moderate reduction in system noise figure and gain ahead of the receivers, but since
these items are not directly associated with the subject at hand, they will not be discussed
further.

Receiver Tests    Intermodulation tests were conducted on five solid state receivers from
different manufacturers and one vacuum tube receiver. All of the receivers tuned from at
least 216 to 260 Mc and contained IF amplifiers with a rated 500 kc bandwidth. The
equipment setup for the receiver tests, as shown-in Figure 4, involved the use of three
signal generators which were multiplexed into the receiver input. The output frequency
of the lowest and highest frequency signal generators were equally spaced from the
center frequency generator. The receivers were tuned to the highest frequency generator
which was frequency modulated ±100 kc at a 20 kc rate. The two lower frequency
generators were unmodulated.

With a desired receiver input signal of -98 dbm the two lower frequency signals, of equal
amplitude, were raised until the demodulated video output dropped 3 db below its
normal level as indicated on the wave analyzer. The difference in these signal levels is
considered to be the dynamic range of the receiver. This range is probably optimistic for
most modulation formats or applications because of the large amount of distortion or
noise that was generally observed prior to the 3 db signal suppression point. To
determine if the intermodulation characteristics changed appreciably with signal level,
additional measurements were made with desired signal levels of -78, -58, and -38 dbm.
The receiver characteristics at these higher signal levels are necessary in system
considerations when employing appreciable gain ahead of the receiver. Measurements
were made with frequency spacings of approximately 1.67, 3.75, and 12 Mc. The odd
spacings were chosen in order to prevent the undesired signals from falling at known
receiver spurious response points located near the desired frequency. The results of the
tests were as follows:



Average Level of the Undesired Signal
Above the Desired Signal(Range of values)

It should be mentioned that this receiver test method is one of several tried. The method
that is probably the most obvious is the use of two signal sources with the receiver tuned
to the frequency of a third order IM product. The IM product amplitude could then be
determined from the AGC voltage of the receiver. This method was initially tried, but
discarded because of the unusual action in several of the receivers. As the interfering
signal levels were increased the AGC voltage of these receivers decreased. This effect is
thought to be due to self rectification, or a bias shift, in the early stages of the receiver.
This could reduce the normal gain of these stages thus causinf a reduction of the front
end noise being fed through the IF amplifier.

Cross modulation, in the normal sense, does not occur in FM systems because of the
constant amplitude nature of the signals and the circuitry normally employed. Cross
modulation occurs in the early stages of AM receivers due to the third and higher 4 order
nonlinearity of the active elements of the receiver. The results of AM cross modulation
tests are very interesting since both cross modulation and intermodulation are normally
caused by third order nonlinearities prior to the band limiting section of receivers.

Fortunately, in this case, all of the receivers tested provide an AM output capability so
AM cross modulation tests could be easily performed. The test setup used is shown in
Figure 5. The test procedure employed, after proper calibration, involved the
determination of the RF level of signal generator #2 that would effectively transfer 105/6
of its modulation to the CW carrier of generator #1. The frequency of signal generator //2
was varied up to 10 Mc above and below the 245 Mc, 100 microvolt, CW signal to
which the receiver was tuned. Results of these tests are shown in Figure 6.

Discussion    It was indicated that one of the eight solid state preamps tested possessed
linearity characteristics comparable to the two vacuum tube preamps. This preamp was



unusable in the local area, however, unless it was preceded by a 215 to 265 Mc bandpass
filter. Without the filter numerous spurious products were generated from signals outside
of the telemetry band. With the filter preceding the amplifier, no detectable spurious
products existed. This preamp was designed basically as an octave bandwidth amplifier.
It demonstrated the necessity of limiting the passband of an amplifier even though it had
relatively good linearity.

As indicated earlier, an active multicoupler should possess linear operating
characteristics greater than that of the preamp. The multicoupler should have linear
characteristics to a signal level at least as great as that obtained from the output of the
preamp when the preamp is amplifying signals of the maximum level expected.

In missile tests requiring a large number of telemetry channels, it is common to space
these channels equally in order to obtain the greatest number in a given band with
presumably the least chance of adjacent channel interference. It is normally assumed that
satisfactory reception will be obtained with adjacent channels up to 60 db greater than
the desired signal if the adjacent channel is well outside of the 60 db IF bandwidth. From
the results of the solid state receiver tests it can be seen that this is not the case unless the
channels have a spacing greater than 3.75 Mc.

In using the results of the receiver tests the net gain of the system from the antenna
output to the receiver input should be subtracted from the system threshold to find the
desired signal threshold at the receiver input. For example, if the system threshold is -
100 dbm and the net gain to the receiver input is 23 db the dynamic range should be
obtained from the -78 dbm readings. In this case the dynamic range is 60 db for the
vacuum tube receiver tested and from 22 to 40 db for the solid state units. If it is then
assumed that the desired signal is 20 db above threshold (-58 dbm at the receiver input)
it can be found that the spurious-free reception range would be to -23 dbm for the
vacuum tube receiver and from -24 to -44 dbm for the solid state units. When referred to
the antenna output this becomes -46 dbm for the vacuum tube receiver and from -47 to
-67 dbm for the solid state receivers. In the case of the worst solid state unit this
indicates that interfering signals of a 100 microvolt level could completely mask a 20
microvolt desired signal.

All measurements and discussions have been made assuming that interfering signals are
of equal amplitude. This should not imply that this is a necessary requirement to produce
intermodulation. For interfering signals of unequal amplitude reference to the equation is
suggested for relatively broadband devices such as preamps and multicouplers. For
receivers the prediction of the effects of unequal interfering signals requires knowing the
bandpass characteristics of the RF, first IF and mixers as well as their linearity.



Specifications for telemetry preamps, multicouplers and receivers contain essentially no
information which would allow the user to predict the effects of multiple channel
interference. To the author’s knowledge the potential interference produced by the third
order nonlinearities, as described here, is not considered in the frequently quoted MIL-I-
26600, 6181 or any other military interference documents.

MIL-I-26600 and MIL-I-6181 do specify a test employing two signal sources whose sum
or difference frequency falls at the tuned frequency of a receiver. This test is effectively
a measure of the effects of the second order coefficient, which shoul “ d be of little
concern because one of the signals must be less than 509/6 or greater than 1509/6 of the
desired frequency and is easily removed by moderate filtering.

Prior to performing the above tests, a search was made in an attempt to find some
standard test procedure for the discussed type of interference in FM systems. The only
test procedure found was in section 16 of EIA (Electronic Industries Association)
Standard RS-237 “Minimum Standard for Land Mobile Communications Systems Using
FM or PM in the 25-470 Mc Frequency Spectrum.” It is apparent that communications
equipment designers and users have recognized the RF intermodulation problem but that
few in the telemetry community have.

Conclusions    The results of the preamp and receiver tests indicate that there is
definitely an upper signal limit to the satisfactory operation of receiving systems. This
limit may be less than 25 db above the system threshold in some cases using receivers of
modern design.

