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32nd ANNUAL REPORT OF THE
TELEMETRY STANDARDS COORDINATION COMMITTEE

To:  Directors of the International Foundation for Telemetering (IFT)

From:  Gerry Galleher, Chair, TSCC

Subject:  1991 - 1992 Annual Report

The TSCC, as is its standard practice, held two formal meetings this past reporting period. 
One was held November 4 concurrent with the International Telemetering Conference in Las
Vegas and the other, held at Cocoa Beach, FL, May 5 and 6th.

The TSCC with its broad representation of members from government, aerospace industry
users and manufactures of telemetering equipment continues to serve as an area for
discussion, review of telemetry standards and dissemination of information focused towards
the telemetering community.

During this past very busy year for the TSCC, the following documents were reviewed and in-
depth comments provided to the originator.

1) Proposed Telemetry Attributes Standards
2) Pink Sheets, IRIG 106 Chapter 2
3) Proposed Standards for Helical Scan Digital Recorders/Reproducers and Mux/Demux
Formats
4) Constant Bandwidth FM Subcarrier Channels

In addition, the Space Systems subcommittee has been active in reviewing and reporting on
related CCSDS activities.  The transducer subcommittee is maintaining a liaison with that
technology as it relates to “smart sensors”.  The RF subcommittee has provided the TSCC
updates as they relate to various proposals regarding reassignments of various portions of the
S and L band allocations and potential impact on telemetry users, an area of concern that
requires our close attention.

At the Spring meeting, election of officers for the next two year was held.  Ed Snyder was
elected to the TSCC chair and Jerry Clubb was elected to the position of Vice Chair.  Dave
Everswick was elected to sec-treas.

Respectfully Submitted,

Gerry Galleher
Chair
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A MESSAGE FROM THE PRESIDENT OF THE
INTERNATIONAL FOUNDATION FOR TELEMETERING

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

I want to congratulate Jim Wise and Vickie Reynolds for making our 28th International
Telemetering Conference (ITC/USA/92) such a success. Jim Wise is also a member of the
Board of Directors of the International Foundation for Telemetering (IFT), the sponsoring
institution, and a very busy Director of the National Range Directorate at White Sands
Missile Range (WSMR). I was opposed to having Jim serve as the Chairman for
ITC/USA/92 because he was already so busy with his other activities. The success of this
conference, however, attests to his management abilities and confirms the old adage, “If
you want to get something done, give it to a busy person.” Thanks Jim for doing such an
outstanding job.

Vickie Reynolds represents our first ever Technical Chairwoman. Vickie also works for
WSMR, but volunteered for this job while on assignment to the Office of the Secretary of
Defense. She has done an excellent job as attested to by the outstanding technical program
of this conference. We have nearly 100 technical papers and several short courses that she
has arranged. These Proceedings will forever attest to the technical and managerial
expertise of Vickie Reynolds. Thank you, Vickie, for doing such an outstanding job as
Technical Chairwoman.

The third major phase of the conference relates to the exhibits. We are sold out this year
for the first time ever. A very special thanks to Art Sullivan who again served as Exhibits
Chairman. This year, Art was assisted by Mr. Wiley Dunn, who handled exhibits east, Mr.
Bill Grahame, who handled exhibits west, and Mr. Kurt Kurisu, who handled new exhibits.
My congratulations to these three gentlemen for a job well done.

This conference is presented by an ITC staff of volunteers; the unsung heros and heroines
who do the work with no compensation for their time and effort. I especially want to note
Dick Lytle, who serves as Finance Chairman for the ITC every year, and Norm Lantz who



works registration. There are many more volunteers, like Bob Beasley (Local
Arrangements), Cliff Aggen (Student Paper Contest), and Avon Potter (Spouses Program),
that are always contributing. Thank you to all the volunteers that make this conference
possible.

Next year ITC/USA/93 will return to the Riviera Hotel in Las Vegas. Mr. Larry James
(Consultant) will serve as the General Chairman and Mr. Alvin Willems (JPL) will be
Technical Chairman. They have selected the theme “Telemetering - Yesterday, Today, and
Tomorrow” with NASA as the agency of focus for that conference.

The IFT is a not-for-profit California Corporation that sponsors the annual ITCs. The IFT
exists solely for the purpose of advancing the Telemetering profession, and it is also
staffed entirely by volunteers. We are always trying to improve the conference, so please
submit your ideas to the suggestion box at the conference, or contact me directly:

Dr. James A. Means
President, IFT
284 St. Andrews Way
Lompoc, CA 93436
TEL: (805) 733-2901
FAX: (805) 733-0011

A very special thanks to my employer, SRI International, for sponsoring my expenses
while serving in this position. Also, special thanks to my IFT Board of Directors, the
authors, exhibitors, sponsoring companies, and attendees who all contribute to the success
of this conference.



KEYNOTE SPEAKER

WALTER W. HOLLIS
Deputy Under Secretary of the Army

(Operations Research)

Mr. Walter W. Hollis was graduated in 1949 from Northeastern University in Boston,
Massachusetts, with a Bachelor of Science degree. Following graduation, Mr. Hollis
taught in the Physics Department at Northeastern and engaged in graduate study at Boston
University. In 1951, Mr. Hollis entered the Civil Service as an Optical Engineer at
Frankford Arsenal, Pennsylvania where he held progressively more responsible positions
for 17 years. In 1968, Mr. Hollis, then Chief, Combat Vehicle and General Instruments
Fire Control Laboratory, became Scientific Advisor to the Commanding General, U.S.
Army Combat Developments Experimentation Command, Ford Ord, California, a position
he held until 1972 when he became a student at the National War College (NWC). In
1973, after graduation from NWC and receiving a Master of Science in International
Affairs from The George Washington University, Mr. Hollis assumed his position as
Scientific Advisor to the Commanding General, U.S. Army Operational Test and
Evaluation Agency, Falls Church, Virginia. He assumed his present post of Deputy Under
Secretary of the Army (Operations Research) in December 1980.

Among the many awards that Mr. Hollis has received, are two Presidential Meritorious
Executive awards and two Department of the Army Exceptional Civilian Service awards.



MESSAGE FOR THE 1992 PROCEEDINGS

VICKIE S. REYNOLDS
Technical Program Chairwoman, ITC/USA/92

White Sands Missile Range, NM

I am honored to have been selected as the Technical Program Chairwoman for
ITC/USA/92. It has been a truly rewarding experience to rub shoulders with a large
number of outstanding representatives of this dynamic industry. I am impressed by the
dedication and professionalism of individuals in both government and industry in the field
of telemetry.

These are trying times, but the people in the telemetering community are striving to meet
the economic and technological challenges that face us all. My experiences in serving as
the Technical Chairwoman of this conference have convinced me that there will be
“Success Through Telemetering.” This annual conference is an important catalyst for the
exchange of ideas and information. The technical paper presentations provide a unique
forum for this exchange among members of the community. I congratulate each and every
one of the authors of the technical papers published in these proceedings for their
contributions.

I would like to thank all of the invited speakers to include the Keynote Speaker, Blue
Ribbon Panel members, and the luncheon speakers for taking time out from their busy
schedules to share their perspectives and insights with us. I would also like to thank Dr.
Frank Carden, Dr. Steve Horan, and Dr. James Reilly for putting together a series of
valuable short courses on various aspects of telemetering. Education is a very important
goal of both IFT and ITC.

Last, but certainly not least, I would like to thank my employer, White Sands Missile
Range, for supporting me in my role as Technical Chairwoman this past year. I would



especially like to thank Kathy Kaheny for her superb administrative support. It would not
have been possible to put together this technical program without her.

I am confident that Al Willems will do an outstanding job as Technical Chairman for
ITC/USA/93. With the continued support and backing of organizations such as the IFT
and the large number of dedicated individuals like Al, I am certain that this conference will
continue to play an impact role in setting standards for excellence.



FOREWORD

JAMES A. WISE
General Chairman, ITC/USA/92
 White Sands Missile Range, NM

The twenty-eighth anniversary of the founding of the International Foundation for
Telemetering falls in uncertain times. This is an era of rapid change but of significant
opportunity for the industry. The annual International Telemetering Conference was
developed to foster interchange between users and producers of telemetering ideas and
equipment. Our these for this year “Success through Telemetering” was chosen to be
indicative, not only of past successes, but also of future opportunities.

The political transformations in Europe and Asia signal changes in emphasis for defense.
Our keynote speaker, Mr. Walter Hollis, can be expected to share his long experience and
wisdom on the challenge of maintaining the essential national defense during the present
era of rapid change. A prestigious Blue Ribbon Panel, which includes flag officers from
the Army, Navy, and Air Force will be chaired by Mr. John Bolino of OSD and will
discuss the future of acquisition and testing. The industry perspective will be presented at
the Keynote Luncheon by Mr. Bernard Schwartz, Chairman and Chief Executive Officer
of Loral Corporation. On the cutting edge of weapon systems development, the Strategic
Defense Initiative Office view of future challenges will be presented by MG Malcolm
O’Neill, the Deputy Director. Ms. Vickie Reynolds of White Sands Missile Range has
arranged an impressive technical program including eighteen sessions with more than 90
technical papers and three short courses.

Although we are experiencing changes in the challenges facing us, the telemetry industry is
broadly based and one of the objectives of the ITC/USA/92 technical program is to



showcase new ideas which will allow further diversification to new fields and new
methods. The conference exists to allow all of the interested participants from industry,
government, academia, and others to benefit from interaction in the technical sessions and
personal contact so that you can better meet the challenges of the future.

ITC/USA/92 and the preceding conferences over the years were planned and presented by
a dedicated group of volunteers who have generously and expertly contributed in the many
areas which must come together to make this conference a success. My sincere
appreciation to them for their hard work and to each attendee for your interest in what I
believe is a most useful and effective conference.
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FM TRANSMISSION OF VIDEO SIGNALS

Michael M. McMahon
Loral Conic Inc.

9020 Balboa Avenue
San Diego, Ca 92193

ABSTRACT

Analog video telemetry links are generally realized with an FM video transmitter and an
FM video receiver. Various standards specify characteristics of both the baseband video
signal and the transmitted modulation characteristics. This paper summarizes and clarifies
these standards so that the video/transmitter interface may be specified and correctly set
up. Monochrome and color video signal levels are described. Required deviation and
pre-emphasis characteristics of the transmitter are also clarified.

INTRODUCTION

Virtually all transmission of ground and airborne video telemetry is accomplished by
means of frequency modulated (FM) links. In the case of analog video, the baseband video
waveform and resultant frequency modulation characteristics are well defined by several
standards. In order specify or to set up the video transmission end of the FM analog video
link, baseband video signal levels and transmitter deviation sensitivity and pre-emphasis
must be well understood.

In many cases, confusion between standards and misunderstanding of standards has led to
improperly specified characteristics and incorrect hardware. The following paragraphs
summarize standard video specifications which drive definition of the video transmission
hardware. A significant number of video systems conform to these standard signal levels
even though the waveforms are tailored in terms of lines per frame, timing, or insertion of
digital data in blanking intervals.

THE VIDEO AND SYNC WAVEFORM

Video signals used in the United States form the basis of many analog video telemetry
systems. Sometimes referred to as standard NTSC video, 525 line video, RS-170 video, or
standard 1 volt peak to peak video, waveforms are strictly specified by EIA standard
RS-170 for monochrome video and by NTSC standards for color video.



As shown in Figure 1, RS-170 video is defined as a 1.0 V p-p picture signal which covers
the full monochrome luminance range from black to white (positive voltage is white). The
lowest level is called “blanking” and the highest level is called “reference white”. Periodic
horizontal synchronization pulses go “blacker than black” to a level 0.4 volts below the
blanking level. This waveform is sometimes called “one volt peak to peak video”, but it is
clear the full waveform is 1.4 V p-p with the sync signal added to the picture signal.

The resultant video signal is AC coupled, and so no absolute waveform voltages are
specified. Waveform voltages are referenced to the sync tip, blanking, and reference white
levels.

As shown in Figure 1, a special scale in IRE units is used for specifying video signal
levels. The video luminance signal runs from 0 to 100 IRE. IRE corresponds to the
blanking level and 100 IRE corresponds to reference white. Sync tips are below the
luminance range at -40 IRE. Most video quality specifications are specified in terms of
these IRE units.

SETUP

Actual camera scenes are adjusted such that 100 IRE represents full (reference) white and
7.5 IRE represents full (reference) black. This ensures that the 0 IRE signals provided
immediately before and after each horizontal sync pulse fully blank the receiver display at
the start and finish of each horizontal line. This provides crisp black edges on the sides of
the picture and ensures that circuit transients due to the sync pulse do not show as dots or
lines at the screen edges. The horizontal sync waveform always includes these 0 IRE edge
blanking levels, referred to as the “front porch” and “back porch” (see Figure 1). The
offset between reference black and blanking is called “setup” and is set at a standard level
of 7.5 IRE. Note that the 1.0 V p-p video signal is measured from blanking to reference
white, not just from reference black to reference white.

THE USE OF COLOR VIDEO

Color adds greatly to visual perception and is standard in almost all video entertainment
applications. Identification of objects is greatly enhanced in scenes which appear flat in
black and white (uniform luminance), but contain colored objects. Such can be the case for
aerial observation in forested areas. However, common practice for most surveillance
applications is to use monochrome for four major reasons. First, color is more expensive
and complicated than monochrome. Second, color pictures are more susceptible to noise
than black and white. Third, color can be distracting in scenes where color camouflaging is
being used. Fourth, today’s IR sensors are monochrome only with no ability to
differentiate between wavelengths.



THE COLOR VIDEO WAVEFORM

The addition of color to the picture adds a 3.58 MHZ sine wave to the monochrome
luminance signal as shown in Figure 2. In a color TV, three guns (red, green, and blue)
provide the picture. If all three are increased in unison, the screen may be run from black
through gray, and to white. In this way, a 3-gun TV creates a black and white picture. By
unbalancing the guns, the color may be changed from gray toward red, green, or blue.
Other colors are created by unbalancing toward two guns, as is the case for yellow which
appears when the red and green guns are turned on.

The in-phase and quadrature components of the 3.58 MHZ sine wave control the amount
of gun imbalance. For a black and white scene, the guns are always perfectly balanced and
the I and Q channels are both zero, resulting in a zero amplitude sine wave. For highly
colored images, much imbalance is used, and the 3.58 MHZ sine wave can grow as large
as 60 IRE p-p. Because the 3.58 MHZ sine wave controls the coloring (gun imbalance), it
is called the chroma, or chrominance signal. To properly separate the I and Q signals, a
phase reference “color burst” consisting of about 10 cycles of 3.58 MHZ is included on
the back porch after each horizonal sync pulse when transmitting color.

SIGNAL SWING OF COLOR VIDEO

One interesting property of the 3.58 MHZ chroma signal is that it goes to zero amplitude
for full black or full white luminance. To achieve full white, all 3 guns are at maximum,
and there is no difference between guns, causing the chroma signal to go to zero near
white levels. Consequently, the combined luminance plus chrominance peaks can never
exceed 100 IRE for valid pictures. Likewise, black is formed with all 3 guns at zero and
therefore no gun imbalance, forcing the chroma signal to zero near black levels. As a
result, the combined luminance plus chrominance waveforms do not extend much past the
0 to 100 IRE (1.0 V p-p) range for valid camera scenes.

Of course, test signals can be generated which combine large 3.58 MHZ chrominance
signals on top of full 0 to 100 IRE video signals, thus overdriving the guns. This is actually
done with some standard color test signals. However, even standard test signals limit the
combined signal to the -20 to 110 IRE range to control overdrive.

FM TRANSMISSION OF VIDEO

Transmission of FM video is described by CCIR Recommendation 405 (sometimes called
CCIR405). This document also references CCIR Recommendation 276. Ground
microwave links for commercial television follow this FM standard, as do many current 



video links for military UAV’s and video guided ordnance. The three major characteristics
controlled by these documents are polarity, deviation, and pre-emphasis.

Polarity is defined as increasing frequency for increasing (white-going) video voltage.
Standard RS-170 or NTSC video signals are assumed.

Deviation is defined as 8 MHZ p-p (4 MHZ peak) for a 1 V p-p sine wave. This applies at
a reference frequency of 761.6 kHz for standard 525 line NTSC video. Of course, video is
not a sine wave, but the standard 1 V p-p sine wave at the reference frequency is the most
convenient signal to use to set up modulation sensitivity of the transmitter.

CCIR-405 dictates the FM transmitter deviation be set with a 1.0 V p-p sinewave at the 0
dB reference frequency and assumes that RS-170 or NTSC video is applied. If the video
source provides the lower amplitude RS-330 video, FM transmitter deviation should be set
with a .714 V p-p sine wave at the 0 dB reference frequency. If a 1 V p-p sinewave is used
to set up an RS-330 driven FM transmitter, the transmitter will be undermodulated.

Pre-emphasis provides an upslope response to boost the high end of the video spectrum
where there is poorer SNR but usually little video luminance energy. Figure 3 shows the
actual pre-emphasis curve. Note that chroma signals (if used) around 3.58 MHZ are
transmitted with nearly maximum gain. Down at low frequencies, signals are attenuated to
reduce deviation caused by the large low-frequency components of normal video.
Likewise, the slow sync signals are reduced in amplitude. Figure 3 shows how signals
below the 761.6 kHz reference frequency are attenuated up to 10.00 dB (.3162 times).
Signals above the reference are augmented up to 3.40 dB (1.4791 times). This standard
525 line video pre-emphasis curve is a single zero/pole pair with upslope breakpoint
around 150 kHz, leveled off by a pole at around 1.1 MHZ.

Figure 3 shows other pre-emphasis curves for video standards beyond the standard Unites
States 525 line NTSC video. Europe and other countries use 625 line PAL and 819 line
SECAM systems with pre-emphasis curves as specified in CCIR-405 for, 625, and 819
line systems. The four pre-emphasis curves are similar and all use a 0 dB reference around
1 MHZ. In all cases, magnitude of deviation is specified with a 1 V p-p sine wave at the
reference frequency, with the transmitter adjusted for 8 MHZ p-p (4 MHZ peak) deviation.

PEAK DEVIATION OF PRE-EMPHASIZED FM VIDEO

Peak deviations of an actual pre-emphasized video scene depend on picture content.
Luminance may have high frequency components, causing higher deviations. Highly
saturated color pictures have large 3.58 MHZ chrominance signal components. Dark
scenes create the smallest peak deviations, since the sync-to-luminance swing is small and



the chroma signal (if used) is small. Actual peak deviations may be important in
determining how closely video channels may be spaced without objectionable interference.
Because the signal is AC coupled, the transmitted signal centers the average video value
on the transmitter carrier frequencies, greatly affecting peak deviation. As an example,
predominantly black scene with small white spots center on the black value, with the white
spots causing quick impulses upward in frequency, interfering with the upper adjacent
channel but not the lower. Interference tests are best performed using actual scenes from
the intended viewing environment.

CONCLUSION

Analog video is often transmitted using frequency modulation (FM). The use of standard
pre-emphasis provides better picture quality, but makes setup of transmitter deviation
difficult when looking at time domain waveforms. Accordingly, a frequency domain
approach is used with a 1.0 V p-p sine wave at the reference frequency applied to the
transmitter and the deviation set to 8.0 MHZ p-p, or 4.0 MHZ peak. The transmitter is
then driven with RS-170 video which is 1.0 V of video and .4 V of sync, an overall 1.4 V
p-p swing.

RS-330 video is only .714 V of video, and .286 V of sync, an overall 1.0 V p-p swing.
However, frequency deviation of the transmitter should be the same for identical scenes
and not dependent on the video source/transmitter interface definition. For RS-330 video,
transmitter deviation is set up with a .714 V p-p sinewave at the reference frequency to
ensure the correct deviation sensitivity.

The addition of color superimposes a 3.58 MHZ (for NTSC)component on the video
waveform, but does not change the luminance or sync portions of waveform. Transmitter
pre-emphasis and deviation setup are identical to monochrome operation.

Peak deviation of the transmitter is strongly dependent on picture content and the presence
or absence of the chroma signal. Adjacent channel interference is best determined
subjectively with the expected types of desired and interfering video scenes.



FIG. 1, MONOCHROME VIDEO WAVEFORM

FIG. 2, COLOR VIDEO WAVEFORM



Source: Recommendations and Reports of the CCIR, Vol. IX, Pt. 1, 1986
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ABSTRACT

A simple technique to convert 675 and 875 line video to the more common 525 line rate is
presented. The higher density 875 and 675 videos are stored and rescanned at the 525 line
rate to produce a video signal that is essentially the same video signal that would have
originally been generated by a 525 line video sensor (camera).

BACKGROUND

Military aircraft use special video display formats for cockpit video presentations. For
example, on a particular aircraft, 675 and 875 line rates are used in addition to the more
common 525 line rate. Also, there is a need to encrypt and transmit these videos to ground
stations during tests, however, this capability exists only for the 525 line video. This paper
presents a simple technique to convert 675 line and 875 line video into a 525 line format.
This allows the 675 and 875 line video to be encrypted and transmitted to ground stations
over the same data links that are used for the 525 line video.

The described circuit will operate in a scenario where it will be subjected to 525, 675 or
875 line video at 1 volt peak-to-peak across 75 ohms with an interlaced 60 field/30 frame
format. The circuit must automatically detect the scan rate; if it is 525, the video is to be
passed through without change; if it is 675 or 875, it must be converted to 525. (Note: the
amplitude of aircraft video may be defined to be something other than 1 volt peak-to-peak
across 75 ohms.)

The presented technique for converting 675 and 875 line video into 525 line video is to
store the input picture at the input scan rate and then to rescan the stored picture at a 525
line rate to generate the output picture.



ANALYSIS

An input 525 line video will bypass the scan rate converter circuitry and is not considered
in this analysis; the 525 line video referred to herein is the desired 525 line video generated
from 675 or 875 line input video.

The interlaced 60 field/30 frame format, being common to all three videos, dictates that the
output 525 line vertical scan time, top to bottom of picture, must be identical to the input
vertical scan time of either the 675 or 875 line input. Consider the input line ratios as
compared to 525.

525/675 = 7/9 and 525/875 = 3/5.

Therefore, to maintain the vertical scan rate, for each 9 lines of 675 line video input there
must be 7 lines of 525 line video output; for each 5 lines of 875 line video input there must
be 3 lines of 525 video output. Since the vertical scan time of each of the 3 videos is
identical, only the horizontal scan rates can be a variable. The implication is that it should
be feasible to build a scan converter circuit that uses the same vertical scan rate but
different horizontal scan rates for storing and retrieving a picture.

If the input video signal is sampled with an Analog to Digital (A/D) converter and stored in
a Random Access Memory (RAM), there must be an integer number of samples per line
for both the input and output video to preclude any impact on the leading edge of the sync
pulses. (Herein, each sample will be referred to as a pixel.) And, if there is to be an equal
number of pixels per line stored for both input cases (675 and 875), then a common
denominator must be considered. The common denominator for 7/9 and 3/5 is 45.
Therefore, any multiple of 45 pixels per line can be used for converting both 675 and 875
line video into 525 while maintaining an integer number of pixels per line.

Refer to the simplified block diagram of Figure 1. The video will be digitized by the A/D
converter, stored in RAM, retrieved from RAM and restructured into video by the Digital
to Analog (D/A) converter. The design will use 2 RAMs swapping between the data in and
data out modes while using an address scheme in which the scan line number is common
to both memories, but, the pixel address within a line increments at different rates for pixel
in versus pixel out. The line number for each memory will be identical whether the pixel
data is being stored or retrieved to ensure identical vertical scan rates. However, the output
pixel address will increment at 7/9 the input address rate for 675 line video, 3/5 for 875
line video, to satisfy the horizontal scan rate criteria.

As an example, assume a system with an 875 line raster and 5 pixels per line. Table I
presents the relative counting sequences for the input and output pixel addresses for such a



system. There are 5 pixels stored for each input vertical line address, but, only 3 pixels are
output during the same period. Further, the output pixel address cycles exactly 3 times
while the input pixel address cycles 5 times.

TABLE I. INPUT PIXEL ADDRESS VERSUS OUTPUT
PIXEL ADDRESS CYCLES

VERTICAL INPUT OUTPUT
LINE PIXEL PIXEL

ADDRESS ADDRESS ADDRESS

1 12345 123
2 12345 451
3 12345 234
4 12345 512
5 12345 345

6 12345 123
7 12345 451
8 12345 234
. . .
. . .
. . .

Figure 2a depicts 5 lines of the example system with respect to storing pixels in and
retrieving them from memory. The slanted dash line represents the 875 line raster. Each
block shows a pixel as it is stored in memory. The slanted solid line represents a 525 line
raster and passes through those pixels that will be selected for restructuring the video. The
shaded pixels are ignored and not used for generating the output video. Note the exact
correlation with Table 1. The identical phenomena will occur in the actual system except
there will be more pixels per line. A similar example can be shown for 675 line input video
where 7 lines of output video will be generated from 9 lines of input video.

It is important to note that any particular output line does not contain the exact pixels that
were generated by any one input line. This design will generate 7 output lines from 9 input
lines of 675 line video and 3 from 5 or 875 line video. Therefore, approximately 22% of
the 675 line pixels and 40% of the 875 line pixels are discarded. Further, as each frame of
video is regenerated, the same pixels with respect to memory location are discarded.

In a normal video picture, any particular pixel is nearly identical to its adjacent pixels. The
scheme described herein has the effect of stretching the pixels in the vertical direction to
fill in for the missing pixels. The effect is a decrease in the vertical resolution with no



impact in the horizontal resolution as shown in Figure 2b. The same result would be
obtained if the picture were to be originally generated with a 525 line sensor.

CIRCUIT SYNTHESIS

In the presented circuit, the incoming sync signals will be digitized and reconstructed in
the D/A converter along with the video portion of the signal. There will be 8 bits of data
per pixel or 256 levels available. The sync will use approximately 75 levels leaving
roughly 175 levels for gray scale resolution. And, since it takes longer to clock out the data
than to clock in the data, the sync pulses will be stretched by a factor equal to the clock-
in/clock-out ratios. As a future enhancement, it should be possible to strip the sync prior to
the A/D conversion and dedicate all 256 levels to gray scale resolution and then to restore
the sync pulses after the D/A conversion.

The input and output clock pulses used by the circuit will be generated via HC4046A
phase lock loops (PLL). It is desirable to have more than 500 pixels per line for this
circuit, therefor, the maximum frequency of the HC4046A (18MHz) must be considered.
Experience has shown satisfactory results while operating these devices in the 16 to 17
MHZ range. The highest PLL frequency will be encountered while entering the 875 line
input data. (In the following calculations, 30 is the number of fields per second.)

16E6/(875 x 30) = 609.5 (approximate pixels per line) use - 610.

610/45 = 13.6 (approximate multiplication factor) - use 14.

45 x 14 = 630 pixels per line.

630 x 30 x 875 = 16,537,500 Hz.

This satisfies the maximum frequency criteria for the HC4046A.

The correlating output frequency will be

16,537,500 x 3/5 = 9,922,500 Hz.

For 675 line video the input clock rate will be

630 x 30 x 675 = 12,757,500 Hz



and the output clock will be

12,757,500 x 7/9 = 9,922,500 Hz.

As a check

630 x 30 x 525 = 9,922,500 Hz.

Remember that for 675 line video there are exactly 7 lines output at the same time there
are exactly 9 lines input (3 and 5 for 875). Therefore, the RAMs need only be deep enough
to store 9 lines worth of data. The addressing line counter will reset after 9 lines of 675
data (5 for 875), and with each counter reset, the data store/retrieve functions of the
memories will be swapped. This scheme will cause a total input to output time delay
equivalent to 9 lines for 675 input video and 5 lines for 875 input video.

The amplitude (amplifier gain) and the passing of 525 line input video directly to the
output (analog multiplexer) are insignificant from an analysis/design standpoint and are not
considered herein.

CIRCUIT BLOCK DIAGRAM

The Block Diagram for the Scan Converter can be broken into 2 sections. Figure 3a shows
the Timing, Addressing and Control functions and is an expansion of the Timing and
Address block of Figure 1. Figure 3b shows the Video Processing and is an expansion of
the remainder of Figure 1.

Refer to Figure 3a. These circuits process the input video to generate pixel input and pixel
output clocks, the control signals for memory 1 and memory 2, line addresses, pixel input
and pixel output addresses, and the signal to control the output mux.

The processing is started by stripping the composite and vertical sync signals form the
input video. The scan rate is then determined by counting the number of composite sync
pulses between the vertical sync pulses. If 525 line video is detected, the Scan Rate
Detector selects the input video to be output by the Analog Mux and the scan rate
conversion is bypassed. If 675 or 875 line video is detected, the input video will be
processed by the Scan Rate Converter to generate 525 line video.

The Line Address Generator cycles through address 0 to 8 (9 lines) for 675 line video and
from 0 to 4 (5 lines) for 875 video. The control lines, Cont 1 and Cont 2, are slaved to the
line addresses and are used to control the Read/Write functions of the two memories. The 



675/875 signal tells the Horizontal PLL and the Pixel Out PLL the input line rate. The Line
Reset signal is used to synchronize the Pixel Out Address Generator to the Line Address
Generator.

In the initial design case for this circuit, the 675 line video contained no equalizing pulses,
whereas the 875 line video did. The Equalizing Pulse Stripper removed the equalizing
pulses form the 875 line composite sync and the Horizontal PLL inserted the missing
horizontal pulses into the 675 line composite sync. The Pixel In PLL multiplies the
horizontal sync rate by a factor of 630 regardless of the input line rate to provide the Pixel
In Clock. The Pixel In Addresses are taken directly from the counters in the Pixel In PLL.
The Pixel Out Address Generator is a set of counters designed to follow the same counting
pattern as the pixel input counters, however, they are clocked at the rate required to
generate 525 line video. The multiplication factor of the Pixel Out PLL is dependent on the
input scan rate. It multiplies the horizontal sync by a factor of

630 x 7/9 = 490 for 675 line video,

630 x 3/5 = 378 for 875 line video,

thereby, satisfying the output clock frequencies determined in the Analysis section.

Figure 3b shows the video processing section of the block diagram. If the input is 525 line
video, it is passed directly to the Analog Mux without processing. If the input is either 675
or 875 line video, it is amplified to 3.5 volts peak-to-peak and is clocked through the A/D
Converter by the Pixel In Clock. Cont 1 and Cont 2 control the two memories and their
input and output buffers to alternately write to memory 1 while reading from memory 2
and vice versa on a continual basis. The buffers are required for tri-stating purposes.

The buffers and memories are controlled such that exactly 9 lines of input video are stored
for 675 line video (5 for 875) before their Read/Write functions are swapped. While one
memory is storing 9 lines of 675 line video (5 of 875) the other is retrieving 7 lines (3
lines) of 525 line video. The Line Address to the two memories are always identical,
whereas the Pixel In Address and Pixel Out Address are controlled by Cont 1 and Cont 2
via Address Mux 1 and 2, respectively. The data from the Output Buffers is then fed to the
D/A Converter to generate an analog signal which is 525 line video with an amplitude to 1
volt peak-to-peak. The Analog Mux selects the appropriate input signal, input 525 line
video or restructured 525 line video, which is then amplified by a factor of 2 to become the
output video.



RESULTS

The described circuit was designed, built and tested with excellent results. The quality of
the restructured output video when dealing with “camera type” video was equivalent to
that produced with a 525 line camera. There was minimal degradation when scan
converting faces, landscapes, buildings, machinery, etc. But, when dealing with computer
generated symbolic video such as crosshairs and lettering, the discarded video could have
a significant impact on the symbol. Portions of video lines are missing and if the symbol
had a horizontal line component, e.g., the letter T, the symbol could be difficult to
interpret.

The Scan Converter operates from aircraft 28 Volts DC and is packaged into a box
approximately 1.5" x 5" x 6". The Scan Rate converter is now an integral part of a flight
instrumentation set.
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2. ABSTRACT

For research purposes on helicopter rotor acoustics a large data acquisition system called
TEDAS (Transputer based Expandable Data Acquisition System) has been developed. The
key features of this system are: unlimited expandability and sum data rate, local storage of
data during opration, very simple analog anti aliasing filtering due to extensive digital
filtering, and integrated computational power which scales with the number of channels.
The sample rate is up to 50 kHz/channel, the resolution is 16 bit, 360 channels are realized
now.
TEDAS consists of blocks with 8 A/D converters which are controlled by one transputer
T800. The size of the local memory is 4 Mbyte. Any number of blocks (IDAM =
Intelligent Data Acquisition Module) can be combined to a complete system. Data
preprocessing is done in parallel inside the IDAMs. As for 16 bit systems the analog
antialiasing filtering becomes a dominant factor of the costs, delta sigma ADCs with
oversampling and internal digital filtering are used. This produces an exact linear phase
and a stop band rejection of -90 dB.

3. THE APPLICATION

Helicopters are noisy vehicles. In addition they have bad comfort because of strong
vibrations. Therefore, one of the objectives of helicopter research is the reduction of noise
and vibration by having a deeper understanding of the airflow. This can be achieved by
measurement of the aerodynamic effects of the rotor in wind tunnels. For the Cp-Rot
project [1], 124 pressure sensors, 75 strain gauges and some temperature sensores win be



fitted inside the blades of a model helicopter rotor; Fig. 1 gives an overview over the entire
measurement system. According to the large number of sensors, a high sample rate is
necessary to provide a high resolution in time of the instationary airfoil surface pressure
data.

4. THE MEASUREMENT TASK

4.1. DATA ACQUISITION

The sensor signals are amplified by a signal conditioning unit which is placed on the top of
the rotor as part of the rotating system. The analog signals then are transferred by a slip
ring into the inertial system where the A/D conversion is performed. The rotor rotates at 



17.5 Hz. A/D conversion is required at a rate of 2048 points per rotation or 35840 Hz. One
measurement cycle covers 100 rotations. There are 180 channels and this results in

2048 samples/rotation x 100 rotations x 180 channels = 36,864,000 samples

per measurement. The wordrate per channel is

17.5 x 2048 words/s = 35840 words/s.

producing a sum word rate of 180x35840 = 6,451,200 words/s. Assuming 2 byte/word
data has to be stored at 12,901,400 byte/s.

4.2. DATA PROCESSING

A lot of data processing has to be done on the measured raw data. In detail the following
has to be performed for each of the 180 channels:

1. FFT about the 2048 points of each rotation of the rotor.
2. Average of the FFT’s of all 100 rotations.
3. Time domain average of all 100 rotations.
4. RMS (Root Mean Square) value of all data of all rotations.
5. Complex product of the averaged FFT data of one selected channel, called the

reference channel, with the averaged FFT data of all other channels.

The raw data and processed data then give the complete data set for one measurement
which will be distributed to other institutions for further evaluation. In sum

180x100 = 18000 FFTs (with 2048 points), and 180x1024 complex products

and several averaging and other computations have to be performed for one shot. Data
preprocessing and storage is done local on an IDAM basis before raw data and
preprocessed data is sent to a host computer with a mass storage device.

5. A/D CONVERTERS

Three techniques have traditionally been used for the implementation of A/D converters:
successive approximation converters, counting converters and flash converters. All these
techniques sample the input considering the Nyquist criterion (sampling rate at least twice
the highest input frequency). All these techniques need extremely high performance
antialiasing filtering and sample & hold circuits to ensure better than 12 bit accuracy.
Since several years a rather old technology becomes more important especially in audio



signal processing : DELTA SIGMA ADCs. This rediscovered technology which integrates
analog and digital functions on one chip now allows low cost high performance A/D
conversion by mapping most of the required analog funtions into the digital domain. The
delta sigma modulator (Fig. 2) itself is the only analog part of the ADC and only requires
10 percent of the die area [2].

5.1. DELTA SIGMA CONVERTERS

5.1.1. Oversampling and antialiasing filtering

Delta sigma converters are using a high degree of oversampling combined with a low
resolution 1 bit A/D converter. Used oversampling factors are 64 to 256. By oversampling
an input signal, the requirements directed to the analog antialiasing filter reduces
dramatically. The sampling mechanism effects the spectrum of an analog signal. A
continuous signal U  is sampled by getting probes of it at equidistant points of time t  = nTa             n  s

(Fig. 3). Then the original function is replaced by a set of Dirac pulses at each t . The sizen

of the pulses (not the height, because Dirac pulses have per definition infinite height and
infinitely small width, with known area) equals the value of the original function at t . Then

sampled version of U  givesa

The spectrum of this function can be expressed using the Fourier transformation:

with f  called the sampling frequency. As one can see, this spectrum is periodic in fs              s

(Fig. 4).



All parts of the spectrum at frequencies greater then f /2 have to be removed later afters

final D/A conversion by an analog output low pass filter. If the spectrum of the original
function U (t) has nonzero components at frequencies greater than f /2 or if the samplinga         s

frequency f  is lower than twice the highest frequency contained in the original times

domain function, disturbing aliasing effects take place (Fig. 5).
This means that parts of the spectrum outside the band of interest are mapped into the band
of interest (Fig. 6).

Therefore, before sampling, the input signal has to be bandlimited by an analog low path
filter with the stop band starting at least at f /2 (Fig. 7).s

 On the other hand one tries to hold the sampling frequency f  as low as possible becauses

of the cost of fast A/D converters. So an ideal filter would be required with a transfer
function

F  = 1 for input frequencies between 0 and f /2,filter       s

F  << 1 for input frequencies > f /2.filter     s

Of course such a filter is not possible, especially in time domain. High order analog
antialiasing filters can produce small transition bands between pass band and stop band but
have either great ripple in the pass band or great phase nonlinearities (dn/dT not constant).
One solution for this problem would be to make f  very great in order to realize thes

antialiasing filter with a very simple RC lowpass filter, which doesn’t introduce significant



phase distortion for frequencies of interest but produces enough rolloff for frequencies up
to f /2 which is far away from the band of interest (Fig. 8). This is called oversampling.s

Oversampling needs no or at least very simple analog antialiasing filters, but on the other
hand requires very fast A/D converters and produces very high output wordrates producing
an output band in digital domain which is very much greater then the band of interest and
therefore very hard to handle during the following signal processing steps.
For a required output wordrate f  of 50 KHz, oversampling by 64, results in a samplingw

rate f = 64x50 KHz = 3.2 MHZ. On the other hand the requirement for the analogs 

antialiasing filter now reduces dramatically to:

F  = 1 for 0 > f  > f /2 = 25 KHz (the band of interest),filter      in  w

F  << 1 for f  >  f /2 = 1.6 MHZ.filter    in   s

This can be achieved using very simple RC lowpass filters. But the problem is, that we get
data at f , instead of the required wordrate f . The process to reduce the number of wordss       w

to compute is called decimation. It takes place by filtering the digital information in digital
domain by a lowpath filter with corner frequency f  = f /2 = f /64 (for this example). Byc  w   s

doing this, the frequency components
f  < f < fc    s

are removed. Components in the area
f = nf  ± f (n = 0,1,2,3... )s  c

are not removed but can be rejected easily by analog output filtering after final D/A
conversion (Fig. 9, 10, 11). Because the cut frequency of the digital filter f  = f /64 it isc  s

allowed to pick every 64th value of the output of the filter without violating the sampling
theorem. Note that the spectrum of the signal after decimation is periodic in f /64 becauses

decimation is a sampling process too.

5.1.2. Delta sigma modulator

The process of sampling and A/D conversion is done by a circuit consisting of four major
elements:

1. Sample & hold,
2. Integrator or lowpass filter.
3. Comparator,
4. D/A converter (1 bit),



arranged in a closed loop scheme (Fig. 2). The shown delta sigma modulator in the
simplified diagram is a first order modulator or a simple voltage to frequency converter.
The order of a delta sigma modulator indicates the order of analog filtering or integration
in the loop. The output of the first order modulator is a stream of bits producing a one or a
zero for each clock cycle at f . The average of the 1 bit information delivered at the highs

frequency f  represents the input voltage. This could be the input of a counter averaging thes

bits over 2  cycles giving an output with the resolution of n bits. Using 3rd or 4th ordern

modulator and doing sophisticated FIR low pass filtering of the output instead of simple
counting allows an output of n bit resolution after dramatically fewer samples than 2 .n

Fig. 12 shows the structure of a todays 4th order modulator [3].
The advantage of the 1 bit quantizer is that errors in the 1 bit feedback DAC do not
produce distortion but only gain and offset errors [4].



5.1.3. Quantization noise

The 1 bit modulator produces much quantization noise. The signal to noise ratio of a n bit
ADC is given by

S = n x 6 dB + 1.8 dB, i.e.
7.8 dB for n = 1     [5].

The RMS of the noise is . But only a fraction of the noise energy resides in the
band of interest as the noise is spread over a wide area of frequency. Nevertheless further
reduction of quantization noise is required in order to get a high range of dynamic.
Looking at an analog model of the modulator and introducing a noise source P(n) (Fig. 13)
representing the nonlinear comparator function, allows to give an assessment about the
quantization noise.



The transfer function H(f) describes the analog integrator of any order. Assuming D  = 0in

gives:
D  = P(n) @ H(f) @ D t = P(n)/ (1 + H(f))out      ou

Thus, the quantization noise at the output is function of H(f). If H(f) is large at low
frequencies (i.e. for the frequencies of interest), the quantization noise for this frequencies
is reduced. As H(f) become smaller for higher frequencies (in the area of frequencies not
of interest) the noise increases in that area. This is because the noise is added directly to
the output and, therefore, only the noise distribution but not the noise energy in total is
affected by the closed loop circuit. Fig. 14 shows the simulated output spectrum of a
modulator [3]. It is necessary to filter the output sequence of the modulator in order to
remove all frequency components which are outside the band of interest.

6. DIGITAL FILTERING AND DECIMATION

The digital filter is a very important component of a delta sigma ADC. Just the filter allows
further reduction of the word rate (decimation), remove of all disturbing noise, the
modulator produces and, therefore, production of high resolution outputs. Because of their
strictly constant group delay (dn/dT = constant) and easy implementation finite impuls
response filters (FIR filters) are used. The output of a FIR filter is the convolution of a
series of coefficients and an input series[6, 7]). In time domain the coefficients represent
the answer of the filter at equidistant points of time for a Dirac impulse at the input. The
output of the filter for a input sequence is given by the sum of products:



with x the filter input, y the filter output, the filter coefficients h(l) and K the number of
filter coefficients.
The frequency response is given by:

with
a(0) = h((K-l)/2) and a(l) = 2h((K-1)/2-l) for l = 1...(K-1)/2

and
h(l) = lth coefficient of the filter.

The delay of such a FIR filter is n/2. If the filter sequence has a higher resolution in time
than the coefficient series (more than one coefficient per input value) it is also possible to
calculate output values which belong to a point of time between two values of the input
sequence, which is very important for interpolation applications. This is done by shifting
the input series in fractions of the distance between two samples.
If the filter is designed such that frequencies above, for example, a tenth of frequency of
the input sequence are attenuated, then it is allowed to pick up only every tenth output of
the filter for further processing without violating the Nyquist criterion. This process of
reducing the word rate to a handable value is called decimation. This happens inside the
A/D converters FIR filter in order to perform a bridge between the highly oversampling
modulator and adequate word rates at the output of the converter. Actual delta sigma
converter designs use FIR filters combined of several stages [8].

7. SYNCHRONIZATION

One of the problems of using delta sigma converters is that they have to run continuously.
Unlike other converter technologies, which use a kind of start stop operation, delta sigma
converters have there own time grid, which normally is derived from a crystal oscillator.
This is no problem for audio or control purposes, because this oscillator can function as
the main clock of the system which then run synchronously to this main clock.

The rotor acoustic measurement in opposite has to be synchronized to the rotor speed
which is never constant because of the hydraulic motor and the aerodynamic forces.
Because of FFT processing it is necessary to have a word rate of exactly 2048/rev. (per
revolution). This gives a word rate of 35,840 kHz at the nominal rotor speed of 17.5 rev/s.
The internal sample frequency of the ADC is 35,840×17.5.2.3 MHZ. This frequency is



derivated from a PLL which multyplies the pulses from a shaft encoder by a factor of 4
(Fig. 15). Additionally the ADC needs six clock periods for every internal sample. These
pulses are needed for internal filter computation and housekeeping purposes. They have
not to be equidistant. Therefore, for each period of the PLL output a burst of six pulses is
produced using a series of monoflops. The input frequency of the ADC results in .13.8
MHZ. The reason for not using a higher PLL factor is that large PLL factors produce large
phase distortion (jitter) which results in conversion errors (side lobes in the spectrum).

8. TRANSPUTERS AND OCCAM

What we need for TEDAS is the massive use of parallel processing. The processing units
are “Transputers” and they are programmed in the programming language OCCAM.
Transputers are Von-Neumann-processors, each having its own memory. A transputer has
four bidirectional serial links. These links enable it to exchange data with other transputers.
By “linking” several transputers we get a transputer network. The single transputers in this
network are working in parallel and asynchronous, there is no “master” or “supervising
operating system”. The transputers synchronize their work by exchanging data.
We use the transputer T800 which has the following technical data. The T800 has (as a
single processor) a perfomance of 10-15 MIPS / 2.0 MFLOPS (the T800 has a built-in
floating point unit). It has 4 Kb of on-chip-memory, the TEDAS modules having 4 MByte
of external memory. Each of the four links works with its own link engine at a data rate of
20 MBit per second in every direction (both to and from the transputer). In this way
communication along the four links and calculation in the CPU are done in parallel. If we
specify parallel processes on a single transputer, task switching is done in hardware and,
therefore, very fast (a few microseconds).
Several transputers may be connected via their links in any way. This allows the mapping
of the physical problem onto an appropriate network of processes (see e.g. [11]).
Transputers were developed according to the concept of the programming language
OCCAM. The basic element of OCCAM is a process. A process is an assignment (i.e.
“a:=b+c”), a communication (i.e. “receive data from” or “send data to”) or a combination
of other processes. Apart from usual constructs (such as “if”, “while” and so on),



processes may be combined in three principal ways: sequential, parallel and alternative.
Sequential processes are executed one after the other, just as usual. Parallel processes are
executed in parallel. As mentioned above, even processes on one transputer may work in
parallel (i.e. communication and calculation).
Processes are ideally working with their local memory and communicate via channels.
Processes are synchonized by data transfer along these channels. An output process is
waiting until all specified data is sent and then is terminated. An input process is waiting
until all specified data is received and then is terminated. If an input/output process has to
wait, it is (of course) descheduled by the hardware of the transputer, such that other
(parallel) processes (on the same transputer) may be executed.

A complete program is placed by mapping processes on transputers and channels on the
hardware links. This is done in a configuration part. If we change the hardware (by adding
transputers to speed up the system), we only have to change the configuration data.
Usually a transputer network is connected to a host computer. For TEDAS a SUN
workstation is used. In the special case of the SUN, the host and the network are
communicating along a link or with the help of shared memory.

9. SYSTEM DESCRIPTION

9.1. HARDWARE LAYOUT

Fig. 16 shows the structure of the complete data acquisition system. An unlimited number
of Intelligent Data Acquisiton Modules (IDAM’s) is arranged in a pipeline structure.
Each module can serve 8 channels and is able to store 200,000 samples per channel. The
sampling rate per channel is max. 50 KHz. After all modules have converted and stored the
data from the rotor sensors for about 100 rotations, each module processes the data for its
8 channels.
After this is done, all raw data and processed data are transferred to a host computer
where the data are stored on a mass storage device. The modules are connected via 20
Mbit/s transputer links. Also the connection to the host computer is made by a transputer
link. The host computer can be any type for which a bus bridge head is available (VME-
Bus, Q-Bus, PC-Bus and others). The actual system has been developed using a PC
compatible host. The target system which, has been delivered to the customer, uses a SUN
workstation as host. All the transputers in the IDAM’s are booted automatically via their
links from the host. Of course there is a synchronization line which allows totally
synchronous operation of all A/D converters. A special interface card provides clock data
derived from the encoder which is mounted at the rotor shaft.



9.2. INTELLIGENT DATA ACQUISITION MODULE (IDAM)

Fig. 17 shows a block diagram of one IDAM. For the ADC the CS5329 from Crystal has
been selected. It is operated in the testmode 6 [9] which allows operation at frequencies
far away from the audio ADC values (44 or 48 KHz). In this testmode a built-in PLL is
switched off, allowing to run the device outside the capture range of the PLL. The A/D
converters deliver their data to an output registered shift register which can be read by the
transputer under software control. The IDAM is a EURO long board which contains
smaller modules i.e. the transputer module and two ADC modules. Fig 18 shows a FFT
plot for the CS5329. Delta sigma converters have unlike converters no mechanism to
produce systematic differential nonlinearity error. Fig. 18 also shows a DNL plot [10].

9.3. SOFTWARE LAYOUT

The IDAM’s are connected in a long pipeline. The first module is connected to the host,
the last module has no successor. To simplify speech, we call the direction to the host
“downstream”, the direction from the host to the last IDAM “upstream”. Two consecutive
IDAM’s are connected by one link.





Apart from the first IDAM, we execute the same process on all modules. The first IDAM
has special hardware to start and end the data recording.
The communication works as follows. In normal state, the process on the IDAM is waiting
for data coming upstream or downstream. If data is coming downstream, it is handed
through to the predecessor, since all data going downstream is directed to the host. If data
is coming upstream, a header tells the process, where it is directed. The data (or command)
may be directed to all IDAM’s (e.g. “to all IDAM’s: initialize your AD converter”). The
data may also be directed to a special IDAM (e.g. “to IDAM no. 13: send your FFT
data”). If the data is meant for the process it is executed, otherwise it is sent further
upstream.
We may set parameters in one or all IDAMs, convert the analog data and execute FFT’s or
other transformation on the received data. In the end the host can request the processed
data from the single IDAMs. There is a lot of data to be sent, the system transfers up to
800 Kb per second (transfer becoming slower, if the sending IDAM is farther upstream).
In this way, the transfer bottleneck will be the harddisk on the host.
If a measurement is to start, the IDAM’s are initialized and change into a waiting status.
No data may be transferred now. If all IDAM’s are ready, the first IDAM issues a
hardware signal, such that all IDAM’s start their measurement at the same time. A
measurement may be terminated by the host, but it is usually terminated when the specified
amount of data is received. The process then returns to his normal state and the host may
issue commands to process the raw data.
The data may be processed by an FFT, by averaging it in time, by calculating an RMS
value, and other calculations. This should be the fastest way to preprocess the raw data,
since it is done in parallel. If desired other preprocessing algorithms may be programmed.
In the end the host may request the raw data and/or the processed data
A SUN-SPARC Fileserver 370 stores the incoming data. The SCSI Harddisks can hold up
to 2 GByte data, that can be copied to Exabyte-tapes and mailed to other institutions for
further processing.
The SUN is equipped with the UNIX-based multiuser and multitasking operation system
SUN OS 4.1. The application is based on OpenLook and X11/NeWS. X11/NeWS is a
network based window-server, OpenLook is an intuitive grafical user interface.
The main duty of the application is to communicate with the transputer network which can
be done on two ways: via a link adaptor, connected to the rootlink, performing an 8 bit
parallel to serial conversion, and via VME-Bus with direct access to the entire dual ported
memory of the root transputer. Normally, control commands are send to and
acknowledgements are received from the network using the link adaptor. The incoming
measurement data is received using the second way because of faster access to the data.
Writing 70 MByte, a transfer rate of over 450 Kbyte/s is reached, hence the total data
transfer takes about 2.5 minutes.
Finally, other programs in the workstation network may perform offline postprocessing
such like extracting channels or displaying data.



In the current application, TEDAS handles 180 data channels. Calculating the 18000 FFT's
(800 FFT’s per IDAM) will take about 3 minutes. The sending of all raw data (70 MByte)
to the host and saving the data on a harddisk will take about 2.5 minutes (we can at most
save 450 Kbyte per second on the harddisk).

10. CONCLUSIONS

As far as first tests showed, the highly oversampling delta sigma technology is not only
usable for audio purposes, for which it was designed, but also for technical data
acquisition problems. Mapping functions from the analog domain to the digital domain has
the great advantage that the problem of noise introduction into high resolution converters
can be maintained easily by digital filtering. The use of transputers in combination with
OCCAM resulted in very modular easy to interface structure of the system. Adding more
channels to the system is done by one connector ond the hardware side and the change of
one parameter in software. As the CPU power is an integral part of the ADCs the
preprocessing time is independent of the number of channels. Temporarily the fifth system
of this type is being produced.
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ABSTRACT:

The European Space Agency (ESA) decided in March, 1991 to phase out the
existing telecommand standard (PSS-45) and replaces it with the new CCSDS
(Consultative Committee for Space Data Systems) compatible standard, the
packet telecommand standard PSS-04-107.

SCHLUMBERGER Industries has developed a telecommand encoder, the TC
3900, which complies with the packet telecommand standards. It belongs to a new
family of modular products using new technologies and incorporates in only one
single housing of 7 units high and 19" wide, the telecommand encoder, a PSK-
FSK sub-carrier modem, and WAN (Wide Area Network) and LAN (Local)
interfaces.

The CCSDS recommendations oblige to implement new functions, which were not
used with previous standards : we propose to describe what are the new services
provided by the packet telecommanding and how they have been implemented in
the TC 3900 encoder.

1) INTRODUCTION

The European Space Agency (ESA) decided in March, 1991 to phase out the
existing telecommand standard (PSS-45) and replaces it with the new CCSDS
(Consultative Committee for Space Data Systems) compatible standard, the
packet telecommand standard PSS-04-107.



One of the reasons of that choice was that the old standard was designed to
support a reduced number of spacecraft, and was limited by the number of
spacecraft address available using the ASW (Address and Synchronization
Word).

The second reason and the main one, is the fact that the packet telecommand
transmission provides higher performance services, particularly in error control
and data rates, which are required by the new missions.

For example, the packet telecommand process enables the complete
management of retransmission to be performed locally in the TT&C station, by the
telecommand encoder. This releases the Satellite Control Centre from the control
of correct reception of telecommand frames.

SCHLUMBERGER-Industries has developed a telecommand encoder, the TC
3900 which complies with the packet telecommand standards.

The CCSDS recommendations oblige to implement new functions which were not
used with previous standards : for example to be able to perform a local check of
the encoding function, the TC Encoder must have a built-in TC Decoder simulator,
to be able to manage the retransmissions. The characteristics of the space-link -
for example, the propagation delay - and those of the ground telemetry chain,
must also be simulated, as well as the telemetry sampling rate.

In the same manner, as the Packet TC Encoder handles locally the verification of
the good transmission of telecommands to the spacecraft, it must have the
capability to exchange data with the Control Centre without losses or errors and
with a sufficient buffering capacity.

We propose to describe the new services provided by Packet Telecommand and
how they have been implemented in the TC 3900 Encoder.

2) PROBLEMS WITH PCM TELECOMMAND STANDARDS PSS-45

In 1988, the standardization group within ESA (European Space Agency),
proposed to phase out the existing telecommand standard (PSS-45), and replace
it with the new CCSDS compatible standard, the packet telecommand standard
PSS-04-107.

This new standard is now in force for all new ESA projects.



There were mainly two reasons for proposing a new standard

- higher performances and services are required by new missions, particularly in
error control,

- the PSS-45 standard was designed to support up to 80 spacecrafts, and was
limited by the number of spacecraft addresses which could be allocated.

Spacecraft addresses

The spacecrafts are identified using the ASW (Address and Synchronization
Word). Due to its size, about 150 more ASW’s are available. But in fact as most
spacecrafts of the same family use the same telecommand bit rate and subcarrier
frequency, the only identification is provided by the ASW. So an ASW selection
criterion has been defined for these families of spacecraft, upon which the
minimum Hamming distance of each valid ASW and its complement, correlated
with another word of the same family, over a shift range +- 15 and over the whole
class of telecommand messages should not be greater than, or equal to 2.

With that criteri, no family of 8 codes can be obtained now out of the 150
remaining ASW’s. As usually two TC decoders can be found in a spacecraft, no
family of 4 spacecraft can be found for safe use.

So the new requests for ASW’s cannot be satisfied.

Increase of performance

Due to its encoding principles, the PSS-45 telecommands are based on TC
frames which contain fixed length data (3 words of 8 bits giving 24 bits of of
command information, with an additional “Mode selection” word of 4 bits used to
identify the distribution format of the data). The protection of the data is given by
the redundancy, as each 8-bits data word is sent twice in every frame in order to
lower the probability of frame rejection, and encoded using a (12,8) code derived
from the (15,11) Hamming code.

With the ASW word and the redundancy and encoding, the TC frame contains 96
bits.



The contents of the frame are defined to provide several different services :

 - serial load commands : 24-bits data,

- memory load command : 8-bits address which specifies the destination of the
16-bits data following,

- On/off command : transmission of three On/Off commands.

To be able to send more data, several adjacent frames must be sent :

- time-tagged command : two frames are sent with the indication of the time at
which the command must be executed on-board, in the first frame,

- block-by-block telecommands are used when loading large on-board memories,
and is composed of consecutive frames.

Using these redundancies and encoding, the probability of a telecommand frame
false but accepted on-board equals 10E-4 for a bit error probability of 10E-2. But
the probability of a TC frame correct but rejected is of about 8.E10-2 for the
previous BER.

Four main problems can be identified

- huge amounts of data cannot be easily transported,

- the degree of protection is fixed : so the channel occupation remains the same,
even if the data to be transmitted can tolerate a lower level of quality.

- the only way to know if the TC frame has been accepted or rejected is to find out
if it has been executed on-board, with the help of the telemetry data coming back
later. This means that each TC frame must be monitored by the ground control
centre. As a block of data is shared into 96-bits TC frames, each one must be
controlled.

There Is therefore dependency between the Transport and the Application.

3) CCSDS PACKET TELECOMMAND

One of the most important aims of the CCSDS recommendations was to provide a
common method for all space agencies to send/receive data through different
shared ground stations (cross-support).



The second aim was to provide and ensure that the user would have a reliable
and transparent delivery of telecommand information.

So different concepts have been used.

Layered architecture

The telecommand system is designed following the general principles of layering
as proposed in the Reference model of Open Systems Interconnection developed
by the ISO (International Organization for Standardization).

The different services are defined and supported by the layered model. The
layering allows a complex procedure such as spacecraft command to be
decomposed into sets of peer functions residing in common architecture layers.
Within each layer, the functions exchange data according to established protocols.
Therefore, an entire layer within a system may be removed and replaced without
destroying the integrity of the rest of the system.

Three main services have been defined :

- the Data Management service which provides the command data delivery and
management services for the user. This means for example the translation of
human-language-like directives into process-interpretable telecommands. The
application data is formatted into end-to-end transportable data units called TC
Packets.

- the Data Routing Service segments the large packetized transportable data units
into smaller communication oriented segments for transfer through the the space
data channel. It also provides Multiplexer Access Points (MAP’s) for multiplexing
of segments to allow data flow control. The segments obtained have a fixed length
to be placed into TC Transfer Frames data units. The Transfer frames layer is the
heart of the CCSDS TC system, and offers a wide range of services to deliver
data to the users.

- the Channel Service performs the encoding of the transfer frames to guard
against the telecommand channel noise-induced errors, and interfaces with the
physical transmission channel. At that level, the transmission is synchronous.



Telecommand data structures

The TC Packets are segmented, and placed into the data field of the TC
Segments, which are preceded by a header. The TC Segments are encapsulated
into by the TC Transfer frame header and an optional trailing error control code.

Then the TC Transfer frames are encoded into a series of short, fixed length TC
Codeblocks which provide error detection and correction capability.

Communications security and data protection

Two main services are identified :

- one at the TC Transfer frame level, provides the controlled delivery of data units
to the receiving end of the layer above, correct and without omission or
duplication, and in the same sequential order in which they where received from
the layer above at sending end.
This is obtained by a transparent process of retransmission managed by that
layer. Different levels of retransmissions are provided depending on the COP
(Command Operations Procedures) used. The management of the
retransmissions is performed using the services provided by the lower layers,
such as the error-detection capability, with the help of the TC Codeblocks
encoding.

- the second service consists of the authentification and encryption mechanisms
which can prevent the manipulation or control of the spacecraft by an
unauthorized party and interpretation of data transmitted.

Packetization layer

This permits the user to optimize the size and structure of his application data set
with a minimum of constraints imposed by the transport.

End-to-end transport services of the Packetization layer can be provided by
attaching an error control field, to the standard header (application process
identifier, sequencing, delivery reporting...)



Segmentation layer

To guarantee a minimum access to the uplink channel, that layer provides two
mechanisms :

- segmentation of TC Packets into shorter pieces to insert those into fixed-length
TC Transfer frames,

- multiplexing.

This facilitates to have redundant interface access, in case of failure of on-board
subsystems, and an operational access to the link for each major user.

Transfer Frame layer and Channel Coding layer

These two layers provide the mechanisms to transfer data without error, omission
or duplication, and in their original sequence.

Two different services are provided (in ESA standards) :

- the Sequence-controlled service, which is used in normal spacecraft
communications, enables transport of TC Segments in their original sequential
order, with no error, and no duplication or loss of a complete TC Segment,
- the Expedited service which is used with TC segments which can be lost or
contain errors.
To be able to provide the first service, retransmission protocols are used and need
to dispose of a protocol within the layer, the COP-1 (Command Operation
Procedure One) and of a standard return data report in the telemetry link. The
second service is used when the telemetry link is not available.

Each of the TC Transfer frames must contain a Frame Sequence Number in its
added header, to be able to manage the retransmission.

After reception by the on-board decoder of TC Codeblocks and detection of
errors, a standard reporting data structure, the CLCW (Command Link Control
Word Format), is generated by the spacecraft for each decoded TC Transfer
frame. It is added into the telemetry data sent at fixed TM frame rate, and contains
informations on the correct or not reception of the TC Transfer frame. These
informations, once received on ground by the Telemetry Preprocessor, will be
directly transmitted to the Telecommand Encoder to permit the management of
the COP (retransmissions).



As the Telemetry data is received periodically, the CLCW’s are sent also
periodically to the TC Encoder, following a sampling rate which can be different of
the TM rate : this means the COP procedure must work, even if the CLCW’s are
missing (sub-sampling) or doubled (over-sampling).

Another problem arises with propagation delay between ground and space, which
may influence the COP management : several TC Transfer frames can be
transmitted when the acknowledgment of acceptance or rejection of the TC
transfer frame arrives on ground in a CLCW.

To be able to set-up the COP protocol on-board (called FARM, Frame Acceptance
and Reporting Mechanism), specific TC Transfer frames are used to carry
management configuration directives.

The spacecraft identifier is a 10-bits word which replaces the ASW word. 6 more
bits can be used as the Virtual Channel Identifier, as a spacecraft sub-identifier.
These words are in the TC Transfer frame header and so are independent of the
16-bits synchronization word added at channel coding level.

Coding layer

It provides the forward error correction capability and detection of errors. Each TC
Transfer frame is encoded and embedded into one CLTU (Command Link
Transmission Unit) which consist of :

- one 16-bits Start Sequence for synchronization service, which value equals
EB90h,
- one or more Codeblocks of a maximum length of 64-bits (56 bits of data),
- a Tail sequence.

It is possible to modify the the Codeblocks format : from 5 to 8 octets. The error-
correction code is a (63,56) modified BCH code (Bose-Chaudhuri-Hocquenghem).

4) PACKET TELECOMMAND STUDIES

PTCTJ

SCHLUMBERGER-Industries was awarded by ESA (European Space Agency) in
1984 (with Swiss company CIR) a contract for the development of a Packet
Telecommand Test bench : the PTCTJ (Packet Telecommand Test Jig).



The PTCTJ has been designed to test packet telecommand encoders. Since in
1984 no ESA packet standards were available, the PTCTJ was realized with the
first implementations of the CCSDS recommendations (green and red books).

To be able to test on-board decoders, the PTCTJ includes a ground telecommand
encoder, a simulator of the on-board decoder and a simulation of the telemetry
link for the reception of the CLCW’s words.

The PTCTJ has been used to investigate the new CSSDS Packet Telecommand
recommendations, and assess their performance.

Our work on COP-1 and COP-2 protocols permitted the definition of new
implementations and to realize the ESA standards at that time.

That experience gave us also enough knowledge in 1986 to develop a Packet
Telecommand Encoder which could be proposed as a standard product, in 1986.

5) TC 3900 PACKET TELECOMMAND ENCODER

Introduction

The encoding part of the 3900 packet telecommand encoder was designed to
implement CCSDS Packet Telecommand Recommendations for packet
telecommand, but can be used to work with other standards simply by changing
the software : the hardware is the same as our PSS-45 standards products (TC
3945).

It belongs to a new family of modular products using new technologies and
incorporates in only one single housing of 7 Units high and 19" wide, the
Telecommand Encoder, a PSK/FSK Sub-Carrier Modem, WAN (Wide Area
Network), and LAN (Local) interfaces.

The PSK/FSK Sub-carrier Modem is fully programmable (Sub-carrier Frequency
and F0/bit rate ratio for example) and respects the CCSDS recommendations and
ESA Radio Frequency and Modulation Standards for PSK, and the GSFC 23/4/68
Standards for FSK

A certain number of technological choices have been made to allow the maximum
modularity so that the 3900 can be adapted to the various telecommand
standards, and also to the functional configurations appropriate to the
environment can be chosen.



TT&C stations and EGSE configurations

The TC 3900 has the capability to be used in Telemetry, Tracking and Command
stations (TT&C) for the operational control of satellites, using its built-in
communication interfaces (X25 level 3 and IEEE-488 Bus) and in the Electrical
Ground System Equipment (EGSE) for the check-out of spacecrafts before
launch.

In the TT&C station version of the TC 3900, the data structures and protocols,
used in data interchange tasks, can be executed in accordance with the ‘Station
Data Interchange Standards’ defined in ESA-ESOC GSED document Rev.5 May
82, but new services are implemented and new protocols have been also defined.

The basic configuration has the main features:

- the TC encoder can verify each telecommand in real time, using the Check
loops. The output of the modulator can be sent to the input of the demodulator,
and the demodulated data stream is compared with the sent stream, using a bit--
by-bit comparison.

- the data commands (requests) are received from the Satellite Control Centre
through a X25-level 3 interface, as X25 packets or via standardized ISO 8802/x
LAN’s (Local Area Networks) like Ethernet.

- control and monitoring of the 3900 is done through an IEEE-488 GPIB Bus
interface or RS232 or RS422 serial line interface or LAN.

- control and monitoring of the unit can be done locally, using the local interface
on the Front Panel. It consists of a LED display screen of 16 lines x 64 characters,
and of hexadecimal and customized keyboards. The dialogue is made using a
Menu with dedicated pages.

- all the set-up parameters are stored in non-volatile memory and kept in case of
mains power failure.

Data exchanges with users : three gateways and protocols

The TC 3900 can receive data at three different levels (gateways) of the layered
model using well-defined protocols :



- the Packet Gateway is used to receive TC Packets,

- the Segment gateway,

- the CLTU Gateway (Command Link TransmissionUnit), at the Channel Coding
Layer level.

For example two types of messages can be received on the Packet Gateway
interface :

- a ‘Request For Packet Gateway Data Transfer’ used to transmit a TC Packet,
having a maximum size of 64 Kbytes,

- a ‘Request For Packet Gateway Control Command Transfer’ used to transmit a
Control Command to the controlled end (spacecraft).

A ‘Request For Packet Gateway Data Transfer’ is a message which contains a TC
Packet which size can equal 64 Kbytes. It contains several additional parameters
which permit the definition of its source, destination and to chose the CCSDS MA
and Virtual Channel for priority management.

After reception of that message, the TC 3900 sends back an acknowledgement
message to indicate if it accepts or not, and to store the packet in its memory.
Once stored, it goes through the different layers of the TC 3900, until it is shared
into numbered TC Transfer frames. The transmission is effected and the
retransmission is managed in a transparent manner. When all the TC Transfer
frames have been accepted by the spacecraft (meaning all the CLCW’s have
been received and correct), a message is released to confirm the transmission of
the packet to the end-user.

The same protocol is used, with a phase of acceptance/rejection and then
confirmation between the layers in the TC 3900. These protocols are seen by the
user when it is connected to one of the two others gateways.

Three functions in one

The TC 3900 implements three main functions :

- a Packet telecommand encoder  which receives CLCW’s from an external
Telemetry preprocessor,



- a Packet telecommand decoder : it perfoms the on-board decoder functions, and
uses the data sent by the encoder to simulate all the decoding stages and the
telemetry link. This permits the handling of the complete TC/TC processing with
the simulation of space and systems parameters such as the propagation delay
and sampling rate.

- a Packet telecommand format validation unit : connected to an external encoder,
it can assess its performances by decoding data in a deeper manner than the
on-board decoders, giving a detailed classification of the errors found.

Function 1 : Telecommand Encoder

It realizes all the functions defined in the different layers of the encoder :

- Receives from the SCC, CCSDS TC Packets embedded into (or split into) X25
packets.
- Sends an acknowledgment of reception and acceptance into its buffers (64
Kbytes packets can be stored until complete transmission to spacecraft).
- Performs the Packet segmentation.
- Manages the Packets priorities, using two groups of MAP’s (Multiplex Access
Points which may be Interrupt or Normal).
- Encodes segments into Transfer Frames.
- Manages 4 CCSDS Virtual channels at a time (can be modified by set-up,
depending only on the memory available).
- Encodes Transfer Frames into CLTU’s at channel coding level and performs
transmission of data with acquisition bytes added before each frame (PLOP 1 in
physical layer).
- Adds Idle bytes between frames (PLOP2).
- Serializes data and modulates it at sub-carrier level.
- Uses the returned data demodulated by the built-in demodulator to compare it in
real time with data sent.
- Receives from the Telemetry Preprocessor (or the built-in decoder simulator) the
CLCW’s words which are sent by the on-board decoder to acknowledge the TC
Frames.
- Retransmits the Transfer Frames which were not correctly acknowledged.
- Transmits to the SCC a Packet Transmission Confirmation message once all the
TC Transfer Frames have been well received and acknowledged by the
spacecraft.



Function 2: Telecommand Decoder Simulator

A Packet Telecommand Encoder cannot work without the Telecommand Decoder
of the spacecraft to manage the retries (COP-1). The simulated decoder uses the
encoded data, decodes it and generates simulated CLCW’S.

- Receives the modulated data, demodulates it, performs synchronization and
ambiguity resolution.
- Extracts CLTU’s and decodes these into Transfer Frames.
- Perform the FARM processing on four virtual channels, which is the acceptance
and validation of the Transfer Frames.
- Generates the CLCW’s (ACK for ground).

Function 3: Telecommand Validation

Useful for Check-Out purposes.

- Verifies the format of the encoded frames in accordance with the CCSDS
recommendations.
- Verifies all the control fields.
- Provides the reasons for the error, using a classification tree.

Figure : Functional diagram of TC: 3900 Packet Telecommand Encoder
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Abstract

A fiber optic event timing system was developed for the High Speed Test Track at
Holloman Air Force Base, Alamogordo, NM. The system uses fiber optic sensors to detect
the passage of rocket sleds by different stations along the track. The sensors are connected
by fiber optic cables to an electronics package that records the event time to a resolution of
100 nanoseconds. By use of a GPS receiver as the timebase, the event time is stored to an
absolute accuracy of 300 nanoseconds. Custom VMEbus boards were developed for the
event timing function, and these boards are controlled by a programmable high speed
sequencer, which allows for complicated control functions. Each board has 4 electro-optic
channels, and multiple boards can be used in a VMEbus card cage controlled by a single
board computer. The system has been tested in a series of missions at the Test Track.

Introduction

The High Speed Test Track at Holloman AFB, Alamogordo, NM has the stated goal of
achieving Mach 10 with rocket sleds traveling down their 10 mile (16 kilometer) long
track. In order to provide accurate velocity information on sleds traveling this fast, the Air
Force released a Small Business Innovative Research (SBIR) contract to Far West Sensor
Corp. to develop a high bandwidth velocity sensor system. According to the original
specifications, the system consists of a series of sensors mounted trackside that detect the
passage of the rocket sled. The time of passage is recorded to better than 1 microsecond
resolution, and since the positions of the sensors are accurately surveyed, the average
velocity between sensor stations can be computed using distance divided by time. The
sensors are portable and can be moved to different locations on the track so that a 1000



foot (300 meter) long section can be instrumented at any one time. During Phase I of the
contract, a prototype system, described below, demonstrated performance meeting these
specifications.

While performing the experiments during Phase I, discussions with the Test Track
personnel indicated that there are a number of other applications where this event timing
system could be used. Some of the tests that are conducted at the Track require that the
absolute time of passage be recorded; thus, the system would need an absolute timebase.
Also, because of the high speed capabilities at the Test Track, projectiles can be shot off
one end of the track at supersonic velocities. Equipping the system with appropriate
sensors to measure the impact velocity of these projectiles into targets would give
additional utility. These features, along with others, are incorporated in the Phase II
design.

System Approach

To meet the performance requirements, Far West Sensor Corp. is using a fiber optic based
approach to the sensor system, which is illustrated in Figure 1. An electronics package,
which contains optical transmitters and receivers, is located about 100 feet (30 meters)
from the track. The transmitters are generating a 10 MHZ train of optical pulses that is
routed along fiber optic cables to each individual sensor station. The sensors are mounted
on the track, and different sensor types work by various optical interruption techniques.
The pulses of light are then routed back by fiber optic cable to the optical receivers, where
the detected signals are thresholded for a binary output and processing. The results are
communicated over a twisted pair line to the Track Data Center (TDC) by a modem link at
the conclusion of the mission.

The original solicitation envisioned an RF telemetry link at each sensor station. Far West
Sensor decided against using such an approach because of the extensive calibrations
needed to account for the different delay paths from each sensor site to the telemetry
receiver antenna. Instead, a fiber optic cable links each sensor to a channel in the
electronics package, which processes the data in real time, then downloads the results. The
optical fiber is capable of carrying very high bandwidth signals, which provides for growth
capability. Since the fiber can be placed in protective cabling, the sensors can be easily
and rapidly moved to different sites as required.

Because a pulse train of signals are used, the main signal processing consists of detecting
missing pulses when the rocket sled interrupts the optical beam at the sensor. As part of
the electronics package, a set of counters that act as a clock is driven by the timebase.
When missing pulses are detected, the count is latched in a set of registers for the
particular channel that is tripped. If the counters are preloaded with the time and then 



Figure 1.
Fiber Optic Event Timing System Diagram

driven by an accurate timebase, the counters reflect the current absolute time to the
accuracy of the timebase. Therefore, as the rocket sled travels past each sensor station, the
absolute time of passage is captured and stored for each position.

Due to the 10 MHZ pulse train, the resolution of the system is 100 nanoseconds, which is
an order of magnitude better than the original specification. In fact, the limitation on the
accuracy of the velocity measurement is due to surveying errors in the position of the
sensors. For example, if the sensors are spaced 40 feet (12 meters) apart and if the rocket



sled were traveling at Mach 10, the velocity could be determined to 0.0028% accuracy
(about 0.31 feet per second out of about 11,000 feet per second, or 0.09 meters per second
out of 3300 meters per second) if the sensor spacing were surveyed perfectly. With 0.1
inch (2.5 millimeter) surveying accuracy, the velocity accuracy corresponds to 0.021%,
which is 2.3 feet per second (0.7 meters per second) at Mach 10.

Prototype System

During the Phase I of the contract, Far West Sensor fabricated a 3 channel prototype
sensor system. This system used BeamBlocker (tm) sensors, a schematic of which is
shown in Figure 2. The pulse train of light from the fiber optic cable is expanded by lenses
then sent across a gap in the sensor housing. On the other side of the gap, the light is
collected by another set of lenses and sent down the fiber optic cable. The sensor is
mounted trackside. The rocket sled is modified with a blade on its side at a height that is
centered on the gap. When the sled passes the sensor, the blade interrupts the optical
beam. which triggers the electronics to capture the time of passage.

The electronics included the capability to measure the time between when the missing
pulses began to when the pulses were reestablished after the blade had passed through the
gap. By knowing the length of the blade, the instantaneous velocity of the sled as it passed
through the sensor gap can be computed using this time. Since the blade length is typically
3 inches (7.6 centimeters), this velocity measurement is not as accurate as that using
different sensor stations, i.e. 0.4% compared to 0.02%, but may be sufficiently precise
depending upon the application.

As a checkout of the prototype, two missions were run with a rocket sled going at
approximately Mach 2.5. The system worked properly on both missions. However, on the
first mission, one of the sensors tripped prematurely. Calculations showed that the time at
which it tripped corresponded to a position approximately 3 inches (7.6 centimeters) in
front of the knife blade. Speculation was made that the false trigger was due to the optical 

distortion from the shock wave coming from the nose of the rocket sled or due to debris
blown up by the shock wave. A check of the optical alignment of the sensor showed that it
was not optimal, and that the received signal was close to the threshold level. The sensor
was realigned, and no false triggers were observed on the second mission.

Operational System

An operational fiber optic sensor system was developed under Phase II of the SBIR
contract. In the course of this phase, two new sensors were designed, and a different
approach was used for the electronics. In order to accurately provide the absolute time of 



Figure 2.
BeamBlocker Fiber Optic Sensor

passage of the rocket sled by different sensor stations, the trackside electronics package
uses a Global Positioning System (GPS) receiver manufactured by Bancomm as a
timebase. The 10 MHZ optical pulse train is derived directly from this timebase. The
clock/counter chain on each of the electro-optic boards, which are described below, is
initialized to the absolute time and then driven by the timebase. Once the position of the
electronics package is determined automatically, the timebase is traceable to 100
nanosecond accuracy to Universal Coordinated Time.

In order to use the BeamBlocker sensors, the rocket sled must have a blade installed on its
side to interrupt the optical beam. At the higher velocity ranges (above Mach 3 to 4) these
blades can create aerodynamic forces that cause the sled to roll, thus potentially wearing
one side of its slipper until it fails. In addition, there are situations where a number of
booster stages are used to propel the sled. The timing of the staging is accomplished by
sled-mounted knifeblades intercepting screenboxes at the side of the track. These
knifeblades can cause clearance problems for the BeamBlocker sensors.

For these reasons, the Breakfiber (tm) sensors were developed. A Breakfiber is a piece of
optical fiber that is stretched across the track so that it is broken when the rocket sled
passes. The ends of this fiber have connectors that are mated to the fiber optic cable
carrying the optical pulse train from the electronics package. The Breakfiber sensors can
also be used in harsh environments, such as in the launch zone or in rain fields, where the
BeamBlocker optics might be contaminated. The disadvantage of the Breakfibers is that
they are expendable and must be replaced after each run.

In a series of test runs, the Breakfiber sensors were found to give velocity results
comparable to the values determined by the conventional velocity sensors at the Test



Track. four runs were conducted with rocket sled velocities ranging from 250 to 2200 feet
per second (75 to 670 meters per second).

The BreakScreen (tm) sensors are based upon the Breakfiber approach of using an
expendable optical fiber to detect the time of passage. As the name implies, the
BreakScreen is a two-dimensional grid of fiber that is mounted on a backing material. The
velocity of free-flying projectiles is measured by placing at least two sensors spaced a
known distance apart (typically 3 to 4 feet, about 1 meter) in the path of the projectile.
Accurate impact velocities can be obtained with this system. Two missions were
performed that demonstrated proper operation of the sensors.

Electro-Optics Board

A radically different approach is used in the operational system electronics compared to
the prototype electronics. In the prototype electronics, each channel can only be triggered
once, such that if the optical beam is blocked on one channel, the time of blockage is
recorded and that channel is disabled until the electronics is reset. The normal operating
procedure at the High Speed Test Track is to set up the equipment at the track, then clear
the danger area about an hour before the launch. During this time, it is possible that debris
could be blown through the sensor gap by the wind, thus disabling one of the channels
before the actual test.

In order to prevent this situation and to give additional performance flexibility, the
architecture shown in Figure 3 is used for the electro-optics boards. These boards are 6U
high, double width VMEbus cards, and each board has 4 fiber optic transmitter and
receiver pairs. The clock for the board is the 10 MHZ timebase from the GPS receiver,
though the timebase can come from any of a variety of sources. Each board has a
clock/counter chain that is driven by the 10 MHZ and that counts from 100 nanoseconds
through 100s of days.

The front end of the board takes the signals received from the fiber optic cable and checks
if pulses are missing or if leading edges are present. A programmable sequencer
determines the action appropriate to each situation. For example, if a Breakfiber sensor is
used on a particular channel, then the leading edge detector for that channel is disabled,
and the missing pulse detector is armed. When the rocket sled breaks the fiber, the missing
pulses detector is triggered. The sequencer then initiates a write cycle to latch the time
from the clock counters into registers, and then from the registers into a dual-ported
memory. The sequencer then disables this particular channel and rearms the rest of the
board inputs.



Figure 3.
Electro-Optic Event Timing Board Architecture

Since the sequencer has 64 instruction steps available for each type of input for each
channel, very complicated programs can be implemented to store data, output pulses on
external trigger lines, initiate holdoff counters to wait predetermined times before event
occur, and to perform other functions. Branching and iterative functions can be
implemented. In addition to the 4 electro-optic input channels, one electrical input channel
is provided to detect TTL level leading edges, and the host computer can initiate events by
setting a bit in an interface register. The sequencer instructions are stored in dual-ported
memory that is loaded by the host computer; thus, these instructions could even be
modified in real time by the host computer based upon changing situations.

The data that is stored by the board includes the time that the channel is triggered, a code
that indicates which channel is triggered and whether it was due to missing pulses or
leading edges, and a board identification number for use in systems with multiple boards in 



the VMEbus card cage. The timing resolution of the board is 100 nanoseconds, and its
accuracy is 300 nanoseconds, assuming that the GPS receiver timebase is used.

When an event is recorded, the board is busy for 800 nanoseconds before it can accept
another event. However, the electronics are designed so that if events occur during this
dead time, their occurrence is stored in a separate register, which is stored in the data word
in the dual-ported memory. Since the event could have happened at any time during the
memory cycle, its time is stored to an accuracy of 800 nanoseconds.

The particular memory integrated circuits used in the electronics allow for over 1600
events to be stored on each 4 channel board. Besides giving allowance for the false trigger
situation at the High Speed Test Track, this memory depth opens up a number of other
potential applications for the board, which are discussed in the next section. The host
computer can download the data from these circuits either in real time or after the mission
is over, perform calculations on the data, or send it on to the Track Data Center.

Further Applications

One of the purposes of the SBIR program is to develop technology that has broad
commercial applications. In that vein, there are a number of possible uses for this system
besides the basic velocity measurement requirement. Some applications are listed below.

1. Because of the programmable sequencer and the host computer, the fiber optic
sensor system can be used to trigger cameras and lights. By using the sensor system to
check the sled velocity, the appropriate time for camera turn-on is determined, and a pulse
is sent from the system to the camera controller at the proper time.

2. Because the fiber optic event timing system detects optical leading edges, the
absolute times of optical events such as flashes of light from strobe lights, explosions, laser
pulses, etc. can be measured to 200 nanoseconds accuracy with a pulse repetition
frequency over 1 MHZ per board. Multiple boards can be used to increase this rate in
some cases.

3. The front end electronics can be modified so that 8 electrical input channels can be
substituted for the 4 electro-optic channels, thus giving 9 electrical input channels in all.
The flexibility of the sequencer control and the depth of the data memory are not affected.
The system is then a high bandwidth, high repetition rate, electrical event timer.

4. By using different optical sensors, a variety of phenomena can be precisely timed.
One example is the use of this device to make accurate timing measurements on
mechanical moving parts, such as those in jet engines. The bandwidth of the system can



easily handle the requirements of mechanical measurements, and the memory depth
provides a buffer for relatively long data collection times in conjunction with the host
computer.

5. By deploying a number of sensors around an explosive device, the spatial-temporal
characteristics of the device can be measured very accurately. In fact, due to the fast time
resolution, it is possible to embed the fiber optic sensors in the explosive material itself to
study the propagation of the detonation waves.

Conclusion

A fiber optic event timing system has been developed for the High Speed Test Track and
successfully tested. This system employs fiber optic sensors used to the detect the passage
of rocket sleds and high speed electronics to latch the event time. A series of missions
have demonstrated the performance of the system. The technology developed for this
project has a number of other applications.
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ABSTRACT

In recent years, many designers have turned to digital techniques as a means of improving
the fidelity of instrumentation data recorders. However, single and multi-channel recorders
based on professional VHS transports are now available which use innovative methods for
achieving near-perfect timebase accuracy, inter-channel timing and group delay
specifications for long-duration wideband analog recording applications. This paper
discusses some of the interesting technical problems involved and demonstrates that VHS
cassette recorders are now a convenient and low cost proposition for high precision
multi-channel wideband data recording.

INTRODUCTION

Data recorders designed around cassettes originally developed for either domestic or
broadcast video applications have now become widely accepted by the instrumentation
data recording community. While the original motivation for this change from traditional
open-reel systems was primarily the attraction of cassette loading, it has been shown that
there are also important operational and financial benefits to be gained from the use of this
new class of system. In particular, the narrow, closely spaced tracks used by helical scan
systems result in an extremely efficient utilization of the recording medium, which, in user
terms, can be translated into either high storage capacity, long recording duration, or a
combination of the two.

This paper concentrates on recent advances in systems designed around the popular VHS
cassette, and shows how designers have now been able to adapt helical scan recording 



techniques to accommodate user requirements for wideband analog data recording in a
compact yet inexpensive package.

Helical scan VHS data recorders are generally based on proprietary tape transports,
scanners and electronics; a strategy which not only reduces the time and cost of product
development, but also the actual equipment cost, due to the economies of scale afforded by
the transport manufacture’s volume production line. All are able to use standard,
inexpensive VHS media although the best results will normally be obtained from
professional grade formulations.

SUB-DIVISIONS OF VHS DATA RECORDERS

VHS cassette systems can conveniently be divided into several sub-groups, as shown in
Figure 1. At the highest level, some retain the multi-track linear recording approach found
in conventional IRIG systems while others take advantage of features unique to helical
scan recording. The latter category is in turn sub-divided into digital, digitizing and (more
recently) wideband analog systems. Each has its own particular application-specific niche,
and a brief overview of each may be helpful at this point.

Figure 1. VHS recorder types

Multi-track analog

This class of system is similar in most respects to standard open reel systems. The static
headstacks contain typically between fourteen and twenty-eight heads which record
parallel tracks along the length of the tape. The tape speed can conveniently be varied by
up to 128:1 in order to accommodate a wide range of input and output frequencies.
Performance parameters (signal/noise, timing accuracy etc.) are governed primarily by the
quality of the mechanical components used, but the best cassette systems are now
comparable with open-reel formats in this respect. However, since record/reproduce
bandwidth is fundamentally related to tape speed, the main disadvantage of the multi-track



approach is the limited recording duration available at high data bandwidths - typically
only five to ten minutes at 100 kHz.

Helical digital

As its name implies, this sub-set of systems is designed to record data which is already in
digital, rather than analog, form. There is an important problem to be considered whenever
helical scan techniques are applied to the recording and reproduction of continuous data
(digital or analog). The standard VHS scanner has a pair of write/read heads located at
opposite points on its circumference, and although the 190 degree omega-form tape wrap
ensures that the second head will always come into contact with the tape before its partner
completes its own traverse of the medium, there is usually a period of uncertainty, known
as the head switching time, during which data timing cannot be relied upon (Figure 2). In
video applications, this is not important because the head switching time is always
arranged to occur during the frame fly-back time. For continuous data recording, however,
it is normal to slice the serial bit stream into blocks of suitable length and then to compress
these (tagged with additional synchronizing information) to ‘fit’ the duration of each head
swipe.

A standard VHS transport, running at its normal linear tape speed of about 1 inch/sec can
support a maximum digital data rate of about 3 Megabits/sec of user data for periods of up
to three hours on a T-120 (E-180) cassette. Avalon’s S-VHS systems record 8
Megabits/sec of user data while others are adapted to operate at up to 32 Megabits/sec for
somewhat shorter recording durations.

Figure 2. Head-switching period (helical scan)



Digitizing recorders

These normally digitize a number of multi-channel analog inputs and format the resultant
digital information into a serial bit stream suitable for helical scan recording. There are
several important advantages to digitizing the inputs before recording. Firstly, a large
number of inputs can be multiplexed simultaneously with excellent data integrity. For
example, one popular system can record up to sixty-four channels of 2.5 kHz data with a
dynamic range of better than 90 dB (16-bit digitization). Its inter-channel timing accuracy
is better than 0.5 degrees at band-edge. Secondly, such systems generally offer a high
degree of flexibility in the multiplexing process. If there are some higher frequency inputs
to be recorded, it is often possible to trade channels for increased bandwidth, so that
instead of recording (say) sixteen channels at 2.5 kHz each, this can become (say) two
channels of 20 kHz. The digitized bit stream is 1.5 Megabits/s in each case and this can be
multiplexed with digitized data resulting from other groups of lower frequency channels.

Wideband analog

This is a relatively new category of helical scan recorder which is designed to provide the
highest possible analog channel bandwidth rather than increasing the number of channels
or their dynamic range as was the case with digitizing recorders. This type of system
extends the individual channel bandwidth from the 20 kHz or so typical of digitizing
systems to 2.5 MHZ or above, but without losing the all-important timebase and inter-
channel timing accuracies of the latter. How this is achieved, using an interesting
combination of analog and digital techniques, will be covered in the remaining sections of
this paper.

WIDEBAND HELICAL SCAN RECORDING

In order to understand how single and multi-channel wideband analog data can be
recorded, it is necessary to look a little deeper into the helical scan recording process
itself.

Packing density

We have already seen that this technique involves writing a series of closely spaced
helices across the tape. The number of magnetic flux reversals which can be fitted into a
given portion of the helix is governed by a) certain physical and electrical characteristics of
the read/write heads - principally their gap length, and b) the coercivity of the tape. The
units used for expressing this parameter (known as packing density) depend on whether
the recorded data is analog or digital. Analog packing density is generally measured in
‘kilo-sinewaves per inch’ (kswpi) while the equivalent units for digital data is ‘kilo-bits per



inch’ (kbpi). Since digital bits are usually coded in the form of one transition per bit, a
convenient conversion factor is two digital bits per one analog sinewave, so that 15 kswpi
is approximately equivalent to 30 kbpi. It is important to remember that the maximum
value of packing density for a certain recorder remains fixed, unless, of course, certain
aspects of the system are themselves modified - notably the heads.

Recording frequency

Given that the packing density for a particular system is fixed and ignoring head resonance
for the moment, the maximum frequency which can be recorded or reproduced is
determined primarily by the speed at which the head passes over the tape (known as head-
to-tape speed). The higher the head-to-tape speed, the higher the bandwidth (or digital data
rate) which can be supported. In the case of a basic S-VHS system, running at a tape speed
of 0.92 inches/sec (23.39 mm/sec) and a 50 Hz scanner rate, the figures are 2.5 MHZ (user
analog bandwidth) and 8 Megabits/s.

Why use hybrid techniques?

It has already be mentioned that digital and digitizing systems both record a serial bit
stream on tape, sliced and compressed to fit the individual scan rate. Clearly, it is relatively
easy to manipulate digital data in this way, and retiming the information again in the
reproduce process is equally straightforward, given that appropriate synchronising
information has been embedded in the recorded waveform. Add to this an ability to digitize
to say 16-bit accuracy, and it is easy to understand the success which digitizing recorders
now enjoy.

However, as always, there is a price to be paid for progress. The total digital recording
rate of the digitizing recorder referred to earlier is about 6 Mbps, ignoring overhead. Given
16-bit digitization and a worst-case sampling rate of 2.4 words/sinewave it is possible to
illustrate how dynamic range has been gained at the expense of bandwidth and/or the
number of channels.

Channels Bandwidth Samples/ Bits/ Total

kHz

Sinewave Sample Rate
Mbps

64 2.5   2.4  16 6.144
32 5.0   2.4  16 6.144
16 10.0   2.4  16 6.144
8 20.0   2.4  16 6.144



From this, it can be extrapolated that the system could perhaps support one channel of 160
kHz, all other things being equal. This highlights the major disadvantage of digital
recording - its relative inefficient use of tape. Whereas a sinewave of analog data can be
recorded on tape with just two flux transitions, the number of digital bits needed to support
the same sinewave is considerably higher, as shown with the following formula:

Bits = Analog Frequency x Samples/sinewave x Bits/sample

Taking our 160 kHz example, this becomes:

Bits = 160 kHz x 2.4 samples/sinewave x 16 bits/sample

= 6.144 Megabits

So that one sinewave is now described by:
6.144 Megabits / 160 kHz

= 38.4 bits

Given that one sinewave on tape is equivalent to two data bits in most coding schemes,
this represents an inefficiency of about 20:1 compared with the analog method.

In practice, a fairer comparison might be to take a figure of 10 bits/sample, since this more
closely equates to the 40 dB dynamic range typical of most wideband analog systems. In
this case, the ratio would become about 12.5:1.

It is in this area that hybrid technology has an important part to play.

A PRACTICAL SINGLE-CHANNEL WIDEBAND HELICAL SCAN RECORDER

Record Section

Figure 3 is the block schematic for the Record Section of a single channel wideband
recorder. The incoming 2.5 MHZ analog signal is digitized at a rate of 12 Mega-
samples/sec and 8 bits/sample, to give a continuous digitized data rate of 96 Megabits/sec
into the buffer. The sampling rate is controlled by the stable crystal reference generator
(Reference A). This reference generator is also the source of the synchronising pulses
needed for controlling tape speed and scanner rotation. In order to make allowances for the
discontinuities caused by head switching (mentioned earlier), the encoded data is now
clocked out of the buffer in blocks at a rate which is approximately 2 percent higher than
the original sampling rate (controlled by Reference B). The block length is arranged to fit 



Figure 3. Simplified Block Schematic - Record Section

comfortably within the stable region of each scan of the head. Certain timing information is
also added to the data at this point to assist with the reproduction process, described later.

It will be observed that up to now, the schematic is similar in concept to a conventional
digitizing system - analog/digital conversion, compression to fit the scanning rate, the
addition of timing data, etc. The important difference, however, is that having started with
a much higher analog frequency (2.5 MHZ), the digital data rate is now close to 100
Megabits/sec, allowing for compression. This is of course significantly higher than
anything which could be recorded by even a modified VHS transport.

It is here that the hybrid approach comes in, for the blocked digital data is now
re-converted to bursts of analog form (at a little over the original 2.5 MHZ), and this in
turn is applied to a linear frequency modulator, the output of which is switched between
the two recording heads.

Clearly, this is an extremely elegant way of overcoming the problem of how to compress
analog signals to fit the helical recording swipes without compromising the valuable
wideband recording characteristics of the system as happens when the information is
recorded digitally.

In this particular example, the standard tape speed is retained, giving a continuous
recording duration of no less than three hours for a 2.5 MHZ input.



Reproduce Section

The block schematic of the reproduce process is shown in Figure 4. The blocked analog
signal read by the reproduce heads is FM demodulated and routed to an analog/digital
convertor. The timing information embedded in the waveform during recording is applied
to a clock regeneration circuit which, in turn, controls the rate at which digitized data
enters the buffer. In order to re-establish and preserve the timing of the original continuous
analog waveform, data is clocked from the buffer to a digital/analog convertor under
control of the same reference generator that was used for the digitization of the original
input signal (Reference A).

Figure 4. Simplified Block Schematic - Reproduce Section

By this means, it is possible to achieve a timebase accuracy (output compared to input) of
better than +/& 10 nanoseconds which is an improvement of at least one order of
magnitude compared with the best IRIG longitudinal recording systems. The signal/noise
ratio, measured in a 10 kHz slot, is better than 42 dB while the group delay in the band
200 Hz to 19.9 kHz is 8 microseconds, using a 10 kHz reference.

This technique is also extremely tolerant of the effects of vibration, temperature and
humidity, meaning that systems of this type can readily be adapted for hostile environment
applications.

SINGLE CHANNEL 8 MHZ VARIANT

From the brief summary of performance just given, it can be seen that hybrid analog plus
digital techniques enable helical scan VHS systems to be readily adapted to record 2.5
MHZ wideband data continuously for periods of up to three hours, with unprecedented
fidelity.



Furthermore, it has been proved that this method can be extended still further to provide
single-channel operation at 8 MHZ if the tape speed is increased and certain changes are
made to the scanner. An 8 MHZ system will provide the same timebase accuracy and
group delay as before, together with a very useful one-hour recording duration.

MULTI-CHANNEL OPERATION

One of the most important features of digitizing recorders referred to earlier is the ease
with which it is possible to multiplex and manipulate multi-channel analog inputs once they
have been digitized. In particular, the ability to achieve very good timebase and inter-
channel timing accuracies was mentioned.

It is therefore interesting to discover that hybrid systems can also produce similar results,
but at superior bandwidths. In this case, as Figure 5 shows, a number of analog inputs are
each digitized separately, under the control of a common sampling clock. The digitized
outputs are buffered and multiplexed together with additional timing information. The
buffered data is clocked out in blocks at a rate slightly higher than the aggregate rate of all
the individual inputs in order to allow for head-switching, and then recorded in frequency
modulated analog form exactly as before.

Figure 5. Multi-channel Wideband Recording



Using this method, the 96 Megabit/sec total rate used in the case of the 2.5 MHZ system
described earlier can support, for example, two channels of 1.25 MHZ each or even
sixteen channels of 150 kHz each. The recording duration in each case is three hours as
before.

Reproduction is simply a logical extension of the process. The +/& 10 nanosecond
timebase accuracy is retained while the inter-channel timing accuracy is better than +/& 20
nanoseconds, both specifications being a significant improvement over conventional
wideband systems. Signal/noise ratio, at 42 dB over 10 kHz, is equivalent to the best IRIG
systems.

CONCLUSION

In recent years, recorders using VHS cassettes have established themselves as a cost-
effective alternative to traditional methods of data recording. As a group, their
convenience, compactness, low weight and excellent performance under all types of
environment have already ensured their acceptance in a wide range of applications.

The trail has been blazed, so to speak, firstly by multi-track fixed head systems and then
by digital and digitizing systems, each offering their particular operational advantages.

Now, the question of true wideband performance has been addressed with the introduction
of single and multi-channel systems extending the frequency spectrum covered by VHS
products from DC to an amazing 8 MHZ. It seems certain that these too will find an
important niche within the range of inexpensive system options now available to the
instrumentation engineer.
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ABSTRACT

Video tape is becoming more and more popular for storing and analyzing missions. Video
tape is inexpensive, it can hold a two hour test, and it can be edited and manipulated by
easily available consumer electronics equipment. Standard technology allows each frame
to be time stamped with SMPTE code, so that any point in the mission can be displayed on
a CRT. To further correlate data from multiple acquisition systems, the SMPTE code can
be derived from IRIG using commercially available code converters.

Unfortunately, acquiring and storing analog data has not been so easy. Typically, analog
signals from various sensors are coded, transmitted, decoded and sent to a chart recorder.
Since chart recorders cannot normally store an entire mission internally, or time stamp
each data value, it is very difficult for an analyst to accurately correlate analog data to an
individual video frame. Normally the only method is to note the time stamp on the video
frame and unroll the chart to the appropriate second or minute, depending on the code
used, noted in the margin, and estimate the frame location as a percentage of the time code
period. This is very inconvenient if the telemetrist is trying to establish an on-line data
retreival system. To make matters worse, the methods of presentation are very different,
chart paper as opposed to a CRT, and require the analyst to shift focus constantly. For
these reasons, many telemetry stations do not currently have a workable plan to integrate
analog and video subsystems even though it is now generally agreed that such integration
is ultimately desirable.



INTRODUCTION

The objective of this paper is to examine the relationship between analog and video data
with regard to bandwidth and storage capacity for mission length records and to describe
some practical methods using IRIG and commercial DAT (digital audio tape) technology
to achieve frame to frame correlation between analog and video data including video
display of analog data for paperless analysis.

There are several ways to synchronize NTSC/RS-170A video to IRIG which are well
known in the telemetry community as well as different methods of time stamping on video
tape. For further information on IRIG synchronization, refer to “Guide to Synchronization
of Video to IRIG Timing”, published by, Optical Systems Group, Range Commanders
Council. The techniques and solutions described below assume that a video frame synch
pulse is available for full resolution analysis although for real-time video display only, it is
not necessary. The system described here consists of two major sections; a real-time video
output compatible with commercial video recording equipment, and a data acquisition sub-
system which can store mission length records at high resolution for expanded time base
playback and analysis.

REAL-TIME VIDEO OUTPUT

The video output can be formatted in three ways; 1024 x 768 high resolution, 640 x 480
VGA, or NTSC/ RS-170A color video. the high resolution mode is best for stand-alone
monitoring or review of captured data while the NTSC/RS-170A is needed for its
compatibility with video recording equipment despite the fact that the resolution is much
lower. The VGA mode is included because it is needed as an intermediate conversion step
from high resolution to NTSC video. In addition, VGA can be useful where inexpensive
VGA monitors are already available on-site.

In any display mode, the waveform data is taken from the main data bus and processed
locally without intervention by the chart recorder controller. This allows complete freedom
of the video system so that the waveforms can be presented in different time-bases and in
diferent orientation from the chart recorder. For example, the waveforms can “waterfall”
top to bottom like the chart paper or scroll right to left; the chart recorder can be operated
at trending speed and the display can scroll at 50 mm/sec. It also allows the display to
continue in real-time while the chart recorder is capturing test information in the
background. For simplicity of set-up, the display can also be slaved to echo the chart.

The display output is updated at 60 Hz but the bandwidth of the system is actually about
20 kHz because the waveforms are processed as MIN/MAX pairs. The incoming signals
are sampled at 200 kHz and each time a new video frame is to be displayed, a line is sent



representing the highest and lowest values occuring since the last frame. In other words,
each frame represents over 3000 sample points for each new update line. The full field of
view for a 525 line NTSC display represents 1.75 million samples. It should be noted that
each new frame has only one new line of data. The newest line is added and the oldest line
is dropped.