It is generally assumed that adjacent channel interference is determined by the IF
selectivity of a receiver. Since receiver manufacturers generally specify comparable skirt
selectivities for the IF amplifiers, receiver noise figures and other characteristics, it is
impossible to determine from the specifications reasons why one receiver may be better
than another. The user is then forced to use his intuition in selecting a new receiver. To
select the new receiver of his choice, he is forced to specify that the receiver must have
‘X’ number of knobs, ‘Y’ number of meters, and ‘Z’ number of auxiliary functions. In
many cases these XYZ characteristics have little bearing on his requirements and no
bearing on the system performance in field use. Would it not be immeasurably better if
receivers, or other components, could be specified in terms of the required performance
under field use instead of lab conditions?

This paper covers only the RF intermodulation characteristics of telemetry receiving
components. Other vital characteristics such as the distortion on the demodulated output
are only implied by a statement of the discriminator linearity in the specifications of
many receivers. At one time distortion was specified at a modulation frequency of 1000
cps in many receivers but this is seldom stated at the present time. Distortion or



preferably video intermodulation should be specified with modulation frequencies
approaching the maximum frequency that the system is capable of handling. This should
be much more meaningful than the normal specifications quoted.

It is believed that standard telemetry receiving system component test procedures need to
be generated. These procedures must be designed and written so as to yield meaningful
information to the user. To generate these procedures inputs must be obtained from the
users as well as from the manufacturers.
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Figure 1-Output of Amplifier With Two Input Signals-see text

Figure 2-Preamp Test Setup





Figure 4-Receiver RF Intermodulation Test Setup

Figure 5-AM Cross Modulation Test Setup



Figure 6-AM Cross Modulation Characteristics
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Summary    Studies at the Langley Research Center of the National Aeronautics and
Space Administration have shown that certain physical properties of extraterrestrial
surfaces can be determined by analysis of impact-acceleration, time-history signatures
obtained by instrumented projectiles (penetrometers). This paper considers the theory
and design of a polarization-diversity receiver developed to receive and combine FM/FM
penetrometer telemetry data. The signals are radiated by a set of orthogonal magnetic
dipoles fed in time quadrature to obtain an omnidirectional radiation pattern similar to
the pattern from a conventional turnstile. A special polarization-diversity receiving
system is required to reduce the effects of fading of the RF carrier resulting from random
changes in the orientation of the radiating antenna system. Various combining
techniques are evaluated. Finally, a maximal-ratio, postdetection, dual-channel receiver
with dual conversion and subcarrier discrimination developed specifically for the
application is described.

Introduction    Information regarding the physical properties of lunar or planetary
landing sites is required to support manned landing programs. Studies at the Langley
Research Center of the National Aeronautics and Space Administration have shown that
physical properties of an alien surface such as penetrability, surface hardness and load
bearing strength can be determined by t1ke use of impact-measuring instrumented
projectiles (penetrometers). In the NASA technique, penetrometers, each containing an
acceleration sensor, subcarrier oscillator, FM telemetry system, antenna and battery
power supply, are directed toward the surface at selected velocities. On impact,
acceleration data are transmitted to a space probe or orbiting vehicle where the impact-
acceleration time-history signatures are analyzed to obtain comparisons between the
physical properties of terrestrial surfaces and the alien surfaces under investigation.

A spherical penetrometer with an omnidirectional antenna was one scbeme considered
by NASA. In this arrangement elaborate deployment techniques are not necessary;
transmission is maintained during impact regardless of penetrometer orientation. The
antenna system consisting of orthogonal. magnetic dipoles fed in time quadrature for full



spherical coverage was designed by Wheeler Laboratories Inc.1 The orthogonal
geometrywas used to eliminate radiation nulls along the dipole axes. The radiation
pattern is similar to that from a conventional turnstile antenna.

A single receiving antenna with arbitrary polarization would inevitably be cross-
polarized to the radiated signal at some point in space. In order to improve the reliability
and to make more efficient use of the RF signal incident on a receiving system at any
point in space, a diversity receiver with two orthogonally polarized antennas is required.
This report describes some factors influencing the design of the polarization-diversity
receiver developed to combine the two signals. Reliability, power consumption and
physical size (volume and weight) were prime factors effecting the system design. The
actual design used is not necessarily optimum. The system signal-to-noise ratio could be
improved by the addition of a third channel. However, improvement in performance
would not be warranted because of the increased power and size required.

Basic Assumptions    It is assumed that the amplitude of the received RF carrier emitted
by the penetrometer will fluctuate because of random changes in the orientation of the
radiating antenna system. (Figure 1) This fading phenomenon is similar to the familiar
random fading resulting from time-varying changes in the character of the transmission
media which effect conventional communication links. It follows, then, that standard
diversity combining techniques used for reducing the effects of fading can be applied to
improve either the signal-to-noise ratio or the reliability of the penetrometer telemetry
system.

Three types of diversity combining systems were considered for use with the
penetrometer system: selection-diversity, equal-gain diversity and maximal-ratio
diversity. A comprehensive evaluation of the three techniques has been given by
Brennan.2 Brief descriptions of the three techniques is sufficient for present purposes.
Rectangular rather than Rayleigh fading is assumed. (See Appendix)

In a selection-diversity system the single channel with the better signal-to-noise ratio is
selected and other channels are rejected. Switching transients associated with channel
selection could degrade the transmission and complete loss of data would result if
channel switchover was concurrent with data transmission. A second major disadvantage
associated with this technique is that although two receivers are required, the signal from
only one receiver is used regardless of the quality of the discarded signal. In view of
these limitations, it was decided to adopt one of the linear signal-combining techniques;
no further reference will be made to selection-diversity systems.

In a maximal-ratio combining system, the signal in each channel is weighed and
amplified in proportion to the signal-to-noise power ratio associated with that channel.
That is, the gain of each channel is proportional to the rms signal and inversely



proportional to the noise in that channel. The weighted signals are then linearly
combined. On the other hand, the equal-gain system simply sums both signals directly
without weighting; both channels have exactly the same gain. Although an equal-gain
system is easier to implement than a maximal-ratio system, the equal gain technique has
the distinct disadvantage that no provision is made to cut-off a very noisy channel.
Although post-detection combining is not suitable for equal-gain systems, either pre-
detection or post-detection can be used with maximal-ratio combiners and a very noisy
channel is automatically discarded. Accordingly, it was decided to use maximal-ratio
combining for the penetrometer receiver system.

The output of a maximal-ratio diversity system (See Figure 2) is given by the linear
combination

where sj and nj are the signal and noise components, respectively, in the jth channel. If
the coefficient aj is proportional to the rms signal and inversely proportional to the mean
square noise in that channel it can be shown2 that the maximum power realizable in a
maximal-ratio system is equal to the sum of the individual power ratios. It is assumed
that (1) the noise in each channel is independent of the signal and additive, (2) the
signals are locally coherent, and (3) the noise components are locally incoherent and
have zero means. In the present application local coherence of the signals means that if

where the xj are positive real numbers that change in time because of penetrometer spIn,
the characteristic times associated with penetrometer motion are very long compared to
the instantaneous variations of m(t). if it is further assumed that the local mean square
noises,          , vary so slowly that they may be considered constant and, for present
purposes, unity, then the local signal-to-noise power ratio for a maximal-ratio, dual-
diversity system subject to rectangular fading is given by

That is, in the case of a dual diversity receiver using maximal-ratio combining and
assuming rectangular fading no improvement can be realized over the signal-to-noise
ratio for an ideal single channel receiver defined as one not subject to fading. However,
the possibility of failure resulting from cross polarization of a single dipole and the
electric field vector is virtually eliminated.