The real-time output in NTSC/RS-170A mode can provide the basis for simultaneous and
seamless display of analog and video information from the same video tape to a single
monitor using standard commercial mixing and editing equipment. The output can be
considered as an additional video camera source and, like a video camera output, can be
frame synched and time stamped by conventional means.

DATA STORAGE

As noted above, the thermal array chart recorder is capable of handling much more data
than the video interface. In normal data capture modes, the recorder can store waveform
information at rates from 10 Hz to 200 kHz while the video update is fixed at 60 Hz.
Historically, the problem with recorders has been that only small amounts of data could be
saved and, even then, the data was not time stamped with enough frequency or accuracy to
allow video frame synchronization. Recent developments in DAT (digital audio tape)
technology provide an economical and easily available answer.

The basic DAT recorder holds 1.2 Gigabyte tape cartridges and is small enough to fit
within the chassis of a thermal array recorder. The storage capacity and bandwidth of the
DAT stroage system are a perfect match for two hour capacity video tape recorders. Take
a typical example: an eight channel recorder storing waveform data at 10 kHz per channel
for two hours requires 1.15 Gigabytes. This gives a permenant record with a 1 kHz
bandwidth that can be re-played in numerous ways and can be removed for archiving.
Note that the transient bandwidth of the real-time chart recording remains at a full 20 kHz
because, like the video sub-system, the data capture section is completely independent and
can take data from the main data bus at its own rate without interrupting any real-time
processes.
Video synchronization is achieved in two different ways. First, IRIG code, either
modulated or demodulated, is fed into the recorder controller. The controller decodes the
signal and sends the start pulse and the decoded time to the data capture board every time
code period. Second, the user feeds a frame sync pulse into the data capture board from
the video recording system - defining blocks of data that correspond to one frame length.
At a 10 kHz sample rate, one frame block contains about 167 samples per channel. This
represents a single line update, not the full frame as displayed on video. The full NTSC525
line display actually represents 87.5 kSamples per channel updated 167 samples at a time. 



Figure 1
Basic Archtecture

The number of samples per frame depends on the sample rate. It can be calculated by
dividing the sample rate in hertz by 60 (the video frame rate).

Time synchronization is then possible by finding the desired time stamp and locating the
nearest start pulse. This gives the frame block that contains the exact IRIG time reference.
The exact location desired can then be easily found by counting frame blocks which now
equal each video frame.

DATA PLAYBACK

Once the desired frame is located, it can be played back in several ways. Data before and
after the target frame can be played back on a CRT in simulation of real-time to see
general activity or it can be played back point by point on the CRT for an expanded time
base look at the waveforms. Again using the example of an eight channel, 10 kHz
acquisition, each frame block of data, (a single update line in the real-time display), is
expanded to about a third of the screen.

The best method for review is to transfer a block of data, say 64 KSamples, that contains
the target frame to the recorder CPU memory. In our example, this would be about fifty,
eight-channel frames. It would then be possible to scroll back and forth through the fifty
frames for detailed analysis. For furthur review or documentation, the same data could be
played back on the chart. If played back point for point, each frame block would take
about 8 mm and the entire buffer about 400 mm at the standard 20 dot per mm playback



rate. For a little more resolution, the recorder also allows time base expansion by 2, 4, or
8. The chart format includes a human readable IRIG time stamp, the IRIG start pulse
mark, and a frame synchronization mark for complete data identification.

CONCLUSION

By using proven commercial video tape equipment, recently available Digital audio tape
recorders and the latest generation of thermal array chart recorder, it is now possible to
link video images with analog recordings to sub-frame accuracy for tests of up to two
hours duration. The images and waveforms can be mixed graphically for single screen
presentation or can be synchronized on different media for maximum resoltuion and
archivability.
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ABSTRACT

This paper describes the functionality of an airborne telemetry system which collects data
from standard PCM, MIL 1553 and ARINC data sources and records this data to an
AMPEX DRCSi Digital Tape Recorder while supporting concurrent realtime data
processing and display functions. The system includes data acquisition equipment, digital
to analog capability, data simulation and a wide range of data preprocessing capability.
Emphasis is given to the implementation of the AMPEX recorder interface.

The entire system is composed of data acquisition equipment to directly input
measurements, a telemetry front end to collect PCM, MIL 1553 and ARINC 429 & 561
data, a host computer to control and monitor the setup, recording and distribution of data
and a pair of high resolution color workstations for operator control and data display. This
equipment is housed within a single, military-type electronic enclosure which is loaded
into the cargo bay of the aircraft as a single unit and manned by two people during flight.

The Digital Tape Recorder provides for a large data capacity and very high data rates.
Special I/O requirements, data rates and data selection options are discussed.
Consideration is given for the best test flight utilization of the AMPEX recorder in both
acquisition and playback modes.

INTRODUCTION

This system was provided to Deutsche Airbus for a service life extension program on the
C-160 TRANSALL cargo aircraft (Figure 1). Many new control, navigation and
instrumentation systems are being refitted into the aircraft. This system is intended to fly
with the aircraft during test flights to gather data from signal transducers and several types
of aircraft data buses, store the data to digital tape and disk while concurrently displaying
realtime data to the operators via color graphic workstations. The digital tape subsystem



used is the AMPEX DCRSi Digital Cassette Recording System. Digital Equipment
Corporation (DEC) equipment is used for the host computer as well as the two
workstations, both running the VMS operating system. Figure 2 and Figure 3 show a
picture and a block diagram of the system. Housed within the same racks are customer
furnished video recording units (not shown).

 Figure 1. C-160 TRANSALL Cargo Aircraft

OVERVIEW

SYSTEM & FLIGHT REQUIREMENTS

The system is comprised of a telemetry front end, a host computer, color workstations and
the digital tape subsystem. All of these components are housed in European specified and
dimensioned racks (Figure 2). The entire collection of racks are installed in a military-type
electronic enclosure which has all signal and power wiring routed to an external
connection panel. The container can be loaded into the payload area of the aircraft as a
single unit. In this way, several instrumented aircraft can be serviced by a single telemetry
system without the need for additional multiplexing and transmission hardware.



Figure 2. Installed System in Euro-Racks

The telemetry front end is configured to collect data from three different data sources.
First, direct sensor input is collected by the EMR 5000-Series Data Acquisition System
equipment and formatted into a PCM stream for output. The individual sensors can be
configured and calibrated by the customer. Second, MIL Standard 1553 Bus data is
monitored by the EMR 5500 All Bus Instrumentation System (ABIS). Up to 8 dual
redundant buses can be monitored to collect specified data which is formatted into PCM
for output. In a similar fashion the EMR 5500 monitors up to 8 ARINC buses (429 or 561
protocols) and formats all bus data for output. Other auxiliary inputs include a time code
unit, which receives a synchronization signal from ground equipment, and the EMR 8336
PCM Simulation unit, which provides PCM data for system self test functions.

All of these data sources are input to the EMR 8715 Telemetry Processor. Data can be
compressed, fragmented, combined, engineering unit converted, tagged and individually
routed to any of the 4 output ports. All of these functions are user controlled by way of a
parameter database utility. This utility provides convenient mouse driven, popup style
menu support from any workstation to specify individual parameter processing.



 Figure 3. TRANSALL Airborne System Block Diagram

Processed data can be received by any of four devices. A digital to analog converter (the
EMR 8350) is provided to support a strip chart recorder. A dedicated port also provides
for realtime data to be supplied to the host. This data path is implemented with a dual
ported memory card within the DEC VAX 3400 host and is directly addressed by the 8715
to properly locate parameter values. These values are immediately available to any
workstation. A third output supports a DMA data channel for recording to disk. Within
this system, however, this is not the primary means of data storage because of the large
volume requirements. The fourth output provides data to the DCRSi tape subsystem. The
DCRSi is discussed at length in the main part of the paper.

The host computer functions to support the telemetry front end and to provide a
data/control path with the workstations. Many general mission support utilities are
centralized in the host such that any workstation can operate with them. Front end setups
(such as frame sync setups, simulator pattern definitions, parameter databases, etc) are
maintained in the host computer and downloaded to the associated components on request



from a workstation. Several other applications have been provided on the host by customer
requirement. These include a sensor calibration library function, custom 8715 algorithm
development tools and a standalone parameter display function. Due to an efficient data
and software architectural design, most of the host processor time is available for special
application use during runtime.

The workstations are the main user interaction point, all system setup, control and display
functions are directly operated here. Sixteen inch, high resolution color CRT’s are used to
display realtime and/or archival data in a variety of alphanumeric or graphic formats. All
displays are created by users via a display editor. Any number of displays can be created
which contain digital, barchart, plots (scrolling, jump, polar, linear or logarithmic) and
symbolic data representations. It is interesting to note that, since there was no table
workspace to operate a conventional mouse, stationary trackballs were mounted on the left
side of each keyboard. After a short time, the trackballs actually seemed a bit easier to use
than the mouse!

 The primary flight requirement is to collect data for an extended period of time, up to 12
hours per mission. This is the primary purpose of the DCRSi as it has a very large data
storage capacity. The system must also serve as a data extraction tool to selectively pull
data from the recorded tape for analysis. Any number of disk data sets can be produced
from the mission data set contained on the tape or the data can just be viewed directly as it
is read from the tape. Usually, both of these are done at the same time, data is viewed
while disk data sets are being created from the tape. The cassette tape also represents an
immediate archival media for a given mission or missions. Other flight requirements are to
support the different data types discussed and provide a tool for the inspection and
manipulation of the data.

DIGITAL CASSETTE RECORDING SYSTEM (DCRSi)

DESCRIPTION AND CAPACITIES

The AMPEX DCRSi unit is a high bit rate, digital recording system using rotary transverse
recording technology. Any user supplied rate from 0 to 107 M bits/sec or 13.3 M bytes/sec
is supported. The user is completely isolated from the actual tape transport and rate
requirements by means of a 96 Mbit memory buffer. Data is written into and read from this
buffer at any rate. The DCRSi monitors the buffer and performs appropriate tape I/O when
sufficient data has been transferred. The tape media is a cassette unit which is very easy to
mount and requires no manual tape treading. A picture of the tape unit is provided in
Figure 4, this is the laboratory model. There is an airborne model whose main difference
are separate components (power supply, electronics and tape transport) and a pressurized 



Figure 4. AMPEX DCRSi Digital Tape Unit

tape transport casing (a minimum air density is required for proper tape / head operation).
Other general specifications are shown in Table 1.

IMPLEMENTATION FEATURES

The DCRSi was integrated into an otherwise standard EMR telemetry system. It was
configured to be both an output device and an input device to the 8715. Actual control of
the tape unit and the interface unit was via an RS232 line and a connection to a DRQ3B
DMA channel, respectively.

CALCULEX AQIF PARALLEL DATA INTERFACE

The 8715 can support several different output formats and blocking factors. The smallest
word size supported is 16 bits. This does not match the byte data interface required of the
DCRSi. This dilemma exists for the playback mode as well. An interface device was
needed to match the data formats. We used the AQIF product from Calculex, as suggested
by AMPEX. During record mode it receives 16 bit parallel data and divides the word into
2 bytes for output to the DCRSi. During playback from the tape the reverse operation
takes place, byte pairs are received from the DCRSi and blocked into a 16 bit word for
output to the 8715.



Table 1.  AMPEX DCRSi General Specifications

Control/status interface RS232

Data Interface Byte parallel - 0 to 13.375 M bytes/sec continuous, in bursts,

Tape Transport: Rotary Transverse
Type

Record/reproduce

Fast FWD/RWD

Tape Cassette:

Tape width 1 Inch

Storage Capacity 3.8 x 10  bits (47.5 Giga bytes)

Size 10.5" W x 6.5 D x 1.65" H

Error Correction System Reed Solomon, encoder built into all systems

Bit Error Performance Corrected: 1 in 10  or better

Internal Time Code Resolution: +/& 1 msec

Record time / cassette 107 (Mbits/sec)
in hours      = &&&&&&&&&&&&&&&&&&&&&&&&&&&&&&

Data Organization 34,848 bits/block

Altitude Operating: Lab Unit: 15,000 feet

Temperature 10EC to 50EC operational, Airborne Unit

(optional manual control via Virtual Control Panel (VCP)
software application)

or changing at any slew rate

5.31 ips

75 ips

11

8

User data rate (Mbits/sec)

1 hour at 107 Mbits/sec
or

8 hours at 13.375 Mbits/sec

Blocks are addressed by block address or time code
reference.

Airborne Unit: 50,000 feet



Normally the AQIF is used in conjunction with a standard DEC DRQ3B DMA channel for
both data and control. Our implementation required a special modification, performed by
Calculex, to separate the data and control lines. Data & clock input lines were routed to
the Parallel Output Module (POM) of the 8715, Data & clock output lines were routed to
the Data Input Module (DIM) of the 8715 and the control lines remained connected to the
DRQ3B DMA channel in the DEC 3400 Host. A switch was included on the front panel of
the AQIF which redirected all data I/O lines back to the DMA channel. This allowed for
host data diagnostics. This preserved the manual control software which comes standard
with the AQIF device. This software, called the Virtual Control Panel (VCP), runs on the
host from a terminal operator interface and allows for manual control, test and I/O for the
DCRSi for diagnostic purposes. This software proved quite valuable during our integration
effort.

DATA RECORDING PATH

The data recording path is setup just as any other standard output of the EMR 8715, the
user directs which data is routed to the DCRSi output port. In fact, care was taken not to
alter any standard setup or control function of any of the EMR telemetry products. In this
way all the features of the 8715 and the EMR System 90 where preserved. Additional
controls were added to setup the AQIF and DCRSi. The DCRSi is placed into record
mode and then simply waits for data in it’s buffer. As the 8715 is enabled, data begins to
flow and the DCRSi handles the actual write operations to tape. The data output rate is
completely independent of the tape I/O, thus allowing for bursts, dropouts or any other
disruption of the data flow. This is truly an outstanding feature of the DCRSi and the high
recording rates of the DCRSi easily supported the input rate requirements and capabilities
of this application.

DATA PLAYBACK PATH

The data playback path is setup in a standard fashion, with the additional controls added
for the DCRSi. During playback, all other input ports (PCM, 1553 and ARINC) are not
operational. The reverse is true when these other input ports are active, the playback input
is not operational. It should be noted that during a DCRSi playback operation all 8715
processing is available to the data so that additional processing can be applied. However,
since the data was recorded after being processed, most playback functions simply select,
compress and route the data to the realtime and disk archival ports. This is a valuable
enough function considering the volume of data on the tape.



RECORDED SESSION TABLE

In order to provide a reliable record of the data contained on any given tape a table of
information is written at the beginning of each tape in the auxiliary data track. The table is
presented to the user at the beginning of each recording session and collects information
which identifies the data, both in terms of content and location on the tape. The user
provides the content description and the system automatically fills in the location
information. The location is noted either by block address or by time for both start and
stop locations.

The table allows for up to 10 separate missions to be contained on a single cassette. Even
if a manual log of the cassette is lost, the tape can be mounted and read to determine what
it contains. Conversely, if the beginning of the tape cannot be read, due to some
mechanical failure or contamination, the operator can manually specify where to begin data
playback using a scan block address. These methods were selected because of the valuable
nature of the data. This method is also consistent with AMPEX recommendations on using
the DCRSi. The operator presentation of the recorded session table is shown in Figure 5.

DATA ORGANIZATION AND SELECTION METHOD

Data on the tape is organized into the standard DCRSi blocking factor. The specific data
content is not a fixed format but rather an asynchronous stream of parameter values. These
parameters are the collective output from each of the three input sources (PCM, 1553 &
ARINC) and are output after they have been processed by the 8715. Each value is 32 bits
in length and is preceded with a 16 bit integer tag which identifies which parameter it is.
Time values are embedded within the data stream, they are stored in an identical tag/value
format as the parameter values are. The time of occurrence of each parameter is associated
with the time sample which immediately precedes it.

A data set contained on the cassette tape can become quite large (maximum capacity of a
single cassette tape exceeds 47 giga bytes!), larger than any current hard disk devices.
However, the DCRSi is still physically a sequential, mechanical device with all the
inherent characteristics of a tape drive. It is not practical to utilize it as a random access
device, even though the controlling logic does emulate such an organization. Therefore, a
playback scheme was designed which allows for data selection by time segment and also
by individual parameter specification.

The operator initiates a playback from the DCRSi tape from the workstation and is
presented with a menu that shows the contents of the recorded session table. Here he can
see the total time segment contained for each mission on the tape. A mission is selected
and the desired time interval specified. Commands are sent to the DCRSi, which can
position itself to the desired start time by scanning the prerecorded time track. Once found,
data blocks are output to the 8715.



user START STOP
log# name scan addr time scan addr time user text

  1) MIS0102 00234122 045:08:33:02.000 01374766 045:11:53:37.332 newpage
  2)
  3) nnnnnnn xxxxxxxx ddd:hh:mm:ss.mil xxxxxxxx ddd:hh:mm:ss.mil newpage
  4)
  5) nnnnnnn xxxxxxxx ddd:hh:mm:ss.mil xxxxxxxx ddd:hh:mm:ss.mil newpage
  6)
  7) nnnnnnn xxxxxxxx ddd:hh:mm:ss.mil xxxxxxxx ddd:hh:mm:ss.mil newpage
  8)
  9) nnnnnnn xxxxxxxx ddd:hh:mm:ss.mil xxxxxxxx ddd:hh:mm:ss.mil newpage
10)
11) nnnnnnn xxxxxxxx ddd:hh:mm:ss.mil xxxxxxxx ddd:hh:mm:ss.mil newpage
12)
13) nnnnnnn xxxxxxxx ddd:hh:mm:ss.mil xxxxxxxx ddd:hh:mm:ss.mil newpage
14)
15) nnnnnnn xxxxxxxx ddd:hh:mm:ss.mil xxxxxxxx ddd:hh:mm:ss.mil newpage
16)
17) nnnnnnn xxxxxxxx ddd:hh:mm:ss.mil xxxxxxxx ddd:hh:mm:ss.mil newpage
18)
19) xxxxxxxx ddd:hh:mm:ss.mil xxxxxxxx ddd:hh:mm:ss.mil newpage
20)

Figure 5. DCRSi Recorded Session Table

The 8715 now selects specific parameters, requested by the user, by inspecting the tag
values in the data stream. Only the selected parameters are input to the processing section
of the 8715. This is important as the DCRSi plays back data as fast as it can record it!  It
can overrun the receiving equipment if not properly throttled. The DIM module controls
the transfer rate by regulating the data ready and acknowledge lines to the AQIF. This rate
was tuned to the maximum processing power of the 8715 and an estimate of the average
parameter selection volume from the tape per playback run.

CONSTRAINTS & RECOMMENDATIONS

During development, integration and testing we learned quite a bit about productive ways
to utilize the AMPEX equipment, both in direct operation and conceptual usage. This
section highlights the areas of concern and describes the approach taken to address these
concerns for this program. Frequently, a generalized operational concept can be
recommended with regard to actual DCRSi usage.



DATA SYNCHRONIZATION

In our initial implementation of the AMPEX tape subsystem we made assumptions about
the organization and order in which it would recall the recorded data. Specifically, it was
assumed that the first piece of information contained in a given block would be a tag value,
since that is the order in which the data was output. The DIM is order dependent in terms
of identifying parameter values being input. We found that this was not a reliable
assumption as data is often times preceded with a variable amount of invalid values if start
block address requests are on the edges of physically recorded blocks (i.e. adjacent blocks
have never been recorded). Additionally, any data word drop would have thrown the DIM
out of synchronization.

We created a synchronization mechanism whereby known tag/value pairs are embedded in
the data stream. A special I/O panel was used to identify this sync tag/value and reset the
DIM input FIFO. This ensures that playback data is always selected properly by the DIM
card.

It is recommended that identification of the data on tape be considered during the initial
design of the application using the DCRSi. Synchronization of the data is a user
responsibility.

DATA FORMAT

The DCRSi is a byte or bit oriented device. Applications requiring 16, 32 or other word
sizes should consider the I/O design to best suit their needs. At the time of this writing
many external I/O devices are available, most recommended through AMEX. Our
implementation required a 16 bit word interface. The AQIF interface quickly resolved the
format difference and has worked very reliably. Many solutions are available, but are best
planned for during the initial system concept and design.

TAPE DRIVE CHARACTERISTICS

Even though the DCRSi has many addressing schemes that are more like a random access
device, it’s still a tape drive with all the physical characteristics of that breed of device.
Seek time is excessively long. Usage of this device should be conceived as sequential,
batch oriented I/O (or to make “passes” at the data). Other than this, the DCRSi is a very
accommodating device, in terms of addressing modes, data rate adaptability and volume.



CASSETTE TAPE USAGE

Any tape is subject to wear and the DCRSi cassettes are no exception. The quality of the
cassettes can vary from one manufacturing run to the next, which can have an effect on the
life of the tape. Different DCRSi drives also have individual physical effects on the
cassettes. There is available a modification to the tape drive assembly which reduces the
tension used on the tape. This adds to the service life of the cassette and is therefore
recommended. With this in mind we would recommend that the tape should not be
expected to make more than 150 runs, or passes, through the tape drive. Beyond this, edge
tracks may dissipate to the point of failure. Since block addresses are identified through
information on the edge tracks, it could render the tape useless. Considering the relatively
low cost of a cassette as compared to the cost of a test flight of the aircraft we would
further recommend that only one flight be dedicated to a single tape.

HIGH VOLUME AND DATA RATES

At first recognition one thinks that the large volume and data rates are a great thing, and
they really are. But be careful!  Now that you’ve got it, what will you do with it?  One
doesn’t just move through a 47 giga byte, sequential file like a typical disk file. And care
must be taken in reading back the data as well because the DCRSi has a tendency to
overrun the input device with data!

In our implementation the 8715 was used to throttle the playback rate (to less than or equal
to 2 M bytes/sec) and help subset the data being requested. The time track on the DCRSi
was also used to subset the data. For another application, these considerations should
again be given serious forethought.

PREFLIGHT MAINTENANCE

Its a simple item, but none the less important. Maintenance is recommended for the device
before each flight. This mostly means to clean the rotating heads and tape capstans. This is
necessary due to the increased contact the rotating heads have with the tape. A clean
environment should also be maintained. This procedure is recommended by AMPEX and
takes only a few minutes.

GROUNDING AND FILTERING

Standard EMI grounding practices should be adhered to for proper noise reduction. The
motors in the tape transport are very strong and if the power is not correctly filtered and
grounded there will be significant noise generated to disrupt nearby CRTs, and even data
cables.



CONCLUSION

Digital tape recording is a natural addition to a telemetry system. The DCRSi’s
compatibility make it a very complimentary product which provides unprecedented data
storage and recording rates in a very economical fashion. Care must be taken to properly
allow for the functionality of this device as it represents a new generation of computer
peripheral, but most of this additional consideration is in terms of usage and integration
design. Actual implementation does not pose any significant problems, nor does it
represent a significant investment in engineering time.



COMPUTER-FRIENDLY
HIGH RATE DIGITAL CASSETTE RECORDERS
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ABSTRACT

The world of instrumentation data recording has traditionally been concerned with
recorder performance in terms of bandwidth, data rate, tape speed and recording time, with
the apparently unceasing trend to record more and more data.

However, while this may remain a valid perspective for data acquisition, the increasing
requirement to integrate equipment into computer based environments has resulted in the
need for greater emphasis to be applied to such parameters as data control and interfacing
when specifying digital data recording systems.

This paper addresses these operational issues and describes the practical implementation
of a computer friendly digital cassette recorder which provides a common platform for
both high rate data acquisition and computer based data analysis.

Key Words: Data recording, High-Rate Digital Cassette Recorders

INTRODUCTION

The magnetic tape recorder has played an essential role in the capture and storage of
instrumentation data for more than thirty years. During this time, data recording technology
has steadily progressed to meet user demands for more channels, wider bandwidths and
longer recording durations. When acquisition and processing moved from analog to digital
techniques, so recorder design followed suit. Milestones marking the evolution of the data
recorder through these various stages - multi-track analog, high density longitudinal digital
and more recently rotary digital - have often represented important breakthroughs in the
handling of ever-greater quantities of data.

Throughout this period there has been a very clear line of demarcation between data
storage methods in the “instrumentation world” on the one hand and the “computer



peripheral world” on the other. This is despite the fact that instrumentation data, whether
analog or digital at the point of acquisition, is now likely to be processed on a digital
computer at some stage. Regardless of whether the processing device is a small personal
computer, a work-station or the largest supercomputer, system integrators have
traditionally been faced with the same basic problem - how to interface what is essentially
a manually controlled, continuously running device (the tape recorder) into the fast
start/stop computer environment without resorting to an excessive amount of complex
custom interfacing and performance compromise.

Computer friendliness also implies reliable and convenient data management. It is
relatively easy to append housekeeping data during recording, but what type of data will
be most useful, and how can it be used to best effect?  For example, if the user intends to
search his records by date, time or event, it is critical that he develop an overall strategy
for the creation, logging and management of this type of auxiliary information.

BRIDGING THE GAP

Traditional multi-track recorders (both analog and high density digital) take the timebase
of the information to be recorded for granted. The tape runs continuously at an appropriate
speed and data is applied to the input for the duration of the experiment or process. If a
recorded tape is re-wound and replayed at the same speed and in the same direction, the
output is expected to be a close representation of the original input data, including its
timebase. Timebase compression or expansion can be achieved by increasing or
decreasing the tape speed. Time inversion is also possible by reversing the direction of
tape movement. The important point is that an indication of the passage of time is inherent
in the operation of the classical data recorder.



Until now, this feature has been both a strength and a weakness. A strength in terms of the
ability to manipulate the passage and direction of time on a recorded experiment during the
analysis process, but a weakness when it is necessary to input the data to a computer in
anything but the simplest free-running mode. Given that most computers require data to be
input to disk or memory in chunks at a fixed rate, it is not a simple matter to control the
data flow from a constant speed system without recourse to time-consuming stop-reverse-
restart routines. In contrast, computer peripherals start and stop rapidly in order to control
the flow of data. This latter attribute would, therefore, appear to be a necessary
characteristic for a data recorder to be considered as computer friendly.

In addition to fast start/stop of the tape itself, some high rate digital cassette recorders
incorporate input and output data buffering to allow the tape transport to start and stop
during data transfer as necessary. The buffer capacity will be determined by the need to
ensure that all possible sequences of tape movement (ramp up, ramp down, etc.) can be
accommodated without loss of data.

The use of buffered data input/output, while greatly simplifying the actual transfer of data,
introduces more wide-ranging implications than might at first be obvious. For a user to
gain the maximum benefit from the closer integration of the recorder into the computer
environment, it becomes necessary to consider the whole data acquisition and analysis
process rather than just the recorder itself.

If we accept the fundamental principle that computers need to clock data into memory in
bursts by starting and stopping the tape, how are we going to retain the important timebase
information which was so conveniently available by the very movement of the tape on a
continuously running system?  This consideration leads naturally on to the actual control of
data. On the command to start, traditional data recorders ramp gently up to speed, lock in
and then data is available on the correct timebase. When told to stop, they ramp gracefully
down again to rest. If “good” data has been recorded on the tape at these ramping points, it
is effectively lost or at least corrupted due to the stewing of the tape speed.

BUFFERED DATA TRANSFER

It is most unlikely that the clock rate of the acquisition process (e.g. analog-to-digital
conversion) will be identical to that of the analysing computer. This means that a change of
timebase is almost certain to be required somewhere within the data path. Looking at the
complete system, several important points should be considered. In any recording system,
if the tape is to be used efficiently data should be recorded on tape at the maximum rated
density.



In the case of a continuously running system (longitudinal or rotary), this has traditionally
meant adjusting the tape speed (and scanner speed, if appropriate) to match the input or
output data rate. However, when the recorder incorporates a read/write buffer, it is usually
arranged so that data is written to or read from tape at a single, fixed rate and tape speed.

Input/Output rates below the recorder’s specified maximum will result in its buffer filling
or emptying at a slower rate. The recorder accommodates this by automatically stopping
the tape until such a time that the level of data in the buffer reaches a pre-determined level.
The rate at which data is written to, and read from tape is, therefore, completely
independent of user data transfer rate. This severance of the traditional direct link between
user data transfer rates and tape read/write rates means that a buffered system can also
accommodate data which is not continuous (i.e. intermittent or burst data) and be able to
operate at any user controlled transfer rate (continuously variable) within its rated range.

Clearly, the buffered approach would appear to have important advantages for computer
based applications, particularly if the tape drive is specifically designed for very fast
start/stop operation - thereby necessitating only a relatively small data buffer.

An interesting additional benefit, which should not be overlooked, is that buffered systems
do not have to actually be in the normal recording mode (with tape running) in order to
capture, say, an unexpected transient event. They can wait in standby mode until the event
commences and then data can be written to tape from the buffer as previously described.
This reduces wear and tear not only on the recorder itself, but also on heads and media in
the case of fixed-head systems where nothing is in motion until data is transferred from the
buffer on to tape.



Similarly, when reading data at a low transfer rate, tape motion only occurs as necessary to
maintain a level of data in the buffer commensurate with the user transfer rate.

DATA FORMATTING

Intuitively, it would seem desirable to establish a common data format throughout the data
capture and processing path if only to avoid the complexity and cost of unnecessary format
conversions. This philosophy requires an analysis not only of the way data is to be
recorded, but of the whole network (both current and planned future expansion) to
establish, for example, the best word width to use (for example: 8, 16 or 32 bits). Some
recorders support only 8-bit formats while others can be user configured for all three
formats. If a common interface format can be used throughout, the total system can be
greatly simplified.

 If the source data is serial in nature, it is important to decide carefully when to convert
from serial to parallel. In general, high rate serial recording channels are complex and
expensive, so it is often best to perform the conversion before recording. The idea of
standardizing on a common data interface format will generally reduce overall system
complexity and cost, with the added benefit of increased flexibility and equipment
utilization.



AUXILIARY DATA

While we have seen that the buffered approach has much to commend it with regard to the
handling of different (and perhaps variable) input/output transfer rates and computer entry,
there remains the problem of the consequent loss of relationship between timebase and
tape motion since, as we have already discussed, the tape only moves when data is passing
between tape and buffer. If timing is already intrinsic in the user's data stream - for
example, where the input clock is synchronous with the analog-to-digital sampling process
- only periodic up-dates may be necessary in order to keep everything under control.

Alternatively, more precise timing information may be required. Some high rate digital
cassette recorders incorporate an internal clock which is written to a separate (auxiliary)
track in the form of a date/time code. This timing information may subsequently be used to
support high speed search during replay.

Another useful method of providing reference information is by using event markers. On
some recorders, the controlling computer can write unique event markers along with event
ID character strings to the auxiliary track. These can be scanned at high speed in order to
locate selected records and also to provide an event log or directory of all events on a tape.
With buffered systems, users should expect this information to be recorded in synchronizm
with its associated user data in order to maintain the necessary precise relationship
between the location of the event marker and the data to which it refers.



COMMAND AND CONTROL

Clearly, significant improvements over traditional methods of control of data recorders are
needed if systems are to be integrated successfully into the computer environment. To
illustrate what is now possible, command and status sets for a commercially-available
recorder are shown in Tables 1 and 2. In these examples, the use of plain-language syntax
greatly simplifies the preparation of control routines. Typically, commands and status
requests pass between the recorder and controller via a conventional communications
interface such as IEEE488 or RS-449.

DATA FLOW

The control of data flow in continuously running systems is relatively simple since it is
only necessary to start the tape running (at the correct speed) and allow data to flow in or
out of the recorder. With buffered systems, however, the movement of the tape itself is a
secondary issue as this process is automatically controlled by the action of the recorder
attempting to empty or fill its buffer. One advantage of a recorder which has been designed
with an integral buffer is that it should not be possible to either overfill or empty its buffer
during data transfer operations.

With continuous inputs, this may simply mean ensuring that the input clock rate does not
exceed the rated maximum for the recorder. If the input is in the form of burst data - blocks
of finite length with gaps in-between - it is generally permissible to exceed the maximum
continuous rate for short periods. In the case of such “burst” data, it is advisable to
implement a “hand-shaking” protocol so that the recorder can control the flow of data
within the capacity limits of its buffer.



Table 1 - Typical Command Set

(Manny & Giles PEGASUS)

COMMAND PURPOSE

Immediate Commands

CLOSE DOOR Closes cassette door after loading or un-loading. 

CYCLE Outputs current contents of Data Buffer continuously.

DATA INTERFACE n Selects Data Interface (word width, serial, etc.)

EVENT MARKER n, Tags write block with unique event “n” plus

user_aux_data (optional) user Identifier.

OPEN DOOR Opens cassette door for loading or unloading.

READ FORWARD Starts reading from tape.

READ REVERSE Enables data to be read in reverse.

SET DATE Sets internal calendar.

SET TIME Sets internal clock.

SLEEP Puts recorder into standby.

STOP DATA Stops writing or reading process.

WRITE Puts recorder in write mode.

Deferred Commands

BOT Returns cassette to BOT (Beginning of Tape).

EEMODE Performs diagnostics routine.

FIND EOD Initiates search for current end of data records.

FIND EVENT MARKER n Searches for event market “n”.

FIND TIMECODE xx.xx.xx.xx Searches for time xx.xx.xx.xx.

Optional forms:-

READ FORWARD [Start Event Marker],

[Stop Event Marker]

READ FORWARD [Start Time Code],

[Stop Time Code]



Table 2 - Typical Status Set

(Penny & Giles PEGASUS)

STATUS REQUEST RESPONSE

Immediate Status Requests

?DATA INTERFACE Lists all date interfaces currently installed.

?DATE Date currently in calendar.

?ERROR Current block error count.

?HOURS RUN Current system hours run.

?MACHINE STATUS Current status of recorder:-

?MEDIA STATUS Current status of media:-

?SERIAL NUMBER Recorder's unique ID.

?TAPE LOAD Load status.

?TIME Current system clock.

?TIMECODE Most recent timecode read from tape.

Deferred Status Requests

?EVENT MARKERS Scans tape for and lists all recorded event markets

?MEDIA ID Current media ID.

DATE year.month.day

TIME hours.minutes.seconds

MACHINE ID number

TAPE LOAD STATUS status

LAST COMMAND STATUS command

DATA INTERFACE STATUS interface

TIMECODE xx.xx.xx.xx.xx.xx

MEDIA ID number

DATA INTERFACE type (recording).

x% REMAINING TAPE TO EOT (End of Tape). 

and associated user data.



On replay, the situation is slightly different since it should be possible for the computer to
control the transfer of data in accordance with its own needs and activities. Here, a
hand-shaking protocol is essential since the mere fact that the computer may have
requested data does not in every case mean that data will be immediately available.
Consider the situation where a new cassette has been loaded into the transport and placed
at the beginning-of-tape (BOT) but no other tape movement has yet taken place. The
computer may request data and offer an output clock, but the recorder’s buffer as yet
contains no data. Instead, the recorder will acknowledge the request for data and
immediately start to move tape in order to fill the buffer. At a certain point, there will be
sufficient data within the buffer for an output transfer to commence. As long as the
computer continues to demand data, the recorder will maintain an appropriate level of data
in its buffer, starting and stopping the tape as necessary. At some point in the transfer
process, the computer may decide that it has sufficient data and cease to request further
data. Recognizing this, the recorder will discontinue the reading process although some
valid data may remain in the buffer ready for transfer later.

A convenient method of achieving this is to use a common, bidirectional data input/output
interface including hand-shaking lines which control the flow of data to and from the
recorder. For example, a DATA READY signal may be asserted by the recorder to
indicate that it is ready to receive data and a USER DATA ENABLE may asserted by the
user to indicate that applied data is valid. When reproducing, a DATA READY signal
asserted by the recorder means that valid data is available, while USER DATA ENABLE
is asserted by the user to indicate that he is ready to accept outgoing data.



A PRACTICAL IMPLEMENTATION

An important new entrant in the race towards computer-friendly data recorders is the
PEGASUS High Rate Digital Cassette Recorder from Penn & Giles Data Systems.

Figure 6 PEGASUS High Rate Digital Cassette Recorder

The following is a brief technical overview which may be helpful in summarizing the
points which have been previously discussed.

Figure 7 shows the data block diagram. Data may be input or output in either parallel or
high rate serial form via the data interface. The maximum continuous data rate for the
recorder is 100 Mbit/sec (12.5 MByte/sec) with a burst rate up to 120 Mbit/sec (15
MByte/sec). Following any necessary format conversion (such as serial-to-parallel), a
32-bit wide data word is passed through the 256 Mbit data buffer under the direction of the
recorder’s system controller and into the encoder, parity generator and CRC generator.
Here, auxiliary data such as event marking, time code and internal data block addressing
are added before the combined data and control information is written to tape
incrementally at a fixed tape speed.



On replay, data is read from tape incrementally then equalized, bit-synchronized, decoded,
deskewed and error-corrected before being clocked into the data buffer. Any necessary
format conversion (32-bit to 8-bit or parallel-to-serial) is accomplished in the user data
interface prior to the data being clocked-out on demand. Auxiliary data is routed to the
recorder’s system controller via a separate path as shown.

The control of data flow into and out of the recorder operates at three levels: -

1) The main recorder functions and status (WRITE, READ, STOP, etc.) - via the
control port.

2) File management functions (event marking plus time and event and searching) -
also via the control port.

3) Data flow hand-shaking - via dedicated lines within the user data interface.

CONCLUSION

Recent market entrants have shown that it is now indeed possible to combine the merits of
traditional high rate, high capacity data capture systems with the requirements for
convenient and straightforward computer interfacing. The operational capabilities of this
new class of cassette-based equipment have far-reaching implications for the way data will
be captured and processed in the future. To take full advantage of the opportunities now
presented, a critical assessment of traditional methods may be necessary. Indeed, we may



soon see the day when the cultural divide between “instrumentation recording” and
“computer storage” has been bridged forever.

Table 3 - Summary

Traditional Instrumentation Computer Friendly

Continuous data transfer Fast start/stop data transfer
Data 1/O buffering optional? Integral data 1/O buffer
Complex computer interfacing Simple computer interfacing
Separate data & control interfaces Optional combined data & control interfaces
Data loss during ramp up/down Instant-on data write/read with data flow control
handshake
Slow tape load/unload time, Fast tape load/unload time,
must rewind before unloading rewinding unnecessary for unloading
Control of tape drive: Control of data transfer:
  RECORD, FORWARD, REVERSE, FAST, STOP   WRITE, READ, FIND, STOP DATA
Optional time code generate/read/search Data management including integral calendar/clock

Data transfer rate proportional to tape speed
& event generate/read/search
Data transfer rate controlled by user read/write clock
and independent of tape speed
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ABSTRACT   Equipment for data collection and recording has widespread use in
a variety of engineering applications. This paper deals with the use of
multiprocessor-based architectures in digital data acquisition systems,
emphasizing advantages in terms of flexibility and overall system throughput, and
the characteristics of the embedded operating system.

An overview of the basic architecture of typical data acquisition systems is
first presented, followed by a description of a multiprocessing architecture for data
acquisition in real-time environments where multiple sampling rates are employed
to monitor analog and digital data from different sources. Software and hardware
techniques are covered, including the multiplexing of analog signals, digital signal
processing, use of masking techniques in the processing of serial data streams,
and the use of multi-point buses for communications with peripheral devices.

The characteristics of a real-time multi-tasking operating system are
analysed. This is the core of the software in any data acquisition system which
must meet real-time constraints. In turn, the core of the operating system is the
real-time kernel. Emphasis is put into the organization of the kernel, covering
issues such as kernel primitives, service calls, interrupt service routines, process
scheduling, memory management, and communications and synchronization
between processes.

1. Introduction

The data acquisition system (DAS) is often the central component of
complex engineering and scientific systems for data collection and analysis. Its
basic tasks are the collection, distribution, monitoring, pre-processing, and
recording of data. The system must be capable of handling data which is received
directly in digital form, as well as analog signals which must first be converted into
digital form. Depending on the type of application, multiple sampling rates may
have to be used, so non-critical signals may be sampled at lower rates to avoid 



unnecessary overhead. Also of great importance is the ease with which the
configuration of the system may be modified to handle different applications.

The basic characteristics described above for a digital DAS must be
achieved in a real-time environment, that is, the correctness of the computations
involved depends not only on the logical results, but on the system meeting
certain timing constraints to produce these results [1].

Applications will continue to become more demanding and sophisticated.
The conventional approach is to use faster processors as a quick solution to the
demand for more speed, and to modify the software to meet new functional
requirements. Clearly this is a very limiting approach, since there exist practical
limits to processor speeds, and maintenance of large software packages is very
costly.

In this paper we deal with architectures based on multiple processors, each
dedicated to handle a specific task of the data acquisition process. This
introduces a basic form of parallelism which increases system throughput, and it
also allows for greater system flexibility and ease of maintenance by
decentralizing the software. We give special attention to the operating system, the
core of the software, which provides services to the application program and the
interface to the hardware. The operating system must allow multi-tasking and
provide features such as “preemption”, necessary in real-time environments.
Specialized operating systems are required to meet these needs: although an
excellent platform for program development and general application programs,
personal computers with the conventional DOS (disk operating system) are not
well suited for real-time multi-tasking applications.

The outline of the paper is as follows. In Section II we first overview the
basic organization of typical DASs, and then present a multiprocessing
architecture for data acquisition, describing in detail some critical software and
hardware issues involved. In Section III we discuss general requirements of the
embedded real-time operating system, and describe one such system designed at
RMS INSTRUMENTS LTD. specifically for real-time data acquisition
instrumentation. Conclusions are presented in Section IV.

II. A Multiprocessing Architecture for Data Acquisition

A. Basic Organization of Data Acquisition Systems

The definition of a DAS can be quite flexible. For our purposes it refers to a
self-contained subsystem which includes the hardware and software involved in



the sampling and analog-to-digital (A/D) conversion of analog signals, acquisition
of data directly in digital form, digital signal processing prior to data recording,
real-time monitoring, organization of data into structured blocks, and the recording
of these blocks in disk and/or tape. The basic structure of one such system is
illustrated in Fig.1.

As shown in Fig.1, there is usually a central unit in the system which
handles most of the data acquisition functions. This accepts analog and digital
signals from the exterior, and has interfaces to communicate with monitoring (e.g.,
chart recorder) and storage devices (e.g., disk, tape drives), which are also an
integral part of the DAS.

The permanent record on paper and high resolution provided by the chart
recorder render it ideal for real-time monitoring. With regard to data storage on
magnetic media, it is possible to record on disk, on tape, or simultaneously on
disk and tape, thus achieving an implied redundancy.

In specialized applications the DAS is often fine-tuned and fully dedicated to
the data acquisition tasks, and general purpose computers are used in the
analysis and processing stages. By recording data on disk in a standard format it
is possible to have direct access to it from the data processing computer; at the
same time, this gives the user ample choice from a plethora of applications
software available in the market. On the other hand, tape cartridges provide the
user with a transportable medium which is ideal for field applications, or can
simply be used as a back-up system. A third option is that of removable hard disk
technology; this provides the user with the advantage of direct access from the
data processing computer, and that of transferability.

B. Multiprocessing Architecture

The objective of the architecture discussed here is to distribute efficiently
amongst different processors the computational tasks of the DAS. The criterion
used to distribute this load is a functional one, e.g., all tasks associated with
sampling, A/D conversion, and digital signal processing of analog signals may be
assigned to a processor. This approach clearly introduces a form of parallelism
that increases overall system throughput; the concept is of course fully compatible
with the exploitation of the parallelism inherent in some algorithms, which leads to
implementations in arrays of processors [2]. Flexibility is gained through smaller,
easier to maintain programs running in the individual processors.

Fig.2 illustrates a multiprocessor based architecture for a DAS. To simplify
the discussion, we limit ourselves to a basic system that interfaces to analog



signals and asynchronous serial data (RS232/422/485). The core of the system is
the main CPU (central processing unit). This takes care of: a) providing the user
with an environment to develop system configurations or “programs”, b) set-up
and coordination of the activities of the different processors, c) handling of data
transfers to and from processors, and d) providing a suitable operator interface.
As we shall discuss in detail in Section III, an underlying operating system must
ensure compliance with real-time constraints.

The operator interface can be efficiently handled via an intelligent
keyboard/display unit with a serial (RS232) link to communicate with the main
CPU. Also, capability for remote set-up and control of the DAS is a desirable
feature. A standard interface such as IEEE-488 is commonly used.

The dedicated processors control peripheral modules. These usually
communicate with the main CPU via a standard bus such as STD or VME [2]. For
the DAS assumed we have a multichannel A/D module, a digital (serial) module to
receive and transmit asynchronous serial data via multiple channels, a tape/disk
controller, and a chart recorder controller. Communications with the tape and disk
drives are best managed with a fast multi-point bus for peripheral devices such as
the Small Computer System Interface (SCSI) ([3]; see also Section II.C). A simple
RS232 or parallel (centronics-type) interface is suitable to control the chart
recorder.

The chart recorder itself is an excellent tool which provides high resolution
real-time data monitoring with a permanent record on paper. An intelligent
recorder of the thermal-array type will significantly ease the tasks of the main
CPU. It should provide for easy channel positioning and scaling, wide frequency
response, adequate chart speeds, and flexible chart annotation. Additional
features such as different trace drawing algorithms, programmable self-generating
background grid patterns, and math capabilities will further enhance the system
overall. The chart recorder can normally operate as a stand-alone unit or under
control of a host computer: it is a versatile instrument which does not have to be
permanently attached to the DAS.

In the following sections we will discuss in some detail the characteristics of
the individual peripheral modules.

A/D Module

The output of analog sensors or transducers must first go through a signal
conditioning stage. This is an analog-to-analog operation which includes functions
such as: a) amplification, b) impedance transformation, c) isolation, d) removal of



common mode noise, e) filtering, f) current to voltage conversion, g) frequency to
voltage conversion, and h) thermocouple and RTD interfacing. Signal conditioning
devices are commercially available in a variety of packages, and are often
handled independently of the DAS itself. The conditioned analog signal must be
band-limited. This is accomplished through an antialiasing filter, which is
sometimes considered as part of the signal conditioning stage.

A number of different approaches are available to handle multiple channels
[4]. With “analog multiplexing”, the multiplexing occurs immediately after the signal
conditioners, and single sample and hold (S&H) and analog-to-digital converter
(ADC) circuits are shared amongst all channels. This approach is inexpensive,
and use of a common ADC ensures that all channels suffer similar conversion
errors due to tolerances in the device specifications. Disadvantages include low
throughput (conversions must be performed sequentially), cross-talk between
channels, and the fact that samples for different channels do not correspond to
the same point in time. A second technique uses “digital multiplexing”, with
individual S&H circuits and ADCs. Although more costly and voluminous, this
approach is clearly faster (conversions are performed simultaneously), and it has
become quite common with the decreasing price of ADCs. Other intermediate
approaches are also possible, where for example, individual S&H circuits are
used, but a single ADC is shared between channels.

System specifications will determine important issues in the A/D module, such as:

a) Number of channels handled by each A/D module.

b) Type of ADC to be used: successive approximations, flash, subranging,
integrating, sigma-delta.

c) Resolution, conversion time, signal-to-noise ratio.

In terms of resolution and conversion time, the state of the art is [5]:
22 bits ---- 1 Ksample/sec
20   " ---- 4         "
18   " ---- 50       "
16   " ---- 500     "
14 bits ---- 10 Msample/sec
12   " ---- 25       "
10   " ---- 75       "
8     " ---- 500     "



The RMS quantization noise in the Nyquist band Fs/2 for an ideal ADC is
q//12. Defining the signal-to-noise ratio (SNR) as the ratio of the RMS level
of a full-scale sine wave to the RMS quantization noise of an ideal N-bit
ADC (over the Nyquist band), we have:

SNR = 6.02N + 1.76 [dB] . (1)

From this follows a practical “rule of thumb”: increasing the resolution of the
ADC by 1 bit results roughly in a 6 dB improvement in the SNR.

A more practical interpretation of the SNR, especially when comparing
manufacturer’s specifications, is the “effective number of bits” (ENOBs).
This is derived from (1), using the actual (measured) SNR:

ENOB = (SNRactual - 1.76)/6.02 (2)

For example, an AD678 12-bit converter, specified for 200 Ksamples/sec,
shows an actual SNR of 65 dB for an input frequency of 100 KHz; at this
frequency, (2) results in ENOB = 10.5.

d) Sample and Hold circuit (if needed).

e) Antialiasing filter requirements.

- For example, with Fs = 2 x Fnyq, a 10-12 pole antialiasing filter is required
for 12-bit resolution. Recall that analog filters with more than 8 poles are
difficult to design, and a filter with more than 12 poles is virtually impossible.

- Oversampling techniques ease the antialiasing filter requirements.

The processor in each A/D module controls the A/D conversion for the
channels involved. The basic sequence may consist of setting the S&H circuit(s)
to “hold” mode, triggering the ADC(s), reading the results(s) of the conversions),
and if necessary switching the multiplexer to the next channel. The samples
obtained can then be processed in digital form. Finite impulse response (FIR) and
infinite impulse response (IIR) filters can be used to remove noise from the signals
[6], and more sophisticated algorithms can be applied for specific purposes. If
oversampling techniques have been used, the analog antialiasing filter required
can become quite simple, but the processor will have to implement a very sharp
lowpass filter for antialiasing prior to decimation of the data. Design of such a
filter, with the added advantage of a linear phase, is a simple task in the digital
domain.



To illustrate computational requirements, consider an N-th order FIR filter of
the form:

y(k) = h(0)x(k) + h(1)x(k-1) + ...+ h(N-1)x(k-N+1) , (3)

where y(k) and x(k) represent the input and output sequences respectively, and
{h(I) ; I=0,1,...,N-1} is the impulse response of the filter. Using a typical digital
signal processor (about 80 nsec multiply-accumulate (MAC) time), sampling rates
of about 500 KHz can be achieved for N = 20.

A number of other tasks can also be assigned to the processors in A/D
modules: linearization algorithms to handle for example standard thermocouples
and RTDs, monitoring of set-point or alarm conditions, application of an offset or
bias, etc.

Communications with the main CPU are typically handled via shared
memory. Conversion results may be passed on to the main CPU through the
shared memory, or directly into its own local memory by using direct memory
access (DMA) techniques.

Digital (Serial) Module

Asynchronous serial ports are very common in a variety of instruments.
RS232 interfaces for single-ended connection, RS422 for differential connection,
and RS485 for multi-point differential connection, are simple to implement,
reliable, and relatively fast (20 Kbps for RS232, up to 10 Mbps for RS485).

The ideal serial module handles data reception and transmission for several
independent channels (e.g., 4). In addition to the basic drivers for character
transmit/receive found in typical interface boards, an intelligent module will
implement efficient buffering schemes, provide masking facilities to extract
specific fields from data streams, support protocols to handle binary data, provide
comprehensive error handling, and allow flexible and simple selection of
communication parameters.

The block diagram in Fig.3 illustrates the basic functions of a serial module
on a single channel. Data reception using masking features is intended for
systems working under the principle of data blocks preceded by a (unique)
“preamble”, and optionally terminated by a (unique) “postamble”. Data within the
block can be selectively extracted based on user defined “masks” which indicate
the byte positions within the data block that are to be masked-in (1) or masked-out
(0).



BiSync-like protocols for data reception are intended to handle binary data,
in which case it is impossible to define unique preambles or postambles to identify
a data block. BiSync (Binary Synchronous Communications Protocol) is a
byte-oriented communications protocol in which data is transmitted in frames with
specific control characters (typically a 2-character sequence, with “DLE” the first
one) used as field delimeters to mark a header field, an information field, and a
trailer field.

Data transmission facilities allow for the dissemination of information in the
DAS to external devices. The information involved may be simply data which was
received from some source and is being re-transmitted, at perhaps a different
speed, to a given destination, data partially processed by the system, or
configuration information. In some cases transmit channels are also necessary to
trigger external equipment to initiate transmission of a data block.

Tape/Disk Controller

Use of a standard multi-point bus for communications with peripherals
results in flexible systems than can readily support a variety of devices, such as
hard disks, tape drives, optical disks, digital audio tapes, etc. An example of such
a bus is the Small Computer System Interface (SCSI), which allows for daisy
chaining of 8 devices, with transfer rates up to 1.5 Mbytes/sec (asynchronous), or
5 Mbytes/sec (synchronous) [3].

The tape/disk controller must accept information from the main CPU in the
form of “system blocks”, and coordinate the data transfer to disk and/or tape in the
appropriate format. In the case of disk, using a standard format will ensure that
data can be readily accessed by most personal computers. The organization of
the data to comply with the required formats is the responsibility of the processor
in the tape/disk controller. It is also responsible for handling efficiently the
simultaneous recording on different media, error conditions, and communications
with the main CPU. Since access time to some disk or tape drives may be slow,
extensive buffering must be provided in the module in order to avoid creating a
system bottle-neck.

Chart Recorder Controller

At set-up time this processor receives from the main CPU configuration
parameters for the chart recorder. It structures this in a format that complies with
the protocol or command-set accepted by the chart recorder, and downloads the
resulting data via a serial or parallel interface. Configuration data includes channel
positioning, scaling, background grid pattern, etc.



For real-time monitoring the main CPU transfers to the chart recorder
controller signal values and messages for annotation purposes. As before, the
processor in the controller will format the data to comply with the communications
protocol, and will then transmit it to the chart recorder.

In addition to the basic functions above, this processor must also implement
efficient buffering schemes to avoid slowing down the main CPU when the chart
recorder is busy, provide simple line-printer and graphics drivers, and handle error
conditions.

Ill. Real-Time Multi-Tasking Operating System

In a real-time system such as a DAS, correctness depends not only on the
logical result of computations, but also on the time when the results are produced.
In order to satisfy this real-time requirements the system software must be
carefully designed to meet specific timing constraints. In this type of application a
number of different activities must take place concurrently; for example, sampling
critical signals at fast rates and non-critical ones at slower rates, creates tasks or
processes which are logically proceeding in parallel, while the CPU is in fact
executing them in an interleaved fashion. This form of parallelism dictates
specialized requirements for the design of the underlying operating system.

The core of an operating system is usually referred to as the kernel.
Normally the functions of the kernel include [7]: a) operations involving processes
or tasks, such as creation, removal, suspension, scheduling, dispatching, and
inter-process communications; b) interrupt handling; c) memory management; d)
input/output (I/O) supervision; e) file management services.

In a real-time system the tasks above should be undertaken by a real-time
kernel. Commercially available real-time kernels are often found in the form of
simplified and optimized versions of time-sharing operating systems [8], or as
real-time system building blocks which can be designed into embedded
applications [9]. They are characterized fundamentally by fast context switching,
small size, fast interrupt response, priority scheduling, and multi-tasking with
facilities for inter-process communications, synchronization and mutual exclusion.

Use of this commercial software in specialized low volume embedded
applications is often unjustifiable because of cost. In addition, in some cases
unnecessary features included in the software may introduce an overhead that
could affect system performance. In this section we outline the characteristics of a
simple and efficient real-time operating system designed at RMS INSTRUMENTS
LTD., specifically for data acquisition applications. In a multiprocessing



environment such as the one we have described in the previous section, each of
the processors involved may be running its own copy of this real-time kernel.

A. Basic Organization

The organization of the operating system is illustrated in Fig.4. The
operating system provides a variety of services to the application program, which
in the case of the main CPU of the system described in Section II, would comprise
all of the software to handle data collection, distribution and recording, operator
interface, etc. The application program is seen by the operating system as a
series of processes or tasks. The kernel is responsible for the creation, removal,
scheduling and dispatching of processes. Interrupt service routines (ISRs) perform
the minimum actions required to service interrupts generated by external events,
and may also initiate processes which will carry out actions related to these
interrupts.

The application program and ISRs access the hardware through device
drivers; the kernel provides a consistent interface to handle the I/O requests.

The file system manager provides file services on mass storage devices
such as hard-disks or tape drives. In a multiprocessor architecture this function is
normally implemented as part of the operating system of the Tape/Disk Controller
Module (or equivalent) (see Section II.C).

In Fig.5 are shown the individual blocks that make up the kernel. The
notation “MM”, “SC”, “IS”, and “IO” adjacent to arrows, also shared with Fig.4, is
used to denote access to specific blocks within the kernel (Memory Management,
Service Call Handlers, Interrupt Service Call Handlers, I/O Supervisor).

The core of the kernel is a series of routines, not directly accessible by the
application program or the ISRs, collectively referred to as primitives. Normally
primitives function as callable routines, called from service call handlers (SCHs),
interrupt service call handlers (ISCHs), or the I/O supervisor. SCHs manage
requests for service from the application program or the file system manager. A
process normally generates a service call via some kind of “trap” instruction that
causes the processor to enter an exception processing mode. A vector number
supplied with the instruction identifies the service call being requested, and this in
turn causes the processor to branch to the appropriate SCH. This scheme
provides a consistent, fast interface between kernel and processes.

ISCHs manage requests for service from ISRs. They are conceptually very
similar to SCHs, differing only in the manner in which execution is terminated.



Normally, SCHs exit via the dispatcher, which is the primitive in the kernel that,
according to some priority scheme, determines the highest priority process in a
“ready” state and activates it. Such a mechanism is necessary to account for the
possibility that, as a result of the service call, some process with higher priority
than the one currently running (i.e., the one which initiated the service call) may be
taken from a “suspended state” to a “ready” state. On the other hand, ISCHs must
return directly to the calling ISR to allow it to complete execution. To take care of a
higher priority process that might have been made ready by the interrupt service
call, after completion of its tasks the ISR must check for this condition and either
return to the process which was originally interrupted, or exit via the dispatcher.

The I/O supervisor handles all I/O requests to the kernel. It provides a
consistent interface to the application program and ISRs, invoking the appropriate
device drivers according to the request made. I/O requests are generated by the
application programs and ISRs in a similar fashion to service calls and interrupt
service calls; in fact, the I/O supervisor can be thought of as a collection of SCHs
dedicated to I/O functions.

The memory management services provide mechanisms to handle dynamic
storage allocation in a section of memory called the heap. The algorithms can
handle segments of variable size. A special data structure, the free list, maintains
a linked list of segments of memory available for allocation. When a request is
made, the first segment large enough to satisfy the request is partitioned: the
requested block is returned to the caller, and the remainder is re-linked into the
free list. When a segment large enough is not found, a new block is allocated from
the heap and is linked into the free list. When segments are returned (or
“deallocated”) to the kernel, they are re-linked into the free list, merged with
adjacent segments whenever possible. Memory management is available both to
the application program and ISRs. It is also used by kernel primitives themselves,
for example, to allocate/deallocate stack space for processes as they are
created/removed, to allocate space for process descriptors (see Section III.B), etc.

B. Processes and Scheduling

The application program is structured as a series of processes or tasks.
Execution of processes is controlled by the kernel through a scheduling algorithm.
The scheduling problem is a critical one in the area of real-time systems and has
received much attention in the literature [10]. The objective is to determine the
sequence and time periods for execution of processes such that timing,
precedence, and resource constraints of all the processes are satisfied. In
general, a scheduling algorithm may be either static or dynamic. A static approach
determines task schedules off -line and must have complete knowledge of the



characteristics of the tasks involved. Dynamic algorithms determine schedules
on-line and can therefore adapt to changing conditions in the system.

The traditional approach to deal with scheduling in real-time systems
consists of a main control loop and a number of interrupt handlers. The interrupt
handlers respond to external events and set flags to request some form of
processing. In the background, the control loop checks sequentially the different
flags and performs the requested tasks as necessary. This simple approach has
severe limitations: a) the worst-case response time to an event is the execution
time of one complete pass through the loop; b) the approach is inherently
non-preemptive: once a task begins execution, it must complete its processing
before any other event may be handled; c) there is no provision for prioritization of
tasks: a fixed order for processing is given by the structure of the control loop. Ad
hoc techniques are often used to improve on this basic approach. Unfortunately,
this usually leads to very complex software which is extremely costly to maintain.

The scheduling algorithm we consider here is a priority-driven approach,
which supports preemption and time-slicing. Each process has a priority level
associated with it, and the scheduling is such that the process in a “ready” state
which has the highest priority is the one allowed to execute. Since priority levels
can be modified on-line this can be considered a dynamic algorithm. Processes
can be individually set-up to allow or disallow preemption: if disallowed, its
execution cannot be interrupted by another process with higher priority.
Time-slicing is a feature which enables execution of processes with equal priority
in a time-multiplexed fashion; each process is allocated a fixed period of time to
execute, and if still running at the end of this period, the scheduler will
automatically suspend it and activate the first ready process with equal priority.
Processes can be individually configured to disallow time-slicing.

Process descriptors (PDs) are the data structures used by the kernel to
represent processes. The basic fields in a PD include: NEXT_PROCESS (a
pointer used to link to the next process in the active list or a process list in a
message queue -see Section III.C-), PROCESS_ID (an alphanumeric identifier),
PRIORITY (the priority level of the process), PREEMPT_ENABLE (allows the
process to be preempted by a process of higher priority), TIME-SLICE-ENABLE
(allows time-slicing with processes of equal priority), MESSAGE (space for a short
message, typically a pointer, used to communicate with other processes through
the system of Message Queues -see Section III.C-), MESSAGE-STATUS (used in
conjunction with MESSAGE, it qualifies the status of the information in the
former).



At any given time 3 kinds of processes can be found in the system (see
Figs. 6 and 7):

a) Running Process. This is the process whose code the CPU is currently
executing. A unique pointer in the kernel identifies the PD of the running process
(see Fig.6).

b) Ready Processes. A collection of processes organized into a linked list, by
ascending order of priorities. In Fig.6 we have that:

PRIORITY(P ) >= PRIORITY(P ) >= ...... PRIORITY(P )A1   A2    AN

Processes in this active list (AL) are ready to execute and, according to the
scheduling mechanism, are switched in and out of the AL as they change between
ready and running states. A portion of the kernel called the dispatcher, normally
the final stage of a SCH, determines which is the highest priority process in the
AL, unlinks its PD from the list, and makes it the running process.

c) Suspended Processes. A suspended process is not ready to execute. Normally
an explicit service call by the process itself places it in this state, as a result of
having to wait for data from some other process, or for some system resource to
become available. A system of messages described in the following section is
used to synchronize this type of activities.

C. Communications and Synchronization

Individual processes and ISRs may have to interact with each other to
exchange data, resolve contention over shared resources, synchronize activities,
etc. The kernel handles communications and synchronization through a system of
message queues (MQs).

The structure of the system of MQs is shown in Fig.7. The basic data
structure consists simply of a set of pairs of pointers, one pair for each queue in
the system. The first pointer, shown on the right in Fig.7, is the list head for a
linked list of PDs called the message-queue process-list (MQPL). The second
pointer, on the left side in Fig.7, is the list head of a linked list of message
descriptors (MDs), or message-queue message-list (MQML). The structure of PDs
has already been described in Section III.B. Message descriptors are simple data
structures with the following fields: NEXT_MESSAGE (a pointer used to link to the
next message in the MQML), MESSAGE_CONTENTS (contains a short
message, typically a pointer to some area in memory with the actual contents of 



the message, used for communications between processes), MESSAGE_FREE
(indicates whether the message descriptor has been allocated or not).

A fixed number of MQs are available (a total of M in Fig.7). Also, because of
their small size, space for MDs is not allocated dynamically; a fixed number of
descriptors are kept in a message pool, with allocation and deallocation managed
through the MESSAGE_FREE fields. As in the AL, PDs in the MQPL are kept in
ascending order of priorities; in Fig.7 we have:

PRIORITY(P ) >= PRIORITY(P ) >= .... for I=1,2, ....,Mqi,1   qi,2

Access to the Message Queue system is through two basic service calls:

- Send_Message(queue_number, message_contents)

- Receive_Message(queue_number, return_mode)

The mechanism of operation in a simple case is as follows. A process which
must receive either data, or some kind of acknowledgment from another process,
or which must perhaps wait for another process to free some shared system
resource, will issue a Receive_Message with reference to the appropriate queue
number. This process then becomes suspended, its PD being linked into the
appropriate MQPL. When the data, acknowledgment, or system resource
becomes available, the process responsible for this will issue a Send_Message to
the queue, thus indicating to the waiting process that it may resume execution.

When Send_Message is issued by a process the following sequence of
events takes place: the Running Process is linked into the AL. If the MQPL is not
empty, the message is assigned to the first process in the list, and this is unlinked
from the MQPL and linked into the AL. If the MQPL is empty, the message is
queued into the list.

Receive_Message accepts 3 different types of “return modes”:

a) Return Unconditional. If the MQML is not empty, the first message in the MQML
is assigned to the running process (with “good status”); the MD is unlinked from
the MQML and returned to the pool. If the MQML is empty, “bad status” is written
into the PD. Notice that the process issuing the service call does not become
suspended in this case.

b) Wait Indefinitely. If the MQML is not empty, the first message in the MQML is
assigned to the running process (with “good status”); the MD is unlinked from the



MQML and returned to the pool; the context of the running process is saved and
its PD is linked into the AL. If the MQML is empty, the PD of the running process
is linked into the MQPL.

c) Wait With Time-Out. If the MQML is not empty, the first message in the MQML
is assigned to the running process (with “good status”); the MD is unlinked from
the MQML and returned to the pool; the context of the running process is saved
and its PD is linked into the AL; a timer interrupt set to time-out after a maximum
waiting period is disabled. If the MQML is empty, the PD of the running process is
linked into the MQPL; a timer interrupt set to time-out after a maximum waiting
period is enabled.

IV. Conclusions

Modern data acquisition systems must meet stringent real-time constraints
and offer great flexibility to the user. Specialized hardware and software design
are required in this type of application. In this paper we have described a
multiprocessor architecture which addresses efficiently some of the critical
software and hardware issues involved in the design of such systems. A practical
system where multiple channels of analog data and asynchronous serial data
must be managed, has been used as a model. Special attention has been given
to the characteristics of the real-time operating system, and in particular the
kernel. An operating system designed at RMS INSTRUMENTS LTD., specifically
for data acquisition instrumentation, has been analysed in some detail.
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ABSTRACT

Modern telemetry systems collect large quantities of data at high rates of speed.
To support near real-time analysis of this data, a sophisticated data archival
system is required. If the data is to be analyzed during the test, it must be
available via computer-accessible peripheral devices. The use of computer-
compatible media permits powerful “instant- replay-type” functions to be
implemented, allowing the user to search for events, blow-up time segments, or
alter playback rates. Using computer-compatible media also implies inexpensive
COTS devices with an “industry standard” interface and direct media compatibility
with host processing systems. This paper discusses the design and
implementation of a board-level archive subsystem developed by Veda Systems,
Incorporated.

DESIGN REQUIREMENTS

This system is designed to record processed telemetry data as output by PCM
decommutators, 1553 bus monitors, etc. It is not intended to replace traditional
instrumentation recorders, which are unsurpassed at recording raw unprocessed
data streams. The requirement for this system is driven primarily by the flight test
engineer who needs the capabilities to record slices of data (runs) during an
in-flight test and to replay and evaluate the data during or immediately after the
flight. Specific requirements imposed in this design include:

o High recording rates - up to 10 megabytes/second
o Reasonable storage capabilities - up to 4 gigabytes
o Low cost COTS peripheral devices
o Low error rates, error detection and correction



o Standardized computer-compatible interface formats
o Selective recording of bus traffic (data)
o Adjustable replay rates
o Multiple recording sessions
o Ability to easily transfer data to other systems
o Single-board design

To meet these requirements, low-cost Winchester disk drives were selected as
the recording media. Current drive technology offers Small Computer Systems
Interface (SCSI) disk drives with capacities in excess of two gigabytes and
recording rates up to 33 megabits per second. By using multiple drives, it is
possible to achieve both the rates and capacities requested. The use of a
standardized peripheral interface (SCSI) not only offers a wide selection of
peripherals but also provides a standardized link to host systems for subsequent
data transfer. Since SCSI drives incorporate their own internal controllers, they
perform all necessary formatting, error detection, and error correction. The SCSI
host system is not responsible or concerned with any of these (now internal)
functions.

To further reduce storage requirements (and increase bandwidth), data
compaction and compression functions are required. To perform these functions
in a real-time environment requires either complex dedicated hardware or an
extremely fast processor. To keep physical size and material costs down, a
microprocessor was selected to perform data compression functions.

DESIGN SPECIFICS

After reviewing the requirements, a basic hardware architecture was devised to
include five major functional groups: a TM data interface, a processor section, a
SCSI section, a host-bus interface, and a memory subsystem. Figure 1 depicts
the hardware architecture.

The target system for this design employs a 32-bit telemetry data bus with a 16-bit
tag (address) bus. This bus is collectively referenced as the Global Memory
Interface (GMI) bus. The host bus in the target system is a 16-bit IBM PC/AT ISA
bus. This archive subsystem design fits the PC/AT circuit card form factor.

 The processor selected for the archive subsystem is an INTEL i860-XR. The i860
is a high-performance, RISC-based, 64-bit microprocessor. Internally, it contains
separate integer and floating point units with separate pipelines, enabling it to
execute both floating point and integer instructions within the same clock cycle.
The i860 is clocked at 40 megahertz, yielding a 25-nanosecond instruction cycle.



Figure 1 - Hardware Architecture

The resulting design employs three strategies to circumvent memory bottlenecks.
First, memory access is performed in “fast page mode,” reducing memory cycle
time to 75 nanoseconds (for a 64-bit word). Second, instruction and data streams
are pipelined, allowing the next instruction to be pre-fetched while the last two
instructions are decoded and executed. Third, the i860 employs two 8-kilobyte
caches (instruction and data), which are accessible in a single clock cycle. When
a cache miss occurs, the i860 performs a cache line load, pre-fetching instructions
and data for subsequent use. At 40 megahertz the i860-XR yields peak
performance ratings of 40 million instructions and 80 million floating point
operations per second.

Like most RISC-based processors, the i860 has a limited interrupt architecture, so
an interrupt controller became a design requirement. The interrupt controller
accepts inputs from the host interface, each of the two SCSI controllers, and the
GMI interface. The host interface generates an interrupt to signal the i860 that



communications services are required. The SCSI controllers generate interrupts
when exception conditions occur that require host intervention (i.e. disk failure).
The GMI interface generates interrupts for requested parameter detection and for
32k buffer boundary crossings. An additional interrupt is generated as a
50-millisecond heartbeat interrupt to support multitasking operations. A master
interrupt bit signals that an interrupt request has occurred. After generating an
i860 interrupt, subsequent interrupts are recorded but held off for 50
microseconds, allowing the current interrupts to be serviced. The interrupt
controller may be programmed to accept or ignore any interrupt request and may
also be operated in a polled mode, where i860 interrupts are not actually
generated but interrupt request status is latched and read by the CPU. This last
mode is the normal mode of operation. since it significantly reduces CPU
overhead.

The GMI interface extracts 48-bit telemetry data from the telemetry bus and
deposits the data in a 64-kilo-word circular buffer located in i860 DRAM. FIFOs
are used to buffer incoming GMI traffic. A block of tag-selection memory is
employed to identify parameters which have been selected for extraction
(archival). As each parameter is received, its corresponding 16-bit tag is
examined. If the parameter has been selected for extraction, it is written into FIFO
memory for subsequent transfer into i860 memory. Two basic modes of operation,
burst and demand, are provided. In demand mode, a memory access is generated
every time a parameter is available in the FIFOs. This mode provides rapid
memory updates when GMI bus traffic is minimal, but forces long memory access
times because page mode operation is circumvented. In burst mode, memory
access is not requested until the FIFOs are half full. Then FIFO data is bursted
into memory using page-mode accesses until the FIFOs are empty. Burst mode is
far more efficient than demand mode when high data rates are employed.

The GMI controller transfers data into a 64-kilo-parameter circular buffer in the
i860 DRAM address space. As each 32-kilo-parameter boundary is crossed, an
interrupt request is generated to the interrupt controller. To assist in processing
the data, six bits of flag information are transferred from select memory to the
circular buffer with each parameter. Two of these bits define the size of the
parameter (in bytes), two others define the source of the parameter (PCM stream,
1553 stream, etc.), and the remaining two bits are application specific. The 64k x
8-bit tag-selection memory provides these six bits for each tagged parameter. The
remaining two bits of selection memory identify the parameter for extraction and
allow an interrupt to be generated upon detection of a specified tag. Tag selection
memory may be modified “on-the-fly,” allowing dynamic reconfiguration. Burst and
demand modes may also be selected “on-the-fly”, allowing any remaining
parameters to be flushed from the FIFOs when input data stops. The base



address of the circular buffer is programmable, allowing it to be located anywhere
in the i860 address space.

A 16-bit buffer index register is provided to identify the exact location of the last
parameter transferred into the circular buffer. A single 32-bit timer allows the i860
to control data output onto the GMI bus in playback modes. The timer has an LSB
resolution of one microsecond, allowing the i860 to regulate output to the GMI bus
to simulate various data rates.

The High-Speed Archive System employs two NCR 53C720 high-performance
SCSI controllers, which provide dual SCSI-2 data paths. The 53C720 contains an
embedded processor to perform all SCSI operations without CPU intervention. It
supports both “wide” and “fast” SCSI options, providing data transfer rates as high
as 20 megabytes per second (synchronous burst per channel). Each controller
has its own internal FIFOs for data and instructions. Memory accesses are
performed in block mode, allowing the controller to transfer up to eight long words
of data per memory access. The controller operates in a loosely coupled mode,
executing an instruction script placed in memory by the CPU. Each controller has
the ability to generate interrupts to the i860 to signal exceptions.

Two distinct interfaces are provided from the archive subsystem to the PC/AT bus
(control bus). A direct memory interface is employed to allow the host (PC/AT)
processor to download executable code to the i860 CPU. This interface allows the
host processor to directly read from or write to i860 memory, regardless of
whether the i860 is running or halted. All data transfers are performed as 64-bit
words with 32-bit addresses. This interface allows the host system to download
code, examine memory, provide debugging facilities, and supplement hardware
integrity tests.

A FIFO-based data transfer interface is provided to transfer blocks of data to or
from the host. This is a 4k-deep, 16-bit-wide, full-duplex interface with empty and
half-full flags available to both the i860 and the host. An 8-bit-wide, bi-directional
port is provided to coordinate data transfers. This interface is I/O mapped on both
the host and i860 sides and provides zero-wait-state operation for all data
transfers. System startup is accomplished by holding the i860 microprocessor in a
reset condition, downloading the executable code modules via the host memory
interface, and then releasing the i860 to execute the code.

To buffer incoming data during the various SCSI transfer cycles requires a large
amount of memory. To meet the design goals and allow a twenty percent safety
margin, at least six megabytes of memory are required. This design has eight
megabytes of 55-nanosecond, fast-page-mode DRAM as main memory,



permitting a relaxed 75-nanosecond page-mode transfer rate. Memory is
organized as one megaword by 64 bits, growing downward from the top of the
i860 address space.

A sophisticated memory controller is employed to support 5-way memory porting
and fast-page-mode accesses. The SCSI controllers have the highest priority in
the memory request chain (followed by the GMI and host interfaces). The i860 has
the lowest memory request priority, since it will fetch instructions and data from its
internal cache memories - in most cases. Worst case memory arbitration latency
is one clock cycle. Long memory accesses require 6 clock cycles to complete.
Page-mode accesses are accomplished in 3 clock cycles.

OPERATIONAL DESCRIPTION

Prior to beginning data acquisition, the tag-selection memories are initialized to
select the appropriate parameters to be archived. This initialization data is
recorded in a header record in the front of the output data file to enable
reconstruction of the data for playback. As telemetry data is received on the GMI
bus, the parameter ID (tag) is fed into the tag-selection memories. If the tag has
been selected (for archive), the memories will trigger a write into the parameter
input FIFOs. When the FIFOs become half full, they will trigger a memory request
to the memory controller. Once any previously active memory cycle is complete,
the controller will begin to transfer data from the FIFOs directly into a 64-kilo-
parameter circular buffer in i860 memory, using fast-page-mode memory
accesses. Once 32 kilo-parameters have been transferred into the buffer, the
controller will generate an interrupt, signaling a buffer-half-full condition. The
processor responds to this condition by reading the input data, compacting it
(modulo 8 packing), and placing the results in an output buffer. When the output
buffer becomes full, the processor sets a semaphore, signaling the SCSI
processor to output the data to disk.

The data compaction function performed by the processor is simple modulo-eight
data packing. Embedded in the data word for the parameter is the length of the
parameter in bytes, the destination buffer number, and the archive mode (tagged
or tagless). The processor simply shifts the parameter the appropriate number of
bytes and then merges it with the previous data in the output buffer. The idea is
simply to minimize the number of bytes required to represent a parameter.

For data rates which do not exceed the bandwidth of the on-board processor,
sophisticated data compression schemes may be implemented. These may be
simple N-sample averaging, delta change, or even bit compression (hashing) 



algorithms, depending on the nature of the data to be recorded, data rates, and
the requirements of the ensuing analysis.

In cases of extremely high data rates, it may not be possible to utilize these
processing intensive algorithms, but a synchronous, “tagless” form of archiving
may be implemented. This mode only works if the data is synchronous in nature
(most PCM streams are). The first parameter in the output buffer must be the sync
word, since the data is now positional. Both tagged and tagless data may be
employed in the same archiving session (for different parameters) through the use
of separate output buffers. The output buffer is prefixed with a header detailing the
recording mode, start time, and word count. The start time and word count are
used to compute an averaged data rate across buffers, permitting regulation of the
output rate on playback.

For extended recording sessions, the disk drives may be housed in a data shuttle
and a “ping-pong” recording approach is used. This allows the user to swap full
disk cartridges for empty ones without interrupting the archiving session.

 For extremely high data rates, a data-spreading approach (much like track
spreading on an HDDR) is used to interleave data across multiple drives. The
53C720 SCSI controller is capable of bursting data (in synchronous mode) at 10
megabytes per second. Data is burst through SCSI channel #1 to drive A, until a
disconnect is issued by the drive. At the same time, a transfer is initiated through
SCSI channel #2 to drive C. When drive A disconnects, SCSI channel #1 initiates
a second transfer to drive B. When drive C disconnects, SCSI channel #2 initiates
a transfer to drive D. With this overlapped, multithreaded operation, it is possible
to utilize nearly 100 percent of the disk drive bandwidth (exception - seek time
losses).

CONCLUSION

Conventional recording methods do not adequately support real-time flight-test
analysis because they lack random access characteristics and are not directly
computer compatible. COTS SCSI peripheral devices can record today’s
high-speed telemetry streams when they are coupled to an intelligent controller
that is capable of effective data management. COTS peripherals provide the best
cost, performance ratios, and intersystem connectivity because of their
widespread use in the personal computer marketplace. Modified recording
techniques can decrease storage requirements and increase available recording
bandwidth.
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ABSTRACT

An distributed architecture for high-speed digital and analog instrumentation is discussed.
This architecture supports the collection, formatting, recording of both conventional
telemetry (analog & PCM) and high-speed digital data. Remotely located instrumentation
data interface units provide data acquision close to the data sources. The remotely located
units are connected via high-bandwidth fiber optic links to a central formatting and
recording unit. Data is recorded on digital rotary head recorders. Graphic workstations
provide visual data displays for test control and monitoring. This system was developed to
handle the high-speed data acquision requirements of advanced avionics sensor and seeker
systems, however, it provides the basis for many other applications.

INTRODUCTION

This paper presents an architecture for a High-Speed Distributed Digital Instrumentation
System (HDDI). This system provides both conventional telemetry (analog & PCM) and
high-speed digital data collection, formatting, recording. Remotely located instrumentation
data interface units are connected via high-bandwidth fiber optic lines to a central
formatting and recording unit. At the central formatting and recording unit, data is recorded
on digital rotary head recorders. Each formating and recording unit is capable of
processing, formatting, and recording 26 Megabytes of data per second. This system was
developed to handle the high-speed data acquision requirements of advanced avionics
sensor and seeker systems, however, it provides the basis for many other applications.

Figure 1 presents the High-Speed Distributed Digital Instrumentation System architecture.



Figure 1  Distributed System Architecture



By using a centralized data formatting and recording point, data from throughout a test
facility or range can be communicated to a central point where it is merged and recorded
on a common media. This simplifies post-test data processing since the data is already
merged on easy to handle and store digital cassettes. High-speed digital recorders are used
because of their large capacity and high bandwidths. The central formatting and recording
unit is also capable of displaying data in realtime on video overlays or graphics
workstations. This enables monitoring test data at a centralized test control point.

The remotely located data interface units provide the interfaces to the Unit Under Test
(UUT) or test support equipment (such as telemetry units or target/environment
generators). The remote units provide data interfaces very close to the data source,
whether located on a test tower, across a test facility, or out on a range. Highly flexible
interface cards are provided to enable interfacing to a wide variety of nonstandard items.
Remote units communicate with the central recording and control point via standard
Ethernet/FDDI networks, as well as specialized low latency high-speed fiber optic links.

Graphic workstations are provided for user real-time test control and data displays. The
graphics workstations provide a very visual display of test operations and UUT
performance. The workstations can also provide in near-real time very complex scientific
visualization displays.

REMOTE INSTRUMENTATION DATA INTERFACE UNITS

The Remote Instrumentation Data Interface Units provide data collection close to the data
sources. These small units can be located in remote laboratories or at various locations
around an outdoor range. Since the Remote Instrumentation Data Interface Units are
connected to the central High-Speed Formatting and Recording Unit via fiber optic
networks, these units may be located in outlying areas miles from the recording point.
Each remote unit provides high-speed data acquisition. The acquired data is then formatted
and communicated to the central node via the fiber optic networks.

Since the entire data system is bidirectional, the Remote Instrumentation Data Interface
Units can also be used to perform low latency local processing such as UUT control where
data is formatted and presented back to the UUT.

As previously discussed, the remote units communicate with the central node via
high-speed fiber data networks and Ethernet/FDDI networks. The Ethernet/FDDI
networks are normally used only for setup and maintenance, where the high-speed fiber
optic data links are used to transfer test data. The high-speed fiber data links can operate at
150 Megabits/sec and not require protocol overhead. Multiple links can be used from each 



Remote Instrumentation Data Interface Unit as required. High-speed 1.2 Gigabyte/sec
fiber links are currently being investigated.

The remote units are small flexible units which provide a very flexible interface to the Unit
Under Test or test support article(s). Small 3U x 160 Euro form factor interface boards can
be installed either in small portable 5-slot cases or in 21-slot 19-inch rack-mount chassis,

The Remote Instrumentation Data Interface Units are capable of acquiring both low-speed
and high-speed instrumentation data. Specialize Flexible Interface Boards or FIBs are used
to interface with and acquire high-speed signals such as sensor output arrays or signal
processing filter bank results.

As shown in Figure 2, a Remote Instrumentation Data Interface Unit may often include a
processing unit. A VME processor and traditional data acquisition cards are used to
acquire low-speed signals and data. The low-speed data items are acquired and merged
together into measurand data sets by the processor and then transferred to the central node
via a FIB board.

While the remote units are normally networked to a central node, each remote unit is
capable of stand-alone or autonomous operation. Each remote unit is also capable of
generating real-time data displays at the remote locations for test monitoring and
maintenance purposes.

Figure 2  Remote Instrumentation Data Interface Unit



FLEXIBLE INTERFACE BOARD

The Flexible Interface Boards (FIBs) are designed to provide low-cost, but very flexible,
data interfaces. The FIBs utilize Xilinx field programmable gate arrays in order to provide
easily configurable interfaces. The FIBs can easily be configured to accommodate
specialized very high-speed digital buses, as well as more traditional inputs such as PCM,
analog, and serial data streams. The Xilinx field programmable gate arrays can be easily
reprogrammed to provide input data manipulation at hardware speeds.

Our experience has shown a growing need for nonstandard, one-of-a-kind data interfaces.
Each FIB contains a space for an add-on daughter board providing expandability. A
daughter board may be used to provide signal conditioning or translation such as
differential receivers or analog-digital converters,

The FIBs also contain an expansion bus enabling one FIB to act as a master unit which
merges and multiplexes other FIB data/signals together, acting as a mini data concentrator
there by minimizing fiber optic links.

As shown in Figure 3, each Flexible Interface Board contains a bidirectional fiber optic
link. The FIBs are also bidirectional, which provides the capability to transmit data to or
control a Unit Under Test or test support equipment.

REMOTE PROCESSOR

Each Remote Instrumentation Data Interface Unit may also contain one or more
processors which will control low-speed data acquisition boards and generate real-time
remote data displays. A 3U form factor PC compatible Intel 386 or 486 processor is
usually used. Commercially available VME interface boards provide a low-cost, readily
available supply of standard acquisition boards such as RS 323 serial, digital parallel,
analog signal conditioning and conversion, bit sync, decommutation, and MIL-STD 1553.

A powerful data-driven real-time software system was developed to operate in the Remote
Processor. Unlike most synchronous instrumentation systems which operate on a fixed
frame basis, this system is capable of operating in a data-driven asynchronous mode. This
enables the system to easily handle and process data with irregular data rates and changing
frame sizes. This software performs three major functions; data collection, processing, and
output.

Most conventional instrumentation systems only process and handle single data items via a
data tag schema where each data item is processed and tagged independently. In order to
process large irregular data blocks, this system uses a measurand data set concept. A 



Figure 3  Flexible Interface Board

measurand data set is a group of related data items collected or based on data collected at
the same time. An example of a measurand set might be a 1553 message or a sensor FFT
data array. Only those individual data items in a measurand set requiring processing or
display need be defined to a data item level.

HIGH-SPEED FORMATTING & RECORDING UNIT

The remote units transmit all acquired data to the High-Speed Formatting and Recording
unit where the received data is formatted, merged, time tagged, and recorded. This unit
also controls the digital rotary head recorders.

The centralized High-Speed Formatting and Recording Unit receives data collected by the
remote units via high-speed fiber optic links, The received data is formatted and merged
into data blocks by special input boards. These boards contain large data FIFOs in which
the data blocks are accumulated. An intelligent recorder controller card then transfers the
formatted data from the data board FIFOs to the digital recorder. Each transferred data
block is preceded by a header block which contains a time tag and other header



information. The High-Speed Formatting and Recording Unit uses standard VME and
VSB data buses.

The High-Speed Formatting and Recording Unit is based on a 6U form factor VME
system containing both Motorola 68020 and Intel 486 processor boards. This unit contains
SAIC-developed high-speed interface and data boards (shown in Figure 4) which handle
the high-speed data transfers through the system and onto the digital recorder.

Figure 4  High-Speed Interface and Data I/O Boards

The Motorola 68020 processor supervises the data movement and controls the digital
recorder. The PC compatible 486 processor formats and transfers to the graphic
workstations a selected subset of the high-speed data. The 486 processor can also generate
video overlay displays and strip chart recordings. A distributed shared memory system,
such as Smartnet II or Scramnet, is used to provide current value tables to the graphic
workstations.

HIGH-SPEED DATA I/O BOARD

The High-Speed Data I/O Boards were developed in order to provide the high data
throughput required to receive and process up to 26 Megabytes/sec of high-speed data.
The High-Speed Data I/O Boards contains large data FIFOs where data blocks are



accumulated until transferred to the digital recorder. In order to provide the data bandwidth
needed, all data transfers take place over the VSB Bus as opposed to the VME Bus. The
VME bus is only used to transfer a small subset of the data for display, processing, and
control purposes.

All received data blocks are routed to the data FIFOs and to a dual-ported memory array.
The data is then transferred to the recorder controller from the data FIFOs via the VSB
data bus. Since each data block is only transfered once across the VSB bus, this system
does not have the normal VMEE bus bandwidth limitations. The dual-port memory,
however, provides random access to the high-speed data blocks via the VME Bus. The
Intel 486 processor accesses the dual-port memory to generate real-time displays and the
current value tables for the graphic workstations.

Each data board contains an IRIG time decoder to time tag all data blocks to the nearest
microsecond. Headers are also generated for each data block. In order to accommodate
both very large and very small data blocks, a physical and logical data block schema is
used.

HIGH-SPEED INTERFACE BOARD

The High-Speed Interface Boards communicate with the Remote Instrumentation Data
Interface Units via bidirectional fiber optic interfaces. The interface board can also
interface directly with the UUT or test support equipment, if desired.

All interface circuitry is placed on an input daughter board for flexibility. The interface
board also contains three Xilinx Field Programmable Gate Arrays to provide flexible
interface processing. One Xilinx chip is usually used as a simulator to simulate the input
data stream format for test and maintenance purposes,

GRAPHIC WORKSTATIONS

A selected subset of all data collected and recorded will be transmitted via a distributed
shared memory to the workstations for graphical display. A commercial real-time
monitoring and display package, such as RTWorks, can then be used to provide a very
visual and dynamic user interface. RTWorks provides a user friendly, no-programming,
construction of user and data displays.

On high performance workstations, multidimensional scientific visualization techniques
can be used to display data in near-real time. Real-time video display adapters allow live
test video to be overlaid and displayed in workstation windows.



CONCLUSIONS

This system provides a very flexible and cost-effective approach to acquiring and
recording very high-speed data over a distributed test area. This system is especially
appropriate for avionics and sensor ground test facilities where data is acquired throughout
a test facility and transmitted to a central test control point. This system is also applicable
for outdoor range applications where data from range sensors or remote test vans is
transmitted back to a central control van or facility.

Remote Instrumentation Data Interface Units provide data acquisition close to the data
source. This system is capable of acquiring, processing, displaying, and recording very
high bandwidth data. The SAIC-developed high-speed data boards minimize processor and
software data handling, thereby improving the data bandwidth and capacity. Digital rotary
head recorders are utilized because of their large capacity, high bandwidths, digital data
format, easy data playback, and archiving.
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ABSTRACT

SAIC, under contract with the Air Force Wright Laboratory, has developed and
demonstrated a prototype High Speed Avionics Data Instrumentation System (HADIS).
The HADIS system is designed to operate in both the laboratory and in an airborne
environment. This paper briefly describes the features of the system including its ability to
collect and record data at up to 13.25 MBytes per second, its ability to provide real-time
processing of the data, and its ability to rapidly reconfigure its interfaces based on field
programmable gate arrays. The paper discusses the need for multiple data paths within the
system to allow parallel operations to take place, the need for dedicated access to the
recorder subsystem, and methods for allowing selective recording based on the information
content of the data. The effort was sponsored by the Test Facility Working Group to
provide a common data collection system for Air Force logistics and test and evaluation
facilities. The design is owned by the government and may be cost-effectively used by any
government agency.

INTRODUCTION

This paper presents the concept for a High Speed Avionics Data Instrumentation System
(HADIS). The system provides the capability to collect and record 48 GBytes of data from
multiple data sources at an aggregate, sustained rate of up to 13.25 MBytes per second.
The system also provides the capability to display selected information in real time. The
system’s data acquisition interface capability is based on reconfigurable gate arrays which
provide significant interface flexibility. Figure 1 provides a block diagram of the complete
system showing the configuration for instrumenting a fighter aircraft.



Figure 1  - HADIS Block Diagram



 HIGH SPEED AVIONICS DATA
INSTRUMENTATION SYSTEM

The HADIS system is comprised of three major subsystems. These include the recording
subsystem, the process / display subsystem, and the interface subsystem. Each of the
subsystems is described below followed by a discussion of critical design rationale and
application of the system to selective data recording.

RECORDING SUBSYSTEM

The recording subsystem is based on the Ampex DCRSi digital rotary head data recorder.
Ampex manufactures both laboratory and airborne versions of the recorder. The recorder
interface is managed by a Triplex Systems TSC4x4 VME based interface controller which
was designed specifically for the DCRSi. The 4x4 provides both control and data
communications with the recorder using a simple command initiated, interrupt terminated
scheme. This implementation minimizes processor intervention and provides maximum
processor availability for the display subsystem.

The 13.25 MByte per second sustained system throughput is limited by the current
capability of the recording subsystem. This limit will soon be removed as Ampex has
announced a 30 MByte per second recorder. Burst collection rates of up to 20 MBytes per
second are provided by a 24 KWord FIFO in the record data path. These FIFOs also
provide the capability to record data which was collected prior to an event. This event
triggered capability is described further in the Selective Recording section which follows.

Each data block stored on the tape is prefixed with a header which provides information on
the data source, the time the data was collected, and several data integrity checks including
checksums and sync patterns. The integrity system allows full recovery of readable data in
the event of a corrupted directory or damaged tape. This feature is most important in cases
where the data collection process is very expensive or when specific test conditions are
only available once.

PROCESS / DISPLAY SUBSYSTEM

The HADIS display subsystem provides real-time video presentation of selected portions
of the data being collected. The data to be displayed is captured in one of four random
access memory buffers at the same time it is being written to the recording FIFOs
described above. The memory buffers are constantly updated in a rotating fashion until the
display process requests a buffer for display. At that time the last completely filled buffer
is taken out of the rotation and the pointer is passed to the display routine. The display task
builds the display from the buffer data and passes the image to the display controller. The



buffer is then released and falls back into the normal rotation. Data from multiple sources
can be accurately integrated by issuing a command to freeze the completely filled buffers
on the data collection cards. This process allows displays to be built based on
synchronized data from all available sources. The frequency of the display update is
limited by the slower of the video display update (30 Hz) or the processor time required to
build the display.

The process bandwidth used by the display system can also be used to provide real-time
analysis of the data stream. This could include active data monitoring, calculation of values
based on several input items, or running calculations such as data filters or smoothers. An
8 MByte dual port memory board is provided to allow access to the recorder. Process or
display results can be placed in record buffers in the dual port memory and passed to the
recorder as part of the total data stream. Additional processing is implemented by linking
new Ada tasks into the system task list.

The HADIS processing system also provides a complete user interface. The interface is a
simple menu-driven system which allows multiple operators to control the system from
different terminals on a local area network. The system may also be controlled from a local
terminal by a single user. The user interface supports access to low-level device drivers for
complete control of the system as well as top-level commands for a novice operator. The
system also provides an overall or unit-by-unit built-in test.

INTERFACE SUBSYSTEM

The interface subsystem provides the key to the flexibility of the HADIS system. Each of
the interface boards is based on Xilinx 3090 reprogrammable gate arrays which are
programmed with the interface characteristics necessary for each unit under test. Using
these gate arrays, the HADIS system is capable of collecting data from a wide variety of
data sources with no hardware changes. This is possible since the gate arrays are
programmed by the software each time the system is reset or powered up. The prototype
HADIS system has demonstrated the capability to collect data from both F-15 and F-16
radar systems using the same hardware.

This approach is also useful in providing the capability to keep up with changes in a unit
under test without having to purchase additional interface hardware.

HADIS provides two digital to analog convertors designed to support visualization of
sequential data streams. The data streams currently using this capability are the radar range
/ doppler matrix streams.

The existing HADIS system is implemented on two 6U VME form factor boards. These
are shown in Figures 2 and 3. Each HADIS can support four board sets per recorder.



Figure 2  - Avionics Interface Card



Figure 3  - Data Interface Card



DATA PATHS

The HADIS system provides three completely redundant data paths within the processing
system. This provides a dedicated path to the recorder subsystem, a dedicated path to the
display subsystem, and an unused path for future capability such as real-time data analysis
which is discussed in the next section. The separate data path approach removes all
subsystem interdependencies and allows each subsystem to operate at its maximum
efficiency. For example, the recording subsystem is not penalized if the display subsystem
needs a long time to compute and produce a complex display. The display update rate
decreases but the recorder process is still capable of capturing and recording all of the data
collected.

SELECTIVE RECORDING

One of the significant problems facing instrumentation systems today is limited recording
space and increasing collection requirements. The ability to do selective recording is a
promising approach to solving this problem. By using the third data path provided by a
HADIS-type system, an additional processor is used to evaluate the performance of the
unit under test in real time. When specific events occur, the recording system is enabled
and the required data is collected until the event terminates. This recording scheme can be
used to collect both planned events as well as anomalous behavior.

The FIFOs mentioned in the Recording Subsystem section provide a 24 KWord pre-event
storage capability. When an event occurs, the FIFO contents can be recorded or flushed as
required.

CONCLUSIONS

The HADIS system provides the foundation for a common airborne instrumentation system
that is flexible and extendable. The system demonstrates a capability to acquire and record
data at near state-of-the-art rates and is currently limited only by the recording technology.
The system has successfully demonstrated the capability to collect and record data from
several different complex avionics systems manufactured by numerous vendors.

The HADIS design was funded by the government and all rights to the design are available
to government agencies. This system provides a cost-effective means of collecting and
recording high speed data in both laboratory and airborne environments.
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ABSTRACT

The Common Airborne Instrumentation System (CAIS) is designed as a general purpose
system for flight test applications into the next century. The system has an open
architecture which readily permits the addition of new equipment as the need arises. This
paper describes the current complement of airborne hardware as well as the approach to
the design of the open architecture. This paper is presented as a companion to the CAIS
overview prepared for this conference.(1)

BACKGROUND

The CAIS is being developed to fill the need for a common set of aircraft Flight test
instrumentation equipment to facilitate commonality among aircraft types, and
interoperability among the various Army, Navy and Air Force test ranges. The system
consists of complements of airborne and associated ground equipment. The airborne
system includes all equipment that traditionally is found between the signal source and the
telemetry transmitter or recorder. Due to the general purpose nature of the system, a wide
variety of programmable devices have been developed to support various applications. The
user can mix and match the available hardware to satisfy the variety of applications. A
description of the current CAIS airborne hardware complement follows.

AIRBORNE SYSTEM

Typical Flight Test System

The airborne system consists of a family of modernized building blocks, interconnected
with a serial digital communications bus. Figure 1 is a block diagram showing a typical
flight test instrumentation system for a modern tactical fighter, employing the CAIS
airborne equipment. The architecture is modular and open, allowing the system be user
configured and expanded, through the addition of data acquisition units that are distributed 





throughout the aircraft. The system is centrally programmed and controlled from the
Airborne System Controller (ASC), the ASC interfaces with the various remote Data
Acquisition Units (DAUs) via the common CAIS control/data bus.

Data is acquired from a variety of sources, transducers and sensors, measuring analog
airframe parameters, discrete and serial digital data sources, and avionics data bus systems
and components. The following is a listing of the DAUs presently defined as part of the
CAIS Airborne capability.

C Analog/Discrete DAU (ADAU)
C Miniature DAU (MDAU)
C Discrete DAU (DDAU)
C Avionics Bus DAU (AVDAU)
C GPS DAU (GDAU)
C High Speed Data Bus DAU (HSDB DAU)

The paragraphs to follow describe the CAIS Bus, ASC and associated elements, and the
DAUs fisted above.

CAIS Bus

The heart of the airborne system operation is the CAIS bus. This bus forms the
communication link between the Control Unit and the Data Acquisition Units (DAUs). The
CAIS bus is a serial daisy chain, with the capability to operate in a star fashion, when
using splitter devices. The CAIS bus is electrically identical to that developed and
implemented in the Air Force Advanced Airborne Test Instrumentation System (AATIS).
The command/response bus carries commands from the ASC to the various DAU’s and
returns the collected data to the controller for formatting and output. Connection to the bus
provides the open architecture feature of the system.

The command bus operates continuously at 10 Mbits/sec utilizing Bi-Phase Space
modulation. Each ASC to DAU command contains 20 bit times and occurs in synchronism
with the PCM output word time. On the command bus, the gap time which exists between
the end of a command and the beginning of the next command word contains filler bits.
This is depicted in figure 2.

This scheme offers several unique system advantages. First by synchronizing the command
to the PCM, tight time correlation is maintained between actual time of sample and the
PCM output location. Secondly, by using filler bits, the Command bus operates
continuously allowing all of the remote units to “lock on” and synchronize with the ASC’s
clock. As a result, all activities of the DAU’s may be supplied with a clock of the same 



FIGURE 2 - CAIS BUS STRUCTURE

accuracy as the ASC’s master oscillator. An encoder/decoder chip to support the CAIS
bus interface has been developed and tested.

AIRBORNE HARDWARE

AIRBORNE SYSTEM CONTROLLER (ASC)

The Airborne System Controller (ASC) provides the central control for programming and
acquisition of data from the DAUs that ties all the LRU components of the system
together. The PCM output rates are programmable from 2 KBPS to 50 MBPS. The
modular approach allows the user to select the capacity and data rate for his application,
and also determine the amount of hardware required. The proposed system controller,
using the modularly expandable packaging approach, allows up to three active CAIS
buses, each with a 5 MBPS data capability, producing up to 15 MBPS PCM output. The
three bus systems with a four-input PCM combiner module extend the PCM output
capability to greater than 50 MBPS. In addition to the PCM combiner module, an airborne
processor, and a MIL-STD-1553B remote terminal are modularly available and configured
for the ASC user.

The ASC provides interfacing, data addressing and retrieval, and data formatting for PCM
outputs, data displays, Airborne Processor application, and a 1553B RT. In addition, the
ASC controls the PCM sampling format output structure for 1 of 8 selectable formats, with
PCM output word lengths of 12 or 16 bits. In addition, a 9th format is used for a Built In
Test (BIT) output which allows BIT results to be examined via telemetry or hardline
output. The ASC design encompasses both small system applications and high throughput
requirements, with the addition of slices. Each slice contains the connector for the next
slice. Figure 3 shows the ASC Core housing, with a typical add-on slice attachment.

ASC significant features:
o Functionally expandable by addition of slices
o Controls available to add new slice designs
o 78 PCM frequencies, between 2 kHz and 15 MHZ
o 2 kHz to 15 MHZ of sampled data
o 8 separate sampling formats



FIGURE 3 - ASC PACKAGE, SHOWING SLICE

o Up to 50 MHZ system, with PCMC slice added
o Operates with 3 CAIS buses, providing 15 MHZ data acquisition bandwidth
o Accesses up to 180 DAU’s
o Integral Time Code Generator - IRIG A; B; G.
o The CAIS Party Line bus is interoperable with the AATIS bus
o An Airborne Processor, with addition of a slice
o Processed data can be displayed and/or output in PCM
o Data can be displayed on analog or digital cockpit displays
o A 1553B RT, with addition of a slice

STANDALONE PCM COMBINER (PCMC)

In addition to the 4 input PCM Combiner Slice, which can be attached to the ASC core
housing for small systems, a larger capacity standalone PCM combiner (PCMC) is
provided for larger systems. The unit accepts up to 16 PCM signals with clocks and
provides outputs equivalent to the sum of the multi-channel PCM inputs. A composite
serial output and byte-wide outputs are provided for input to a high speed digital recorder.