Calculation of the power ratio for an equal-gain diversity combining system on the basis
of assumptions W-W above follows directly from application of the axioms that the
average power of a sum of uncorrelated signals is equal to the sum of the individual
average powers while the rms value of a sum of coherent signals is equal to the sum of
the individual rms values. Again assuming a two-channel system subject to rectangular
fading and considering            as constant and equal to unity the signal-to-noise ratio for
equal-gain combining is given by

That is, the average power ratio for a two channel equal-gain system is down roughly
1db from the average power ratio for a two-channel maximal-ratio system. In the extreme
case (one antenna and the electric field vector cross polarized) the power ratio for an
equal-gain system is 3 db down from a maximal-ratio system.

On the basis of these arguments it appeared that, except for the disadvantages imposed
by increased complexity and power requirements, the maximal-ratio combining system
was preferable to the other systems.

Receiver Design    A preliminary communications analysis leading to the receiver
design criteria is summarized in Table 1. The analysis is straightforward except that the
signal loss resulting from partial impaction of the radiating antenna system is estimated
to be 12 db. Taking into account the transmitter output power (20 dbm) and radiation
efficiency as well as estimated transmission path, impaction and polarization losses a
receiver noise figure of 10 db is required to ensure a minimum signal-tonoise ratio of 16
db. The maximum system bandwidth requirement has not been determined; tentatively, a
500 kc bandwidth has been selected for design purposes.

Figure 3 is a functional block diagram of the polarization diversity receiver. Post-
detection instead of pre-detection combining is used to avoid the phase-control circuitry
required to satisfy the local-coherence requirement. Adoption of post-detection
combining allowed concurrent development of the RF and video combining portions of
the circuitry. Referring now to Figure 3, the system contains two complete receiving
channels with dual down conversion - from 416 Mc to 70 Mc and 70 Mc to 12 Mc. The
first local oscillator is crystal controlled at 162 Mc and the output tripled to 486 Mc. The
second local oscillator is crystal controlled at 82 Mc.

Low Q’s associated with conventional LC circuits exclude them from use at UHF. Most
high Q circuits such as cavities or stub-tuned elements are prohibitively large. For the
specific application described here, shorted strip transmission lines, folded to reduce the
size, were used in both the RF pre-amplifier stages as well as the local oscillator tripler
stage. A total volume of one cubic inch was required for the combined preamplifier.,



local oscillator, and mixer in the bread-board model. Gains to the first IF amplifiers or 20
to 25 db with 6 to 8 Mc bandwidths and 6 to 8 db noise figures were achieved in several
models.

The 70 Mc and 12 Mc IF stages are conventional amplifier circuits mismatched to obtain
stability. The circuitry is self limiting. Wide dynamic range is obtained by use of “back-
to-back” diodes. The discriminator can be described as a bridge type followed by a
cascade voltage-doubling AM detector.3

The diversity combining circuitry is patterned after techniques described by Kahn4 and
Mack5. After amplification, the output of the discriminator is fed to a variable gain
amplifier controlled by an AGC voltage inversely proportional to the mean square noise.
(See Figure 2) The baseband voltage is applied to one gate of a tetrode FLT; the
integrated out-of-band noise is applied to the second gate. As the noise level rises in the
baseband the gain of the tetrode is decreased and the output signal reduced. The high
pass filter shown on Figure 3 is a passive, maximally-flat, Butterworth filter. The
optimum AGC response time, obviously, is somehow related to the characteristic
motions of the radiating antenna. At present the optimum response time is unknown;
tentatively, the response time is set at 10 msec.

Outputs of the two receivers are summed in a common emitter combiner and fed to a
sub-carrier discriminator consisting of a monostable multivibrator and an active, 3-pole,
Butterworth, low-pass filter.

Figure 4 shows a breadboard model of the 416 Mc receiver. The receiver occupies a
volume of roughly 27 cubic inches. Significant receiver specifications including
performance data are summarized in Table 2.

Conclusion    Although the tests of the breadboard receiver are incomplete, test data
obtained by bench simulation of rectangular fading have demonstrated the feasibility of
the design. It should be noted that a test of the complete penetrometer telemetry system
has not been attempted. However, the object of the study reported here was to determine
a reasonable set of design specifications for a prototype receiver. Power consumption,
physical characteristics (volume and weight), stability and reliability, received particular
emphasis.

No attempt was made to optimize the breadboard design. However., with minor
modifications., the volume as well as power consumption of the present receiver could
be reduced. Any extension of these studies should provide for investigation of pre-
detection combining techniques which would probably provide a closer approximation to
the theoretically realizable signal-to-noise ratio. The resulting system would be simpler 



than the system described here and it should be possible to achieve substantial reduction
in power requirements.
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Appendix - Rectangular Fading    First, consider a simple detection system which
consists of two receivers whose antennas are dipoles at right angle to each other and in
the plane of an electromagnetic wave of electric-field strength E. The input signal
voltage to one receiver is proportional to E sin 2, where 2 is the angle between the
dipole and the electric-field vector of magnitude E; the signal voltage at the other
receiver is proportional to E cos 2. Therefore, the signal power at the two receivers is S
sin2 2 and Scos2 2, where S, which is proportional to E2, is the signal power that would
be received by a receiver whose dipole antenna was aligned with the electric field.

No information is available to make any particular value of 0 more likely than any other.
Therefore, it is appropriate to assume for one channel an infinite number of possible
sourcee of the form

with



distributed uniformly throughout the range a to a + B/2. For a rectangular distribution the
probability density function q (2) is

The probability density function for x is

The local signal-to-noise power ratio for the jth channel can be obtained from the second
moment of the distribution. For unity circuit resistance, we have

and the local amplitude ratio, obtained from the first moment of the distribution, is

Table 1
TELEMETRY SYSTEM DESIGN CRITERIA



Table 2
RECEIVER SPECIFICATIONS



Fig. 1 - Unencapsulated Spherical Penetrometer (Note orthogonal loops)

Fig. 2 - Maximal-ratio Diversity Combining System



Fig. 3 - Receiver Block Diagram

Fig. 4 - Receive Breadboard



PRE-DETECTION DIVERSITY-COMBINER

WILLIAM HOLTON CASSON
Senior EE

 Telemetry Products
Defense Electronics, Inc.