A total composite PCM output of 50 MBPS, plus overhead, it provided to the recorder by
either PCMC unit.

ACQUISITION UNITS (DAU)

All input data channels require the use of a DAU. Included in the CAIS data acquisition
unit family are units to acquire conventional analog and discrete measurement, and units
that are used to extract data from aircraft avionics buses. In the first category are the
Analog-Discrete DAU (ADAU) and the Discrete DAU (DDAU). The Avionics bus
systems DAU (AVDAU) interfaces to the MIL-STD-1553 Bus, the F-15 avionics system
H009 bus, and the F-16 weapons system bus. A High Speed Data Bus DAU (HSDBDAU)
provides interface for fiber optic buses that are found on newer aircraft, such as the
RAH-66 and F-22. A special unit is provided to acquire data from a GPS receiver. The
unit is called the GPS DAU (GDAU). A CAIS configuration can consist of up to 180
DAU’s in any combination. The DAU’s communicate with the controller via the CAIS
bus, and all DAUs, except the MDAUs, can operate as a stand alone unit, producing a
separate output PCM. A description of the CAIS DAUs and ADAU signal conditioners
follows.

Analog/Discrete (ADAU) - used to sample analog, serial and parallel discrete, frequency,
synchro/resolver, and other sources. Also, it provides various output stimuli, including
analog and current excitation, 1553 interface, and control signals. The overhead of the
ADAU contains the power supply, format memory and control circuitry to accommodate
up to ten Signal Conditioning Cards of 18 types. The signal conditioners are described
later. The sampling rate of the ADAU is 417 KSPS. The ADAU can operate as a remote
terminal on the CAIS bus, or as a controller for other DAUs in a small system application.
The ADAU is packaged in a housing, approximately 9.9x5.25x3.70 inches. See Figure 4.

ADAU features:
o High analog sample rate (417 KSPS)
o High accuracy, with 12-bit A-D converter
o Operates as remote unit or in a stand alone mode
o Ten general purpose signal conditioner slots
o Acts as controller for 60 other DAU’s in a stand alone mode

Miniature DAU (MDAU) - Used to sample analog, serial, parallel discrete, frequency,
synchro/resolver and other signal sources. The MDAU is a small, modularly expandable
data acquisition unit that can be mounted in remote locations on the aircraft where space is
limited. The MDAU consists of a set of core modules and signal conditioner modules. The
core section provides the common power supply, CAIS bus interface, memory and control
logic. The signal conditioner modules provide the signal input buffering, filtering, sampling 



 FIGURE 4
ANALOG/DISCRETE DATA ACQUISITION UNIT

(ADAU)



and excitation required for the sources. The MDAU is programmed and controlled by the
ASC via the CAIS bus. The MDAU housing height and width are 2.0 and 1.78 inches,
with the length dependent on the number of signal conditioner modules attached.

Discrete DAU (DDAU) - used to sample parallel discrete sources.

DDAU features:
o An LRU, capable of operating as a standard CAIS DAU or as an independent,

stand alone mode for small applications
o Up to 8 channels of 16-bit parallel discrete digital data, compatible with a variety

of signal sources

Avionics Bus DAU (AVDAU) - Configured as a base unit with add on slices- used to
monitor and capture data from avionics buses. These include the MIL-STD-1553 Bus,
H009 Bus, and F-16 Weapons Bus. The concept of a configurable avionics DAU permits
the user to “build” an avionics bus monitor through programming and the addition of bus
receiver/interface slices. These modules are connected to an overhead section in a
modularly expandable packaging arrangement. The functional and physical approach
allows mixing of bus types (MIL-STD-1553, H009, F-16 Weapons, etc.) as necessary,
within the same unit. The AVDAU base unit can be programmed to monitor two 1553,
two H009, or one F-16 Weapons Bus. Two additional 1553 buses can be accommodated
with the addition of a slice. Up to three slices can be added to the base unit for a total of
eight buses. The packaging approach is very similar to that described for the ASC
(Figure 2).

The AVDAU acquires both selected data under program memory control and 100% bus
traffic. Data memory is 32K words configurable as a write/read block or can be operated
in a double-buffered mode. The double buffering precludes inadvertent data loss, which
may occur by overwriting memory locations, before data has been read.

The discrete digital input interface provides the user with 16 DDAU type inputs. The
100% bus capture output is formatted in accordance with the IRIG 106 standard, chapter
8. The H009 and the Weapons Bus outputs are formatted similarly to the MIL-STD-1553
output.

AVDAU features:
o Avionic Bus monitoring, for selected data or 100% bus traffic
o A Programmable Base Unit, which handles two H009, two MIL-STD-1553, or

the F-16 Weapons Bus.
o Time tagging provisions are included
o Will accept IRIG A,B, or G time code



o Add-on slices to interface to additional 1553 buses
o Modular expansion, up to eight busses (3 slices)
o 32,000 word data memory
o Operates as a standard CAIS DAU or in a stand alone mode

GPS DAU (GDAU) - used to receive both standard and non-standard messages from a
Global Positioning System (GPS) receiver. This unit interfaces to the Instrumentation Port
(IP), in accordance with ICD-GPS-215, for GPS tactical receivers. The GDAU is one of
the intelligent terminals that are connected to the IP to command the receiver to supply
specific data. Data, such as time, space, position, and velocity, are available from the GPS.
The GDAU outputs are formatted and sent to the ASC, when requested. In addition, the
GDAU will synchronize to GPS time, and output time as IRIG A, B, or G. This time
output can be used by the system for time synchronization.

GDAU features:
o Overhead SRU’s are common in other LRU’s
o Operates as a standard CAIS DAU or in a stand alone mode
o Can provide time and position information
o Outputs IRIG time (A,B,or G) synchronized to GPS.

High Speed Data Bus (HSDB) DAU - used to monitor and acquire some or all data from a
high speed (50 MHZ) fiber optic avionics bus.

HSDB DAU features:
o 50 MBPS Fiber Optic Interface to monitor high speed avionics data buses
o Places selected CAIS data words from the ASC on the HSDB
o Captures all the HSDB data for “MUX Bus All” PCM output
o Traps selected words from HSDB - up to 2,048 words
o Back-up time code generating capability
o RS-422 interface to microprocessor for modification of firmware

ADAU SIGNAL CONDITIONERS

CAIS signal conditioning is built on printed circuit cards, approximately 4.9 x 3.0 inches.
These cards are utilized in the ADAU in the slots provided, and can be plugged into these
slots in any combination. A family of 18 different signal conditioning card types is defined
to adequately cover the requirements of aircraft flight testing. Generally, each card
contains multiple identical circuits, with densities from one to twelve channels. The
conditioners are software programmable through the ADAU, and the CAIS signal
conditioners can be used in any combination within the ADAU. A brief descriptions of
each signal conditioner is provided in the following table.



SIGNAL CONDITIONER SPECIFICATION

Analog Attenuator (AA) + 175 Volts input, 8 channels

Analog Data Filter (ADF) 2 Hz to 5 kHz, 6-pole, prog. for cutoff, 4
channel

ARINC 429 Monitor (A429) 1K word storage

Auto-Range Conditioner (ARC) Gain 1 to 1024 at 60 KSPS, sample and
hold

Control Signal Conditioner (CSG) Relay Driver and TTL output, 4 channels

Digitized Pilots Voice (DPV) CVSD modulation, 16 KBPS to 35 KBPS

Direct Input Expansion Mux (EMUX) ADAU direct inputs (12 Channels)

Event Time Recorder (ETR) Time correlation to 0.01 mS, 7 channels

Frequency Converter/Totalizer (FC) Converts 5 Hz to 128 kHz, 4 channels

MIL-STD-1553 Transducer I/F (1553TI) Bus Control, 8 messages of 32 words

Parallel Digital Conditioner (C) Versatile Input; 16 Bit discrete inputs

Phase Sensitive Demod (PSD) 20 Hz to 20 kHz Excitation

Serial Digital Conditioner (SDC) Inputs to 128 bits; Async or Sync, 4
channels

Simultaneous Sample Conditioner (SSC) 8 analog channels with programmable,
Gain/Offset per channel, supports
simultaneous sampling

Synchro/Resolver Conditioner (SRC) 15 bit resolve, 360 Hz to 1000 Hz, 2
channels

Thermocouple Signal Conditioner (TCSC) Types J,K,E, and T, External Reference,
10 channels

Transducer Excitation Supply (TES) Program. voltage; short circuit protection,
4 chan.

Variable Res. Sensor Conditioner (VRSC) Programmable current 2 or 4 wire, 8/4
channels



SYSTEM MAINTAINABILITY

CAIS is designed in accordance with numerous military standards and specifications, with
the objectives of built in maintainability, reliability, and producibility. Each CAIS item will
realize a Mean Time Between Failure that is greater than 1,000 hours. The system is
designed with two BIT provisions. A periodic BIT operates continuously and does not
interfere with normal system operation; an Initiated BIT interrupts system function, but
runs more extensive tests. The results of either BIT are reported via the PCM stream
during flight and are directly analyzed by the ISE, when initiated during a ground
checkout.

ENVIRONMENTAL

CAIS is designed to withstand a wide variety of adverse environmental conditions. These
include operating temperature limits of -55ºC to +85ºC, shock, and vibration (according to
guidelines found in MIL-STD-810E), and electromagnetic interference requirements, in
accordance with MIL-STD-461C.

SUMMARY

The CAIS provides a highly versatile set of common airborne hardware that can be
selected configured and programmed to meet the challenges of aircraft flight testing in the
future.

References:
(1) Faulstich, Raymond J., “Common Airborne Instrumentation System” presented at the
28th Annual international Telemetering Conference, ITC/USA ’92.
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ABSTRACT

The Common Airborne Instrumentation System (CAIS) is being
developed through the Department of Defense Central Test and
Evaluation Investment Program (CTEIP) to support the flight
test requirements of the military services into the next
decade.

CAIS consists of an airborne data acquisition segment and a
ground based support segment. The system is designed to
accommodate both the small user and the larger, more complex
full scale development programs. This paper presents a
program overview of CAIS from a users view.

BACKGROUND

The Department of Defense, through the Central Test and
Evaluation Investment Program (CTEIP) is developing a
comprehensive flight test instrumentation system. This
system is known by the acronym CAIS or the Common Airborne
Instrumentation System. CAIS, when fully developed, will be
utilized by all three services and their airframe
contractors to support flight testing.

CAIS, as conceived, will facilitate commonality among the
services and across aircraft types. The Common Airborne
Instrumentation System is neither airframe dependent or
specific nor is its use restricted to any Test and
Evaluation (T&E) facility. CAIS is to be interoperable among
the various test ranges. The generic interoperability of any
flight test instrumentation system is generally governed
through the degree of conformance to the Range Commanders
Council Telemetry Standards. CAIS interoperability or
intersupportability refers to the ability of any T&E



facility which supports CAIS to be capable of providing a
full level of support to any CAIS installation regardless of
its origin.

Historically the services, mainly through their airframe
contractors, have developed data acquisition systems for
each new program. While these systems satisfied all the
requirements of their particular program, the core of each
system was basically the same. The only significant
variances were the program unique requirements.

Each of these systems, when eventually transitioned to the
government required its own support equipment, spare parts,
training and other logistics. Through the use of a common
system with an open architecture, the core data acquisition
system will be in place with the built-in flexibility to add
the program specific features. A standard or common system
also offers the advantage that prior training and
familiarization is not lost but rather reinforced through
the next application. Hardware will be reused from program
to program, thus saving the services procurement costs in
addition to logistics costs.

HISTORY OF CAIS

The CAIS Joint Program Office (CAISJPO) evolved early in
1989. Even prior to formal staffing, several “user” meetings
were held to determine the requirements for such a common
system. Participants included users from government and the
airframe manufacturing industry. Once a firm requirements
foundation was established, the government drafted
specifications and a statement of work for the development
of CAIS. The procurement process yielded a development
contractor, SCI Technology, Inc. of Huntsville, Alabama.
CAIS has been under active development since August 1991.

SYSTEM SEGMENTATION

CAIS is comprised of an airborne segment and a ground-based
Instrumentation Support Equipment (ISE) segment.

The airborne segment is a family of modular building blocks
which are distributed throughout the aircraft and
interconnected via a serial communications bus (CAIS bus).
The system architecture is modular and open to permit easy
and efficient expansion to accommodate new requirements 



without the need for the redesign of the existing
components.

The majority of the airborne segment consists of Data
Acquisition Units (DAU). Other airborne units include: the
Airborne System Controller (ASC), Pulse Code Modulation
Combiner (PCMC), and bus splitters.

The ISE segment is a collection of support equipment
required to operate and maintain the airborne segment.
Generally these systems are fashioned from commercial type
test equipment molded together with software to perform the
functions needed by CAIS.

AIRBORNE SYSTEM CONTROLLER

The Airborne System Controller is the device which
orchestrates the operation of the airborne segment. The ASC
is electrically and mechanically expandable. It features up
to 15 MBPS of sampled data capability and extends its output
rate to over 50 MBPS through the use of the Pulse Code
Modulation Combiner slice. other controller functions
supported through the addition of slices are an Airborne
Processor, a MIL-STD-1553 Remote Terminal to permit
instrumentation data transfer to an aircraft MIL-STD-1553
system, and the future capability to place data on an
aircraft High Speed Data Bus system. An internal time code
generator is included within the ASC. The user has the
option to synchronize time to modulated IRIG B or
nonmodulated IRIG A, B or G code. Time code outputs are
available in both modulated and nonmodulated IRIG A, B or G
code, selectable by the user. Users also have the capability
to program time words into the PCM frame.

BUS SPLITTER

Splitter units allow the CAIS bus(es) to be routed in four
directions. Each arm emanating from the splitter can support
up to 16 DAUs. The bus length from the ASC to the last DAU
on a leg can be as great as 150 feet. The bus length
restriction is due to the timing necessary to reliably
execute a command and reply sequence.

PCX COMBINER

A PCM Combiner which accepts, as input, from 1 up to 16
unsynchronized NRZ-L sources and associated bit rate clocks



is available in two form factors. A four input configuration
is available as an ASC slice and the complete 16 input
configuration is available as a separate unit. The PCMC
combines the incoming streams using a data priority
technique and formats a resultant IRIG 106 class II tagged
data stream.

DATA ACQUISITION

The DAU being developed for CAIS include: Analog-discrete
DAU (ADAU), Discrete DAU (DDAU), Global Positioning System
DAU (GDAU), Avionics DAU (AVDAU), High Speed Data Bus DAU
(HSDBDAU), and a Miniature DAU (MDAU).

The ADAU is designed to accept multi-channel plug-in signal
conditioning cards in any of 10 user slots. It has an
aggregate sample rate of 417 KSPS. Signal gains up to 2000
are available through a combination of signal conditioner
and overhead gain blocks. A to D conversion is performed by
a 12 bit device.

Signal conditioning is provided for a wide variety of analog
and digital (discrete) signals generally encountered in
flight test instrumentation systems. Those conditioners
which are inherently analog; for example, analog data
filter, have their outputs routed to the external I/O
connector in addition to the internal multiplexer. The
purpose of this route out is allow the user to cascade
several signal conditioning functions if required by the
application. Each signal conditioning slot has 24 I/O
connections which will allow a maximum of 12 differential
channels to be included on any card.

The DDAU conditions up to 128 discrete input lines.

Designed to operate in conjunction with tactical Global
Positioning System receivers, the GDAU extracts user
specified data and time. The GDAU has the capability to
provide a time code signal for use by the ASC, AVDAU and the
HSDBDAU.

The AVDAU supports both selected and 100 percent acquisition
of avionics data from MIL-STD-1553, H009 and F16 Weapons
buses. This unit is both electrically and mechanically
expandable to handle up to eight MIL-STD-1553 buses. The
base unit contains two bus monitors and the bus type is user
selectable; however, the add-on slices are only available as



MIL-STD-1553 bus monitors. The AVDAU will accept either IRIG
A, B or G nonmodulated as its time code input.

The High Speed Data Bus Dau supports selected and 100
percent acquisition of data from a JIAWG J88-N2 fiber optic
bus system. This unit also accepts IRIG A, B or G
nonmodulated time code.

The most recent addition to the CAIS family is the Miniature
DAU. This DAU is a microminiature version of the ADAU. This
add-on development will be used to support installations
where a limited number of measurands are to be acquired in
an area which has a severe size restriction, such as in a
wing tip. The signal conditioning complement is similar to
the ADAU in types. The MDAU is not being specifically
developed for CAIS, but rather an existing unit is being
configured to fully function with the CAIS bus system and be
integrated into the CAIS support equipment.

SYSTEM CONFIGURATIONS

Through proper system design and selection of CAIS
components, users will have the ability to satisfy the
requirements of most flight test programs. The wide variety
of data acquisition units and signal conditioners can be
interconnected with the ASC to fulfill the larger system
needs. The ASC has the capability to support up to 180 DAU
on three separate CAIS bus systems. Sampled data is returned
to the ASC which formats the PCM output. By using the PCM
Combiner, a system can be configured which will produce a
“single” output consisting of the CAIS sampled data as well
as the 100% avionics data and any other combined sources.
Outputs are available as a primary IRIG 106 serial PCM
stream, a clocked byte serial stream supporting rotary head
recorders, and a variety of reduced rate output PCM streams
for recording and telemetry uses.

In addition to operation as remote units connected to an
ASC, each DAU has the capability of being configured to
generate its own PCM output. The ADAU possesses even more
flexibility. By adding a CAIS controller card in one of the
signal conditioner slots the ADAU can operate independent or
become a controller for up to 60 other DAUs. There are
system limitations when the ADAU functions in this mode.
Because of memory size and the addressing scheme used, the
ADAU is capable of generating an unwound PCM format of up to
1024 words; that is, it functions as a sequencer. The



maximum ADAU bit rate will be 5 MBPS when functioning stand
alone and 2.5 MBPS when serving as a controller. Other DAU
stand alone rates are; DDAU, 1 MBPS; GDAU, 1 MBPS; AVDAU, 5
MBPS (selected) 16 MBPS (100% mode); HSDBDAU, 20 MBPS
(selected).

INSTRUMENTATION SUPPORT EQUIPMENT

CAIS will be supported with a suite of ground-based
Instrumentation Support Equipment (ISE). These systems range
from a multi-user, multi-tasking Laboratory Support System
to a shoe box sized Hand Held Decom. The CAIS ISE will be
able to fully support all the airborne hardware items.
Included among its support functions are automatic format
generation, loading of formats into the airborne units,
quick look decommutation, semiautomatic check-out of an
installed system and exercise and analysis of BIT. The ISE
is also capable of performing acceptance testing of hardware
items and serves as a tool for troubleshooting and fault
isolation.

DEVELOPMENT SCHEDULE

Figure 1 presents an overview of the CAIS full scale
development schedule. Hardware being produced include an
engineering model and several sets of flight demonstration
units. The flight demonstration units will be fully
qualified and used by the services to perform a series of
CAIS flight tests prior to actual fielding of the system.

Figure 1. CAIS Development Schedule

Following successful completion nf the development phase of
the program, contract options will be exercised for
additional developmental units. These units, as were the 



flight demonstration units, will be fully qualified
production units.

By the conclusion of the development program a complete set
of documentation including drawings, manuals,
specifications, and software documentation in accordance
with DOD-STD-2167A are to be delivered to the government.
The government will use this documentation to provide life
cycle support for CAIS and to competitively reprocure
identical units to satisfy the flight test needs of the
services in the coming years.
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ABSTRACT

In this paper, we investigate high-capacity fiber-optic networks for real-time telemetry
applications. The network topologies and related network components are analyzed for
telemetry fiber-optic Local Area Network (LAN) and Metropolitan Area Network (MAN)
as well as MAN internetworking with LANs. Two types of multiplexing techniques,
namely, Wavelength Division Multiplexing and Time Division Multiplexing, are proposed
to support real-time high-capacity telemetry applications, and the perspective of such
networks is also considered. Finally, the optical modulation technique and the choice of
optical devices are discussed, which are based on improving the reliability of fiber-optic
LANs and MANs.

INTRODUCTION

Optical fibers have several important advantages over metallic wire and coaxial cables. For
example, light weight improves the flexibility of field installation and maintenance; very
large bandwidth (25,000 gigahertz) and low attenuation (0.2 dB/kilometer) offered by
single-mode fibers greatly increase the transmission bit-rate and distance; Electromagnetic
Interference (EMI)/Electromagnetic Pulse (EMP) immunity and no crosstalk (between
fiber lines) significantly improve the communication reliability and quality. Moreover, no
electromagnetic radiation from fiber lines can greatly enhance the security. On the
contrary, even using well-shielded coaxial cables can only provide a few gigahertz (GHz)
bandwidth, but the transmission distance is very short, for instance, it can only support
1 GHz signals to transmit about 0.1 kilometer (km). Moreover, if metallic cables are used,



the EMI/EMP and crosstalk would become serious problems which can dramatically
degrade the system performance. As a result, fiber-optic-based Local Area Network
(LAN) and Metropolitan Area Network (MAN) are very attractive to both military and
special industry telemetry applications where real-time communications and high-speed,
high-quality transmissions are required.

In this paper, we investigate the implementation of physical and data-link layers for
high-capacity fiber-optic telemetry networks. Two types of multiplexing techniques are
proposed, namely, Wavelength Division Multiplexing (WDM) and Time Division
Multiplexing (TDM), they can provide the capability to support high-capacity, high-speed
networks and real-time multiservice applications. The network architecture and related
network components are analyzed for telemetry fiber-optic LAN (FO-LAN) and fiber-
optic MAN (FO-MAN) as well as MAN internetworking with LANs. The applications of
such networks are also discussed. Furthermore, the optical devices and optical modulation
technique, which can be used for improving the reliability of FO-LANs and FO-MANs, are
discussed. In Section 2, we briefly overview the conventional medium access control
protocols. In Section 3, the multiplexing techniques are proposed for FO-LANs and
FO-MANs. In Section 4, we analyze the network topologies and related network
components. The optical modulation technique and the choice of optical devices are
discussed in Section 5.

CONVENTIONAL MEDIUM ACCESS CONTROL PROTOCOLS

Several medium access control protocols have been developed for LANs in which many
users are allowed to transmit messages to other stations through a common channel under
the reasonable control by using various effective strategies [1]-[4]. The conventional
medium access protocols can be classified into two categories. One is random access
protocol such as ALOHA, carrier sense multiple access (CSMA), and CSMA with
collision detection (CSMA/CD). The other is controlled access technique such as
centralized scheme-polling and distributed controlled-access method-token passing [2].
The main purpose of using these protocols is to achieve bandwidth efficiency for multiple
users sharing a common channel in the metallic cable LANs where the transmission
bandwidth is usually restricted, whereas the bandwidth efficiency is not a main issue in
fiber-optic networks because of the extremely-wide bandwidth offered by today’s fibers.
Thus, these protocols are suitable for low bit rates and bursty traffic. When the
transmission speed becomes higher (e.g., in high-speed fiber-optic networks), however, the
above access schemes are inadequate because the ratio of propagation delay over packet
transmission time increases. Furthermore, the MAN applications make these protocols
inefficient due to the large propagation delay to packet-length ratio [5]. Another main
disadvantage of the above mentioned protocols is that only one of the users is permitted to
send messages at any time in a network due to the mechanism of these protocols, so the



real-time and parallel communications can not be supported. However, for military
telemetry applications such as launching vehicle bases for missiles and satellites as well as
spacecrafts, and for some special telemetry applications such as telemetry in aircrafts and
spacecrafts as well as in power stations, the networks are required to offer high-speed and
parallel communications as well as real-time multimedia services. In order to meet these
requirements, the feasible multiplexing techniques should be investigated for telemetry
fiber-optic networks.

MULTIPLEXING TECHNIQUES FOR HIGH-CAPACITY
FIBER-OPTIC TELEMETRY NETWORKS

For high-speed optical fiber networks, if the complex channel access control schemes are
used, the complicated access procedures and data buffering must be executed very quickly
to match such high-speed data transmission speeds [6]. Unfortunately, in the network
nodes data throughput bottlenecks can be introduced by the implementation-related
problems which in turn prevent these access schemes to use in very high-speed optical
fiber networks. Usually, for very high-speed applications, the amount of processing which
is required by channel access control protocols should be taken as minimal as possible at
gigabit (Gb) level so as to greatly simplify the gigabit logic circuits. In this section, we
discuss two types of feasible multiplexing techniques, i.e., WDM and TDM, for supporting
multigigabit-per-second (Gb/s) fiber-optic telemetry networks.

Frequency Division Multiplexing (FDM) and TDM are the very mature multiplexing
techniques in electrical communications, and they have been widely used for telemetry
systems. One major advantage of TDM over FDM is that multiplexing cost per signal
decreases as multiplexing speed increases. With the lowered cost and increased speed of
digital electronics, TDM is more cost effective than FDM [7]. However, since FDM does
not require various different users to be synchronized as in TDM case, the flexibility of
FDM systems is improved. The cost of a FDM system is primarily dependent on the
modulators, demodulators, and filters required to divide the transmission band [1], so
FDM systems are still used in various telemetry networks including analog or digital
transmission and combination of both because of the lower cost. However, the main
impairment for electrical FDM systems is due to intermodulation effect and adjacent
channel interference which heavily limit the total number of telemetry channels.

Employing TDM and WDM in fiber-optic networks are more attractive, because they have
specific characteristics which distinguish themselves from the corresponding electrical
versions. In the following, we deal with the design of fiber-optic TDM and WDM
networks.



Fiber-Optic TDM Networks

TDM is a synchronous scheme which shares fiber bandwidth by all users transmitting
messages at different time slots. Optical TDM can achieve much higher bit rates (e.g., 100
Gb/s) than electrical TDM, because optical processing removes the bottleneck at the
electrooptic interfaces [8][9]. The block schematic of a star-coupler-based fiber telemetry
network using optical TDM is shown in Figure 1. A centralized optical clock source
located in the telemetry control station (TCS) generates a stream of very short optical
pulses at the data rate 1/T, then every bit of the low-speed electrical data which is sent by
TCS or each telemetry terminal (TT) with identical data rate 1/T is optically sampled by
the short optical clock pulses at the electrooptic modulator, and the sampled optical data is
multiplexed into the correct time-slot assigned to the transmitter via fiber delay lines. Then
the multiplexing signals are broadcast to all users by a passive star coupler. At the
receiving end, the ith receiver correctly delays the clock signal by adequate amount and
adds it to the incoming signal sequences. Since the correct addition of TDM signal and the
delayed clock always results in the desired signal riding atop the clock signal, using a
threshold detector can easily detect the signal at a receiver [8][9].

Figure 1: Block Schematic of a Star-Coupler-Based Fiber Telemetry
Network Using Optical TDM



For telemetry applications, transmitter-based time slot assignment is more reasonable than
that assigned to the desired receiver, because it permits TCS to easily receive messages
from all TT and to feasibly broadcast the control information to all TTs. In this paper, the
“telemetry terminals” are regarded as various sensor-based measuring instruments which
contain analog to digital (A/D) converters and digital interfaces with the telemetry network
unless otherwise specified, so the telemetry terminal-to-terminal communications are not
required in general. In this way, the TDM signals which are sent by N  TTs can be
simultaneously separated and regenerated in a TCS via N parallel optical receivers, while
only a single receiver is used in each TT. However, this scheme does not exclude the
possibility of supporting communications between TTs if the variable or parallel time-slot
decoders are adopted in TTs.

TDM can provides high traffic demands and does not suffer from cumulative delay
compared with the above discussed medium access schemes, so fiber-optic TDM can offer
ultra-high throughput up to 100 Gb/s, which permits to realize ultrafast telemetry
networks. Currently, using digitized telemetry and related equipment have become a major
trend. Standardized digital telemetry instruments are readily available now. Therefore,
high-speed fiber-optic TDM networks are very promising to future telemetry applications.
However, TDM suffers from the disadvantage that if a terminal has nothing to send as
encountered in computer communications, its slot will be left idle, while other users may
have packets waiting to be transmitted, so this scheme is inefficient for bursty traffic [3].
This problem is especially serious when most of terminals in a network is highly bursty,
for which bandwidth is greatly wasted during the period of few active users transmitting.
Moreover, requirements of variable bit-rate transmission and multimedia services can not
be easily satisfied by TDM. As a result, TDM is suitable for fixed data-rate and
continuous-type digitized telemetry. Moreover, the severe phase synchronization related to
very short optical pulses limits the geographic distance to relatively short, so optical TDM
is adequate to LANs.

Fiber-Optic WDM Networks

WDM is another practical solution for utilizing the enormous fiber bandwidth by users
transmitting messages at different wavelengths. For example, when at a spacing of 1 GHz,
25,000 discrete channels could be in principle provided, while 2,500 channels could be
realized at 10 GHz spacing. Here we distinguish WDM from optical FDM. The term
WDM is used to indicate the case where channel spacing are large compared with their
signal bandwidth (measured in wavelength units) and direct-detection technique is utilized
[9]. Typically 1 nm (125 GHz) WDM band width can support bit rates up to 2 Gb/s [10].
The bandwidth of fibers is most easily accessed in the wavelength or frequency domain
rather than in the time domain. Although optical coherent FDM can offer more channels
and higher receiver sensitivity than non-coherent WDM, the performance of optical



coherent FDM systems is impaired by laser phase noise, polarisation fluctuation, or local
oscillator intensity noise, whereas none of these problems are present in WDM networks
due to direct-detection and wider channel spacing [11]. In addition, frequency stability is a
main problem in an optical FDM network while it is less severe in a WDM network where
channel spacing is wider. Moreover, WDM networks have reached the stage of
commercial availability. Therefore, considering the requirements on complexity, feasibility,
and cost, WDM is more attractive to FO-LANs or FO-MANs than optical coherent FDM.

The block diagram of a typical star-coupler-based WDM network is shown in Figure 2.
Such a network is composed of N fixed wavelength transmitters, wideband passive star
coupler, one diffraction-grating wavelength demultiplexer for TCS and N - 1 fixed optical
filters for all TTs, or N diffraction-grating wavelength demultiplexers. At each receiving
node, the wavelength demultiplexer is followed by either a fixed or multiple fixed receivers
which are required for different application purposes [12]-[14], while the wavelength filter
is followed by a single receiver. Each node in the network transmits its messages on a
unique wavelength, and the transmitted signals from all nodes are passively combined in a
N x N transmissive star coupler. Then each of the wavelengths in the network is broadcast
to all receiving nodes. This scheme can provide both point-to-multipoint broadcast
connectivity and point-to-point transmission, so it can feasibly realize a high-capacity
telemetry network where the TCS simultaneously receives all messages sent by N - 1 TTs
due to a bank of N - 1 receivers used, and the command information from the TCS is easily
broadcast to all TTs. If necessary, the TT-to-TT transmissions can also be offered by using
multiple receivers in the corresponding TTs. Furthermore, video and voice transmissions
can be feasibly supported in WDM networks. For further applications, in order to
efficiently solve communications among many potential users in a telemetry network, the
wavelength tunability for both transmitter and receiver is required. Several techniques can
be used for this purpose [11][13]. The fast switching requirement implies the use of
semiconductor laser devices. Multisection single-longitudinal mode lasers, e.g., distributed
feedback and distributed Bragg reflector lasers, are main candidates. At each receiving
node, a tunable optical filter is employed to select the desired wavelength and rejects the
remaining ones. To realize it, one can use tunable fiber Fabry-Perot filters, tunable Mach-
Zehnder filters, acoustooptic tunable filters, electrooptic tunable filters, and wavelength-
selective filters based on DFB optical amplifiers. An alternative scheme is to use
multichannel wavelength-switched optical transmitters and receivers with grating
cavity/demultiplexer [15], which will be discussed in Section 5.

WDM has serveral important characteristics which distinguish itself from another
multiplexing techniques [14]. It makes WDM networks very suitable for military and
industry applications. Firstly, wavelength multiplexer/demultiplexer axe totally passive
devices containing no powered electronics, so the need for air-conditioned controlled-
environmental vaults and remote power backup is eliminated and the cost is dramatically 



 Figure 2: Block Diagram of a Typical Star-Coupler-Based WDM Telemetry Network

reduced compared with using the electronic multiplexing techniques. Moreover, the
maintenance for WDM passive devices will be minimal. Consequently the problems
associated with EMI/EMP and difficulty of field maintenance are effectively solved. Thus,
WDM is very attractive to military and special industry telemetry application. Secondly,
WDM channels are independent of each other and WDM channels are completely
transparent to signal formats, data rates, multiplexing approachs, and protocols, so WDM
networks can easily support such applications as multi-bit-rate or variable-bit-rate
transmission, multimedia services, digital or/and analog telemetry instruments, and TDM
or FDM system or combinations of both. Furthermore, it permits to use either different
protocols or a single protocol in the WDM networks. The error detection, correction, and
recovery schemes can be also allowed to easily use in WDM networks for the purpose of
reliable communication. As a result, the network flexibility is greatly improved.

At the present time, due to the economic reason, analog telemetry instrument and system
are still widely used, and in the near future they may be still used together with digital
telemetry systems to achieve lower costs, especially for industry applications. Using
WDM can implement cost-effective hybrid telemetry networks where analog and digital
TTs, TDM systems (both electrical and optical), and FDM systems are used. Another
advantages of WDM over optical TDM are that the upgrades and other changes in service
demands can be easily provided because of WDM channel transparency, and no any node
in WDM networks is required to process data at higher than the individual transmission
rate. The characteristic of channel transparency can also allows the WDM network to be
fully compatible with future telemetry standards. Therefore, based on these considerations,
we propose to use WDM networks as the backbone of telemetry networks. Figure 3
illustrates the applications of fiber-optic WDM networks.



Figure 3: Applications of a WDM Telemetry Network

As encountered in TDM networks, if a network has a large number of highly bursty users,
however, WDM scheme is inefficient to utilize optical bandwidth. On the other hand,
today’s state-of-the-art, grating-based WDM components can only accommodate up to 50
wavelengths [14], the further restriction on the number of available WDM channels (N) is
due to channel spacing which limits N to a relatively lower value compared with optical
coherent FDM. However, the distinguished feature of WDM technique is that the
transmission bit rates or bandwidths supported by individual WDM channels are much
higher (e.g., 2 Gb/s) than those by using conventional electrical FDM. In order to
efficiently increase the capacity of a WDM network while maintaining less system
complexity, subcarrier multiplexing (SCM) and TDM can be embedded in each node.
SCM has the similar properties to WDM. For example, SCM is also transparent to data
formats, data rates, and protocols, because individual SCM channels are independent. It is
very flexible to integrate any new service in a SCM/WDM network by using new
subcarrier. For the present applications, SCM/WDM is very efficient and attractive. This
approach only needs one WDM optical transmitter and receiver per node instead of one
WDM optical transmitter and receiver at each TT, and the signals can be easily
multiplexed and demultiplexed by using commercially available optical and electronic
components, so it can realize the cost-efficient broadband network for telemetry
applications.

NETWORK TOPOLOGIES AND RELATED NETWORK COMPONENTS

The network topologies and related network components are of important topics which
affect the design of telemetry networks. In this section, we focus on WDM-based fiber-
optic networks.
For a passive network, the better network architecture is of passive star topology. The
optical star coupler option is better than other options such as the passive bus, because
stars have low excess loss and good coupling uniformity, and they are reasonably easy to



manufacture and are readily available [11][13]. For instance, a large N x N star can be built
up by using either elemental directional 2 x 2 couplers or planar input waveguide array
[9][16]. In a star network, the excess loss (in dB) grows only logarithmically and is
relatively modest. On the contrary, for the tapped-bus topology, the number of stations is
restricted due to the large accumulated excess loss of the couplers. In a tapped-bus
network, the excess loss grows linearly with the number of taps and is much greater than
that in the former case [9][11][16][17]. Therefore, fiber optic networks based on passive
star-coupler physical topology are the most attractive candidate for FO-LANs and
FO-MANs with a large number of users.

For telemetry FO-LANs or FO-MANs, we propose to use passive star-based topology
shown in Figure 4a. Two kinds of optical components can be used for realizing this
network architecture, they are dependent on the practical applications. For the common
telemetry applications where all TTs only communicate with TCS or central computer
(CC), and TT-to-TT communications are not required such as simple telemetry networks
or telemetry in aircrafts and shuttles as well as spacecrafts, the single-star architecture is
needed for FO-LANs and FO-MANs. Grating-based wavelength multi/demultiplexer can
be used for this purpose as shown in Figure 4b. This approach can effectively reduce the
number of physical fiber lines compared with using N x N optical star coupler, especially
when all TTs are located in the small area and are relatively far from CC or TCS.
However, if intelligent telemetry terminals are used and intercommunications with many
users are required, a N x N optical star coupler would be used for connecting all N users.

Figure 4: Single-Star Architecture and Simple Implementation

When several telemetry FO-LANs are required to internetwork with a FO-MAN or to
interconnect with each other, and the MAN interconnections such as communications
among multiple TCSs or CCs are required, the more complicated network architecture
should be utilized. In order to efficiently solve these problems, we propose to use star-star
topology for LANs or MANs interconnecting or MAN internetworking with LANs shown
in Figure 5a, while to use star-ring topology for a few MANs interconnecting as shown in
Figure 5b. The outer star is used for providing the connectivity within each separated 



Figure 5: Star-Star Topology and Star-Ring Topology

FO-LAN based on using star coupler or grating-based wavelength multi/demultiplexer as
discussed in the above, while the inner star is to offer the interconnections of all LANs or
MANs or MAN internetworking with LANs. If the number of MANs interconnected is
quite small, and the geographic distances among MANs axe significantly long, using an
ring topology can feasibly connect MANs into a single ring network. To implement it, one
can use directional couplers (both asymmetric and symmetric) as optical taps, then at each
receiving node, diffraction-grating wavelength demultiplexer or optical filter is employed
to separate the optical channels. Here we propose an alternative method to construct the
ring topology, that is, using 2 x 1 couplers for transmitters access to a ring, then using a
narrow-band wavelength filter based on an asymmetric semiconductor directional coupler
in each receiving node. Compared to the former, our proposed structure is more adequate
and reasonable. This transmitting-type bandpass wavelength filter has a bandwidth as
narrow as 5.4 nm. with 1.3 mm device length at 1.5 Fm centre wavelength region, and it is
capable of electrically tuning the filter centre wavelength over the transmitting wavelength
band [18]. Advantages of using this technique are that the complex processes such as
grating fabrication is eliminated, the bandwidth and centre wavelength can be freely
selected by controlling the compositions of the materials. Although employing ring
topology results in higher accumulated excess loss than star topology, since the number of
MANs interconnected is very small, the excess loss is not a major problem. By contraries,
it can enhance to reduce the number of physical fiber lines and then increase the flexibility
of network maintenance for long-distance transmissions. The perspective of high-capacity
WDM telemetry networks is illustrated in Figure 6.



 Figure 6: High-Capacity WDM Telemetry Networks

OPTICAL MODULATION TECHNIQUE AND CHOICE
OF OPTICAL DEVICES

Since optical fiber transmission systems using intensity modulation and direct-detection are
modeled as positive systems, only optical power-on and -off states are used in such
systems. For asynchronous or packet message transmission. the lack of optical negative
component make the reliable distinction between active and silent states of a network or
between data logic 0 and no message state at the optical receiver very difficult. To
eliminate it, the adequate modulation technique should be employed in such optical fiber
transmission systems. We propose an reliable modulation scheme called the Partial
Trilevel Coding for military telemetry applications to achieve high reliability while
maintaining less system complexity. The basic principle of Partial Trilevel Coding is that,
the logic 1 and logic 0 of data signals are represented by high-level (P ) and low-level (P )h    l

optical power signals, respectively, whereas optical power-off signal denotes the
“No-Message” state as shown in Figure 7. Three output states can be easily obtained from
two threshold detectors at the receiver. The low-threshold one is utilized to identify the
states of the corresponding optical transmitter and to regenerate the transmitting control
signal; the high-threshold detector is used for the signal detection once if the receiver is in
the “Message” state, so this technique efficiently solves the problem associated with no
message and logic 0 states as well as logic 1 state.

For military applications, the high reliability is specifically required, and the work
environment is very severe, which imposes restrictions on the choice of optical devices.
WDM/optical TDM fiber-optic networks need to use laser diodes as optical sources due to
the demands on high output power and high modulation bandwidth as well as narrow
spectral width. Recently, high-reliability, high-power, single mode laser diodes have been
fabricated [19], and the reliability test has shown that an average lifetime of these lasers is 



Figure 7: Partial Trilevel Coding

greater than 20000 hours at 50ºC at an operating power of 100 mW CW while 100000
hours lifetime can be achieved at 25ºC. Such laser diodes have modulation bandwidth
larger than 2 GHz in the 820-860 nm wavelength range, so they can meet the requirements
of military FO-LANs applications such as aircrafts, shuttles, spacecrafts, and various local
area telemetry stations. Furthermore, using short wavelength near 0.85 Fm is very
attractive, because it allows to use the more mature GaAlAs transmitter and silicon
receiver which are more reliable and less expensive. Although optical receivers using the
avalanche photodiode (APD) can achieve higher receiver sensitivity than that using pin
photodetector due to its internal avalanche gain, unfortunately the APD requires a high
voltage bias supply (typically 100-300 V) which must be adjusted to track the temperature
dependence of the APD gain, then it increases the receiver complexity and reduces the
system reliability. Moreover, the impulsive noise can be induced in the multiplicated
signals by changing the high voltage bias of an APD (through the power supply of APDs),
because the strong EMI/EMP sources usually exist in the military environment. On the
contrary, using a pin photodetector can solve these problems, so pin photodetectors are
more suitable for military applications. In addition, since multimode optical fibers have
better mechanical property and are more feasible to maintain than single-mode fibers, they
are suitable for various military FO-LANs where the transmission distances are usually
less than 1 km, especially for aircraft/shuttle/spacecraft applications which are limited to ~
100 m. Thus the optical power loss caused by multimode fibers can not place restrictions
on the system performance. Moreover, the grating devices typically feature multimode
fibers, whereas grating components using single-mode fiber arrays usually suffer higher
loss due to small core diameter of single-mode fibers [14]. However, FO-MANs require to
use single-mode fiber, because its very low attenuation makes the transmission distance
extend for several tens of kilometers while the power loss still keeps in relatively low
values.

In order to realize wavelength tunability in transmitting or/and receiving ends, wavelength-
tunable lasers and tunable filters/receivers are required. According to the requirements of
high reliability, multichannel grating cavity laser transmitters and grating demultiplexer
receivers, which can offer up to 50 separate channels in the 1.3 to 1.6 Fm wavelength
range and can achieve switching time as low as a few nanoseconds [15], are more suitable
for telemetry applications. A key feature of these multichannel components is their use of



an environmentally stable passive wavelength-space multiplexer such as a lens combined
with a diffraction grating. The high wavelength stability coupled with the relatively wide
channel spacing enabled by the wide wavelength switching range of the components
allows channel transmitting and receiving wavelength bands to be presented during
component manufacture. The components do not require adjustment or fine tuning in use.
However, the continuously tunable lasers and amplifiers suffer from transient drift of
wavelength when wavelength is switched [15].

CONCLUSIONS

High-capacity fiber-optic networks are proposed for real-time telemetry applications in this
paper. We investigate two types of feasible multiplexing techniques - WDM and TDM to
implement such networks. Since WDM technique has several important advantages, it
makes WDM very attractive to various telemetry fiber-optic networks. Moreover, WDM
networks are fully compatible with future telemetry standards to be developed, due to the
characteristic of channel transparency. Then We analyze the topologies of telemetry
networks. The single-star architecture is suitable for FO-LANs and FO-MANs. The star-
star topology is useful for LANs or MANs interconnecting or MAN internetworking with
LANs. If the number of MANs is small, and the distances among them are long, using the
star-ring topology is more reasonable. The related network components are also discussed.
In order to improve the reliability of FO-LANs and FO-MANs, we propose an efficient
modulation technique called the Partial Trilevel Coding. The reasonable choice of optical
devices are also discussed to meet the requirements for military telemetry applications.
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ABSTRACT

There are many applications that require multiple processors
performing real-time tasks and communicating with each other
over a common bus or memory. Aptec has developed a real-time
multiprocessing system which reduces the integration effort
needed in a custom designed system. The system uses
commercially available Motorola 68000 series processors each
running a real-time kernel. Software has been developed to
extend the capabilities of the real-time kernel. This
software is called Multiprocessor Services. The software
allows tasks running on different processors to communicate
with each other and a global shared memory. This paper
describes the features of real-time multiprocessor hardware
systems, and how the multiprocessor software coordinates the
processors to operate as an integrated system.

INTRODUCTION

The design and integration of high performance real-time
systems is often difficult in a multiprocessor environment.
There are SIMD and MIMD systems available which use multiple
processors running under the same operating system. Embedded
within their operating system are the mechanisms for
handling interprocessor communication. However, the overhead
of a global operating system can be high.

With adherence to “Open Systems” and standards, distributed
board level CPU and workstation processing systems are
easier to design. There are many small, efficient real-time
kernels for board level processors available. However, the
software for real-time interprocessor communications and
sharing a common shared memory resource is outside the
individual processor and kernels realm. Standard networks,
busses, and reflective memories are the pathways, but
multiprocessor software is needed to allow all of the



distributed real-time processors to operate as an integrated
system.

REAL-TIME DISTRIBUTED PROCESSING

Real-time telemetry systems typically require multiple
processor designs. Using multiple processors enables
different processors to perform tasks simultaneously. A
multiprocessor design runs faster than a single processor
performing all the tasks. Also, specific processors can be
chosen to perform tasks which they are best suited for.
Figure 1 shows how a distributed processor telemetry system
can pipeline tasks to increase performance.

Figure 1

Many telemetry systems require a processor to acquire and
synchronize the incoming data stream(s). This task is best
suited for processors efficient at handling I/O. 

Processing the received data efficiently requires a
different set of tasks to be performed. Therefore, another
processor(s) and software is needed rather than using the
acquisition processor.



Archiving raw or processed data is another task with
different requirements. The processor and software for this
task perform movement of data onto and off of storage media.

All these tasks, and other like real-time display, can run
simultaneously on different processing elements. Also
necessary is the data multiprocessor software for
communication amongst processors. With multiprocessor
software individual processors can work efficiently together
as an integrated system.

MULTIPROCESSOR SYSTEM HARDWARE

Different types of processors, including board level CPUs,
workstations, and general purpose systems, from different
vendors can coexist in the same environment. Standard
communication paths as well as intercommunication software
have been established to insure robust communications. The
most common hardware interconnects include networks, busses
and reflective memories.

For most real-time distributed processor telemetry
applications standard networks (ETHERNET, FDDI) using
standard protocol software (TCP/IP) are much too slow to
use. Telemetry real-time systems rely on busses and
reflective memories as hardware interconnects.

Standard busses such as VME running at 20 MBytes/sec or
proprietary busses such as Aptec Computer’s Data Interchange
Bus (TM) running at 200 MBytes/sec are fast interconnection
paths. Autonomous processors share the bus for
intercommunications. Figure 2 shows a bus architecture.

The reflective memory interconnects is also a real-time
alternative for high-speed connections of distributed
processors. Reflective memories work such that whatever is
placed in one memory appears in the shared memory at other
processors. Figure 3 shows a reflective memory architecture.
Reflective memory is slower than shared memory on a bus,
however, the distance between processors may be greater.

MULTIPROCESSOR SYSTEM SOFTWARE

An important part of the multiprocessor system is that
individual processors run their own independent real-time
kernel. There are many such kernels commercially available,
such as VxWorks (TM) from Wind River Systems. Real-time 
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kernels are efficient controlling over their own CPU, but
multiprocessor extensions are required for
intercommunications between processors.

Aptec has developed and tested a set of real-time extensions
for interprocessor communications called Multiprocessor
Services (MPS). MPS is a library of software callable
routines. The library of routines are implemented
independent of hardware platform, real-time kernel and
memory device drivers. MPS can run over a bus or reflective
memory. It can also run on top of different real-time
kernels. The first implementations of MPS ran on VME and
Aptec DIB busses using Wind River Systems’ VxWorks real-time
kernel.

Multiprocessor Services consists of providing 3 basic real-
time distributed processing functions. They are:

* Shared Memory Management
* Interprocessor Synchronization
* Interprocessor Communication

Shared Memory Management

Shared Memory Management Services are used to manage the
free space of a global shared memory. Individual processors



can allocate, manipulate, and share global memory without
interference from other processors. Each processor has equal
access to the shared memory.

The memory management services allow each processor to build
partitions of memory. Partitions establish boundary
constraints. Partitions do not prevent other processors from
accessing that portion of memory, since it is a shared
resource. They allow other processors to recognize a portion
of the memory being used by another processor.

The Shared Memory Management routines are easily understood.
They allocate global memory, extend partitions, deallocate
partitions, and obtain information about partitions. When a
processor establishes a Shared Memory partition, data may be
deposited there. The partition location can be advertised to
other processors so they can share its data in a controlled
manner. Figure 4 depicts processors sharing global memory.

 Figure 4

Interprocessor Synchronization

Synchronization services allow tasks on different processors
to insure they are functioning as an integrated unit.
Processors operate in step based on pre-determined events. 



They also may exclude access to a software object or data
buffer.

One of the synchronization services is global semaphores.
Global semaphores are used to synchronize between processors
so only one buffer can be used at a time. The global
semaphore is binary, an object is either taken or available.
Also, only one task can control an object at one time.

A good example of using global semaphores is one processor
receiving telemetry data, then passing it to another for
processing. Figure 5 shows this scenario. Task A takes the
global semaphore associated with a shared memory partition.
Task A then acquires data and sends the data to the
partition. After receiving all of the incoming data, Task A
gives up the semaphore. Task B, which has waited to take the
same semaphore, is given the semaphore. Task B assumes
control of the shared memory partition and begins processing
the received data.

 Figure 5

Interprocessor Communications

Interprocessor communication services perform data transfers
between processors. Interprocessor communication services
include name services, command ports, message queues, global
ring buffers and task spawning. The selection of services to



be used is determined by how much data is to be transferred
and the speed required.

Name Service

The name service is a single table located in shared memory
that associates names with 32-bit values. Processors make
entries into this table and the entry is now advertised for
all other processors in the system. Figure 6 depicts a name
table.

Figure 6

The speed to access and look up the data in memory is
relatively slow. The name table is useful, however, for
advertising information to other processors. For example,
advertising partition locations so that other processors
will know where specific data can be found.

Command Ports

Command ports allow processors to execute high-priority
functions on another processor. The function evoked by a
command port will operate as an interrupt. Therefore, quick
real-time response is guaranteed.

Figure 7 illustrates command ports.