Rockville, Md

Summary    Pre-detection diversity combining provides a number of advantages in
telemetry data reception, particularly when used in conjunction with pre-detection
recording equipment. These advantages include optimal ratio signal combining before
pre-detection recording, pre-detection signal-to-noise ratio and threshold improvement,
higher improvement in demodulated signal-to-noise ratio as compared with post-
detection combining, and a number of operational simplifications, which are further
enhanced when the combiner is used with dual channel receivers. Laboratory tests verify
predicted performance. Additional quantitative field data is needed, but preliminary
results indicate excellent performance, and no problems in maintaining phase lock have
been experienced.

Introduction    Diversity techniques have long been used to increase the reliability of
recovered information. Diversity combining has been thoroughly analyzed in the
literature (1) and no general dissertation will be given in this paper. However, a very
brief summary of the art is included to effect a proper perspective for the discussion
which follows.

Combining techniques can be categorized in various ways as indicated in the following
outline:

Pre-detection combining
Post-detection combining

Optimal (sharp) selection
Equal Gain
Optimal Ratio

AGC Controlled
Noise Controlled

2 Channels
More than 2 Channels



Devices utilizing almost all combinations of these techniques have been built for both
special and general applications.

This paper is primarily concerned with the design and performance of dual channel,
optimal ratio, pre-detection combiners, both AGC and noise controlled.

Pre-detection combining refers to the fact that the diversity signals are combined prior to
demodulation. The advantages of this approach have long been recognized, but only
recently have devices utilizing this principal been available and widely accepted in the
telemetry field.

Optimal ratio combining provides a theoretical improvement in signal-to-noise ratio
given by the following equation originally suggested by L. R. Kahn (2).

For example, in a two channel system with equal quality input signals

A four channel system with equal quality input signals would provide a 6 db
improvement.

In order to realize this improvement the contribution of each input signal to the
combined output signal must be in proportion to the square of the respective input S/N,
the so-called “optimum ratio”. (5) For example, in a two channel system with                  
the contribution of channel (1)must be 22 = 4 times the contribution of channel (2) with a
resulting S/N improvement given by

an improvement of 0.96 db above the better input signal.

Advantages of Pre-detection Combining    The most obvious need for pre-detection
combining is m those systems utilizing pre-detection recording. Virtually all telemetry



stations include diversity antenna systems. Polarization diversity outputs are available on
most steerable structures, while some of the older fixed ground arrays still utilize space
diversity. Both noise controlled and AGC controlled post-detection combiners have been
in fairly wide use in these stations since about 1960. However, the popularity of these
units has been somewhat limited by operational problems associated with the pre-pass
set-up and calibration of the combiners, and in many installations the diversity RF
channels are utilized only for redundant data recording.

Most data acquisition stations already include, or are presently being retrofitted with
wideband pre-detection tape recorders and associated pre-detection processing
equipment. The advantages of pre-detection recording in increasing the data handling
capabilities and flexibility of telemetry stations has been widely covered in the literature.
(3)

Unfortunately, the utilization of post-detection diversity combiners to enhance the data
derived from pre-detection recordings, has generally proven impractical. For example, to
utilize an AGC controlled post-detection combiner in a pre-detection system, each
receiver AGC voltage must be transferred to a subcarrier and recorded on the same tape
with the corresponding data record-carriers. The data and AGC record-carriers must then
be demodulated and applied to the combiner. The performance of an optimum ratio
combiner is critically dependent on (1) maintaining phase coherence between the data
being combined and (2) precise adjustment of the combiner control circuits to “track” the
AGC voltage of the particular associated receivers. Differential phase flutter on adjacent
tape tracks limits the combiner signal-to-noise ratio improvement at the higher data rates,
and in order to obtain any semblance of AGC tracking, the combiner must be pre-set-up
with the particular receivers being recorded. Those familiar with the equipment involved
will appreciate the operational problems involved in augmentating such a system.
Another factor which presents a serious problem in some programs, is the reduction of
the available data channels by the number of additional AGC channels required for post-
detection combining.

Some of the problems indicated above would not be applicable to noise sampling post-
detection combiners. However, these devices require that part of the system information
bandwidth be free of data components and “reserved” for noise sampling, and this
restriction significantly reduces the efficiency of bandwidth utilization, particularly in
the recorders.

Diversity combining prior to pre-detection recording eliminates the problems outlined
above. The pre-detection combiner accepts two pre-detection carriers which are
degraded by low signal level and/or multipath fading. The combiner provides one “solid”
combined signal to one channel of the pre-detection recorder. The signal-to-noise ratio of
the combined signal will always be at least equal to, and will statistically exceed, the



signal-to-noise ratio of the best input signal. Furthermore, instead of reducing the
number of data channels, the pre-detection combiner allows much more efficient
utilization of the pre-detection recorders by combining two channels into a single data
channel. For purposes of redundancy, many programs require that the uncombined
signals also be recorded. However, because of the high reliability of present solid state
receiving equipment, and the greatly increased number of data channels on the more
sophisticated spacecraft and launch vehicles, the demand for multiple recordings of the
same information is being reduced.

Pre-detection combining effects a significant improvement in the pre-detection signal-to-
noise ratio (S/N) and a consequent improvement in FM threshold.

Threshold in an FM system is defined as the Pre-detection S/N, or equivalently the RF
input level, below which the demodulator output S/N is no longer directly proportional
to the pre-detection S/N, and begins to degrade at a higher rate than the pre-detection
S/N. A typical FM demodulator will approach threshold at a pre-detection S/N of
approximately 13 db. Figure 1 includes a curve of post-detection (video) S/N vs. RF
input level under a typical set of operating conditions. The diagram shows the FM
threshold effect and also the theoretical improvement in video S/N and threshold for both
a post-detection and a pre-detection two channel combining system. As indicated in
equation (1), the combination of two signals with equal S/N will theoretically result in a
S/N improvement of 3 db. The same improvement is obtained with either pre-detection
or post-detection combining. However, since the effective receiver input noise can be
considered constant, the pre-detection S/N increase is equivalent to a numerically equal
increase in the RF input level to the receiver. The result is, that the effective (RF)
threshold level is improved (that is reduced) by an amount equal to the S/N increase
provided by the combiner. Above threshold, the improvement in video S/N is the same
with both pre-detection and post-detection combining. Below threshold, the
improvement obtained with post-detection combining is the same as that obtained above
threshold, that is, 3 db in a two channel system. However, with pre-detection combining,
the improvement in video S/N at FM threshold and below is significantly greater than
3 db in a two channel system. This effect is the result of the non-linear relationship
between pre-detection and post-detection S/N below threshold. These relationships are
shown in detail in Figure 1. For example, under the indicated operating conditions, the
uncombined video S/N with an input level of -100 dbm (5 db below threshold) is
approximately 18 db which is a usable signal in most circumstances. At this level pre-
detection combining produces a video S/N improvement of approximately 5.2 db as
compared to a 3 db improvement with post-detection combining. At an input level of
-105dbm pre-detection combining produces a video S/N improvement of 6 db which is
equal to the theoretical improvement obtained in a four channel postdetection combiner.



The modulation index in the present example is fairly low ()F/Fm=1.25) but is
representative of FM/FM standards. At higher modulation indices the FM threshold will
occur at a higher video S/N and the slope of the curve below threshold will be
considerably steeper than in Figure 1. (4) For example, with a modulation index of 4.
threshold occurs’at a video S/N of 30 db and below threshold, the video S/N degrades at
almost three times the rate of the pre-detection S/N. For this case pre-detection
combining produces a video S/N improvement of approximately 8 db at RF levels
producing uncombined video S/N of 20 db.

It must also be noted that pre-detection tape recorders exhibit a threshold characteristic
similar to an FM demodulator, that is, below a certain input S/N the output S/N begins to
degrade at a higher rate than the input SIN. This effect in the recorder worsens the
overall FM system threshold.

Thus, by improving the pre-detection S/N before recording as well as before
demodulation, the pre-detection combiner can effect a considerable improvement in
system performance. The degree of improvement is a function of the particular operating
conditions but a pre-detection combiner should always provide better performance than a
post-detection combiner, even in those systems which do not utilize pre-detection
recording.

Another significant advantage of pre-detection combining has become apparent with the
increase in operational experience with these devices.

One of the problems associated with post-detection combiners is the fact that the units
must be set-up and optimized with a simulated modulation format, and with a particular
value of video input level. Once set-up, the video dynamic range must be limited to
approximately ±6 db for undegraded combiner performance, and the differential level
changes between the input video channels must be kept within about 0.5 db. If the video
level into the combiner changes for some reason, such as the result of receiver
adjustment or additional loads being patched onto the video distribution circuit, the
combiner must be re-adjusted. Recently designed post-detection combiners utilize rather
clever control and metering schemes to facilitate these adjustments. However, the most
troublesome aspect of the problem is that information on the exact frequency deviation
of the spacecraft transmitter is many times not available to down range stations prior to
vehicle launch. Furthermore, some spacecraft transmitters are programmed to change
deviation or modulation format during orbit and unwanted deviation changes and drifts
are also not uncommon. Consequently, in order to obtain maximum performance from
post-detection combiners, an operator must monitor the transmitter deviation and
receiver video level and, if necessary, carefully adjust the combiner during the pass.
Some metering circuits are unreliable with complex video signals, and since the
combiner performance can be seriously degraded by small misadjustments, serious



operational problems can occur. Also, in some circumstances, the large number of RF
data channels and the short pass durations, limit the time for any combiner adjustment,
again resulting in possible data degradation.

The pre-detection combiner is essentially free of this type of problem. The combiner
operates on the pre-detection IF output of the receiver. This signal is maintained constant
within about ±2 db by modern receiver AGC circuits and the pre-detection output level is
completely independent of the FM modulation format, including deviation. For some
applications, the combiner can also operate from a limited pre-detection IF signal with
virtually zero amplitude variation.

The pre-detection combiner must be initially set-up and optimized with a particular
receiving system, but generally the adjustment seldom requires re-setting, and no
operational level adjustments are required. Thus, although the circuitry of a post-
detection combiner is somewhat less complex than a pre-detection combiner, the pre-
detection unit is operationally much simpler and will provide essentially unattended and
reliable service in a pre-detection system. A pre-detection combiner also allows
considerable flexibility in an overall telemetry receiving system even if pre-detection
recording is not utilized. Some ancillary combiner features which can only function with
a combined pre-detection signal can significantly improve system performance. This
subject is further discussed below when the system aspects of pre-detection combining
are considered in detail.

Design Considerations    The primary requirement peculiar to pre-detection combining,
and the only significant difference between post-detection and pre-detection combiners,
is the necessity of maintaining an in-phase relationship between the input signals being
combined.

In post-detection combining, particularly in space diversity, it is sometimes necessary to
equalize the time delay in the RF or the video circuits to insure that the phase of the
video signals applied to the combiner is within about 10 degrees up to the highest data
rate. Phase errors in excess of 10 degrees will cause a measurable degradation in S/N
improvement and an increase in system distortion. In general, this requirement is easily
satisfied by incorporating fixed delay lines in the receiving system.

The video output of an FM demodulator is proportional to the instantaneous input
frequency but is completely insensitive to the relative “static” phase of the IF signal.
However, in pre-detection combining it is the IF carriers which must be added in phase,
and phase coherence must be maintained as the carriers are deviated with modulation. It
might first be suspected that, with space and polarization diversity systems, which
accommodate signals from a single RF source, IF phase coherence could be maintained
by utilizing fixed delay equalization and common local conversion oscillators in the



receiving channels. However, this approach willbe unsuccessful in most applications.
The very fact that space and polarization effects are realized, implies that propagation
delays are producing continuous and essentially random phase variations at the receiving
antennas. To maintain phase coherence between the pre-detection signals, pre-detection
combiners must include a phase tracking loop which continuously corrects for the phase
drift due to propagation and other effects.

The phase tracking servo loop may take a number of forms. In systems which are to be
used with amplitude and phase modulated signals only, a coherent loop may be used, in
which all the pre-detection IF carriers are individually locked to a common reference
oscillator. This approach provides excellent threshold characteristics and a few systems
of this sort have been developed. (6)

However, to combine FM signals a correlation scheme must be utilized in which the two
pre-detection carriers are applied to opposite inputs of the same phase detector. Since
both channels are derived from the same modulating source, the instantaneous frequency
deviation is the same in both channels, and the error voltage produced in the phase
detector is only a function of the slowly varying “carrier” phase difference between the
two channels. The phase error voltage is applied to an active loop filter and utilized to
maintain phase lock between the pre-detection channels.

The usual phase detector circuit has a cosine transfer function which produces zero error
voltage when the input signals are 90 or 270 degrees out-of-phase. Since the phase
tracking loop “tends” to zero the error voltage, the pre-detection carrier will lock 90
degrees out-of -phase, which is obviously the wrong condition for combining. To avoid
this difficulty, phase comparator circuits have been developed which produce zero
output with zero degrees phase error. One such circuit utilizes digital-techniques to
effect a linear transfer function over a range approaching zero to 360 degrees. The circuit
is designed to produce zero error with an input phase difference of 180 degrees, and an
“extra” phase reversal in one input allows the pre-detection signals to lock in phase.
Although this device provides excellent performance, the circuit is rather complex and
requires special techniques to insure reliable acquisition of phase lock.

A rather novel and quite simple phase comparator circuit is utilized in a combiner
manufactured by Defense Electronics, Inc., and is described in detail below. This circuit
has an overall sine transfer function and exhibits excellent stability and acquisition
characteristics.

Several methods are available to dynamically vary the phase between the two pre-
detection channels. One particularly simple approach utilizes voltage-controlled delay
lines in series with the local oscillator input to the second mixers of the telemetry
receiver. The active loop filter provides a differential output which simultaneously



increases the delay in one channel and decreases the delay in the other channel, thus
doubling the delay sensitivity. (At least one system was designed using motor driven
delay lines.) (7) This approach has been successfully demonstrated in experimental
designs, but has one basic limitation. Since a delay line can effect a phase change, but
cannot produce even one cycle of static frequency off set, delay line phase control is
limited to systems utilizing common first and second local oscillators, thus eliminating
the possible use of the system for frequency diversity applications. However, there are
few, if any, requirements for frequency diversity in present telemetry systems, and since
the popularity of dual, common LO receivers is increasing, delay line phase control may
be the preferred method in future systems. Dual vs. single channel receivers are
discussed in more detail below.