Figure 7

Message Queues

Message Queues are similar to command ports except that they
allow multiple readers. An entry in the message queue
consists of 4 32-bit words. These words are application
specific. Message Queues are extremely useful when there are
duplicate processors performing the same task, then
processors can perform tasks from message queue commands on
a first come first served basis. Figure 8 illustrates
message queues.

Figure 8

CONCLUSION

The integration of high performance real-time multiprocessor
systems requires software optimized for shared memory
management and interprocessor communications. The real-time
hardware connections between the multiple processors are
busses and reflective memories. These provide the high speed
paths needed for real-time data movement. Commercial real-
time kernels run simultaneously on each individual
processor. Multiprocessor Services (MPS) runs with the



real-time kernel using the high-speed hardware data path to
coordinate activity among all the processors. MPS is the
glue that lets the collection of autonomous processors
operate effectively and efficiently as a single integrated
real-time system.
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ABSTRACT

The vast amount of data telemetered from space probe experiments requires careful
management and tracking from initial receipt through acquisition, archiving, and
distribution. This paper presents the automated system used at the Phillips Laboratory,
Geophysics Directorate, for tracking telemetry data from its receipt at the facility to its
distribution on various media to the research community. Features of the system include
computerized databases, automated generation of media labels, automated generation of
reports, and automated archiving.

INTRODUCTION

The Geophysics Directorate of the Phillips Laboratory is a world leader in scientific
research of the earth in its solar-terrestrial environment. The Directorate has a telemetry
data processing laboratory dedicated to supporting geophysics research projects. The
laboratory performs the tasks required to convert science data, collected on satellite,
rocket, balloon, and space shuttle flights, into computer-compatible formats for easy input
into analysis systems. Over thirty years of raw telemetry data is still maintained at the
facility, because it is commonplace for Directorate researchers to re-process raw data to
verify analysis findings, explain anomalies, or gather inputs for the design of next
generation experiment sensors. Until recently, the only information available to the
laboratory for recreating processing methods was contained on hand-written records.
Significant advances in scientific instruments leading to higher volumes of raw data have
challenged the laboratory to develop an automated data management system.



OVERVIEW OF AUTOMATED SYSTEM

The automated data management system contains an Analog Tape Database, Work
Request Database, and Archive Database. The Analog Tape Database contains the owner,
content, and format information about each analog tape. Each analog tape or tape set is
assigned a unique ID. The Work Request Database documents requests to digitize analog
data, generate strip charts, and duplicate analog tapes. The Work Request Database
software assigns a unique ID to each Work Request. Each Work Request ID references a
corresponding Analog Tape ID. The Archive Database contains a list of archived data files
and their corresponding Analog Tape IDs and Work Request IDs.

The Analog Tape ID, Work Request ID, and Archive Media ID provide an efficient means
of tracking the raw telemetry data from its receipt at the telemetry data processing
laboratory, to its acquisition to digital media, distribution to researchers, and archive.
These IDs are automatically printed on all media labels and all reports generated
throughout the process.

REGISTERING AND LABELING ANALOG TAPES

As analog tapes arrive at the facility, an operator enters content and format information
(such as program name, vehicle identification, point of contact, track content and format,
and timing) into the Analog Tape Database through a series of menus. The Analog Tape
Database software automatically assigns an Analog Tape ID in the form “Ayyxxx”, where
“A” is for analog tape, “yy” is the year, and “xxx” is a consecutive number. An analog
tape entry in the database may contain multiple volumes. Multiple volumes share the same
general information but have unique beginning times, ending times, and volume
descriptions.

The database software produces three hardcopy outputs to track the analog tapes: Analog
Tape Labels, Analog Tape Reports, and Analog Tape Database Summaries. Each Analog
Tape Label is a pre-printed, self-adhesive form perforated into three sections: one for the
tape reel, one for the front of the tape carton, and one for the spine of the tape carton.
Separate labels are printed for each volume in a tape set. The Analog Tape Report contains
all of the database information and is printed on three-hole standard-size paper for storage
in a three-ring binder. An operator may print an Analog Tape Database Summary listing all
analog tapes in the database. This summary is placed at the beginning of the Analog Tape
Database Binder as an index.

The Analog Tape Database also provides query functions to allow the operator to search
for specific tapes by year, month, or project. Figure 1 presents a sample Analog Tape 



Label, Figure 2 presents a sample Analog Tape Report, and Figure 3 presents a sample
Analog Tape Database Summary.

REGISTERING AND PRINTING WORK REQUESTS

The laboratory tracks all requests for processing analog tapes through the Work Request
Database. Work Requests are of three types: Digitize, Strip Chart, and Tape Duplication.
Each Work Request references an Analog Tape ID, which is used to access the tape track
assignment, format, and timing information. The Work Request Database software
automatically assigns a Work Request ID in the form “Wyyxxx”, where “W” is for Work
Request, “yy” is the year of the request, and “xxx” is a consecutive number. The Work
Request Database software prints a preliminary Work Request on three-hole paper for the
Work Request Binder. Operators use the preliminary Work Request Report as a
worksheet. This worksheet has sufficient space for the operator to record specific
processing information as the Work Request is accomplished. Upon completion of the
processing, an operator completes the worksheet, updates the database, and prints the final
Work Request Report. Figure 5 presents a sample Work Request Report.

An operator may print a Work Request Database Summary listing all the Work Requests
in the database. This summary is placed in the front of the Work Request Binder as an
index. The Work Request Database also provides query functions, which allow the
operator to search for Work Requests by year, month, Work Request type, data type
(PCM, FM, or PAM), or Analog Tape ID. Figure 4 presents a sample Work Request
Database Summary.

DIGITIZING RAW TELEMETRY DATA

Raw telemetry data is first decommutated and acquired to disk, then checked for
anomalies and written to the output media. The data acquisition software prompts the
operator for the Analog Tape ID and the Work Request ID. The operator uses the track
assignment and format information contained in the Analog Tape Database to configure
and setup the telemetry decommutation hardware. To allow the operator to correlate the
digitized data file with the analog tape and reconstruct the hardware setup used to acquire
the data, the Analog Tape ID, the Work Request ID, and the hardware setup parameters
are stored in the header record of the disk file. The data acquisition software compiles
statistics such as frames processed and dropouts detected. These statistics are written to
the last record of the acquisition data file and printed on three-hole paper to accompany the
Work Request Report.



CHECKING THE DIGITIZED DATA FOR ANOMALIES

The Quality Check software checks the digitized data for frame, subframe, and time
anomalies. The Quality Check software reads the Analog Tape ID, the Work Request ID,
and the telemetry format information from the header record of the acquisition file. The
parameters which control the quality check process are derived directly from the telemetry
format information. All anomalies are reported; in addition, illegal-length frames resulting
from data dropouts are discarded and illegal IRIG times are corrected. The quality-
checked data is written to disk or tape.

The Quality Check software rewrites information from the header record of the acquisition
file to the header record of the quality-checked data file, along with the setup parameters
for the Quality Check process. The software writes the Quality Check statistics to the last
record of the quality-checked data file and prints the statistics on three-hole paper to
accompany the Work Request Report and the Acquisition Report in the Work Request
Binder. The laboratory provides the Quality Check statistics to the end-user. Figure 6
presents a sample Quality Check Report.

If the quality-checked data is written to tape, a Digital Tape Label is automatically printed
for each volume produced. Figure 7 presents a sample Digital Tape Label.

ARCHIVING THE DIGITIZED DATA

The telemetry data processing laboratory archives all of the quality-checked data to
5-Gigabyte 8mm cassettes. Data from multiple analog tapes can be archived on one
cassette. Once the telemetry data is archived the costly analog tapes are recycled. The
Archive software allows an operator to write or restore quality checked data files to or
from the 8mm cassettes and to search the Archive Database for specific Analog Tapes or
Work Requests. It operates in a batch mode so it can be performed during off-hours. The
Archive software automatically assigns an Archive Media ID in the form “Ryyxxx”, where
“R” is for archive, “yy” is the year of the request, and “xxx” is a consecutive number. It
obtains the name of the digitized datafiles and the corresponding Analog Tape and Work
Request IDs and automatically prints an Archive Report on three-hole paper for storage in
the Archive Binder. The Archive software also prints a label for the archive media similar
to the Digital Tape Label. Figure 8 presents a sample Archive Report.

An operator may print an Archive Database Summary of archive media. This summary is
placed in the front of the Archive Binder as an index. An operator may also query the
Archive Database for specific Analog Tapes or Work Requests. Figure 9 presents a
sample Archive Database Summary.



SUMMARY

The Analog Tape ID, Work Request ID, and Archive Media ID are used to track telemetry
data through the process of registering analog tapes, registering work requests, acquiring
raw telemetry data, quality checking the acquired data, and archiving the acquired data.
During the process, the analog tape is correctly and legibly labeled and can be easily
located using the index in the Analog Tape Database Binder or the query function of the
Analog Tape Database Software. At the end of the process, the Work Request Database
Binder contains a corresponding Work Request Report, a Data Acquisition Report, and a
Quality Check Report. Together, these reports provide the operator with a legible
hardcopy record of the entire acquisition process. An operator can locate a Work Request
by using the index in the Work Request Binder or the query function in the Work Request
Database. The digital media produced during the process is also correctly and legibly
labeled and can be traced back to the analog tape through the Analog Tape ID or the Work
Request ID on the Digital Tape Label. An operator can locate an archived data file by
using the index in the Archive Binder or the query function in the Archive Database.

CONCLUSION

The automated data management system at the Geophysics Directorate provides the
traceability that is essential to processing high volumes of science telemetry data. As a
result, researchers can depend on ready access to a complete and accurate library of data
to support scientific analysis and investigation.

 



Figure 1 - Sample Analog Tape Label



Figure 2. Sample Analog Tape Report



Figure 3 - Sample Analog Tape Database Summary

Figure 4 - Sample Work Request Database Summary



Figure 5. Sample Work Request Report



Figure 6. Sample Quality Check Report



Figure 7 - Sample Digital Tape Label

Figure 8 - Sample Archive Report

Figure 9 - Sample Archive Database Summary
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ABSTRACT

Flight testing has dramatically changed from the freewheeling “right-stuff” aviation days of
the 40s and 50s. The computer age was just beginning. There was essentially no access to
data other than voice and radar tracking information on the ground to monitor the flights.
The advent of reliable and effective ground systems for real-time safety monitoring was
still in the future. Unfortunately, the lack of these systems played a contributing role in the
large number of accidents which killed or injured a significant number of our nation’s
pioneer test pilots.

As technology evolved, more real-time access to critical safety and performance
parameters became available to our flight test engineers on the ground. This technology
included sophisticated aircraft instrumentation of key measurements, improved telemetry
transmission and reception, and finally, enhanced real-time processing and display of the
test data to the engineers. One advantage achieved through these technological advances in
testing was a tremendous improvement in flight safety. Although accidents can still
happen, today they are very rare thanks, in part, to the ability to accurately monitor and
control a test program on the ground.

The Advanced Data Acquisition and Processing Systems (ADAPS) program is specifically
tailored to meet the needs of test engineers on the ground at the Air Force Flight Test
Center (AFFTC) Edwards AFB, California, to monitor a flight through the use of state-of-
the-art data acquisition, processing, and display technologies. This paper provides an
overall perspective of the requirements for data processing which ADAPS addresses. In
addition, the ADAPS design concept, architecture, and development plan are discussed.
The purpose is to describe how the ADAPS development effort meets the flight test end
user needs of the 1990s. The paper concludes with a section on how we can apply the
ADAPS concepts and technology to help equip the multiple Department of Defense (DoD)
test centers with a common test data processing capability.



INTRODUCTION: MISSION REQUIREMENTS OF THE 1990s

Future Air Force test programs at the AFFTC will require more sophisticated and higher
performing real-time and post- flight data processing systems and capabilities. Higher
performance is also required for instrumentation systems and telemetry data
communication equipment. This need for end-to-end system performance improvement is
driven by two major factors.

The first factor is due to advances in the type of vehicles being tested at the AFFTC. More
integrated and higher performance vehicle testing will require higher data throughput
systems with specialized interfaces to handle the increased volume of telemetry data. In
addition, more sophisticated data calculations are required to accurately describe and
monitor the performance of these vehicles in real time, as well as to track critical safety of
flight parameters and monitor onboard computer system data. To be effective, the data
systems must also determine, or help determine, the key information the test user needs to
see and then package and display the data appropriately so the user can make use of it.
This is critical due to the vast amount of information available to the test engineers.

The second factor is due to an increase in what flight test engineers need to see in real
time. This need is riot just a “nice to have” but instead is driven primarily by a desire to
save time and money. For example, if adequate information is received in real time on
certain key performance parameters, then the overall quality of the attempted maneuvers
can be ascertained in real time. This avoids high costs associated with postflight
determination of the need to refly a test point. In addition, obtaining real-time results for
calculations, previously requiring postflight processing, means less time is required to
analyze test results. This can significantly speed up a test program and hence save total
program costs.

To meet the challenge of satisfying these increased requirements, phased upgrades are
currently being performed under the ADAPS program to existing data processing systems
at the AFFTC, such as, the Ridley Mission Control Center (RMCC) Integrated Flight Data
Processing System (IFDAPS). The IFDAPS is a minicomputer-based real-time system
supporting dynamic graphic terminal displays. (See Reference 1 for more details on the
IFDAPS architecture).

In a 1989 paper for the International Telemetering Conference (ITC), proceedings entitled
“Meeting Real-Time Telemetry Processing Requirements of the 1990s,” I detailed a
number of lessons learned from the initial development of IFDAPS. These lessons can be
summarized as: (1) users often are unaware of data processing capabilities potential and
may therefore have difficulty in fully defining specific needs (i.e., statements of needs are
often only stated in terms of the capabilities of known current systems); (2) information



system technology changes faster than the standard government acquisition and
development process can procure a major new system; (3) vendor specific designs tend to
result from detailed, ambitious specifications; and (4) user needs and test aircraft keep
evolving beyond the scope of original system designs.

The ADAPS development approach is specifically geared to take these lessons into
account. The ultimate goal is to more rapidly build flight test data processing systems that
are more responsive to end user information needs and more easily upgradeable to meet
future test needs.

ADAPS SYSTEM REQUIREMENTS

Specific system requirements for real-time systems in the 1990s at the AFFTC can be
categorized into the following areas:

1.  Performance: Higher data throughput rates are required. Projected requirements exist
for supporting up to five 10-Megabits-per-second (Mbps) telemetered data streams for a
given project. Considerably higher bit rates are expected for posttest processing of data
from an onboard recorded analog tape containing instrumented and avionics bus data.
Future projects will require up to 500,000 samples per second (sps) Engineering Units
(EU) data throughput rates (including derived measurements). This increase in rates is
predicated upon an expected increase in real-time Inertial Navigation System (INS)
processing, thrust calculations, test day performance calculations, frequency response
analyses, avionics data processing, and other real-time data calculations and displays.

Performance increases are also required for graphic displays. For example, screen update
rates of 10 to 20 sps are needed. The data update rate of up to 2,000 sps for some dynamic
data plots is required. Also, hard copy performance needs to be increased to eliminate the
display freeze time when hard copies are performed.

The capability is needed to simultaneously process up to 60,000 parameters which include
input, derived, and previously recorded measurements. The ability to record these
parameters at test conditions during an entire mission is required without adversely
affecting system throughput rates. Providing users with history data they can access after a
mission on a postflight workstation located in their office is also needed. The posttest
access must be coupled with minimum data access time for parameters of interest across
multiple test points/missions.

2.  System Reliability: The systems used to process telemetered information must reliably
operate without failure throughout an entire mission. Mission lengths average about 2 to 3
hours; however, they can be as long as 24 hours. In addition, a Mean Time to Repair



(MTTR) of less than 1 hour is required for each system, in order to support heavy mission
workloads.

3.  Mission Support Requirements: Standard operational system configurations consisting
of equivalent hardware and software resources are required by operation personnel to
avoid set-up errors and to provide complete backup systems. An automated system set-up
capability is also required. For example, a means must be provided to automatically
transform instrumentation calibration information into the set-up load files for the systems.

4.  Maintenance Requirements: Requirements exist for more sophisticated maintenance
tools to troubleshoot and correct problems with hardware and software. This need is
increasing due to newer technology components and more time critical and complex
software being added to existing systems. Dedicated development systems are needed to
effectively and expeditiously develop and check out application software and
hardware/software upgrades.

5.  New Capabilities: Other requirements call for providing multiple stream real-time
MIL-STD-1553B avionics data bus processing, for more sophisticated handling and
display of digital discretes, and for processing of aircraft video display data. Users have
also asked for more sophisticated interactive displays with on-line archival and dynamic
plot scaling and redefinition capabilities.

ADAPS DESIGN CONCEPT

As previously mentioned, the primary objective of the ADAPS program is to develop data
processing systems which meet these system requirements using an overall architecture
that contains sufficient flexibility to satisfy future needs. To accomplish this, four key
principles are being used in the development of the ADAPS, in light of the lessons learned
on the initial IFDAPS development.

The first principle directs system developments to be based on maximum adherence to
widely recognized DoD and industry computer systems and communication standards.
Building systems based on standards provides a significant degree of vendor independence
in the components used in the overall data system. In addition, it provides for a substantial
amount of software portability among different, standards-conforming, hardware
platforms. This not only allows us to avoid dependence on a given manufacturer for system
growth, but also provides significant cost savings due to the increased competitive
environment for acquisition of system components. Some key standards include: Versa
Module Europe (VME) hardware bus interface, Small Computer System Interface (SCSI)
peripheral interface, Portable Operating System Interface (POSIX) compliant operating
system, X/Windows display interface, Programmer’s Hierarchical Interactive Graphics



System (PHIGS) 3-dimensional graphics standard, Government Open Systems
Interconnection Profile (GOSIP) network protocol, Fiber-Distributed Data Interface
(FDDI) data transmission standard, and Ada programming language.

The second principle advocates using a distributed open architecture approach in designing
ADAPS. This design provides a number of significant benefits. It allows us to build a
system in which distinct processing functions are performed on components which are best
suited for a particular application. A distributed architecture facilitates upgrading particular
system components without needing to replace the entire system to meet new
requirements. Finally, since the architecture is open (i.e., based on recognized standard
interface protocols) the system is flexible to expand (or condense) more rapidly in
response to changing user or system requirements.

The third principle encourages the use of commercial off-the-shelf (COTS) components
and software to the largest extent reasonable. By using COTS products, built-in product
support and documentation is provided. In addition, these products, in many cases, have a
broad-based market which enhances portability of code and hardware. However, use of a
COTS product must be carefully determined. If it must be significantly changed or tailored
to meet a need, or if it is not able to meet most of the key needs in an application, then it
may be more appropriate to build a custom product. In any case, whether it’s COTS or
specially developed, a product should be based on standards to the greatest extent
possible, in order to maximize the benefits mentioned under principle number one.

The fourth principle involves the application of incremental prototyping of separate
components. In the past, we often would specify a set of requirements, award a contract
for developing a system to meet these needs, and then wait for the system to be built and
delivered. There are a number of pitfalls in this approach, if it is not very carefully
controlled. These problems include fielding systems which do not fully satisfy current user
needs since the systems often take too long to develop. These systems may also be limited
in their operational effectiveness, due to insufficient user feedback during development. At
the AFFTC, we are now using a greater degree of prototyping to facilitate testing of new
previously untried technologies before applying them in final design solutions. Also, we
encourage user feedback during prototyping to enhance and refine system requirements
and designs to more realistic user expectations. Building systems based on a distributed
architecture greatly facilitates our ability to incrementally prototype key components.
Incremental enhancements enable systems to more dynamically keep up with evolving
technologies and user needs.



ADAPS ARCHITECTURE

Figure 1 provides a high-level view of the overall ADAPS architecture. Input data consist
of either telemetered flight or ground test data (currently either Pulse-Coded Modulation
[PCM] data or MIL-STD-1553B avionics bus data) as well as space position data (e.g.,
Global Position System [GPS] tracking data). The real-time data acquisition processor
performs the following functions on this input data: (1) EU conversion, (2) derived
parameter calculations, (3) data manipulation and concatenations, (4) real-time recall, and
(5) history recording. The processed test information is then sent via a high speed data
distribution network to engineering workstations for real-time analysis and presentation to
test engineers. The engineers can also obtain access to archived data, from previous tests
at their workstations, for display and analysis via an ethernet network. The real-time data
can be locally recorded at the mission control center workstations for transfer to post test
processors for intermaneuver calculations. The results may then be displayed on the
engineer workstations in a separate display region (“window”) from current real-time data.
Engineers at workstations located at distributed test facilities will also be able to (within
appropriate security precautions) obtain data via the AFFTC local network for further
posttest analysis.

The ethernet network is also used for distributing set-up information from the system
configuration data base to the data acquisition processor, and mission control room
workstations. The data acquisition processor may be augmented with some auxiliary
processor via a Direct Memory Access (DMA) interface for additional computational
support. The auxiliary processor may be used, for example, to analyze high rate structures
and flutter data or to provide an additional expert decision support capability.

The data acquisition “processor” currently consists of IFDAPS Telemetry Front-End
(TFE) hardware and minicomputers. To meet high performance throughput requirements of
the future, state-of-the-art Telemetry PreProcessors (TPP) will serve as the data acquisition
processors.

DEVELOPMENT PLAN

Development of the basic ADAPS architecture described in the previous section is being
accomplished in the following phases: (1) Replacing display terminals with engineering
workstations on existing IFDAPS systems, (2) Integrating distributed posttest processing
and archival systems with real-time processing, and (3) Incorporating newer technology
TPPs for meeting high rate data acquisition processing requirements.



PHASE I WORKSTATION DEVELOPMENT:

The AFFTCRMCCIFDAPS systems currently consist of minicomputers which acquire
(with support from front-end hardware) real-time telemetry data. These computers then
process and record the data and build display screens for presenting the data on graphic
terminals. By early 1993, we plan to replace the graphic terminals with engineering
workstations on an initial IFDAPS system. Then over the next 1 to 2 years, all the RMCC
IFDAPS systems will have their graphic terminals replaced with engineering workstations.
This will allow greater display performance, capabilities, and analysis tools for the user. It
will also provide increased overall system performance by off- loading the display building
requirements from the host minicomputers to the workstations. The workstation displays
are being built using a graphics environment based on standards to allow transportability to
any workstation which complies with industry recognized standards. Currently, the display
software is being built using COTS products which execute under POSIX compliant
operating systems. We plan to further develop a standard environment which is written in
Ada and is tailored to meet specific DoD test range needs.

PHASE II INTEGRATION OF POSTTEST PROCESSING AND ARCHIVAL
CAPABILITIES:

Starting in late 1993, we plan to phase in an integrated archival, data base, and distributed
processing capability which is currently being prototyped. This capability will include high
rate (up to 10 megabytes per second) real-time or posttest storage to standard, low cost
archive media (such as VHS tape or optical media) at the acquisition processors (e.g. the
TPPs). The archive media can then be transported and physically loaded into a common
“juke box-like” Test Data Archive/Retrieval System (TDARS). The archived data can then
be accessed for real-time display or retrieved by engineers at distributed test facilities for
analysis. Currently Network File Server (NFS) and Intelligent Peripheral Interface (IPI)
standards are envisioned for the archive technology. The data base capability will allow
intelligent user access into the archived data. The user will be able to retrieve the data
through Standard Query Language (SQL) commands.

Also this phase will provide a posttest data display and analysis capability on workstations
located at distributed test facilities. The flight test engineers would access archived data
through a data base via a network. They would download selected time slices and
parameters to their workstations. A set of COTS software tools and customized analysis
programs would be resident on the workstations which would process and display the
requested data. The engineers could correlate the data from different flights for further
analysis. Once the data has been analyzed, engineers would import it into a COTS plotting
routine in order to generate report quality plots on a local postscript printer. The key to the
successful integration of this capability is finding COTS software that can perform the



myriad of tasks demanded by the different flight test engineering disciplines. This phase
includes integration of current AFFTC computer resources in order to provide a
completely integrated real-time and posttest architecture.

PHASE III TPP INTEGRATION:

The current RMCC IFDAPS software is very tightly coupled to its front-end hardware and
acquisition processors. As a result, expanding the current IFDAPS front-end architecture
to meet the high throughput performance needs of future advanced air vehicle test
programs, would be very difficult. Also, restructuring the front-end to make it more open
to meet any future growth needs is technically risky. Therefore, an alternative path to meet
performance and future expandability needs was chosen.

Smart, very powerful TPPs exist off-the-shelf today which can do much of the processing
traditionally done by front-end hardware and computers. They can decode input data,
perform sophisticated algorithms on it, record it, and make it available for distribution to
other devices (i.e., to workstations over networks). The TPPs communicate to external
devices and networks over a variety of standard protocols. These TPPs also provide set up
software which can be integrated into an overall program currently being developed which
will automatically set-up data calibration information on all AFFTC data systems given the
latest instrumentation calibration data.

Therefore, the next step in the ADAPS development cycle involves integrating high
performance TPPs with workstations to meet high data rate requirements. The same
technology used for distributing and displaying data on workstations developed in Phases I
and II will be used in conjunction with the TPPs. Thus, we will maintain our incremental
development approach integrity. The high-speed network will initially be based around a
memory-to-memory transfer mechanism. A broadcast FDDI technique will be considered
for future applications, once industry evolves to provide a reasonable effective FDDI
throughput.

We are currently in the process of prototyping a TPP-based acquisition system which
processes real-time data for transmission over a reflective memory high-speed network to
several different standards-based workstations for display. An initial system was placed
on-line in 1991 to support electronics countermeasure ground testing in the AFFTC
Benefield Anechoic Facility (BAF).

A high performance TPP will be competitively acquired along with a high-speed network
and engineering workstations. This equipment will be integrated together, in order to put
on- line high throughput performance TPP-based ADAPS systems beginning in 1994.



CONCLUSION: COMMON TEST DATA PROCESSING CAPABILITY

Although ADAPS development and application is currently restricted to the AFFTC, the
processing capabilities and architectural approach that ADAPS affords can serve the
common needs of multiple other DoD) test ranges. Figure 2 illustrates that at a high level,
a significant portion of testing analysis is common between test centers. Whether the
System Under Test (SUT) is an Air Force aircraft, a Navy battleship, or an Army tank,
testing the performance and safety of these systems involves the same basic data analysis
process. The SUT sensor data must be acquired, then transmitted as raw data to be
processed and displayed. The displayed evaluation information can be used either to direct
the current test or future tests or to help make program decisions based on an assessment
of the weapon system’s current performance. The ADAPS program accomplishes the
processing, control, and display functions (shaded area in Figure 2) at the AFFTC. Hence,
in line with the illustration, ADAPS developments or concepts can be used to support the
processing and display needs of multiple test centers. This falls in step with the Common
Airborne Instrumentation System (CAIS) and GPS programs which support the
instrumentation and space positioning data acquisition needs of multiple DoD test centers.

Application of a common test data processing concept across several test centers can pay
many dividends. First of all, the various test centers would have common/interoperable
data processing capabilities. Note: The data systems do not all have to be identical at all
test centers, but interoperable. Interoperability means we can interchange data and
information processing, distribution, and display developments/components between
centers which adhere to agreed upon standards and development concepts. Some of the
developments and concepts employed for ADAPS could be considered for multirange use.
A second benefit would be the ability to share knowledge and technology advancements
between test centers.

The end results of working together with other test centers for common test data
processing capabilities would be: (1) an ability to more effectively meet evolving test user
needs within an environment of rapid technology advancements and lengthy acquisition
lead times, and (2) smarter use of available Test and Evaluation development dollars.

The ADAPS program, with its development methodology and concept of building test
information systems based on (1) standards, (2) use of a distributed open architecture, (3)
appropriate use of COTS products, and (4) application of prototyping, can be expected to
meet a number of the challenges required to support common test data processing needs.
In fact, the follow-on development program to ADAPS at the AFFTC has been named the
Common Aircraft Data Analysis Capability (CADAC). The CADAC program is intended
to integrate the simultaneous processing of multiple different test data (e.g., real-time
telemetered vehicle performance and avionics data with ground base simulated



aircraft/threat data). However, CADACs most important goal is to further the needs of
DoD to standardize common test data processing. The success of this endeavor hinges on
the success of the current ADAPS effort and other efforts like it at test centers across the
country.
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ABSTRACT

The ethernet technology has vastly improved the capability
to make real-time decisions during the flight of a vehicle.
This asset combined with a PC telemetry data processor and
the power of a high resolution graphics workstation, allows
the decision makers to have a highly reliable graphical
display of information on which to make vehicle related
safety decisions in real-time.

BACKGROUND

For years flight safety officers relied on tracking
information provided to them by radar sources, to make real-
time decisions about vehicle instantaneous impact
predictions(IIP). IIP is calculated using information gained
from the radar source. This information is composed of
vehicle velocities, position information, pitch, heading,
and time.

Radar has proven itself to be a very reliable source and is
a very widely used acquisition system today. Radar is
however, only as good as the person operating it, and
depends heavily their ability to obtain an acquisition of
the vehicle so that the radar can automatically track it
throughout the flight of the vehicle. The quality of the
radar system itself is also critical during the automatic
tracking of the vehicle.

To compensate for the abilities of the operators and the
quality of radar systems, installations normally utilize
several radar sources to track the vehicle during flight.
Each one of these sources are input into some processing



device and allowed to compete or “vote” to become the “best”
source and is displayed in some fashion for the range safety
officer to observe and draw conclusions from.

THE PROBLEM

While this technique works very nicely on fixed
installations, it is not necessarily the case for mobile
operations. Mobile operations in remote areas generally have
the support of one radar source. This creates a potential
for several points of failure. The possible points of
failure include bad acquisition by the operator, errors in
the radar system data, and outright failure of the radar
system. All of the points mentioned above could lead to
disastrous results, which include destruction of the vehicle
or a ground accident due to the vehicle impacting into a
populated area.

THE SOLUTION

One obvious solution to mobile configuration would be to
procure, integrate, and ship another radar system. While
this is certainly an option, it is a very expensive and
complicated one, which still possesses the failure
potentials previously mentioned. Another solution is to
install a guidance computer system on board the vehicle and
encode its output into the telemetry downlink. This solution
would eliminate the operator acquisition problem. System
errors and system failure would continue to be a possible
failure point. However, the IIP data from the telemetry
stream combined with the IIP data from the radar source
would provide an invaluable asset to a range safety officer
for making real-time decisions about the vehicle by
providing a cost effective redundant source of data.

THE DESIGN

The design discussed in this paper will concern itself with
the data handling of the telemetry stream on the receiving
end only. As stated previously, the range safety officer
would benefit greatly from a visual display of IIP plots and
alphanumerics information. This display would be better yet
if he were able to get several radar sources and a telemetry
source.

The design for retrieving the IIP information from the
telemetry stream involves a generous mix of hardware



technology and software development. The front end of the
down link involves the antenna system and a S-band receiver.
The device used to synchronize, decommutate, and allow word
selection of the data was the TDPlus system (designed and
developed at Wallops Flight Facility) and PC card bit sync
from Veda Systems Incorporated. Ethernet was the
transmission media of choice for passing the selected data
to the graphics devices. The graphics device utilized for
displaying the IIP plots and alphanumeric data was a
Personal IRIS workstation from Silicon Graphics
Incorporated.

The software developed for this system handles the reading
of the selected words, calculation of the IIP, control of
the timing, processing of the alphanumeric and vehicle
nozzle data, and the creation and transmission of the
ethernet buffer.

THE IMPLEMENTATION

The first step in the implementation of this project was to
assemble the necessary hardware to synchronize, decommutate,
and word select the applicable parameters for calculations
and transmission.

The bit synchronization for the system is performed by a PC
card bit synchronizer from Veda Systems Incorporated. The
bit synchronizer is capable of speeds up to 10 megabits per
second for all codes.

The TDPlus telemetry computer system was chosen to support
the frame synchronization, decommutation, and word selection
demands of the project. The TDPlus system designed by the
Telemetry Systems Section at NASA Wallops Flight Facility
consists of a four card set designed to run on a IBM PC
compatible computer platform. This system is capable of
synchronizing up to a 5 megabit Bi-Phase PCM stream.

The timing required for the system is handled by two PC
compatible cards designed by the Data and Communications
section at NASA Wallops Flight Facility. The first card
processes NASA 36 time code(GMT time) and also provides an
interrupt which is used to in the system to control the
output of the ethernet buffer. The second card processes
program time(countdown time) which is input into the
ethernet buffer sent to the graphics terminal along with the
GMT time.



The ethernet interface is provided using a 3c503 PC adapter
card from 3Com. This card is an 8 bit card that is IEEE
802.3 standard. PC-NFS software and the toolkit from Sun
Microsystems Incorporated, was utilized to perform UDP
socket level ethernet transmissions between the PC and the
graphics workstations.

The graphics workstations used for display is the Personal
IRIS from Silicon Graphics Incorporated. The software that
was developed for the IIP and vehicle nozzle displays was
written and implemented by the Software and Analysis Section
at NASA Wallops Flight Facility. The IIP display consists
map overlays for the given area of operation, alphanumerics,
predicted nominals, flight boundaries, and actual IIP plots.
The vehicle nozzle display consists of four view ports
containing pitch and yaw nozzle deflections, azimuth,
elevation, and roll information.

THE SPECIFICS

The Inertial Measurement Unit(IMU) parameters are inserted
into the PCM encoder on board the vehicle. The PCM encoded
bit stream is fed to the modulation port of an S-band
transmitter and radiated through an antenna back to the
receiving station on the ground. Once on the ground, the
signal is fed through an antenna to an S-band receiver. The
receiver demodulates the signal reproducing the PCM signal.

The PCM signal is then fed into the source input of the PC
card bit sync from Veda Systems Incorporated. The software
supplied by Veda is used to program the card for proper
synchronization of the PCM stream. The data out and clock
parameters are programmed for NRZ-L and 90 degrees
respectively and input to the frame sync card of the TDPlus
decommutator/word selector system.

The TDPlus software allows the user to input the frame
synchronization information, select words, set up executable
displays, set up flags, time events, customize engineering
unit subroutines, and many other functions.

The TDPlus hardware consists of a frame synchronizer card,
memory card, digital to analog converter card, and a control
card for the digital to analog converter card.

The data and clock streams that are fed into the frame sync
card are applied to the VLSI correlator chip. If the sync



pattern that was programmed into the correlator is detected
in the serial data stream, a sync pulse is generated. The
number of bits parameter in the frame sync table is used to
generate an end of word pulse that clocks out the converted
parallel data across a private data bus to the memory card.
Subframe synchronization is accomplished using a unique
recycle code(URC). If the word counter compares the URC
position, the URC code matches, and a valid end of major
frame is present, subframe synchronization occurs.

The memory card accepts the parallel data and
synchronization pulses from the frame sync card through the
private data bus. This card utilizes 8 Kbytes of 16 bit dual
ported RAM. It is from this RAM that the user may program
through an index table in the software, the words he would
like to scale and display. The memory card also stores
information on whether or not the individual words are
marked for output to the parallel port or to the DACs and
the DAC address.

The DAC controller card receives the data from the frame
sync card just as the memory card does(through the private
data bus). The port selection data and the addresses are
passed to the DAC controller from the memory card through
the private data bus. The individual data is mapped to the
appropriate DAC on the DAC converter card over another
private data bus.

The DAC converter card receives the 8 bit digital data from
the data bus and converts it to its analog representation
and made available as an output through a rear end plate
connector.

The project discussed earlier only uses the frame sync card
and the memory card from the system. The TDPlus software is
used only for synchronization purposes and is then
abandoned.

Once the system is synchronized the IIP calculation program
is initiated. The IIP program reads (snapshots) the data on
the memory card of the TDPlus system. The location of the
word to read is dependent upon the placement of information
in the PCM stream when it is encoded. The data encoded into
the PCM stream on this particular project was put in as 8
bit words.



The latitude, longitude, altitude, and 3 velocity vectors
are all composed of 32 bit words. Therefore, a total of 24
eight bit words had to be read. The appropriate words were
then shifted into position to give 6 meaningful 32 bit
words. These words are then passed to the algorithm which
calculates the IIP. Within this algorithm the data is scaled
and limit checked.

The calculated values are returned to the calling program
where they are scaled again, reversed, and stored in an
ethernet buffer. The pitch, roll, and heading parameters are
treated in the same manner, but are only 16 bit words.

Timing is also read from the NASA 36 time board and the
program time board. These parameters are also loaded into
the ethernet buffer. The ethernet buffer is a fixed position
buffer transmitted with UDP sockets over an IP (Internet
Protocol) network.

As the ethernet buffer is transmitted over the network, the
graphics workstations are actively monitoring the traffic
with a UDP socket of their own. This particular project
utilizes two Silicon Graphics Iris 4D workstations. The
first workstation displays the map sets for the region in
which the launch operation is occurring. This map also
contains the graphical information supplied by the telemetry
stream pertaining to safety boundaries, nominal IIP,
alphanumerics, true position information, and information on
the above mentioned parameters for several radars. The
second graphics workstation is used to display azimuth,
elevation, pitch, roll, yaw, and nozzle deflection
information on the vehicle and its Aries booster. This
information is displayed using a four view port screen and
driven solely by the telemetry and timing information
received via the ethernet buffer.

SUMMARY

The project described above is a unique combination of a PC
telemetry data processor, graphics workstations, and
ethernet technology applied to telemetry. The system gives
decision makers the capability to see vehicle performance
graphically and make real-time decisions about flight
safety. The variations that can be developed are virtually
unlimited and can be applied in several different areas of
technology.
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ABSTRACT

Multiple processor architecture has been used in telemetry processing systems for many
years. But how to evaluate the performance of such a system on telemetry data processing
has not yet been adequately addressed. Utilizing a deterministic model, this paper tries to
study the performance of multiple-processor telemetry data processing system. It
demonstrates that the bus arbitration scheme, the ratio of processing time to
communication time and the processing decomposition are the three important factors
influencing the performance of such kind of systems. All the three factors are discussed.
The results obtained have been applied to the design of the MSDDTS (Multi-Stream
Data-Driven Telemetry System), a new generation multi-stream telemetry system in china,
in order to gain the best cost-effectiveness.

INTRODUCTION

As aircraft and spacecraft technology advanced, the demand for real-time telemetry data
acquisition and processing increases. However, higher bit rate and multi-stream
increasingly multiply the difficulties. The traditional general-purpose host computer is not
suitable for this requirement. Multiple processor system gives the way to solve the
problem. Many multiple processor architectures and systems have been proposed and
some of them have been actually used. Data-flow architecture is one of them. It has been
widely applied to the real-time telemetry data processing. But how to evaluate the
performance of this kind of systems has not yet been adequately addressed.



Analyzing the performance of multiple processor system is a very complex task, since
many factors jointly determine system performance and the modification of some factors
affect many others. So it is crucial to tune system parameters such that a whole system can
achieve its peak performance at the minimum cost. In recent years, many models for
predicting multiple processor system performance have been developed. This paper
applies a model presented by Vrsalovic, et al.[1] to study the performance of telemetry
processing system which has the data-flow architecture. The results obtained has been
used in the design of MSDDTS [2], a new generation multi-stream telemetry system in
china, to make the system approach its best cost-effectiveness.

The next section reviews the data-flow architecture used in telemetry processing systems.
In the section following the next, a model for predicting the system performance is
described, and the factors influencing system performance are discussed. Finally, some
considerations in the design of the MSDDTS are presented.

SYSTEM ARCHITECTURE

The multiple-processor architecture used in MSDDTS is the data-flow architecture shown
in figure 1. The m input devices (I1, 12,...,Im) receive m data streams, assign a unique tag
value to each parameter for every stream and send the data-tag pair to the High Speed
Data Bus independently. The n processors (P1, P2,...,Pn) get data-tag from High Speed
Data Bus, execute the algorithms pointed by the tags and return the results to High Speed
Data Bus. The data received by a processor may be a raw data from input devices or a
processed result from processors. The k output devices (O1, O2, ..., Ok) can capture any
data-tag appeared on the High Speed Data Bus and put them out. The High Speed Data
Bus is the main path for data transfer among these function modules. The secondary
computer bus in the system is primarily used for administrative tasks, e.g. modules setup
and test etc., usually not for real-time parallel processing.

There is no shared memory in such system. The processors are loosen coupled. Each
processor has a microprocessor, a program memory, a data memory, a tag match unit and
the bus interface. The tagged data reached to a processor is firstly matched with tag map in
the match unit. Only the needed data by the processor is to be buffered and to activate a
processing sub-program associated with the tag. After the sub-program executed, the result
is labeled with a new tag and put on to High Speed Data Bus again. This is the data-driven
execution mode, and it implies that the computation is asynchronous on the sub-program
level and purely functional.

On this architecture, processors can handle different telemetry parameters with different
algorithms simultaneously. If a parameter needs more than one processing algorithms, a
pipeline operation can be easily established by allocating these algorithms to different



processors for increasing real-time responsibility. Actually, any other combination type of
algorithm chaining can be implemented.

THE FACTORS INFLUENCING SYSTEM PERFORMANCE

In this section, we will study the factors influencing system performance. The system has a
data-flow architecture described above. The model for analyzing is based on a
deterministic model presented in [1].

The speedup of a multiple-processor system can be defined as the ratio of the time
required to perform all the tasks on a single processor to the time required to perform the
same tasks on the n-processor system.

Let us assume that the real-time telemetry processing is a cyclic processing, that is to say,
there is a time period T such that the number and the type of telemetry data needed to be
processed are the same between time duration [t, t+T) and [t+T, t+2T). In a data-flow
system, the time for treating one data sample is composed of three components: the bus
access time, the algorithm activate time and the algorithm computing time. The first two
components can be considered as the communication time between processors, and the last
component is the processing time. For convenient, we denote Np as the number of
computation units per period time T, tp as the time to complete one unit of computation.
Similarly, denote Nc as the number of communication times per period time T, and tc as
the time to transfer one massage without delays induced by multi-processors. So, if there
need some kind of synchronization between processing time and communication time, the
speedup of a data-flow system can be given by

Np*tp
S  = -----------------------------------------------------      (1)syn

Np*tp/Dp(n) + Nc*tc*A(n)/Dc(n)

Where, Dp(n) is the decomposition function for processing, which is defined as the
processing time of single processor to the processing time of the n-processor for the same
application. Dc(n) is the decomposition function for communication. While A(n) is the
normalized communication time, which is the real communication time divided by the ideal
communication time without any delay. Conversely, if no synchronization is required
between communication and processing. the speedup is given by

S  = min{Dp(n), Np*tp*Dc(n)/(Nc*tc*A(n))}             (2)asy

Assume that each computation unit will produce one result, and the result is communicated
between processors by bus, we can let Np=Nc. Furthermore, due to the total



communication time on bus will not decreases as n increases, the communication
decomposition function Dc(n) will be equal to 1. If we define the ratio of processing-to-
communication time x as tp/tc, the expressions (1) and (2) can be simplified to expressions
(3) and (4).

x
S  =  ------------------------       (3)syn

A(n) + x/Dp(n)

S  = min{Dp(n), x/A(n)}         (4)asy

From (3) and (4), one can see that the speedup is completely determined by A(n), x and
Dp(n). In the following paragraphs, we will discuss these three factors.

Arbitration Protocols

The normalized communication time, A(n), is a function of the number of processors in the
system (n) and the traffic intensity of each processor (D). Different bus arbitration scheme
has different A(n). The most commonly used protocols for system bus are equal-priority
protocol, unequal-priority protocol and rotating-priority protocol. They are abbreviated
here as E-P, U-P and R-P respectively.

Figure 2 describes the variation of A(n) with different n and D under these three protocols.
For simplicity, we have assume that the processors has the same traffic intensity. It
demonstrates that the R-P presents the smallest communication delay for all D and n
among these three protocols. It also shows that when D and n is small, the E-P gives the
worst performance, but under any other conditions, the U-P has the worst performance.

As expressions (3) and (4) expressed, the speedup is only dependent on A(n) when x and
Dp(n) is fixed. Substituting A(n) with the three normalized communication time function,
we can get the speedup S of these three protocols. Figure 3 shows S varying with n under
synchronization mode and asynchronization mode. In this figure, Dp(n) is with the best
case, i.e. Dp(n) = n, and x with the common case, x = 20. From these curves, the following
judgment can be made:

1. there is a peak performance for all three protocols, and after the peak
performance is reached the system performance will not increase as the number
of processors increase;

2. asynchronization mode gives the better performance than synchronization mode
for all protocols;

3. the asynchronization mode presents linear speedup before the peak performance
reached;



4. the R-P arbitration protocol gives the greatest peak performance among these
three protocols.

The ratio of processing time to communication time

From expression (4), one can see that the peak performance increases as x increase for the
R-P bus arbitration scheme and the asynchronized processing-communication mode. It
implies that we can decrease tc or increase tp to get better peak performance. To decrease
tc means to increase the bus transfer rate and decrease the algorithm activate time. To
increase tp is to say to increase the execute time of computation unit. This can be done by
enlarging the grain size of parallel processing. For telemetry processing application, that
means we should allocate the sub-programs about the same parameter into one processor
once the processor has enough time to respond to each arrival data.

Processing Decomposition

The decomposition function for processing, Dp(n), is greatly dependent on the amount of
parallelism inherent in the processing problem and the method applied to allocate
sub-problems to the processors. For a good allocating algorithm, the loads between
processors are completely balance, i.e. the numbers of computation units allocated to each
processor are equal. But usually it is not the case, there may be some processors whose
number of computation units is greater than the average. Let q denote the ratio of
maximum difference exceed the average number to the average. The processing
decomposition function is

Dp(n) = n/(1 + q) .

The q expresses the affect of different allocation scheme for a specific application. The
best allocation algorithm will make q equal zero. But a worst allocation algorithm might
result in great q, even greater than one. Figure 4 shows the decrease of system speedup
with q increasing.

Summary of Discussion

The above discussion can be summarized as below:
1. There is a peak performance about the number of processors for the system with

a fixed bandwidth of communication, and the system performance will decrease
as the number of processor increase once the peak value is over;

2. The asynchronized mode between processing and communication presents a
linear speedup before the peak performance reached, and has greater peak value
than the synchronized mode;



3. The rotating-priority bus arbitration protocol gives the best speedup among the
commonly used arbitration protocols;

4. Increasing the bus transfer rate and decreasing the algorithm activate time can
increase the peak value of system speedup, and so does enlarging the grain size
of parallelism;

5. The more uneven is the load of processors, the worse is the system performance;
so the allocating scheme should balance the load of processors whenever
possible.

DESIGN CONSIDERATION

The results obtained from the discussion above has been applied to the design of the
Multi-Stream Data-Driven Telemetry System (MSDDTS). In order to gain the best
cost-effectiveness, we made the following selections.

1. The arbitration scheme of the High Speed Data Bus employs the rotating-priority
protocol;

2. The bus transfer rate is 10 MHZ;
3. The arbitration period and the data transfer period are overlapped;
4. The FIFO is used in the interface to High Speed Data Bus, in order to implement

the asynchronized mode between processing and communication;
5. The address of processing algorithm is get directly by the match unit to obtain

the smallest activate time;
6. An optimist allocation algorithm is utilized for automatically distributing the

processing requirements, which is defined by user, to make the load of
processors be balance as nearly as possible.

The MSDDTS, has a simple architecture and a high performance for small scale real-time
parallel processing systems. But its performance will rapidly decrease when the number of
processor exceed a certain value, e.g. 6 (for x=20). If a higher performance is demanded,
the bandwidth of communication must be further extended. The best case is that the
bandwidth linearly increase with the number of processor, i.e. Dc(n) = n, see expressions
(1) and (2). However the cost will increase too. So a tradeoff would be made in an actual
application project.
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Fig. 3 The Speedup on different bus arbitration scheme
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ABSTRACT

The SMART (Smart Modularized Advanced Reusable Telemeter) is an advanced
telemetry system. The SMART system enhances the quality of a weapon system by
providing an adaptable built-in telemetry capability for the weapon. Existing weapon
telemetry systems are centralized, separate components which require many fault-prone
interconnections. This system reduces the number of interconnections and provides higher
performance than current systems. The modular system uses a high data-rate serial data
link that connects remote measurement modules located throughout the unit-under-test. A
smart processor is used to analyze and compress data from the various modules prior to
transmission, making more effective use of the telemetry bandwidth. The smart processing
unit also adapts the measurement units for changing test conditions on-the-fly. The system
will allow more complete testing of the weapon system and solve a broader range of
problems. The goal of the SMART project is to utilize the most advanced technology to
overcome the current design methodologies that have perpetuated shortcomings in present
systems. This project is being conceptualized to encompass a broader range of telemetry
applications beyond the present weapon systems at Sandia.

SYSTEM INFORMATION

The SMART system, depicted in fig. 1, consists of several interconnecting subsystem
modules. The SIU (Serial Interconnection Unit), the MPU (Measurement Processing Unit),
and the SPU (Smart Processing Unit) are connected together to form a complete PCM
telemetry system whose output can be then transmitted or hard wired to a remote receiver.
The system is connected in a ring configuration with a single serial link the only 



Figure 1 - System Block Diagram

connection between nodes except for a power source. Each node consists of an SIU paired
with either an MPU or an SPU.

The SIU is the interface to the serial data link, Each node contains an SIU. The SIU strips
incoming serial information from the cable and adds outgoing serial information to the
cable as well as providing a parallel interface to its associated companion module (either
an MPU or an SPU). The SIU consists of a serial data transceiver and a high-speed serial-
parallel converter. A block diagram of the SIU module is shown in fig. 2.

The MPU’s make all of the measurements required of the telemetry system. There may be
one or many MPU’s in a system. The MPU’s are strategically located at the actual
measurement location to reduce noise and interconnect problems. Each MPU employs
signal conditioning circuitry, an analog multiplexer, an A/D converter, and a
microprocessor based control system with nonvolatile memory. The information output
from the MPU is passed to its companion SIU where it is added to the serial data stream.
The information from the MPU consists of measurement data as well as command and
control data. Since the MPU can be programmed to provide some rudimentary data 



Figure 2 - The SIU is a Load/Unload Shift Register.

compression and reduction, that information must also be sent. In addition, the MPU can
be reprogrammed on-the-fly over the serial data link by the SPU. This reprogramming can
be stored into the MPU’s non-volatile memory, creating the capability to “learn.” This
capability gives the SMART system great adaptability to differing test conditions. A block
diagram of the MPU is shown in fig. 3.

The function of the SPU is to provide system control and to do real-time data analysis,
making decisions based on that analysis. The single SPU assembles the final data stream
from the MPU’s and sends it to the transmitter. As the stream is assembled the SPU can
make decisions on which data is to be sent and alter the stream accordingly. Format
switching is employed as a tool to transmit different data in the PCM stream. The SPU
decides upon the best format based on preprogrammed information and real-time telemetry
data and switches to that format. Several predefined formats are available from which the
SPU makes its choice. Another function of the SPU is to configure and program the
MPU’s. This can be accomplished on-the-fly or from an external development computer
which is attached to the system for diagnostics and development. The SPU’s main
component is a high speed Digital Signal Processor (DSP).