At least two manufacturers are presently producing pre-detection combiners which
utilize voltage-controlled oscillators to provide the phase variation in the tracking loop.
This approach is shown in Figure 2. The second IF carrier from each telemetry receiver
is down-converted to a carrier frequency which can be accepted by a wideband pre-
detection tape recorder, generally in the frequency range between 100 kc and 1 mc. A
stable crystal controlled conversion oscillator is used in one pre-detection channel
(designated the reference channel) and a front panel switch is provided to select crystals
corresponding to a number of standard recordfrequencies. The other pre-detection
channel (designed the slave channel) utilizes a VCO for the conversion oscillator. The
VCO nominal center frequency is simultaneously selected by the record frequency
switch.

The VCO frequency control voltage is derived from the tracking loop phase detector,
through the loop filter. The servo loop is thereby closed and the VCO frequency/phase is
automatically and continuously corrected to maintain phase lock between the two pre-
detection record-carriers.

The actual combination of the two channels takes place at the recordcarrier frequency
and details of the combining circuit are discussed below.

The tracking loop filter must be carefully designed to insure optimum combiner
performance, and the final filter configuration is a compromise between a number of
somewhat conflicting performance considerations. A second order servo loop is
generally used because of the satisfactory acquisition characteristics, and more
importantly, because the carrier phase errors are reduced to low values with large static
input frequency errors. Combiner performance will be measurably degraded with phase
error between the combined signals in excess of about 10 degrees. The overall tracking
loop gain must be sufficient to limit the phase error to less than this value with the
maximum expected frequency correction. However, because of small unbalances in the 



loop phase detector, the phase acquisition characteristics of the loop will be degraded if
the loop gain is increased indefinitely.

The loop bandwidth must be sufficiently wide to allow the loop to track the highest
expected frequency/phase rate of change. The loop acquisition range and rate increases
with loop bandwidth. However, the loop locking threshold in the presence of noise is an
inverse function of loop bandwidth and a design compromise must be determined. A
study was made of the (8) maximum rate of input phase shift in a polarization diversity
system due to such factors as multipath, spacecraft elevation, antenna patterns, and
Faraday rotation. The analysis indicates that a phase correction rate of 10 degrees per
second is adequate at VHF. However, the analysis is admittedly superficial, and the
possibility exists of considerably higher rates occurring at multipath nulls.

Because of the lack of precise information on maximum rates of phase change in
diversity systems, particularly at S-Band, another criteria was used in the final
determination of loop bandwidth. Since FM threshold occurs at a carrier signal-to-noise
ratio in excess of +10 db, the loop bandwidth was adjusted for a locking threshold of -
10 db carrier S/N in both channels simultaneously. This design allows a 20 db “spread”
between the signal level corresponding to FM threshold and the signal level
corresponding to loss of phase lock.

A correlation type loop exhibits a threshold effect with input S/N near zero db, but the
required locking performance was achieved with a loop bandwidth of approximately
1000 Hz. This bandwidth allows a phase tracking rate in excess of 105 cycles per second
which is more than adequate for any expected phase error rates. The strong loop capture
range is approximately ±1 kHz, and with careful phase detector balance, the weak
capture range can be considerably wider.

With an S/N higher than -10 db in either or both channels, phase lock is, of course,
maintained. If one channel loses signal entirely, the tracking loop will lose lock, but as
long as the “good” channel has carrier S/N in excess of approximately +6 db, the
combiner circuits will completely eliminate the “bad” channel from the combined output,
and no data degradation will occur. As the “bad” channel signal level increases the
combiner must reacquire lock. As long as the tracking loop response time is less than the
receiver AGC attack time (about 1 millisecond minimum in modern telemetry receivers),
phase lock will occur before the combiner allows contribution from both channels.
Acquisition times of less than 1 millisecond are obtained assuming the VCO has not
drifted too far during the loss of signal interval. Since a high rate of signal level change
between channels is generally associated with short duration signal level nulls,,
maintaining phase lock during severe multipath fading has not been a problem. VCO
drift during indefinitely long periods of signal loss in one channel, such as might result
from a very slowly rotating spacecraft, is greatly reduced by a small degree of cross



channel signal coupling ahead of the record-carrier down-converters. This coupling,
about 40 db below the normal IF input signal level, allows a strong signal in one channel
to self lock the VCO at the reference crystal oscillator frequency until the weaker
channel receives sufficient signal to resume control. This scheme is particularly suited to
common-LO-dual receiver applications.

It might be noted here that no phase acquisition or tracking problems have been
experienced in the field operation of pre-detection combiners with polarization diversity
systems, in the VHF telemetry band.

Another problem area which has been suggested, is the possibility of a noisy reference
channel producing sufficient noise at the phase detector output to frequency modulate
the VCO, and degrade an otherwise noise free slave channel. However, the peak-to-peak
phase detector output voltage with full wideband noise loading is limited to the
equivalent output with ±90 degrees phase shift. The total power of the noise components
available to modulate the VCO is equal to the “limited” output of the phase detector
divided by the ratio of receiver IF bandwidth to the open loop noise bandwidth of the
tracking filter. The open loop cut-off frequency is much narrower than the receiver
information bandwidth, and both the incidental deviation and the effective modulating
frequency are negligibly small when compared to typical telemetry signals. It is possible
however that this effect could be significant when combining at very narrow information
bandwidths.

Combining at Receiver Intermediate Frequency    Pre-detection combiners presently
being produced for telemetry applications all accomplish the combining process at the
record-carrier frequencies after down-conversion.

An alternate approach which has periodically generated some interest is to combine at
the receiver second intermediate frequency. This scheme is technically feasible and a
limited number of highly specialized IF combiners have been designed.

To maintain phase coherence between the IF carriers, it is possible to utilize the delay
line techniques as indicated above. However, a more commonly proposed approach
utilizes the receiver’s second local oscillators in a phase lock configuration similar to the
scheme used for record-carrier combining. The primary disadvantage in either approach
is that the combiner and receiver circuitry and functions are closely “tied-together”, and
failure or misadjustment in the combiner can result in complete loss of data from the
receiver. For example, if the combiner loses phase lock, the resulting “beat” frequency
between the two IF carriers can frequency modulate the VCO and appear in the receiver
demodulated output. In addition, sustained loss of signal in the reference channel may
allow the second local oscillator in the slave channel to drift sufficiently to completely
de-tune the receiver.



On the other hand, record-carrier combiners are functionally isolated from the receiver
circuitry, and the combiner operation has no effect on the receiver performance.

The main argument in favor of IF combining is that the combined pre-detection carrier
can be demodulated directly at the receiver intermediate frequency without the
intervening processes of down-converting to a record-carrier and re-up-converting back
to the intermediate frequency.