The data that flows through the system is more that just the different measurements from
the MPU’s. Since adaptability is being designed into the system, an object-oriented
approach to data management is being used. This means that the data stream consists of
the data and other associated information about the data. This information can includes
type of data, compression method, time, type of measurement, etc. Use of this method
increases the necessary bandwidth of the serial link, but has the benefit of raising the
overall system throughput while maintaining a manageable output data-rate.



Figure 3 - MPU Block Diagram

BENEFITS

The SMART system has 3 main areas of cost/benefit. (1) Since the MPU’s are located
within the weapon components, the cost for the telemeter is reduced at the expense of
additional weapon component costs. As the components are reused on future weapon
systems, so will the telemetry maps. This integration of weapons component and telemetry
measurement will significantly reduce future telemetry costs. (2) It is estimated that as
much as 30 to 40 percent of the cost of existing telemetry systems can be attributed to
interconnections. This estimate is based on the fact that interconnections are involved in
every phase of telemetry development. Reducing these interconnects will diminish this cost
to the system and increase the reliability. (3) The SMART system will have the capability
to perform a more effective telemetry test on the weapon system. As a result, this
diagnostic capability will improve the overall quality of the weapon. The SMART system
design methodology is the natural progression of mature systems which contribute to
cost/benefit improvements without sacrificing quality.



Figure 4 - Block Diagram of the SPU

CONCLUSION

The goal of the SMART project is to utilize the most advanced technology to overcome
the current design methodologies that have perpetuated shortcomings in present systems.
The main thrust of the SMART program is to provide an architecture for a telemetry
system that fosters modularity and adaptability. The result of this program is a system that
can be reused and configured for virtually any telemetry need. As such, this project is
being conceptualized to encompass a broader range of telemetry applications beyond the
present weapon systems at Sandia.
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ABSTRACT

Our telemetry department has an application for a data categorization/compression of a
high speed transient signal in a short period of time. Categorization of the signal reveals
important system performance and compression is required because of the terminal nature
of our telemetry testing. Until recently, the hardware for the system of this type did not
exist. A new exploratory device from Intel has the capability to meet these extreme
requirements. This integrated circuit is an analog neural network capable of performing 2
billion connections per second. The two main advantages of this chip over traditional
hardware are the obvious computation speed of the device and the ability to compute a
three layer feed-forward neural network classifier. The initial investigative development
work using the Intel chip has been completed. The results from this proof of concept will
show data categorization/compression performed on the neural network integrated circuit
in real time. We will propose a preliminary design for a transient measurement system
employing the Intel integrated circuit.

INTRODUCTION

A variety of electrical signals are generated during telemetry flight testing. One set of
testing, destructive testing, has a limited bandwidth where only a small amount of data can
be transmitted to the ground stations. The system shown in this paper uses a neural
network to categorize the pulse shape and generates a few bits of data representing the
category to send back to the ground station. A description of the data set and neural
network is given. Also a brief overview of the hardware used is given. The process of
obtaining a neural network and downloading the Intel IC is described along with the
results.



SYSTEM INFORMATION

SIGNAL CHARACTERISTICS

The data set used for this study included 410 pulses which represent 8 different pulse
categories illustrated in Figure 1. A normal pulse simulated from actual signal information
was the basis for our 8 categories. Two failure modes (partial drop-out and drop-out) were
found in signal data and are represented in our pulse categories. The 8 categories are used
to distinguish between the normal pulse and two failure modes with and without time
skew. The data set included variation in amplitude from 50 to 150% with random noise
added. As much deviation as possible was given in each category without moving into
adjacent classes. An exact count of each class of data pulses is given in Table 1.

Table 1

Composition of the 8 Categories in the Data Set

Normal Drop-out Partial Drop-out 
---------------------------------------------------------------------------------------

41 early 48 early 60 partial
39 mid 112 early-mid
20 late 60 mid

30 late

NEURAL NETWORK

The neural network used for the categorization problem consisted of a 64 input three layer
feedforward network with 8 outputs (one for each category). The internal layer was
constructed with 64 hidden nodes. The initial training and setting of the weights was done
using neural network software provided with the Intel development system. A back
propagation algorithm was used in setting the weights. The back propagation method is a
feedforward non-linear supervised learning routine.

In a feedforward network the signal inputs are introduced to the first layer of the neural
network. The signal propagates through the layers in a forward direction. Each node in the
hidden and output layer compute their own output by

x  = f(Gw x)j  i ij i

where x  is the output of the previous layer’s node, w  is the weight between nodes I and j,i         ij

and the sum is over the number of nodes feeding into node j. The function f() is a nonlinear



operator which is a smooth, monotonically increasing sigmoid function given by the
following equation

s(x ) = (2/(l+e )) - 1.j
-x

The network learns by having local error signals propagate backwards to the layers of
neurons during training. The network is presented with the data set and the appropriate
output value. The algorithm tries to minimze the error between the networks guess
(Pattern) and the true output value (Output). The equation used to find the error in the
software simulator is

Error = l/2*(Pattern-Output)2

The weights are adjusted by back propagation which takes the following equation

)W  = µ*x *Error.ij   I

where µ is the learning rate (a value between 0 and 1). [1,2]

The Intel circuit used is an analog neural network chip (ETANN 80170NX). This chip has
the capability of performing the above neural network in 6 microseconds with a single
chip. The neural network chip can perform 2 billion connections per second where one
connection is equivalent to a multiply/accumulate in Von Neumann digital computing. The
chip contains 10,240 programmable weights which are stored in the form of analog
charges using an Intel patented technology called CHMOS III EEPROM.[3]

The Intel chip does have some limitations. The ETANN IC has relatively low precision of
7 bits which is equal to 128 quantization levels so there is a limited dynamic range which
makes it less precise than a computer simulated neural network. The physical size of the
ETANN chip may present problems in our telemetry system. The IC is a 208-pin grid
array which is 2.25 square inches. Also a concern was raised as to the retention time of the
stored weights. Intel specifies a 10 year life before the analog weights drift significantly.

SYSTEM OVERVIEW

The complete system consists of an analog tapped delay line which samples the incoming
pulse data. These quantized analog values are stored and clocked into the Intel chip which
performs the categorization. The last stage is a comparator network which selects the
winner which corresponds to the category with the maximum value. This complete system
is shown in Figure 2 and must be used as the final proof of concept for the telemetry
application.



Figure 2: System Diagram

 IMPLEMENTATION

NEURAL NETWORK SIMULATION

Using the development system provided by Intel, a neural network was created with 64
inputs, 64 hidden nodes, and 8 outputs. To train the neural network, a tolerance of how
close the allowable output is from the input must be decided. For example, a tolerance of
90% means that if the desired response is 1 a value of .9 is acceptable but a value of .89
would fail. A tolerance of 80% was used which took three hours to generate the
appropriate weight file. This network was tested to insure correct responses on all of the
data set. Another parameter that must be adjusted is the learn rate. The learn rate is how
fast the network will converge upon the correct answer. This rate corresponds to the size
of the jumps the weight matrix will take for the next set of guesses. With too large of a
learn rate the network may never converge because the jumps may be too large to descend
to the optimal point. The learn rate was adjusted with larger values in the beginning
decreasing to smaller values as the network converged.

DOWNLOAD NEURAL NETWORK

The process of taking the computer generated weights and downloading on the chip is very
easy with the development system. A simple software command downloads the weights to
the Intel chip as would be done with an EPROM. The chip must now go through it’s own
training cycle hooked up to the development system. This again took several hours to
adjust the weights on the chip for it’s optimal performance. The chip was tested to insure
that all of the data set was correctly identified with the neural network on the chip.
Therefore, the chip correctly identified all pulses from the data set.

CONCLUSION

A neural network based system has been shown to be able to perform on-board pattern
recognition to assess transient pulse shape characteristics. A three stage system is needed
to quantize the pulse, perform the neural network, and pick the winner. Each of the



individual stages have proven to be successful. A printed wiring board will be developed
for the complete system in the near future. The Intel neural network IC allows fast
computations which is important in destructive testing. This is just one application of
neural networks and there will hopefully be many more in the future.
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abstract

Hybrid-ARQ schemes employ the simultaneous application of error-detection and
error-correction to combat transmission errors in a data communications system. In this
way automatic repeat request (ARQ) and forward error correction (FEC) schemes are
combined to offer effective error control. The key to implementation is the identification of
reliability information in the FEC decoding process which is used to alter the FEC
decoding algorithm. Under certain channel conditions, the realized efficiency is superior to
that of either FEC or ARQ.

1   Introduction

A data communications system is designed to move digital data from a source to an end
user. Most channels exhibit various forms of noise which corrupt the data and cause
transmission errors. A typical data communications system consists of a data
source/destination pair, a channel encoder/decoder pair, a modulator/demodulator pair, and
a physical channel. The channel encoder inserts redundant symbols based on an (n, k)
linear block code into the information symbol stream to form n-tuples called codewords
denoted v. Each codeword is modulated onto a carrier and then transmitted over the
channel. For the purposes of this paper, the transmitter/modulator, channel, and
receiver/demodulator are grouped together in the coding channel. The channel
encoder/decoder pair sees the coding channel as an additive source of noise symbols
which adds an error vector e to v resulting in a received n-tuple r = e + v. At the receiving
end, the decoder uses the redundancy contained in r in an effort to determine if any errors
have occurred during transmission. Traditionally there have been two catagories of error
control techniques: Automatic-Repeat-Request (ARQ) and Forward-Error-Correction
(FEC).

An ARQ error control scheme features error detection in conjunction with a
retransmission protocol. If no errors are detected in r, it is assumed to be error free and is
delivered to the user. When the presence of errors in r is detected, the decoder discards r



and requests a retransmission via a return channel. Retransmissions of a particular word
continue until it is accepted by the decoder. A decoding error is committed whenever r is
accepted and r contains errors. The throughput is a measure of the efficiency of the
scheme and is defined as the average number of information symbols accepted per
transmitted symbol [1]. The throughput is a function of the code, the channel, and the
retransmission protocol and is usually expressed as the product of the code rate k/n and a
factor which decreases as the probability of retransmission increases. Thus a degradation
in the channel conditions results in inefficient use of the channel and unwanted delay since
a great deal of time must be dedicated to retransmitting words with errors. This is the
major drawback of ARQ schemes.

In an FEC scheme, the parity check symbols are used for error-correction. When the
decoder detects the presense of errors in r it attempts to determine the error locations and
correct them. If the exact locations of errors are determined, r will be correctly decoded.
On the other hand, if the decoder fails to determine the exact locations of the errors, r will
be decoded incorrectly and erroneous data will be delivered to the user. Since there is no
return channel, retransmissions are not an option. For this reason high system reliability is
often difficult to achieve. The throughput of an FEC scheme is simply the code rate k/n
which remains constant with changing channel conditions. FEC schemes are used in
systems where retransmissions are not practical or not possible such as communications
with deep space probes and magnetic data storage [2].

The error events in ARQ systems are less likely than those oil FEC systems. For this
reason, a given (n, k) code will give better reliability when used in an ARQ scheme than in
an FEC scheme. However, the throughput of ARQ systems decreases as the channel
degrades whereas in an FEC scheme it remains constant. To compensate for this,
combined error-detection and error-correction are incorporated into type-I hybrid-ARQ
schemes. Type-I hybrid-ARQ schemes, first proposed by Wozencraft and Horstein in 1960
[3], are implemented by correcting a limited number of frequently occurring error patterns
(usually simple, low weight patterns) and requesting a retransmission when a more
complicated or less frequent error-pattern is encountered. By performing some error
correction, the probability of retransmission is reduced, thereby improving the throughput
over that of the pure ARQ. The retransmission of unreliable packets increases the system
reliability beyond that of the FEC system alone. In this way the positive features of both
FEC and ARQ are combined.

2   Implementation

A linear block code with minimum distance d  is capable of correcting all error patternsmin

of weight or less contained in the received word. Hybrid-ARQ error control is
performed by defining a number t called the allowed error correcting capability of the
code. When t <  the code is able to simultaneously correct v errors where
t < v < d  - t. When the number of errors in r is less than or equal to t, an ACK ismin



returned to the sender and the information content of r is delivered to the user after
decoding is completed. If the number of errors in r appears to be greater than t then r is
discarded and a NAK is returned to the sender. A decoding error occurs when tile error
pattern causes r to be within a distance t of a codeword other than the one sent.

The reliability of block codes is measured by P  , which is the probability that for au

single transmission the received block contains errors. When a block code is used in a
retransmission scheme the reliability is measured by P (E) which is the probability that anu

accepted block contains an undetected error:

(1)

where R is the probability of retransmission.
The performance of binary block codes used in a type-I hybrid-ARQ scheme over a

BSC with crossover probability p are [41

(2)

(3)

(4)

Type-I hybrid-ARQ is implemented by a modification to the FEC decoder. The key to
implementation is the identification of a source of reliability information in the decoding
process. This reliability information is used to determine if the decoder’s estimate of the
received word is reliable. If it is deemed that the estimate is reliable, decoding proceeds as
usual and the estimate is delivered to the user. An unreliable estimate on the other hand
generates a request for a retransmission.

2.1   Modified BCH Decoders

BCH (Bose - Chandhuri - Hocquenghen) codes are of great practical importance for
error correction, particularly if the expected number of errors is small compared with the
code length [5]. They are, as a class, the best known constructive codes for channels in
which errors affect successive bits independently [6]. The use of BCII codes in a type-I
hybrid-ARQ scheme has been considered before [7]. The decoding algorithm used in most
applications is a bounded distance decoding algorithm that iterivcly generates an “error
location polynomial” from the syndrome of the received word. The roots of this



polynomial indicate the positions of the errors in the lowest weight error pattern associated
with the syndrome. Thus the degree of the error locator polynomial can be used as a
source of reliability information since it is a reliable estimate of the number of bit errors
that have corrupted the received word. The modification of this decoder is all application
of the more general case developed by Wicker [8] and is illustrated in Figure 1. The
comparitor tests the degree of the error locator polynomial. If it is greater than the allowed
error-correcting capability t of the coding strategy, decoding is halted and a retransmission
of the codeword is requested. Otherwise, decoding proceeds as usual. Since BCH codes
are binary, the “error magnitude computation” block is not necessary.

2.2   Modified Majority Logic Decoders

Although the codes which are decodable using majority logic techniques are somewhat
less powerful than BCH codes for practical values of n, k, and d , they are an importantmin

class of codes due to the ease with which they are decoded. The decoding circuitry is
simple to implement and thus offers an attractive alternative for error control where there
are severe hardware constraints or where a high data rate precludes the use of another
decoding method. This class of codes includes Reed-Muller, Euclidean geometry, and
projective geometry codes [5, 9].

The use of J orthogonal check sums in a voting scheme provides a natural source of
reliability information in these decoders [10]. The error pattern contained in the received
word is determined in a bit by bit fashion; each error bit is assigned the value assumed by
the majority of the check sums orthogonal on it. The lack of a clear majority indicates an
unreliable condition in the decoding process. To modify the FEC decoder, a retransmission
region of width J centered about  is defined so that if the number of l’s (denoted 0)
among the J check sums is within this region, a retransmission is requested. The modified
majority logic rule is defined as follows:

Let ê  be the estimate of error bit e . Thenj       j

else request a retransmission.

This alteration produces a coding strategy which corrects   errors and detects
up to   errors. The general modification to the estimation circuitry is shown in
Figure 2 where the J check sums orthogonal on the error bit are denoted A ,A ,...,A . The0 1 J-1

modification is made to the majority logic gate in the l -step decoder, to the final stage in 



the L-step decoder, or to the final majority logic estimation circuit in any of the variations
of majority logic decoding.

2.3   Modified Reed-Solomon Decoders

The codes which have been discussed so far have been binary codes. Reed-Solomon codes
are a powerful class of maximum distance separable (MDS) nonbinary codes. These codes
consist of codewords of a fixed length n whose elements are selected from an alphabet
{0,1,..,2  - 1} so that m information bits are mapped into one of the 2  - 1 symbols.m              m

Kasami and Lin [11] showed that MDS codes are effective for both pure error-detection
(ARQ) and simultaneous error-correction and -detection (hybrid-ARQ). Wicker studied
the modification of the FEC decoder of these codes in a hybrid-ARQ scheme for high
reliability data transfer over a land mobile radio channel [8]. The modification of the FEC
decoder is basically the same as that of the BCH code decoder discussed above. The
essentials of the modification are shown in Figure 1.

Error Control Probability of
Strategy BCH Code Throughput Block Error

HARQ (128,99,4) t = 3 0.774 1.519 x 10
ARQ (128,113,2) 0.420 1.296 x 10
FEC (128,71,9) 0.559 5.707 x 10

-7

-7

-9

Table 1: Performance Comparison for Error Control Strategies

The performance of an (n,k) Reed-Solomon code with symbols from GF(2 ) over am

memoryless 2 -ary symmetric channel is given by exact expressions, since the codewordm

weight distribution   is known. Let q be the probability that that a symbol is correctly 
received and let p represent the probability that a particular symbol error occurs (assume
all symbol errors are equally likely) so that q + (2  - 1)p = 1. Then the performance ism

given by

(5)

(6)

(7)



The selective repeat transmission protocol was used in these calculations.1

where , the probability that a received word is within a distance k of a weight j
codeword, is given by

3   Results

As an example consider the following problem: It is desired to maintain a block error rate
of 10 , or less over a channel which has a received signal to noise ration of 1 dB and-6

suppose further, that hardware constraints limit the length of the code to 128 bits. The
hybrid-ARQ error control strategy, offering the highest throughput  is a (128,99,4) BCH1

code with t = 3. The performance of this strategy compared to the traditional ARQ and
FEC strategies is presented in Table 3. It is seen that at this SNR the type-I hybrid-ARQ
error control outperforms (in terms of throughput) either the FEC or the ARQ strategies.
This translates into a reduction of the required bandwidth expansion or an increase in the
effective available information data rate.

It is interesting to observe the throughput curves for these three error control
strategies as a function of SNR as illustrated in Figure 3. Of the three error control
strategies under consideration in this example, the hybrid-ARQ strategy offers the best
throughput when 0 < SNR < 2 dB.
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 Figure 1: Modification of the Algebraic FEC Decoder



Figure 2: Modification of the Majority Logic Estimation Circuitry



Figure 3: Throughput Comparisons
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ABSTRACT

The design and development of user interfaces for telemetry data processing systems is
undergoing a period of rapid change. The migration to graphics workstations is raising
expectations and redefining requirements for user interfaces in the nineties. User interfaces
which present data in crude tabular form on alphanumeric terminals are on a path to
extinction. Modem telemetry user interfaces are hosted on graphics workstations rich with
power and software tools.

This paper summarizes the evolution of user interfaces for telemetry systems developed by
Computer Sciences Corporation, highlighting key enhancements and use of third-party
software. The benefits of prototyping and the trend toward programmable interface
behavior are explored.

KEY WORDS: Graphical User Interface
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INTRODUCTION

The Realtime Data Systems Center (RDSC) of Computer Sciences Corporation (CSC) has
designed and implemented user interfaces for telemetry processing systems for over a
decade. The design of those interfaces has been influenced by end user requirements and
current technologies. With each new system, CSC strives to develop a telemetry user



interface which provides powerful graphics and maintains a careful balance between
simplicity and flexibility.

The fundamental role of the user interface in a telemetry system is to allow users to
monitor and analyze data during flight test and missile launch operations. Innovations in
hardware and software technologies have greatly improved the effectiveness of data
presentation over the past decade. In early systems, data was presented in tabular form on
alphanumeric terminals. Analyzing data was difficult on screens full of digits. Modem
telemetry systems present data to users with full color graphics making key events and
anomalies easy to recognize.

As telemetry users become increasingly computer literate, their user interface requirements
have become more stringent. Users expect the interface to offer a “look and feel”
equivalent to that enjoyed in the personal computing environment. A windowed
environment with a Graphical User Interface (GUI) is a new requirement being levied on
user interfaces today. In general, the trends laid down in the commercial computing
industry often set the stage for future telemetry system user interfaces.

This paper portrays the evolution of user interfaces for telemetry systems built by CSC
over the past decade. The features of each user interface are illustrated through its benefits
to the end user.

Telemetry User Interfaces: Then and Now

The evolution of telemetry system user interfaces built by CSC has been guided not only
by technological advances in the computer industry, but also by careful cost
considerations. The competitive nature of fixed-priced procurements compels CSC to
create user interface solutions that are a compromise between capability and cost. Because
the cost of workstations was prohibitive until the late 1980’s, most user interfaces were
implemented on graphics terminals directly connected to a host mainframe in a
non-distributed architecture. During the late 1980’s, significant performance boosts and
dramatic price reductions made workstations a viable component of distributed systems.

The software available with most graphics terminals used in early systems was scarce and
of a low level nature, requiring CSC to allocate considerable time and money to new
graphics application development. Conversely, workstations appeal to such a broad market
that a vast amount of graphics software with enormous off-the-shelf (OTS) capability is
readily available. The cost of developing a graphics capability equivalent to that offered by
today’s products is typically prohibitive. With the time constraints imposed by an
aggressive development schedule, the integration of OTS graphics products today is a very
attractive option for integrators such as CSC.



In addition to reducing the software development effort, the integration of OTS graphics
software minimizes the risks inherent in new code development. Selection of a reputable
vendor with an outstanding reputation for customer support is essential when choosing an
OTS product. As an added benefit, most vendors provide periodic software updates which
correct problems and often broaden the functionality of their products.

Resume of Telemetry User Interfaces

Over the past ten years, CSC has built systems which offer the end user an increasingly
more sophisticated user interface (Figure 1). From early systems which offered little or no
visual prototyping, to contemporary systems which give users the utmost creative control,
user interfaces have matured rapidly over the last decade.

Figure 1. Evolution of Telemetry User Interfaces. A representative collection
of projects highlight the improvements of each user interface implementation
(or development).

Integrated Flight Data Processing System (IFDAPS)

The IFDAPS was developed from 1981 to 1986, before low cost graphics workstations
burst onto the scene. Using a traditional non-distributed architecture, the IFDAPS user



interface for realtime data monitoring is provided on Megatek 7500 graphics terminals
directly connected to a host computer.

The approach for defining display formats in IFDAPS is analogous to the manner in which
programmers develop code. IFDAPS users design displays on paper and then describe
them through a high-level language called IFDAPS Source Language (ISL). The ISL is
processed by a special compiler and stored into object files. The IFDAPS must be initiated
before the displays can be viewed, often resulting in contention for resources between
setup and realtime system users.

Through ISL, IFDAPS users define displays comprised of stripchart graphs, bar charts,
tabular data, and special artificial horizon graphs (Figure 2).

The IFDAPS displays data with graphics, but user commands are entered as text. A
comprehensive GUI, with user input through graphical objects, was neither an expectation
nor a requirement when IFDAPS was developed.

Though IFDAPS does offer the user some flexibility in creating custom screen formats, the
absence of visual prototyping is time consuming and hinders the display development
process.

Test Support Facility (TSF)

The TSF system, developed from 1985 to 1988, was based on IFDAPS with a similar
hardware platform hosting the telemetry user interface.

The TSF greatly improved the IFDAPS user interface through development of a graphical
editor referred to as the Interactive Display Generator (IDG). IDG was developed to
provide rapid prototyping of custom displays with immediate visual feedback. Display
entities are sized and placed with a point-and-click interface via a trackball device. The
IDG reads and writes display descriptions to object files which are used directly by the
TSF system.

The TSF display capabilities transcend IFDAPS through realtime display modifications
made possible with IDG. At the request of a user, a display can be rapidly edited and made
available for use.

This streamlined approach to display development encourages an ongoing cycle of
enhancements and responsiveness to user needs at TSF. While the GUI and prototyping
offered by IDG did break new technological ground, its fundamental display capabilities
were based on IFDAPS with its inherent limitations.



Figure 2.  Sample IFDAPS Displays. The object types and available screen
layouts are limited in IFDAPS.



Telemetry Processing System (TPS)

A distributed system architecture characterized TPS, developed from 1988 to 1991. At the
time this system was designed, workstations with marked performance gains and attractive
pricing had become a reality. Enhanced product lines were introduced at an extremely
brisk pace, causing prices of existing equipment to spiral downward. CSC took advantage
of this opportunity and designed the TPS to include data distribution to an array of VAX
3200 workstations via Ethernet.

The graphics capabilities of the workstation warranted a fresh look at the design of the
telemetry user interface. For the first time, a number of third-party software products were
available which would provide significant off-the-shelf capability and reduce project
development costs. After careful industry review, the DataViews product from V.I.
Corporation was selected. DataViews includes a suite of tools allowing CSC to provide a
sophisticated graphics user interface with minimal code development.

The graphics software organization reflects the tremendous OTS capabilities offered by the
DataViews product (Figure 3).

Figure 3. Graphics Software Organization. The DataViews product offers a
wealth of off-the-shelf capability.



The DV-Draw graphical editor allows users to prototype displays through an intuitive
point-and-click interface. The user constructs a custom display by choosing and placing
objects in the drawing area. Over a hundred display objects are available including simple
objects such as circles and rectangles, graphs and charts, and text (Figure 4). Displays can
be previewed in DV-Draw with dynamic updates using simulated data. Custom displays
are saved on disk for later use by the graphics application.

The application calls DV-Tools library routines to perform a host of graphics tasks.
DV-Tools routines give the application control of the user interface, without requiring
low-level graphics functions to be implemented. The application calls DV-Tools to load
displays, connect display objects to actual data, and perform cyclic update of the screen.

DV-Tools and input objects enable the application to present a GUI, complete with
graphical input, with a minimum of effort. User input is collected through graphical objects
such as menus, toggles, checklists, and sliders.

Test Support Facility - Next Generation

The next generation TSF system employs a distributed architecture with a host computer
distributing data to an array of Silicon Graphics Incorporated (SGI) Personal Iris
workstations via the shared memory Universal Memory Network (UMN) developed by
CSC.

Resembling the TPS implementation, the DataViews product provides the foundation for
graphics on the TSF workstation. The next generation TSF extends the graphics
capabilities by giving the user the ability to define the telemetry user interface. In older
systems, users built custom displays but development of the user interface was a
significant programming task for CSC. Graphical tools allowed users to define the
appearance of a user interface, but lacked a means by which the behavior could be
described, forcing the behavior of the interface to be hard-coded in the application. The
implementation of rules in DataViews 8.0 paved the way for an innovative application
design.

The DV-Draw user defines interface behavior in terms of rules which are comprised of
events, conditions, and actions; and then runs a prototyping option to simulate the behavior
of the interface. The Realtime Executive (RTX) application was developed by CSC to
exploit the programmability of rules. In the same way the rules are processed by the
DataViews prototyper, RTX reads and processes rules to control interface behavior at
runtime. For example, a rule might specify that when an object is “picked” (event) with the
right mouse button (condition), a new is view loaded (action). This example illustrates how
the user can control the transition from one screen to another.



Figure 4. Sample DataViews Displays. The format of DataViews displays
are limited only by the user’s creativity.



The functionality of DataViews has been extended by RTX through the definition of
keywords which are entered by the user in DV-Draw. These RTX keywords are entered in
text fields and support enhanced data definition, processing, and many other special
features. RTX keywords give the user control over display and object update rates, and
allow the user to define drawports (i.e. drawing areas) and define a projection type for the
drawport. Drawport projection determines whether or not the aspect ratio of a display will
be maintained when it is drawn.

The Data Definition Language (DDL) is used to request access to data in memory. Each
data item accessible through DDL is referred to as a DDL source and is solicited with a
unique DDL keyword entered in DV-Draw. The keywords which comprise the DDL are
uniquely defined for each project. In TSF, the DDL provides access to measurement data,
measurement descriptions, date and time information, telemetry hardware status, and many
other types of shared memory data.

The RTX and its innate support of a programmable user interface has revolutionized the
way CSC’s customers participate in the development of the telemetry user interface. The
user has complete creative control of the user interface from concept definition through
implementation and maintenance. RTX is a generic application which can support an
infinite number of user interfaces, each with a unique appearance and behavior. The
benefit of this implementation will be realized with future projects developed by CSC.
RTX is non-project specific and provides a graphics capability which will be exploited by
future systems.

CONCLUSION

Telemetry user interfaces are maturing at an energetic pace. The appearance of
workstations has given these interfaces a whole new look. Once rare, a telemetry user
interface with a fully windowed environment and a GUI is becoming standard. Users will
accept no less. No longer satisfied with a programmer’s approach to defining displays
through descriptions, users want a graphical tool which provides visual prototyping for
rapid development of displays.

The most recent and exciting characteristic of telemetry user interfaces is the trend toward
programmability. A programmable user interface shifts control of the interface behavior
from the application to the user. Aside from the obvious benefit to the user, applications
which extend programmability to the user are generic and thus portable. Programmable
user interfaces effectively support the dynamic needs of users and will no doubt become a
requirement for future telemetry systems.
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ABSTRACT

Telemetry operation is used extensively on a typical Department of Defense (DOD) test
range to transfer data from an airborne transmitter to a ground receiver. The conventional
telemetry systems employed are usually narrow-band systems. When a large number of
airborne transmitters need to transfer data simultaneously to a ground station, a spread
spectrum modulation scheme can be used. The drawback of such a scheme, however, is
the large emission bandwidth required. The present frequency channeling plans in the
telemetry band do not support frequency approval of large bandwidth data telemetry
systems. However, a key requirement for obtaining the frequency approval can be satisfied
if it can be shown that the spread spectrum modulated signal does not interfere with other
systems in the same band. That is, the spread spectrum telemetry systems (SSTS’s) are
feasible if these systems are electromagnetically compatible with the existing narrow-band
telemetry receivers (NBTR’s) in their immediate environment. The electromagnetic
compatibility (EMC between the SSTS transmitters and the conventional NBTR would
promise the beginning of a new era for the telemetry operations on a DOD test range.

This paper develops a methodology to establish the EMC between multiple airborne
transmitters of an SSTS employing the code division multiple access (CDMA) technique
and a ground-based conventional NBTR on a typical DOD test range operating
simultaneously in the same band. The paper calculates the electromagnetic interference
(EMI) levels between the SSTS and the NBTR to establish the EMC between the two
systems.



INTRODUCTION

The DOD uses the telemetry bands of 1,435 to 1,535 Megahertz (MHZ), 2,200 to 2,290
MHZ, and 2,310 to 2,390 MHZ to support critical research, development, and testing of
new and improved airborne weapon systems at the national test ranges. The first two of
these bands are designated primarily for telemetry and telecommand functions associated
with the flight testing of aircraft, missiles, and major airborne system components.
Telemetry operations associated with launching and reentry operations into the earth’s
atmosphere, along with orbiting operations of manned and unmanned vehicles undergoing
flight tests, also use these frequency bands. Primary use of the third band is for
telemetering from space research stations; aeronautical telemetering associated with launch
vehicles, missiles and upper atmospheric research rockets; and on a shared-use basis with
fixed and mobile line-of-sight operations.

In the three telemetry bands 1,435 to 1,535 MHZ, 2,310 to 2,390 MHZ, and 2,200 to
2,290 MHZ discrete frequency assignments are centered on frequencies at standard
intervals of 1 MHZ, beginning at 1,435.5, 2,310.5, and 2200.5 MHZ, respectively, and
may have authorized bandwidths of at least 1 MHZ. A maximum of 99 1-MHZ channels
can potentially be assigned in the 1,435 to 1,535 MHZ frequency band and 79 1-MHZ
channels would be the maximum possible in the 2,310 to 2,390 MHZ band. The third
frequency band between 2,200 and 2,290 MHZ contains 89 1-MHZ narrow-band
channels. Wider (e.g., 3 MHZ and 5 MHZ) bandwidth channels are available in the
telemetry bands based on special applications. The three telemetry bands are used
extensively at the national test ranges. In most instances, frequency scheduling is required
because telemetry frequencies are shared among test missions and range users. Because of
the limited spectrum available, obtaining multiple wide bandwidth telemetry frequency
assignments to support a single test program is virtually impossible. For example,
requirements to test 100 airborne vehicles simultaneously where each test vehicle’s
telemetry bandwidth exceeds 1 MHZ cannot be met with conventional approaches because
of insufficient spectrum. Spread spectrum techniques can be implemented to overcome this
limitation without burdening the frequency spectrum requirements. However, the EMC
between the SSTS and its electromagnetic (EM) environment must be established and
approval must be obtained prior to acquiring these systems.

The frequency approval process for equipment is the key to minimizing and documenting
the potential impact of EMI and ensuring EMC between systems. Gaining frequency
allocation approval for spread spectrum systems presents challenges for the users and the
national level approving authorities. Standardized criteria are not available for this
purpose. A thorough analysis of EMC between an SSTS and an NBTR is needed to
evaluate the impact of SSTS’s on the EM environment. A better understanding of the
impact of an SSTS on an NBTR by the user and the approving authorities is the key to



open new opportunities for telemetry applications and begin a new era for the DOD test
ranges. A preliminary analysis is presented in this paper to establish the spread spectrum
system will not adversely impact the operation of any other system in its intended EM
environment.

EMC BETWEEN CDMA BASED SSTS AND NBTR

Spread spectrum modulation techniques such as the CDMA can be implemented to satisfy
a test program requirement for multiple wide bandwidth channels. In the CDMA technique
each data stream from the airborne platform is modulated directly with a different and
unique pseudo noise (PN) code. This results in a large radiated bandwidth for each data
stream. The advantage of modulating the data stream with different and unique PN codes
is that while all the radiated bandwidths occupy the same spectrum and the center
frequency, they can operate simultaneously without any cochannel interference. That is,
the CDMA technique would allow multiple users to simultaneously use the same telemetry
band without interference. It would allow selective addressing between possible users,
provide co-band interference rejection, low density power spectra for signal hiding, and
screening from eavesdroppers. The CDMA would allow applications that are not possible
with conventional signal formats. Thus, the implementation of SSTS with techniques like
CDMA would open new vistas for the range telemetry operations. The telemetry
spectrum’s use could be enhanced without jeopardizing any user.

The following paragraphs present a methodology (illustrated with an example) to establish
the EMC between an SSTS using the CDMA technique and a conventional NBTR. The
EMI levels are computed to establish the EMC between the SSTS and the NBTR.

SSTS SPECTRUM ARCHITECTURE FOR 100 DATA STREAMS

Consider an SSTS that uses a direct spread modulation scheme and has 100 airborne
transmitters. An implementation architecture based on optimum use of bandwidth, data
link margin, and hardware complexity is shown in figure 1. The scheme is implemented
using 4 center frequencies with 25 transmitters for each frequency; each transmitter
occupies the same bandwidth and each uses a unique code in the CDMA mode. If the chip
rate results in a 3-decibel (dB) bandwidth of 16 MHZ, then a guard band of 4 MHZ would
cause a net bandwidth requirement of 20 MHZ. In the CDMA technique, multiple data
streams from various transmitters are simultaneously transmitted on a single RF. Unique
PN codes differentiate each data stream. Each telemetry data stream may originate from a
different platform. A 20-MHZ bandwidth in the telemetry band (e.g., the upper S band
2,310 to 2,390 MHZ) is needed for each of the CDMA transmitters, requiring a total of 80
MHZ for 100 airborne vehicles. As discussed earlier, obtaining this bandwidth is virtually
impossible for standard broadcast techniques. The calculations in the following paragraphs 



Figure 1. SSTS Spectrum Architecture for 100 Data Streams

illustrate an SSTS using the CDMA technique does not interfere with the NBTR operating
simultaneously in the same band on a typical test range.

The concept is demonstrated with an example of 25 airborne vehicles simultaneously
transmitting on the same channel of a 20-MHZ bandwidth in the upper S band (2,310 to
2,390 MHZ).

CALCULATION OF EMI LEVELS DUE TO SSTS TRANSMITTERS

Figure 2 shows the SSTS transmitters are deployed on range A and the other user is at
range B. In the worst case scenario, the SSTS transmitter is assumed to be at the edge of
the test range A, 8 kilometers from the range B NBTR antenna.

An SSTS transmitter presumably has an onmidirectional antenna and an effective radiating
power (ERP) of 10 milliwatts (mw). If the losses due to atmosphere and multipath are
ignored, the interference power received by the NBTR (P  can be computed by theR

following equation:

P  = P  + G  + G  + 20 log (c/f) - 20 log(4BD) (1)R  T  T  R



Figure 2. Telemetry Sites at a Typical Test Range

where

P = SSTS transmitter powerT

G = SSTS transmit antenna gainT

G = NBTR receiver antenna gainR

c = Velocity of light in meters/second
f = Frequency of RF waves
D = Spatial separation between SSTS transmitter

and NBTR in meters



The transmitter ERP is 10 mw; therefore,

P  + G  = 10 dBm (2)T  R

A typical NBTR has a 15-foot parabolic dish antenna with a 3-dB beamwidth of 2º, a
boresight gain of 40 dB, and the side lobe levels of at least 35 dB below the main beam
beyond 35º from the boresight. Under the very unlikely event of another user of the same
band wishing to operate simultaneously on a nearby test range (range B), range resources
scheduling will ensure the narrow beam antenna of the NBTR will be directed away from
the airborne vehicles carrying the SSTS transmitters. Therefore, the SSTS transmitters will
never be within the main lobe of the narrow beam NBTR antenna. Consequently, side lobe
gain is used for interference calculations.

As shown in figure 2 the angle between the SSTS transmitter and the NBTR antenna is 40º
in azimuth; therefore, the NBTR antenna gain G  is calculated as follows:R

G  = 40 dB - 35 dBR

G  = 5 dBR

20 log (c/f)      = -18 dB
20 log (4BD)   = 100 dB

Substituting the previous results into equation 1 yields

P  = 10 + 5 - 18 - 100 (3)R

P  = -103 dBmR

CALCULATION OF INTERFERENCE THRESHOLD OF NBTR

The interference threshold for an NBTR is developed based on the bandwidth relationship
between the NBTR and the SSTS transmitter. An NBTR with a -3 dB Intermediate
Frequency (IF) bandwidth less than the -3 dB emission bandwidth of the SSTS transmitter
has a noise-like interference response. Conversely, when the NBTR bandwidth exceeds
the SSTS transmitter bandwidth, an undistorted response is predicted for SSTS transmitter
interference.

In this example the transmitters and receivers are assumed to operate in the upper S band
and the -3 dB IF bandwidth of the NBTR presumably does not exceed the -3 dB emission
bandwidth (16 MHZ) of SSTS transmitters. The first case of noise-like response in the
NBTR is discussed in the following paragraphs.



The telemetry sites at a typical test range use either a Microdyne 1200 MRA or MRC
telemetry receiver in the upper S band (2,310 to 2,390 MHZ). From the data sheets of
these receivers the worst case noise figure is 10 dB. Therefore, the noise floor of the
Microdyne 1200 receivers is calculated using KTBF values as follows:

K = 1.38 x 10 J/Kº-23

T = 290º K
B = 5 x 10  Hz6

F = 10 dB

Therefore,

NBTR noise floor = KTBF = -97 dBm (4)

The minimum detectable signal (MDS) (before the AGC circuit starts functioning) is about
3 to 6 dB above the noise floor. Therefore, the (worst case) MDS level for the NBTR is as
follows:

NBTR MDS =  -97 dBm + 3 dB (5)
=  -94 dBm

CALCULATION OF NET EMI SAFETY MARGIN (SM) OF NBTR

The SM between the NBTR receiver noise floor and the interference signal due to the
SSTS transmitter is

SM (noise floor) =  NBTR noise floor - P (6)R

=  -97 dBm + 103 dBm
=  6 dB

The SM between the NBTR MDS level and the interference due to the SSTS transmitter is

SM (MDS) =  NBTR MDS - P (7)R

=  -94 dBm + 103 dBm
=  9 dB

Therefore, the interference due to the SSTS transmitter at the NBTR will be at least 6 dB
below the noise floor and at least 9 dB below the MDS level.



CALCULATION OF SSTS POWER SPECTRAL DENSITY

Equation 8 shows how the power spectral density (PSD) of the SSTS transmitter can be
calculated. This equation shows the PSD of SSTS transmitters is less than that required by
IRIG-106-86 and National Telecommunications and Information Administration (NTIA)
power level limits for transmitters of greater than 1 MHZ bandwidth.

PSD = P  + G  - 10 log(BW) (8)T  T

where

P = SSTS transmitter powerT

G = SSTS transmit antenna gainT

BW = SSTS transmitter -3 dB bandwidth

PSD = (10 mw/16 MHZ)

PSD = -27.2 dBm/3 kHz (9)

The IRIG-106-86 and NTIA maximum power level limit requirement is -25 dBm/3 kHz.
The SSTS transmitter power is lower than the maximum PSD power level limit (-25
dBm/kHz) specified in IRIG-106-86 and NTIA specifications.

CONCLUSION

Insufficient spectrum availability in the telemetry bands makes the simultaneous data
telemetry from several airborne platforms impossible. Spread spectrum modulation can be
exploited to overcome this limitation. An example of an SSTS that uses a CMDA
technique and has 100 airborne transmitters is considered for concept demonstration.

PSD and EMI levels from an SSTS transmitter are calculated for a typical test range
environment. The calculations show the SSTS transmitter using the CDMA technique is
not a source of interference over the entire bandwidth of 20 MHZ, to any of the NBTR’s
operating on a typical test range. The NBTR considered in the example is a Microdyne
1200. Thus, the EMC analysis concludes the SSTS transmitters will not jeopardize the test
range operations and other users within the same telemetry band. That is, the SSTS is
practical and feasible in the existing EM environment on a typical test range.

The EMC analysis presented in this paper evaluates the impact of an SSTS on the test
range EM environment. Such an evaluation with a better understanding of the results both
by the users and the approving authorities is the key to enhance the use of the telemetry



spectrum, support simultaneous co-band data telemetry operations for a large number of
users, and also provide co-band interference rejection for all the users. This essentially
promises the beginning of a new era for the DOD test ranges.
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ABSTRACT

A Digital Output Recorder (DOR) system was developed by JAYCOR under contract to
Defense Nuclear Agency (DNA) for the recording of high-speed digital data from test
hardware exposed to radiation during an Underground Nuclear Test conducted at the
Nevada Test Site (NTS) in 1991. Electronics hardware for the system is based on the
well-supported Versa Module Europe (VME) bus which has become an industry standard
for digital process and control systems. The system collects, identifies, and telemeters the
data from several interfaces using the VME bus to a common data collection point above
ground. The system was designed with built-in flexibility and expandability to meet digital
data recording requirements on future underground tests (UGTs).

INTRODUCTION

The UGT community has been engaged in the gathering of digitized analog data for a
period of several years. Typically these recording systems have very high bandwidth
associated with EMP and other radiation effects with short duration requiring sample rates
in the hundreds of megasamples per second. The transient resulting from these impulses
can last for several seconds, or even minutes, requiring relatively long recording times.
Most previous measurements have been analog in nature or have not generated a
significant amount of raw digital data.

With the development of high technology weapons systems and their possible exposure to
battlefield and space-borne nuclear situations, more emphasis has been placed on the
hardness of the electronics in these systems. To determine their hardness and resulting
survivability, measurements must be made on systems when exposed to nuclear event



radiation levels in UGTs. Common radiation induced problems of interest include latch up
in solid state electronics, upset levels, recovery times for circumvention circuitry and
memory loss threshold. The system designed for this purpose and discussed in this paper
was fielded on a UGT at NTS. Several types of military hardware using sophisticated
electronic control technology were tested at system specification radiation levels. The
purpose of the DOR system was to record enough data from the digital interfaces, buses
and memories to establish the nature of potential system upset using state of the art
recording techniques. In order to perform this function, the DOR system had to be rugged,
possess large amounts of storage capability, and record data through the transient EMP
events expected during this test.

The following sections discuss this application more specifically and outlines what
happens to solid state electronics hardware being subjected to large radiation doses. Also
presented is the development of the final DOR, and the individual recording elements of
the system. The final section presents some enhancements which will be designed into
future tests. While the application of this system is somewhat removed from traditional
telemetry systems utilized on above ground testing ranges, its use of existing telemetry
technology was more than accidental. The choice was made as telemetry technology
provided the best solution for the system design.

DOR TEST ENVIRONMENT

Large-scale military systems containing digital instrumentation packages subjected to
previous UGT events have provided their own unique data recording instrumentation.
Some systems have used their Command and Control (C ) support electronics system and2

down-link telemetry for digital communications and data recording. A departure from this
technique of digital recording was used on more recent tests by recording digital data
generated by computer memory using memory modules from transient digitizers (128
kilobytes of data). Using this technique successfully demonstrated the capability to record
digital data directly from digital experiment hardware. This was a relatively small amount
of data compared to that which was to be required on future UGTs and a better recording
system had to be developed.

Electronic systems used to record data during UGTs are subjected to a severe operating
environment. The data recording system must be operated in an underground test bed
which is made up of many experimenters; there are manifold construction activities and
electrical noise generated by support equipment and operating environments are dirty
(dust, moisture) compared to a laboratory or computer facility. It is essential that
electronics systems for use on UGTs must be designed to function reliably as there is only
one opportunity to collect data from the experiment.



Systems exposed (Figure 1) to the first level included experimental C  Processors (System2

A) and a single-channel radio system. These systems were also exposed at a second level
along with an ensemble of subsystems. Total approximate data to be recorded from the
second set of electronics was 51 megabytes and 6 megabytes from the first set of systems.

Figure 1. System Block Diagram.

As presented in Figure 1, there was a wide variation in the types of data to be recorded.
The System A Processor had two data outputs: a 48-bit wide parallel data bus operating at
3 MHZ/sec and a MIL-STD-1553 serial data communications link between two
processors. Data from the radios was also recorded from both levels. These radios were
capable of providing voice and digital communications while using complex operating
modes involving frequency hopping. Data recorded included receive and transmit data
produced within the radio as well as health, status and bit error information from an
IEEE-488 bus. Data generated in System B was transmitted to the DOR on a 32-bit wide
parallel data bus running at approximately 160 kilo samples per second. An EIA RS-232
serial communications link was monitored to record health and status information.
Electronics hardware being monitored for System C included a MIL-STD-1553 and in
EIA-STD RS485 multipoint serial communications bit stream at approximately 1.3
megabits per second. Data from System D was transmitted over an IEEE-488 bus at
approximately 200 Kbytes per second.



DOR SYSTEM DESIGN

EARLY SYSTEM FORMULATION

Initial system engineering involved establishing the design parameters which the customer
considered essential for a successful data collection system. These requirements included
robustness, capabilities to interface to a variety of systems under test (SUT), and future
expansion capabilities. The government agency for which this system was being provided
had a long and extensive history in preparing and performing UGTs but lacked the
expertise necessary to field new data collection equipment which met the aforementioned
requirements. This was further complicated by the paucity of specifications determining
the type of measurements required by the experimenters and how much information was to
be collected.

A prerequisite in the project was to develop interface specifications on the amount of
information to be manipulated, the data rates and duration of the collection process, and
key environmental parameters the data collection equipment had to meet in order to
survive the experiment. This involved meeting with individual experimenters and
continually refining the interfaces to their equipment, a process that continued for the
entire system development cycle. To establish an initial scope of the amount and content of
the data, experimenters were required to develop interface specifications stating their
requirements such as:

1) Data Format: MIL-STD-1553, RS-232, RS-422, bus, etc.
2) Data Rates
3) Electrical Specifications
4) Duration of Data Collection

Circumstances involving experiment system hardware design and the late delivery of
detailed interface information dictated that initial system level designs require significant
broadening of the scope in terms of data collection rates and actual amounts (e.g., some
system interfaces were, in effect, over designed to be certain of meeting requirements that
were not fully specified until late in the DOR development cycle).

The collection of large amounts of data requires some rather complicated equipment,
therefore, understanding environmental conditions were as important during the initial
design phase. The UGT environment is not kind to systems performing measurements, and
severe stress due to higher than normal radiation levels, fluctuating power, dust, high
humidity, and mechanical shock are often encountered. Additional constraints were
imposed on the ability to reliably retrieve data after the event due to potential tunnel
collapse and the possibility of power failure. Concerns about the survivability of the data



collection equipment generated an initial requirement that all data be sent above ground
between the blast EMP and ground shock, a period of approximately 50 ms. Considering
the amount of data collected, this would generate a requirement for incredibly high data
rates or large numbers of optical fiber cable for the transmission of the data.

The above requirements and the scheduled time frame required the use of existing off-the-
shelf equipment. It was decided early in the project to rely on a well-known architecture
that had a variety of off-the-shelf interface boards available. An obvious choice was the
VME bus supported by several hundred vendors supplying many types of boards and a
mature bus structure which offered reasonably high throughput rates. The decision to use
an existing standard allowed us to concentrate on the system fundamentals of how
information should be stored and routed to the above ground portal data recovery area.

FINAL SYSTEM DESIGN
Overview

The evolution of system components was partially determined by the bandwidth of the
various signals and the proximity of the equipment to the source. Of significant importance
was that the data collection equipment be non-invasive and not affect the SUT. In addition,
the data collected was in no way to be altered by the data collection equipment. To
accomplish this purpose, a junction box consisting mainly of passive and radiation
hardened line termination and transmission devices was placed in a semi-protected side
drift. The system element served to condition the signals for transmission over twin-axial
cable to the data recording alcove. Once the signals arrived at the data collection units in
the recording alcove, they could be recorded on more sophisticated VME equipment.
These units provided the interface between the asynchronous SUT and the synchronous
fiber optic links to the decommutation equipment above ground at the Portal Recording
Station (PRS).

As stated previously, the decommutation equipment located at the PRS was off-the-shelf
equipment which allowed the user to select data based on a tag ID assigned as a function
of a particular source parameter in the input stream. This required a slight modification to
the decommutation equipment but still allowed the use of an off-the-shelf system. This
element of the system will not he discussed in this paper. It is sufficient to say classical
techniques for tagging, identification and processing of data with telemetry decommutation
systems were used in the design.

Junction Collection Box (J-Box)

Experiment hardware was located within test cells which allowed for connection to the
J-Box located in a cross-cut (a small tunnel at oblique angles to the main tunnel [main



drift]). Each SUT had its own J-Box consisting of redundant power supplies, line drivers
and receivers and miscellaneous interface circuits. The System A Processors J-Box
contained interface circuits to the 48-bit parallel data bus and the MIL-TD-1553 data used
in communications between two System A Processors. The data from the interfaces was
converted into EIA RS-422 format and transmitted to the digital alcove on RF-21
twin-axial cable where it was converted back to the original format. Of critical importance
was the timing skew associated with signal delays in the cables. All transmission cables
between the recording alcove and the J-Boxes had to be measured and trimmed to within
10 ns of each other to maintain interpulse timing. Table 1 outlines the interfaces within the
J-Boxes and their relative data rates.

Table 1. Test Data Summary.