At the present time however, this argument appears to be based more on the esthetics of
this approach rather than on any definite performance advantage.

Signal degradation in the form of spurious products, and phase distortion at the wider
bandwidths, has been a minor problem with some of the earlier designed pre-detection
playback converters. However, signal degradation produced in the up-conversion process
has been virtually eliminated in the recently developed “single-sideband” up-converters
which utilize true linear phase product detectors and phase splatters.

Pre-detection combiners often include single-sideband up-converter and an associated
FM demodulator, as an optional feature. In this configuration the down-converter in the
reference channel and the upconverter both utilize the same crystal-controlled local
oscillator, and any frequency noise or drift produced in the conversion oscillator is thus
cancelled in the demodulator output.

For those applications requiring receiver-demodulator bandwidths which exceed the
limitations imposed by the recorders and the standard record-carrier frequencies, pre-
detection combiners are presently available with higher record-carrier frequencies. For
example, a 2.25 mc record-carrier will allow full demodulation performance with an
overall pre-detection bandwidth of 3.3 mc.

For the more conventional bandwidth applications, record-carriers are quite often
demodulated directly without up-converters. Record-carrier demodulators utilizing pulse
averaging techniques are presently available, and provide excellent performance with a
high degree of operational flexibility.

If a data acquisition system does not include any requirement for pre-detection recording
then combining at the receiver IF is likely to be less complex and less expensive than
record-carrier combining. However, as discussed earlier in this paper, many of the
advantages of pre-detection combining are obtained in conjunction with pre-detection
recording. If the system requirements include redundant recording of the uncombined
pre-detection carriers, combining at IF will necessitate the use of three, instead of two,
down-converters and an up-converter is still required for tape playback.



Thus, in most applications, the technical and economic advantages of IF combining are
questionable.

Circuit Description    Figure 2 is a functional block diagram showing the typical
features of high performance pre-detection record-carrier combiners currently being used
for telemetry applications. In addition to the basic combiner circuit (shown with dark
signal paths), the diagram shows four optional features which significantly enhance the
combining system performance and flexibility.

The 10 mHz second intermediate frequency from the two receivers is applied to
independent down-converters in the combiner. The local oscillator (LO) signal for
channel B (reference channel) I is obtained f rom a crystal-controlled oscillator. This
oscillator is provided with switch selectable crystals which determine the output record-
carrier frequency. Normally, at least four standard record-carrier frequencies are
provided with a SPECIAL switch position available as an option.

The LO signal for Channel A (“slave” channel) is obtained from the loop voltage-
controlled oscillator (VCO).

A combiner manufactured by Defense Electronics, Inc., utilizes a rather unique phase
comparison circuit, described as follows. The channel A input signal is applied to an
auxiliary mixer with essentially the same performance as the channel down-converters. A
broad band phase splitter in the VCO output maintains a constant 90 degree phase
difference between the LO signal applied to the channel A down-converter and the LO
signal applied to the auxiliary mixer. The record-carrier output of the auxiliary mixer is
applied to a phase detector along with the reference record-carrier. The error voltage
output of the phase detector is applied to an active loop filter, which in turn provides the
frequency control voltage to the VCO. The loop phase detector has a typical cosine
transfer function and the tracking loop will lock the output of the auxiliary mixer 90
degrees out of phase with the reference record-carrier. However, because of the
additional 90 degree phase shift between the LO signals applied to the auxiliary mixer
and the channel A down-converter, the reference channel and slave channel record-
carriers will be locked exactly in phase. Thus, the overall result is a phase comparator
which provides the required “sine” characteristics, while fully utilizing the highly stable
cosine type detector.

The two phase-locked record-carriers are applied to the combining circuit which is
described in detail below. The uncombined record-carriers are also applied to individual
output amplifiers, and to a second “quadrature” phase detector. This phase detector
generates a DC output voltage when the record-carriers are in phase, and provides an
activating signal for the lock indicator light circuit.



The combiner circuit also accepts the combiner control signal, which is normally derived
from the receiver AGC voltage. The combined record-carrier obtained from the combiner
circuit is applied to a separate output amplifier.

A simplified schematic diagram of the combiner circuit is shown in Figure 3. This circuit
functions quite similarly to the beam-switching vacuum tube circuits which have been
used successfully in previously designed post-detection combiners. Q1-Q2 and Q3-Q4

comprise two emitter coupled differential amplifiers respectively. Each of the two
uncombined signals is AC coupled to the common emitter junctions of one of the
transistor pairs, and the signal components control the total current flowing through each
differential amplifier. Each channel control signal is applied to one input of both
differential pairs. The combined output signal is obtained from one of the collector loads
which is common to one transistor in each differential amplifier.

As the relative channel control voltage varies with the quality of the uncombined input
signals, the relative contribution of the uncombined signals to the combined output is
smoothly varied from zero to 100 percent. Because of the equal high value common
emitter resistors in the two differential amplifiers, the total current through the collector
loads remains constant, and as long as the uncombined signal amplitudes are equal, the
combined signal amplitude will remain constant for all contribution ratios. The circuit
common mode and differential control voltage suppression is optimized with the small
value balance adjustments, R1 and R2.

The optional features shown in Figure 2 include two alternate record-carrier
demodulation circuits. The IF Demodulator utilizes an integral up-converter and a
number of circuit modules taken without modification from an associated telemetry
receiver. These modules, including the IF filter and FM discriminator front panel plug-
ins, provide the combiner with a “third” demodulation channel which duplicates the
functions and performance of the receiver demodulators. The up-converter obtains an LO
signal from the reference channel local oscillator, and as indicated above, the combiner
and demodulator can accommodate the full receiver bandwidth with a special high
record-carrier frequency.

The Record-Carrier Demodulator option is used with the more conventional recorder
bandwidths, which currently is approximately 4/3 the record-carrier frequency up to
1.5 mHz.

Since the basic combiner circuit will process video signals as well as record-carriers, the
combiner can easily be provided with a post-detection combining mode. This capability
is useful in a variety of situations where for some reason, pre-detection combining or
pre-detection recording is not possible. The additional switches and front panel controls
are shown in Figure 2.



In some airborne telemetry receiving applications, very large phase delays due to
multipath effects can occur. These phase delays are large compared to the data wave
length, and since in general the data is not repetitive, the direct and reflected carriers
appear at the receiving antennas as two (or more) uncorrelated signals on the same
frequency. The resulting data distortion can be severe even though the composite signal
strength applied to the receiver is quite strong. Under these conditions an AGC
controlled combiner can actually aggravate the data degradation by allowing the stronger
distorted signals to contribute to the combined output.

However, both theoretical considerations and experimental results indicate that the
“noise” spectrum resulting from this type of multipath distortion is confined to the upper
frequency extremes of the base band.

A noise sampling combiner mode has been provided in both pre-detection and post-
detection combiners designed for the A/RIA program. The basic circuit approach is
shown in Figures 2 and 3. The interference spectrum is sampled with high pass filters
which are fed from the receiver demodulator. The sampled noise is amplified, rectified,
and applied to a control voltage shaping circuit. The resulting control voltage has
approximately the logarithmic characteristic of the receiver AGC voltage and operates on
the combiner circuit to suppress the degraded channel. The high pass sampling filter
must be optimum for the pre-detection and post-detection bandwidth.

The noise sampling mode operates equally well in the pre-detection or post-detection
combining mode and by proper selection of the filter characteristics, the noise sampling
circuits will provide optimum ratio combining utilizing “white” channel noise.

System Considerations    Pre-detection combining techniques have evolved together
with another significant development in data acquisition equipment, namely dual channel
receivers. These solid state receivers generally include two signal channels, complete
from the RF input through the demodulator output, and each channel provides the full
capabilities found in a modern telemetry receiver. Although these receivers are
frequently provided with independent first and second local oscillators in each channel,
the most common applications require that the first and/or the second local oscillators
deliver a common phase coherent signal to both channels.

In addition to the obvious economies in packaging, there are a number of advantages
obtained by using dual receivers in both post-detection and pre-detection combining
systems. For example, one of the more difficult problems in an optimal ratio AGC
controlled system is to obtain adequate “tracking” between the AGC characteristics of
two receivers, even of the same type. A dual receiver allows precise matching of the gain
and AGC characteristics of the two channels, and since all circuits obtain power from the 



same common supply, and are subjected to the same temperature variations, the AGC
tracking once optimized, can be reliably preserved in the field.

The most significant advantage of dual, common LO receivers however, is in the
operational simplicity afforded in either a post-detection or pre-detection combining
system. With the number of RF links rapidly expanding as the launch and space vehicles
become more sophisticated, it is becoming increasingly more difficult for operators to
initially “tune-up” a station, and to keep racks of receivers properly tuned with the
doppler and drift rates normally encountered during a pass. With space and polarization
diversity, the ability to simultaneously tune both receiving channels, greatly reduces the
possibility of mis-adjusting the system and losing the combined data.

Common LO tuning is particularly important in a pre-detection system. The pre-
detection combiner must maintain phase lock between the IF carrier from the two
receiver channels. To acquire and maintain lock the VCO in the combiner phase tracking
loop must be “pulled” to accommodate the frequency difference between the two IF
input frequencies. With space and polarization diversity, and with common local
oscillators in the dual receiver, the “average” IF frequencies are identical in the two
channels regardless of the degree of receiver mis-tuning, and the combiner only has to
correct for the short term frequency/phase disturbance due to propagation eff ects.

The question of automatic frequency control (AFC) arises in connection with dual
receivers. Very “tight” AFC performance is usually required in modern telemetry
systems to insure optimum demodulator performance and to maintain the pre-detection
record-carrier frequencies within tolerance. This requirement is particularly critical in
S-Band applications because of the severe doppler effects at these frequencies. In a dual
channel receiver, the control voltage for the single local oscillator can be derived from
the FM demodulator in either channel. However, there is the obviously real possibility of
completely losing AFC when the RF signal into one receiver channel fades. One simple
and effective solution to this problem is to derive the AFC control voltage from the FM
demodulator provided in the pre-detection combiner. This demodulator will normally
have characteristics identical to the receiver demodulator, and will continuously operate
on the combined and improved pre-detection IF carrier. Figure 2 shows the “combined”
AFC output, and this control signal is applied back to the common VCO in the dual
receiver.
 
A somewhat different but more sophisticated approach to the AFC problem was utilized
in dual receivers recently designed for the A/RIA program. The “A/RIA” receiver is
provided with a common first local oscillator, but an independent second LO is included
in each channel. A separate AFC loop is provided in each channel. In order to insure
reliable AFC acquisition under all forseeable operating conditions, the AFC circuits
include a high performance automatic search-and-lock mode. Operational amplifier



techniques are utilized to obtain very large frequency correction factors, and the
maximum IF frequency difference is easily accommodated by the VCO in the pre-
detection combiner.

The dual receiver and pre-detection combiner system can provide a definite advantage in
applications requiring coherent phase-lock demodulation. By applying the combined pre-
detection carrier (either at the record-carrier frequency orafter up-conversion to IF) to the
trackingloop phase detector and utilizing the loop phase error voltage to control the
common VCO, the coherent phase tracking loop will thus continuously track a combined
and improved signal. As fading occurs in the individual channels, the tracking loop will
remain phase locked and no interruptions of the data will occur.

Although the dual receiver approach does provide operational advantages, it must be
noted that pre-detection combiner operation with completely independent single channel
receiver is definitely feasible and has been demonstrated.

A pre-detection combiner manufactured by Defense Electronics, Inc., includes a highly
stable tracking loop with the wide acquisition range of ±30 kHz. The frequency
difference between the receiver pre-detection IF signals can easily be maintained below
±30 kHz by utilizing either the receiver AFC mode, or an “expanded scale” tuning meter,
particularly in those receivers which include an internal IF calibration oscillator. To
facilitate equalizing the pre-detection frequencies at the wider IF bandwidths, currently
available pre-detection combiners include a Frequency Error meter. This meter is
connected to the output of the phase tracking loop filter and provides an indication of the
degree of VCO pulling required to maintain phase lock. Normally the receiver Vernier
tuning is adjusted to “zero” the Frequency Error meter. Most combiners also include a
Channel Contribution meter which provides a continuous indication of the proportional
contribution of each uncombined channel to the combined output. This meter is also
used in the initial set-up of a combining system to aid in AGC “tracking” of the
independent channels.

Performance of Pre-detection Combining Systems    The predicted performance for
pre-detection combiners has been well verified in both laboratory tests and in the field.
Pre-detection signal-to-noise ratio improvements of 2.8 db are consistently measured and
improvements of very nearly 3 db are obtained with careful adjustment. The
corresponding post-detection S/N improvement depends on the operating conditions and
on the type of FM demodulator used. With a Foster-Seeley discriminator, the following
performance was consistently obtained with the indicated test conditions.
 

Pre-detection bandwidth = 500 kHz
Post-detection (VIDEO) bandwidth = 100 kHz
Deviation ±125 kHz



RF level 6 db below uncombined FM threshold
Demodulated S/N improvement = 5.5 db

Pre-detection combiners have been used in telemetry receiving stations since 1963. Field
experience indicates that the operational advantages obtained with pre-detection
combiners and dual, common LO receivers has completely justified the approach, and no
unusual operational difficulties have been experienced.

It is interesting to note that the combiner lock indicator light is utilized in some telemetry
stations to provide the MDS (minimum discernible signal) alarm, and to the author’s
knowledge, no system difficulties or data degradation have been traced to combiner
phase lock problems.

Quantitative data on field performance should become available in the near future.
Preliminary tests indicate that pre-detection combining provides a significant
improvement in PCM threshold, and because the combiners effect a reduction in signal
“drop-outs”, the overall reliability of pre-detection recording systems has been
significantly improved.
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Fig. 1 -Theoretical Video S/N Improvement
Post-Detection and Pre-Detection Combining





Fig. 3-Simplified Schematic Diagram
Basic Combining Circuit
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