Equipment Interface Type Data Rate Data Recorded
Under Test

System A MIL-STD-1553 1 Mbits/sec < 8 Mbytes
2nd Level 2 48-bit bus  2 x 3 Mwords/sec (per pair)

System B 32 bit Parallel 160 Kwords/sec 1.62 Mbytes
EIA RS-232 19.2 Kbits/sec

Radio IEEE-488 50 Kbytes/sec 16 Mbytes x2
System F/O Serial 3 x 4.8 Kbits/sec

F/O Serial 2 x 320 Kbits/sec

System C MIL-STD-1553 1 Mbits/sec < 8 Mbytes
RS-485 1.33 Mbyte/sec

IEEE-488 ~200 Kbytes/sec

System D IEEE-488 ~200 Kbytes/sec < 5 Mbytes

System A MIL-STD-1553 1 Mbits/sec < 8 Mbytes
1 st Level 2 48-bit bus 2 x 3 Mwords/sec (per pair)

Radio IEEE-488 50 Kbytes/sec 1.62 Mbytes
System F/O Serial 3 x 4.8 Kbits/sec

1st Level F/O Serial 2  x 320 Kbits/sec

Data Collection Units

The conceptual design of the DCU presented an interesting challenge to the team of
engineers and programmers responsible for this instrumentation. The DCUs (Figure 2) had
to interface to a variety of input data types which contained different data rates, signal 



Figure 2. DCU Block Diagram.

levels, word sizes and coding techniques. Some of the data rates (> 12 Mbytes/sec) were
rather high for a microprocessor-based system and required careful selection of vendors
whose boards could handle high data rates. Data was collected and stored locally on
purchased interface VME boards (MIL-STD-1553, IEEE-488, RS-422) or boards
designed specifically for project (parallel). Battery-backed CMOS RAM provided for
temporary non-volatile storage of limited amounts of data.

With the data acquisition problem solved, the next design issue was the routing of data
from each interface to a common transmission point using a 25 Mbit/sec fiber optic link to
the PRS. In addition, redundancy was provided by requiring data to be recorded on local
Digital Audio Tape (DAT) drives in case the fiber optic link should fail due to tunnel
collapse. Using the VME bus to transfer the data was ideal because it is a multimaster bus
which allows each board to operate independently of the others. Since the transfer took
place after the time-critical data acquisition period, storage speed was not a factor. To
provide a common point for the arrival of the data during the experiment, a 32-bit time
stamp was provided on the bus which could be read by all the individual interface
processing boards prior to the transfer of data to system memory.

At this point in the design, it became necessary to determine how data would be
transferred to a common area for transmission to the PRS and for storage on the DAT tape
units. Since the goal was to collate the information and transfer it over a common resource



(fiber) perhaps an existing technology could be utilized. The similarities to a modern
telemetry system was striking in that individual experiments provided a number of data
sources which were collated into a single data stream, transmitted to a remote site, and
recovered into data files representing the original sources. If the data sent from the
underground environment could be made to appear similar to telemetry data, then why not
send it in standard telemetry formats as frame/sub-frame data and decommutate it at the
receiving end. Initial considerations included sourcing the data in the telemetry stream
according to word location with frames and sub-frames. Since the data sources were highly
asynchronous, this proved to be a particularly difficult problem. Rather than use the
sub-frame or frame location, a source ID was included and the information was sent as
packets with the following information:

1) Source Identification
2) Number of Words
3) An Identification Code 
4) Linked List for Concatenation
5) Time Stamp

This determined the data format once it left the individual interface boards for the bus
master and system memory. The protocol for this transfer was as follows:

1) The individual interface requested control of the bus from the bus master.

2) After control was granted by the bus master, the interface would write a packet of
data to system memory.

3) Control was relinquished to the bus master, at which time the bus master would
store the data on DAT tape and begin transmission of the data over the fiber optic
link.

At this point, the data was handed to the fiber optic electronics and stored on the DAT
tape unit as backup.

Optical Fiber Interface

Early in the project the customer dictated the use of existing fiber optic plants which
limited the bit rate to 25 Mbits/sec. This required dozens of optical links, so it was decided
to begin the transmission of data through the cable after the subsidence of the initial EMP
and maintain the data in battery-backed memory for later storage on the underground DAT 



media. The DOR fiber optic subsystem consisted of a transmission and receiving unit with
the sending unit receiving data from the bus master through a FIFO interface (first in/first
out).

The transmitter prefixed a 16-bit sync word to the packet and terminated it with a CRC16
(cyclic redundancy check). The data was then bi-phase encoded and sent to drive two
redundant laser transmitters connected via multimode optical fibers to the PRS receivers.
The receiving unit accepted the redundant optical signals from the multimode fiber,
decoded each signal, and performed a level comparison to select the redundant signal
having the highest amplitude. The selected data and clock were then passed to the
decommutation equipment at the PRS. In order to maintain bit sync in the decommutators,
a “Null” packet was transmitted when the FIFO buffer was empty.

Portal Data Recovery

The receivers located at the end of the fiber optic link in the PRS were designed to accept
the bi-phase encoded information and provide clock and data to the decommutation
equipment. Since the data arriving was not in the standard frame/sub-frame pattern, the
decommutation equipment had to be adapted to look for certain ID patterns sent in the
packet header. Their were eight bit synchronizers interfacing to the decommutation
equipment, creating a total data stream of 240 Mbits/sec. As a temporary buffer each
decommutation module contained 85 Megabytes of non-volatile memory between the
system bus and the data input stream. Permanent storage consisting of a 760 Mbyte hard
disk and backup optical drive provided the final repository for all of the experiment data.
Data stored on the hard disk was also recorded onto floppy disks which were provided to
each of the experimenters for data reduction. In addition, the decommutation equipment
also proved valuable during pre-event system testing and signal dry runs.

SYSTEM SUMMARY

The relatively short development cycle of this system (15 months) dictated the borrowing
of concepts from technologies heretofore not utilized in the underground test community.
The adaptation of existing telemetry technology to this system proved that development
cycles can be shortened significantly if other alternatives are considered.

SYSTEM ENHANCEMENTS

System improvements to support more complicated UGTs will be a continuous process at
NTS. Efforts are underway to develop a 1.2 Gigabit/sec fiber optic link from the
underground alcove to the PRS. Other system enhancements will include a more reliable
storage system at the PRS, standardized interfaces to the SUTs and larger data storage



capability. These improvements will enable data to be transmitted at the rate it is gathered,
thereby reducing the requirement for underground data storage and the attendant risk of
tunnel collapse or system failure. The standardization of interfaces will be extremely
important as the complexity of each SUT increases by allowing flexible strategies for data
collection to be utilized by experiment designers. This allows DNA to maintain a field data
collection systems that broader coverage over experiments than systems designed
specifically for each UGT.

SUMMARY

Direct digital data acquisition for UGTs are being met by the DOR system which records a
diversity of digital data generated by many types of digital electronic systems. The system
was designed using the adaptable and versatile VME bus, utilizing existing off-the-shelf
hardware, and designing custom interfaces where necessary. A modified commercial
telemetry package was used at the PRS to recover and record data using a unique source
address and tag ID. To transmit data from the tunnel area, custom fiber optic transmitters
and receivers were also developed which interfaced directly to the portal decommutation
equipment. System improvements are an ongoing process and will continue through a
series of UGTs until a ‘standard’ direct digital data recording system is in place.
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ABSTRACT

Due to the vast amount of data required to be collected for design/performance analysis of
operational and development systems, there has evolved a real requirement for a
high-speed, large capacity, data collection/record system in a small Flight/Ruggedized
package. This need is realized by several user communities and factors which include the
evolution of small operational vehicles (airborne, land and UAV’s), the desire of weapons
manufacturers/integrators to be independent from the vehicle during vehicle integration,
and a general need for a field/airborne, reliable portable data collection system for
intelligence gathering, operational performance verification and on-board data processing.

In the Air Defence community, the need for a ruggedized record system was highlighted
after Desert Storm, in which the operational performance of the Patriot Missile was
questioned and data collection was not performed to support the performance. The Aydin
Vector Division in conjunction with the prime contractor, has come up with a solution to
this problem which utilizes a commercially available helical scan 8mm data storage unit.
This solution provides a highly reliable record system, ruggedized for airborne and field
environments and a low price in comparison with the more traditional approaches currently
offered.

This paper will describe the design implementation of this small ruggedized, flight worthy
Data collection system deemed the ATD-800 . It will also discuss the performance and1

limitations of implementing such a system, as well as provide several applications and
solutions to different operational environments to be encountered. Additionally, the paper
will conclude with several product enhancements which may benefit the flight test,
operational and intelligence communities in the future.
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DESIGN IMPLEMENTATION

Traditional recording methods reviewed

The instrumentation recorder has faithfully served the industry for over forty years with the
introduction of a true scientific instrumentation recorder in the early 1950’s.  Today’s2

instrumentation recorders offer a standard of performance which is expected and necessary
in many field/aircraft test situations. Greater bandwidth, longer runtime, and enhanced
operating features are combined in a package which is thoroughly proofed for use in harsh
environments. However, some applications don’t require such performance, particularly
when considering the real cost of such equipment in terms of weight, size, initial
acquisition and maintenance cost. These concerns have led to the development of a new
product which will meet the needs of many users in field/aircraft instrumentation
applications.

The design implementation process has enabled a commercial product to be adapted for
use in a non-traditional role. This is only possible through an intelligent design trade-off
study where benefits and liabilities have been carefully managed. The process started with
a careful statement of desirable features for the new product, to be discussed in the next
section.

Selection criteria for a new method

A digital tape recorder will provide several advantages over their analog counterparts
which are important to the overall goals of the development. High record density, extended
runtime, the availability of error detection and correction, and the ability to acquire data
directly from digital sources are considered extremely important. In addition, the low cost,
small size, and their current commercial availability are extremely advantageous. Most
commercially available recorders have been designed for the benign laboratory
environment, however, the low inertial mass associated with the selected transport and
record mechanisms helps to lend this product well to ruggedization and miniaturization
techniques.



The popularity and acceptance of the storage media will play an important role in the
attractiveness of the approach, as well as providing longevity and universality within the
industry. Small size cassettes are simple to use and store when compared to their bulky
cousins: tape reels.

With these considerations in mind, a value study was conducted to establish the suitability
of various storage technologies. DAT, 4mm, 8mm, and optical solutions were considered.
Speed, capacity, reliability, suitability, and many other factors were considered. Since
many writers have exhausted this topic, it will not be described herein except for the
stating the result.  We have selected 8mm technology Helical Scan recorder manufactured3

by Exabyte Corporation as the data storage unit, model number EXB-8500.

Overview of the EXB-8500, 8mm Technology Data Storage Unit

The EXB-8500 is a high performance, high-capacity 8mm cartridge tape subsystem
designed to meet the demands of super-mini, mainframe, and PC computer systems. This
unit has been adapted to operate as an instrumentation flight recorder. The recording
format is all-digital, achieving storage on magnetic media entirely through discrete flux
reversals on tape. Digital storage lends itself well to the recording of computer-based data
and information retrieved from computer subsystems typically found in field/aircraft
applications. In addition, the direct digital output from PCM Data Acquisition Systems can
be acquired for recording with minimal need to reformat the information.

The recording mechanism uses dual read and write head pairs with helical-scan recording
technology to achieve a continuous transfer rate of up to 500 KiloBytes Per Second
(KBPS). Higher peak transfer rates are met with internal data buffering, thereby achieving
peak rates of 4 Million Bytes Per Second (MBPS). The media is standard 8mm cassette
(112M) with a typical storage capacity of 5 gigabytes of information. For serial PCM
inputs at 16 bits per word, up to 2.7 hours at 4 megabits per second data rate or up to 22.1
hours at 500 kilobits per second data rate are typical run times.

Incremental tape start/stop technology is used allowing the user’s input rate to be isolated
from the tape transport rate without loss of data flow continuity. This results in maximum
utilization of available storage media.

The EXB-8500 uses sophisticated error correction code (ECC) and error recovery
procedures to ensure absolute data integrity and fidelity. Data is accessed through a Small
Computer Systems Interface (SCSI II) controller and is available in single-ended or
differential configurations.



The wide application of the EXB-8500 in commercial applications has led to immediate
acceptance of this approach among industrial and military users. Standardization to the
SCSI II protocol has eased the task of user-interfacing to the product, as well as enabling
the transfer of very high data bandwidths to tape.

Design concerns

Adaptation of the EXB-8500 commercial product to the harsh environments typically
found in field/aircraft applications has proven to be straight-forward and easier than
anticipated. The success is primarily due to the EXB-8500s ECC circuitry which employs
“read-after-write” technique to guarantee 100% data recording under a wide variety of
“problem” conditions including environmental extremes and media faults. The unit will
faithfully record every bit of information through a combination of Reed-Solomon
correction codes, and by physically verifying that every bit was successfully transferred to
tape. If a fault condition is found, the unit will automatically rewrite the same data to tape
at some location downstream from where the original attempt had failed. This is all done in
a real-time background mode, fully independent of normal tape write operations.

The commercial construction and components used in the manufacture of the EXB-8500
were not directly suitable for harsh environments. A “ruggedization process” has been
developed using an external chassis with a combination of shock and vibration isolators
and the ruggedization/replacement of certain critical support structures. This yields a
product suitable for applications in which MIL-STD-810C levels of shock, vibration and
temperature are required. “Smart environmental control” has been added to maintain the
proper operating temperature and humidity conditions necessary to allow the unit to
operate both in the heat of the desert and the cold compartments of aircraft. It is ironic to
learn that the primary limitation to operating temperature range is the tape media itself; not
the tape drive. A “smart” enclosure fan provides enough positive internal pressure to keep
out dust and dirt and to achieve rapid internal temperature stabilization.

System power requirements are 28VDC or 115VAC. Continuous operation between
power dropouts and undervoltage, or during short periods when power source transfers
occur is provided through an external backup battery provided by the user. This backup
battery also allows the removal of tapes should the primary power source be disconnected.

Special Features of the ATD-800

In addition to the ruggedization of the basic EXB-8500 to operate in field/aircraft
applications, several functional features are provided by the ATD-800. Figure 1 provides
the functional block diagram of the ATD-800 and figure 2 shows a typical system
connection.



Although the primary electrical interface to the tape unit is via SCSI II, users may record
direct PCM data per IRIG-106-86 at up to 4 megabit per second data rates. Incremental
start/stop tape transport and front-end data buffering always yields the maximum
data-to-tape capacity regardless of input data rate. Other versions are available which
accept IRIG-A/B/G serial time code inputs for time tagging, direct analog voice input
encoded and placed on tape, and MIL-STD-1553 Bus data monitored for selected data and
stored to tape. A wide variety of additional interfaces are currently in development.

Data Recovery

Once on tape, the data may be recovered by using the ATD-800 in playback mode, or the
tape cartridge can be carried to the laboratory for playback and analysis on laboratory-
based equipment. The ATD-800 includes EXDATA  utility software to facilitate data4

retrieval with such features as search on embedded time and search on frame number.
Once retrieved, the data is placed in standard ASCII format and can then be further
analyzed by any number of third party analysis programs such as DADiSP , Terametrix5

System 9000 Software , and others.6

APPLICATIONS

Operational Performance Verification System

The U.S. Army required a field ruggedized Digital Tape Record System which could
record the Weapon System Controller Tracking/Targeting Information for operational
analysis and performance verification.

The environment dictated the ATD-800 to survive an 18g shock level and a temperature
range of -20 degrees Celsius to +40 degrees Celsius. The unit was reconfigured with shock
mounts and a heater/temperature sensor was installed to meet these environments.
Additional environmental consideration was needed also for extreme dust particle
conditions. The unit would need to survive in a desert environment. A fan/filter
combination was included in the ATD-800 with the consideration to provide a positive air
flow when the unit was open during tape installation or retraction.

Operationally, the record system was to be a dual configuration such that one unit could be
utilized while the other was being read or the tape was being changed. This requirement
was met by the ATD-800 by a modification to the standard design. The standard SCSI II
bus interface was required to interface with a customer-furnished host bus adaptor, which
is specially equipped with a means for addressing several units. The ATD-800s inherent
SCSI II Bus structure also provides a means for high data transfer rates (up to 500 KBytes
per second sustained; 4.0 MBytes burst).



In addition to the 5.0 gigabytes of storage capacity, the tape deck for this application
operates in a “hard disk” type mode where storage of information only occurs when data is
transferred to the tape deck; otherwise is remains in an “idle” state to conserve tape.

Re-engine Program

The ATD-800 was selected as the Flight Test Instrumentation Data Recorder for a
commercial re-engine program for its capability to record bit rates of 2.0 megabits per
second for extended periods of time (greater than 6 hours), its compatibility with existing
commercially available PC-based computer analysis systems, and low unit cost. Additional
operational criteria included the elimination of pre-programming individual tracksplit
information (typically required for analog recording) and the inclusion of a turn-key
software playback package which enabled the ability for a “high-speed search on
embedded time” capability and interfacing to commercially available graphic analysis
packages to allow onboard data analysis when used with the PTU-800  playback unit.7

Airborne Data Collection System for B-1B/B-52

The Strategic Air Command (SAC) was required to replace obsolete data collection and
event acquisition systems supplied with the Test and Evaluation Aircraft from the aircraft
manufacturer. The application presented typical flight environmental requirements such as
temperature extremes from -35 degrees Celsius to +50 degrees Celsius, vibration, shock
and altitude. In addition to these requirements, the collection system was required to
operate continuously for an eight (8) to ten (10) hour mission and to time-correlate
acquired events to 1 microsecond.

The ATD-800 with a PCM interface was employed with Aydin Vector’s MIL-STD-1553
Bus Monitor (ALBUS-1553) to acquire the user-selected 1553 data with embedded time
code. The bit rate required for the mission duration was approximately 500 kilobits per
second but was also required to vary according to the mission phase (takeoff, cruise,
ingress and egress).

The ATD-800 was ideal for this application due to the large 40 gigabit storage capacity
and incremental tape start/stop buffer operation which is transparent to the varying bit rate.
The miniature size of the tape cartridge and it’s commercial availability resulted in
significant cost savings in storage and tape cost, and will provide a solution to a
long-standing logistics problem to the Air Force.



Weapons Vehicle Integration Test System

Wright Patterson Air Force Base Flight Dynamics Laboratory, as well as many Weapon
System manufacturers, required the development of a self-contained, miniature tape
recording system capable of recording over two (2) hours of data at a rate of 3.0 to 4.0
MBits per second while installed in a weapon (in this case the Advanced Medium Range
Air-to-Air Missile - AMRAAM).8

The ATD-800 recorder utilized a synchronized PCM stream interleave interface which
allowed WPAFB/FDL to maintain using their Ground Processing System without
modification. The ATD-800 is employed with vibration and shock mounts to survive
typical Tactical Aircraft Flight environments.

CONCLUSION

The ATD-800 has successfully adapted commercial 8mm recording technology to
applications which typically utilize larger and more costly instrumentation recording
equipment. This low cost alternative should be evaluated by today’s budget-minded
instrumentation specialist.
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 Figure 1. ATD-800 Functional block diagram
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Figure 2. Typical System Application



Instrumentation Tape Recorders Using DAT Technology

J. Heim - JOSEF HEIM KG. - Bergisch Gladbach

Instrumentation tape recorders have been known since the fifties. However, their
requirements have undergone complete changes. More and more, the large
“dinosaur type recorders” are superseded by new technologies, but when it comes
to recording large data volumes over a long time the magnetic tape cannot be
replaced by alternative recording methods. The following presentation will
introduce magnetic tape units based on the 4 mm digital audio tape. This family of
units has achieved large importance during recent years, since the DAT tape units
have very small dimensions and can be used for all purposes. Depending on the
application, analog and digital magnetic tapes are used. Thanks to the use of
digital signal processors the system specifications could be improved to a
considerable extent.

Multi-channel analog recorders operate with digital signal processing. The
transmission characteristics concerning amplitude and phase errors were
improved such that the residual error can be neglected during daily metrology
work. Furthermore, automatic calibration improves system accuracy and simplifies
the units’ maintenance.

Instrumentation Tape Recorders sind seit den 50-er Jahren bekannt. Die
Anforderungen haben sich im Laufe der Jahrzehnte jedoch grundlegend geändert.
Die großen “Dinosaurier Type Recorder” werden mehr und mehr durch neue
Technologien verdrängt. Bei der Registrierung von großen Datenmengen Ober
über längere Zeit kann das Magnethand durch alternative Registrierverfahren
nicht ersetzt werden. In folgendem Vortrag werden Magnethandgercäte, basierend
auf das 4 mm Digital Audio Tape, vorgestellt. Diese Gercäte-Familie hat in den
letzten Jahren besondere Bedeutung erlangt, da die DAT - Bandgercäte sehr
kleine Abmessungen aufweisen und universell eingesetzt werden können. Je
nach Anwendung werden Analoge- und Digitale - Magnetbandgercäte benutzt.
Durch den Einsatzt von digitalen Signalprozessoren konnten die
Systemspezifikationen wesentlich verbessert werden.

Merhkanal Analog - Recorder arbeiten mit digitaler Signalverarbeitung. Die
Übertragungseigenschaften im Bezug auf Amplituden- und Phasenfehler haben
sich derart verbessert, daß die Restfehler im meßtechnischen Alltag 



vernachlcässigt werden können. Automatische Kalibrierung erhöht die
Systemgenauigkeit und vereinfacht die Gerätewartung.

16 channel DAT recorder with full digital signal processing.

1.0 Introduction

For decades longitudinal reel-to-reel tape recorders have been used as data
storage devices in telemetric applications. High technical status and high reliability
were characteristics of these magnetic tape units. Figure 1 shows the technical
development of the magnetic tape technology. At the beginning of the seventies
the first instrumentation digital recorders were introduced. For digital recording the
well-known analog tape units were used in direct recording mode. The packing
densities at that time were 10 kBit/inch and the systems had no error correction
facilities. With passing years the packing density was increased to 33 kBit/inch.
Substantial improvements in the drive mechanism and head area were no longer
possible. The transfer rates could only be improved by improving the tape speed
and by distributing the data volumes to several tape tracks. This is how magnetic
tape systems were built that had 42 tracks and tape speeds up to 240 inch/s. Due
to the constant increase of recording density the error rates became larger and
larger which was no longer acceptable for the customer. At the same time the
system costs and the tape costs increased.

Many user have eagerly waited for alternative recording methods. A light on the
horizon were the optical storage media introduced in the eighties. The end of the
magnetic tape units was forecast. In spite of this initial euphoria, the optical disk
did not take the place of the magnetic tape. Magnetic tapes are still predominant
in mass storage applications. Due to the introduction of new developments,
especially the use of the helical scan technology and error correcting systems,
even new fields of application could be opened up.



2.0 Magnetic Tape Recorders - Pros and Cons

Magnetic tape recorders can store large volumes of data over several hours. The
magnetic tape is cost effective storage medium. The reel units have been
substituted by cassette recorders. Magnetic tape cassettes are very easy to
handle and are extremely suitable for archiving purposes. The recording speed is
not limited by physical processes. Bit rates of hundreds of Megabit/s can be
achieved with helical scan technology. Modern magnetic tape system use efficient
error correction procedures and are practically error-free. Ruggedized versions of
the tape drives are available for mobile applications. They can easily be used for
almost every application.

As a rule, the measuring results are evaluated by means of computers. To
achieve this, the registered measurement data must be transferred to the
computer. The access time of the magnetic tape systems is large, a random
access is not possible. For this reason the tape sections must be copied to the
computer hard disk before evaluation takes place. The actual processing can only
take place in the second step. The tape recording format must allow joining of
individual data areas in start/stop mode. The ambient temperature range is
determined by the magnetic tape. The range of -10 ºC to 45 ºC is regarded as a
reliable working range. In case of more frequent use the magnetic tapes are
subject to physical wear and should be replaced after being used approx. 50
times.

3.0 Optical Disk - Pros and Cons

Computers are capable of processing measurement data directly from the optical
disk. Access times are within the range of milliseconds and normally do not affect



the evaluation time. The disks can be read any number of times without being
subject to mechanical wear.

The recording/writing time is limited to several hundreds of kilobytes. In this field
no spectacular improvements can be expected. During the recording/writing
process the pads of the disk surface must be heated. To achieve this, time and
energy is required from the read-write head. However, this energy cannot be
increased to an unlimited extent, since otherwise the magneto-optical layer will be
damaged. Disk systems are suitable for stationary applications. Mobile
applications can hardly be realized, since the slightest vibrations and shocks will
result in write errors. Optical disks are too expensive for being used as archiving
media. There are no definite experimental values concerning ambient
temperatures variations.

4.0 Digital Audio Tape

During the second half of the eighties approximately 60 Japanese companies
developed the “Digital Audio Tape” under strict secrecy. They introduced a new
cassette with very high tape quality for the new DAT system. Originally, these
magnetic tape units were designed to allow reproduction of music recordings true
to life and supersede the compact cassette. However, their excellent system
parameters opened absolutely new fields of application.

Almost every magnetic tape unit was developed mainly for audio and music
recording. Metrology applications followed later. This also applies to the Digital
Audio Tape (DAT). The tape drive and the cassette can still be used for the
recording of measurement data. The electronics and interface boards had to
undergo special developments. In 1988 a new group of instrumentation tape
recorders using DAT technology was created.

Figure 2 shows the typical DAT mechanism. The head drum is 30 mm in diameter
and works with a speed of 2000 rpm. The 90 º angle contact is remarkably small.
The two rotating heads are offset by 180 º, but because of the 90 º angle of tape
contact they only have 50 % tape to head contact. A simple threading mechanism
with less tape path elements ensures safe operation without tape knotting up. The
tape is moved from the left to the right. A tape tension sensor ensures the correct
tension of approximately 10 g. The reel motors are controlled by means of a digital
control circuit. Several servo systems with very complicated control algorithms are
required for correct tape transport.



Figure 3 shows the tape path elements. The tape that is pulled out of the cassette
by S reel 1 (supply reel) passes fixed guide # 3 2, tension regulator arm 3, fixed
guide # 2 4, and roller guide # 1 5. Next the angle for winding around the drum 7 is
corrected by entrance side slant guide 6 and the tape is wound around drum 7.
Then the angle is corrected to the original angle by exit side slant guide 8, the
tape passes roller guide #1 9, fixed guide # 2 10 and passes between capstan
shaft 1 1 and the pressed pinch roller 12. Then it passes roller guide 13 and fixed
guide # 3 14 and is wound on the T reel 15 (take reel) inside the cassette. Tape
linearity is controlled by entrance and exit guides # 1 5 and 9.

A new cassette with small dimensions has been developed for the DAT drive
mechanism. This development has been influenced by many years of experience
with the video and the compact cassette. The DAT cassette is completely closed
when not in use. Not only the front with the magnetic tape, but also the tape reels
are covered and thus protected against dirt. The tape reels are fixed mechanically.
This means the tape cannot loosen and form loops during transporting. Only when
being inserted into the drive mechanism is the cassette opened on the front for the
magnetic tape and on the bottom for the reel motors. Identification holes in the
cassette that are mechanical sensors in the DAT drive mechanism give
information on the tape material, track width and recording lock. DAT cassettes
are commercially available with a recording time of 60 and 120 minutes. For two
hours recording 60 m of magnetic tape are necessary. A new cassette with 180 m
tape and 3 hours recording time is also available on the computer market for
streamer applications. The maximum recording time for the DAT cassette is
restricted to three hours.



Why is the DAT drive especially suitable for mobile applications?  An answer to
this question if found easily, when looking at the tape guide and the tape drive.
The smaller the weights, the more insensitive a magnetic tape drive will be
against vibration and acceleration effects.

The DAT cassette only weighs 23 grams, and the moving parts of the cassette are
also of lightweight construction. Special attention should be paid to the tape
tension regulator arm. Small dimensions and light weight of this part not only
mean insensitivity towards vibrational influences, but also a large dynamic range
for tape tension regulation.

The small drum diameter, only 90 º tape head contact and exact tape tension
regulation provide the DAT system with excellent features. The DAT drives
operate trouble-free under vibrations of up to 5 g. With suitable vibration isolators
the tape units can be subjected to 15 g shock (operating). These values are even
above the airborne instrumentation recorder. According to experiences made up
to now, the DAT tape drives show extreme reliable operating characteristics and 



can be used in a wide range for data recording in instrumentation engineering
without hesitation.

5.0 Multi-Channel Analog Tape Recorders

Through multi-channel signal electronics Digital Audio Tape Drives become
analog instrumentation recorders. The bit rate is fixed to 1.536 MBit/s, which
determines the signal band width of the analog channels. As in all PCM systems
the input and output filters take influence on the channel band widths. The
multipole analog filters used up to now no longer meet the requirements to
measurement accuracy and do not allow the full utilization of the available signal
band widths. Only digital signal processing can improve the specifications of an
analog recording system. The example of the DATaRec family shows that in
16-channel mode a fully usable signal band width of 2.5 kHz can be achieved for
every channel with 90 dB dynamics and less than 0.1 º phase error.

The block diagram, Figure 4, shows the individual subassemblies of the DATaRec
tape recording system.

5.1 Digital Filters

In PCM systems the analog signal is transferred in a time sequence of equidistant
sampling values, and then digitized. The relationship between the signal
frequency and the minimum required sampling frequency is given by the
SHANNON sampling theorem. To retain the signal frequencies in the origonal
signal, it says that the sampling frequency must be chosen such that it is twice the
highest signal frequency contained in the origonal signal. In order to meet the
requirements of the sampling theorem input and output filters are used in PCM
systems.

The existing channel capacity could only be fully utilized with an ideal low-pass
filter (see Figure 6). In this case it would be possible to simply double the signal
frequency to select the sampling frequency. Figure 7 shows the requirements of
an input filter for a 16-bit system. The filter attenuation should be larger than -96
dB at the point f  -f , since the so-called aliasing errors can occur. The reason fors b

this failure is undersampling which is produced by violation of the sampling
theorem. As it is known that each filter is always a compromise, depending on the
application, different filter types must be chosen.

The DATaRec magnetic tape system do not use analog filters. The Delta Sigma
analog-to-digital converter operates with 64-times oversampling and thus a simple
RC section is sufficient as analog filter. Due to this fact it is possible to achieve 





excellent transmission characteristics. The digital filters implemented in the ADC
is a very good approach to an ideal low-pass filter. In the transmission area the
ripple is smaller than 0.005 dB. In the stop band an attenuation of better than -90
dB is achieved. The phase error is almost zero. Unfortunately, these filters can
only be used in 2-channel operation with a limit frequency of 20 kHz. For the lower
signal band widths in multi-channel operation digital filtering is effected by means
of the signal processors.

Non-recursive digital filters were implemented into the unit. In the literature these
filters are often called FIR filters (finite impulse response). Two channels each are
served by one DSP. The calculation performance of the processor is limited.
Thus, we have to accept a restriction of the Tep figure of the digital filters. The
magnetic tape system is equipped with digital filters having 100 to 120 Tep. This
results in a full utilization of the MOTOROLA 56001 DSP calculation capacity.
However, it must be taken into consideration that the signal processor does not
only act as an input filter, but at the same time as an output filter. The input and
output filters are absolutely identical. Consequently, one processor must carry out
4 x 100 filter operations within two data words.

In the DATaRec magnetic tape systems the output filters are also constructed as
digital filters. The digital-to-analog converter (DAC) operates with 8-times
oversampling. Oversampling to us means the fact that the output word rate to the
digital-to-analog converter is higher than the word rate contained on the magnetic
tape. Seven calculated sampling points were inserted between two original
sampling points. For the calculation of the missing sampling points special
algorithms are used to achieve possibly the best sin(x)/x response of the original
signal. Due to oversampling no analog filters and/or only one single RC circuit is
required as analog filter.

5.2 Calibration

In multi-channel PCM systems the calibration of the analog channels is quite
complex. All components such as input amplifier, ADC, DAC and output amplifier
must be adjusted for offset and gain errors. This adjustment requires at least four
potentiometers per channel. If the input voltage ranges can be switched over,
these measuring ranges must also be adjusted and/or equipped with high-
accuracy resistors. It is known that analog components have short and long-term
drift values. In most cases, temperature changes result in short-term offset voltage
changes. Long-term variations of the zero and gain stabilities are caused by
component ageing. A measured-value resolution of 12 bits stability can be
ensured by using high-quality components. Offset and gain adjustments should be
carried out every three months, if the system accuracy is to be maintained. With



higher-resolution PCM systems there will be large stability problems. Even the
best analog components cannot guarantee a long-term stability of more than 3
months for a 16-bit system. Not to mention the cumbersome adjustment
procedure. For this reason, completely new solutions had to be found for the
DATaRec magnetic tape system.

After extensive stability inspections it was found that most analog components
have excellent short-term stability figures. The maximum registration time of the
magnetic tape system is 2 - 3 hours. This is sufficient, if the signal electronics
stability is ensured during recording or replay. An automatic calibration system
was developed for the DATa-Rec magnetic tape system family. In the meantime,
the calibration described here has been patent-protected for Josef Heim KG.

The initial idea of automatic calibration was that all analog assemblies be inserted
into the unit without having any adjustment. By the use of high-quality components
the short-term stability is garanteed for some hours. There is no provision for
adjustment of the signal electronics within the magnetic tape unit. Obviously the
analog circuits have offset and gain errors, these errors are corrected as follows:

Figure 8 shows the block diagram of the automatic calibration. Two assemblies
must be calibrated independently of each other,. the input amplifier with the ADC
and the DAC with the output amplifier. The core of the calibrating system is a
20-bit slow ADC. This ADC is factory-adjusted with a high-precision DC voltage.
The adjustment can also be performed later by the user, in order to maintain the
system accuracy for several years. Besides the 20-bit ADC there is a 14-bit DAC
on the calibrating board. This DAC serves as voltage source for adjusting the
input amplifier.



Provided the 20-bit ADC has been adjusted, the calibration is performed as
follows:

The input signal is separated from the input jack using the AS1 analog switch. The
AS2 analog switch is closed and the system controller switches a DC voltage
corresponding to 75 % of the measuring range to the amplifier input via the 14-bit
DAC. The analog-to-digital converter converts the DC voltage, the system
controller can read the actual value via the DSP. The measurement is repeated at
-75 % of the maximum recording capacity. Figure 6 shows the calibrating curve.
After the +75 % and -75 % points are determined, the system controller calculates
the zero and gain errors. During this measurement procedure it is not important
that precicely 75 % precise of the maximum recording capacity is used or not. The
output voltage of the digital-to-analog converter, i.e. the actual calibrating voltage,
is determined very precisely during the calibration procedure using the 20-bit
ADC. The deviations from the system controller are calculated with this value.

This is the procedure to determine the offset and gain errors for each channel.
During digital filtering the signal processor performs approx. 10 million additions
and multiplications per second. Before a data word is output to the system
controller for tape recording, offset and gain errors are checked. An offset
correction is nothing but an addition including a + or - sign. A gain error means
multiplication. The current deviations were determined by the system controller
during the calibrating process and the last step before the data words are output is
an addition for the zero corrector and a multiplication for the gain corrector.

In a second step the errors of the digital-to-analog converter and the output
amplifier are determined. The system controller transmits a data word
corresponding to +75 % and -75 % of the maximum recording via the DSP to the
DAC. Via the AS3 and AS4 analog switches the output voltage is measured by



the 20-bit ADC and the zero and gain deviations are calculated for the output part,
just as for the input part. Correction is performed again by means of an addition
and a multiplication for the zero and gain errors.

6.0 Discussion of Specifications

The DATaRec is the first magnetic tape system with complete digital signal
processing. Due to the features of this system the specification has considerably
improved, and a new level in PCM magnetic tape systems achieved. The
improved technical specifications over other magnetic tape systems requires
further explanation.

Every magnetic tape unit, in the ideal world, should replay an analog signal that is
identical to the origonal input signal. The record/replay process should not
introduce any errors or distortion. Unfortunatly the ideal case cannot be achieved,
however the main causes for errors occuring in PCM systems and how they are
reduced to a minimum in the DATaRec will be discussed in the following chapters.

6.1 Accuracy and Resolution

It is generally known that a higher measured-value resolution ensures higher
system accuracy. However, this thesis can only be accepted with certain
restrictions. A higher measured-value resolution is only meaningful, if all system
characteristics can be improved by its implementation.

In PCM systems the dynamic transmission characteristics are determined by the
input and output filters. However, the analog filters avaliable currently only have
up to a measured-value resolution of 12 bits. In other words: the transmission
characteristics of the filters used determine the system accuracy, no matter what
the measured-value resolution is. The DATaRec magnetic tape system uses
16-bit ADCs and 18-bit DACs. With these modules and other measures the
specified system accuracy was achieved.

The DC voltage stability is ensured by the automatic calibration system. The DC
voltage stability is approx. 15 bits resolution. For a wideband magnetic tape
system this value is excellent. The dynamic characteristics are determined by the
input and output filters. It must be noted that the overall error limits stated apply to
both, record and replay.



6.2 Dynamic Range

The dynamic range is the ratio between the fully modulated channel and the
smallest measuring signal, expressed in decibels. The theoretical dynamic range
of a PCM system is as follows:

Dynamic Range = 6.02 x N + 1.76 dB (N = number of bits)

Consequently, a 16-bit system, as is with the DATaRec magnetic tape system,
would achieve a dynamic range of 98 dB. These theoretical values are limited by
linearity errors, noise and other influencing factors. When quantifying error not
only the ADC but also the DAC should be considered, in fact when the entire
system is quoted preamplifiers and output amplifiers need to be included.

All in all the DATaRec magnetic tape system achieves a dynamic range of 90 dB.
Figure 10 shows the result of a measurement. A measurement signal of 490 Hz
was registered in 16-channel mode slightly below the maximum recording limit
(-0.1 dB). When calculating the useful dynamic measuring range the harmonics
produced are considered as well. Figure 9 shows that the distortion (second and
third harmonic) occurs at -95.3 dB. The signal-to-noise ratio is 92.5 dB.
Consequently, this results in a useful dynamic range of 90.7 dB.



7.0 Test Method of High Dynamic Range

The provision of reliable test results for high-resolution PCM systems becomes
more and more complicated, since currently used test equipment do not have the
required dynamic range. What requirements will have to be met by the test
devices?

Signal Sources

High spectral purity of the measured signal. More than -100 dB is
demanded. The Brüel & Kjaer sinus generator, type 1051, meets these
requirements. With its spectral purity of -106 dB this generator is suitable for
measurements with a dynamic range of up to 100 dB.

Analyzers

Spectrum analyzers have almost no chance. There is no commercially
available spectrum analyzer in the world market which might achieve a
dynamic range of more than 100 dB. The market offers units with a
measuring range of 100 dB, such as Hewlett & Packard’s Model 3585B.
However, due to inherent distortion, these units are only useful up to a
dynamic range of max. 90 dB.

In order to test the dynamic range of the DATaRec magnetic tape system on a
reliable basis, we had to find new methods. The only possibility is to take the
measured data over from a computer and to calculate the dynamic range using
well-known analyzing methods such as Fast Fourier Transform (FFT).

The Brüel & Kjaer type 1051 was used as signal generator. The measured data
was taken over from a PC and processed with a special calculating software. In
many cases the signal-to-noise ratio, also called dynamic range, was determined
as follows:

The measuring channel is fully modulated with a sinus signal and measured as
effective value. The second step is to short-out the measurement input and the
effective value of the noise voltage determined at the output. The ratio is then
stated as signal-to-noise ratio. This measuring method leads to completely
useless measuring results, since the distortions in the transmission channel are
not considered.



The result shown on figure 10 was measured according to the following method:

A 1024 point FFT is effected with the MIN7 window. This window function is
described later in detail. The maximum in the spectrum is searched and the sum
of the right and left “K” points is calculated. When during this calculation window
coefficients normalized to E = 1 are used, then the accuracy of the signal
performance is very high. In this case FFT is raised to the second power.

The noise performance is determined by adding up the squared spectrum and
divided by the window energy. During adding the range around ±K does not have
to be considered, since this section represents the signal component.

When using FFT the window effects are generally known. The FFT result of a
pure sinus signal is nothing but the window function used, displaced by the
measured signal frequency. For this reason, the dynamic range of the
measurement can never be above the dynamic of the window. Due to
measurement inaccuracies even certain reserves are required. The following
formula ensures reliable measuring results:

Window Dynamic SNR + 40 dB

The well-known window functions such as Rectangular, Hanning, Hamming,
Kaiser-Bessel etc. do not meet these requirements. The best of these probably is
the so-called “Kaiser-Bessel” window, the highest sidelobes (SNR) of which are at
-69 dB. The bandwidth is 1.8 times the line spacing (compared with 1.0 for
Rectangular, and 1.5 for Hanning). Theoretically, a Gaussian function (e )-x

transforms into another Gaussian function with no sidelobes at all, but the
Gaussian function is infinitely long and must be truncated in practice. Truncation
results in a highest sidelobe of -69 dB gives a bandwidth of 1.9 times the spacing
and is thus slightly inferior to the Kaiser-BesseL

Several new window functions have been developed for the performance
measurements at the DATaRec magnetic tape system. The FT7 (flat-top) is
designed especially for minimizing the picket fence effect and provides very
positive amplitude results. The highest sidelobe is -147.7 dB and the noise
bandwidth is 4.4. The FT7 window is perfectly suitable for high-precision
amplitude measurements up to a dynamic range of 110 to 120 dB. The price paid
for the amplitude accuracy was a larger noise band width. Figures 11 and 12 show
the FT7 window functions.



Figure 11 Figure 12

For highest-dynamic measurements the MIN7 window was created. When this
window function was developed, we considered the future. The MIN7 window
allows measurements with a dynamic range of up to 140 dB, since the highest
sidelobe is -180.5 dB. Using the MIN7 window PCM systems of up to 23-bit
resolution can be checked. The picket fence error is higher than in case of the
FT7 window, but the noise bandwidth is reduced to 2.6. Figures 13 and 14 show
the MIN7 window function.

The following table compares the known window functions with the new-
developed ones.

The window parameters of the FT7 and MIN7 windows will be published by us
soon. However, we are always in a position to provide our customers the
standardized window coefficients free of charge on demand. By this we want to
support measurements with larger dynamic ranges.



Window Type Sidelobe Falloff Amplitude
Highest Sidelobe Maximum

(dB) (dB/decade) Error (dB)

Noise
Bandwidth

Rectangular -13 -20 1.00 3.9

Hanning -32 -60 1.50 1.4

Hamming -43 -20 1.36 1.8

Kaiser-Bessel -69 -20 1.80 1.0

Truncated Gaussian -69 -20 1.90 0.9

FT7 (HEIM) -147.7 0 4.48 0.0062

MIN7 (HEIM) -180.5 0 2.63 0.4591

7.1 Filter Parameters

The digital filters were described in section 5.1. The present section shall describe
the filter parameters in detail. Besides the required attenuation in the stop band
the filters shall have amplitude and phase response in the transmission area. Very
good results were achieved with the digital filters implemented in the DATaRec
magnetic tape system. The following plots show the filter characteristics. All
figures include input and output filters, and the measurements were made during
recording and replay. The measurements were made with the following devices:

Spectrum Analyser, Hewlett & Packard Model 3585B
Network Analyser, Hewlett & Packard Model 3577A
Digital Oscilloscope, Tektronix Model 2430

Figure 15 shows the amplitude response of a 2.5 kHz filter. The transmission
characteristics are independent from the limit frequency. This example applies to
all filter frequencies with corresponding scaling.

The Cursor was set to zero at 2.5 kHz. At a frequency of 2500 + 890 = 3390 Hz
the filter achieves an attenuation of -93.7 dB. The ripple in the transmission area
is shown on figure 15. Before reaching the limit frequency the filter operates with
no attenuation. This ensure the specified signal band widths to be full utilized.



Especially worth mentioning are the small phase errors of the digital filters. Figure
17 shows the phase response. The visible ripple is not the phase error of the
system, but the measurement inaccuracy of the network analyser. The digital
filters have no phase error from the mathematical point of view. In the technical
data the phase error was specified with 0.1 º, since in our opinion this value is the
measurable limit. When considering the phase error care shall be taken that the
specified error applies as absolute error (to input and output) and does not only
represent the phase difference between the measuring channels.
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The Merlin ME 981-991 system is a unique data recording
system using standard unmodified video recorders. Video
recorders are inexpensive, relatively small, and capable of
recording enormous amounts of data. Unfortunately, video
records were not designed to record data, but rather to
record video. This means that in order to use a video
recorder for  data recording, that either the recorders must
be modified or the data must be made compatible with a video
format. We have chosen the second approach and have designed
the Merlin ME-981 data to video encoder to format data into
a video signal. The Merlin ME-991 video to data decoder will
reconstruct the data contained in the video to its original
format.

The disadvantages of modifying a video recorder are
that for an on-going program of modification, the same model
recorder should be available for the whole program.
Unfortunately video recorder manufacturers choose to make
changes to their recorders on an ongoing basis as their main
market is the consumer. Product recognition and perceived
value because of minor differences in features are vital to
this market. Hence to guarantee the availability of a
particular recorder is non-trivial. Additionally the efforts
involved in modifying a recorder to record pcm data directly
takes a significant engineering effort reducing the low cost
benefits of a standard video recorder.

Before discussing the requirements of a video recorder
we must discuss the video signal. In the U.S.A standard 525
video is defined by RS-170A. This document calls out a
15.7kHz horizontal frequency and 59.9 Hz vertical frequency
of an interlaced video field. Two fields are used to make up



a video frame. Horizontal sync is defined along with
vertical sync which is made up of pre-equalizing pulses,
broad pulses and post-equalizing pulses. Both horizontal
blanking and vertical blanking are defined as well.
Horizontal blanking should last for 10.9 usec and vertical
blanking lasts for 1271usec or 20 lines. During these times
video is not normally present, but as long as we understand
the purpose of these signals (Vertical and Horizontal
retrace timing) and respect them the performance of the
video recorder will not be affected. Horizontal blanking is
often used for clamping the D.C. level of video to an
appropriate level (normally 0 volts). Proper vertical sync
is particularly important in a video signal as there are
many ways to detect vertical using pre-equalizing, broad, or
post-equalizing pulses. Vertical is often used to control
the “vertical servo” (drum servo) of a video recorder
including head switch position.

The 625 line standards used in Europe are much the same
as the 525 standard used in the U.S.A. The major differences
(in black and white video) are the number of lines of video
per frame and the vertical frequency (50Hz). (The color
subcarrier systems used are significantly different, but
this will not be discussed in this paper). The line
frequency is 15.6kHz with 12 usec line blanking and 25 lines
of vertical blanking. Besides the need to accommodate these
differences between 525 and 625 line standards the 525 and
625 version of the ME 981-991 system are nearly identical.

In order to guarantee compatibility with any video
recorder we must obey the signal definitions of 525 and 625
standards. We must generate the synchronizing pulses
correctly including pre-equalizing, post-equalizing, and
broad pulses occurring during vertical and of course regular
horizontal sync pulses. These pulses are not all necessary
to every video recorder, but to insure compatibility we must
generate them.

Recorders have fixed bandwidths limiting the rate at
which data can be recorded. Recorders bandwidths should be
respected and data signals should not contain square waves
with large amounts of out of band energy. We have chosen to
use recorders with above average bandwidths to increase the
amount of data that can be recorded at one time. This has
caused us to design a system that is compatible with SVHS,
Hi-8 and U-matic recorders. Inside the recorders bandwidth,
signal to noise is very good. We have found that by
recording a multi-level quaternary (4 level) code we can
record more data within the recorders bandwidth than by
using a binary code. The quaternary code has shaped edges to



maximize the rise-times of the data while holding the
bandwidth to a level acceptable to a video recorder. This
allows us to record data at over 4.5 Mbits/sec.
Unfortunately we loose approximately one-third of this
bandwidth to video blanking requirements and another one-
fourth to error correction coding leaving us with an
equivalent continuous user bandwidth of about 2.2Mbits/sec.
The recorders being unmodified will still have their ability
to record for over 2 hours (on a two hour tape) giving us
the ability to store over 15.8 gigabits on a tape.

Additionally we should understand that because a
recorder is a mechanically based system timing errors will
occur on playback of the video signal. Normally the largest
timing error will occur at head switch which occurs at a
vertical rate just before vertical blanking starts. Smaller
line to line timing errors must be compensated for as well
if we are to recover data at a high rate. Vibration can
cause large line to line errors especially if the recorder
is not mounted correctly with vibration isolators.

Fortunately some of the time lost for data recording
due to blanking in the video signal is used for video sync.
If we make video sync and the video data bit rates related
we can use video sync to help recover timing information for
the data. This allows us not to have to rely on data
transitions for data clock recovery. In other words we can
record direct pcm data without pre-formatting it to a clock
recoverable format such as an 8 to 10 bit mapping or a bi-
phased signal (which would take up half of the available
bandwidth).

The problem of noncontinuous data recording during
vertical and horizontal blanking can be solved by using a
memory to read the data as recording space is available for
it. Because error correction coding, writing data to memory,
and reading data from memory must all occur at the same
time, we choose to use three memories. The memories will
sequence between being written into, error correction
coding, and being read from. The three memories will
sequence such that one memory will always be in each state.
This lead us to decide to switch the memories between states
at a video vertical rate.

Because of the sequencing of memories data recording
and reconstruction can be thought of as the moving of data
in memory from the encoder (the device that formats data
into video) to the decoder (the device that reconstructs the
data from video). This turns out to be a very useful concept
when designing interfaces for the ME-981/991 system. The
purpose of any encoder interface will be to read data from a



users defined format and write the data into memory. The
only complication is that we must be careful when memories
are swapped not to lose any data or to repeat any data.
Similarly the purpose of any decoder interface will be to
reconstruct the data from video into memory which will be
formatted to the users original data stream. Custom
interfaces may easily be designed given these concepts with
a minimum of engineering effort.

The ME-981 data to video encoder then is basically a
memory manager with a video sync generator built in. Data is
written into memory by an interface card that is compatible
with the data format being used. This card is responsible
for all external timing that the telemetry stream will see.
An error correction coding algorithm is performed on the
data to ensure data integrity. Finally, the data is read out
of memory at timing compatible with video sync and formatted
into a video signal with the quaternary coding. The data is
D:A converted, to generate the quaternary pattern, and
appropriate digital and analog filtering is performed to
keep the video data bandwidth within an appropriate range
for video recorders.

Error correction is necessary during playback of a
recording in order to compensate for any errors in the
playback video signal. If recorders and tape were perfect
there would be no necessity for error correction in any
recording process. Unfortunately this is not the case with
any recording process. Their is no inherent loss of data by
encoding data to video and decoding the video back again to
the original data. Any loss of data is due to limitations
and imperfections in the recording and playback process, and
should be compensated for by an error correction scheme.

There are three major causes of playback errors. They
are dropouts on the video tape causing large periods of
noise only playback, limited signal to noise ratio of the
recorder causing random errors, and tape timing errors which
are normally a second order problem but which under severe
vibration can become a much larger problem.

Dropouts have several sources including foreign
particles on the tape, minute head clogs during playback or
recording, and physical damage or improper coating of the
tape during manufacturing. Whatever the cause the result is
that on playback no rf is available to the video recorder
demodulator and only noise is present (or signal level is
equivalent to or less than the noise level) at the output of
the video recorder. These errors may last from a few
microseconds to a few lines of video. (Typically
manufacturers grade tapes based on statistical analysis.



Better tapes are those that have fewer dropouts.) Even with
the best of tapes however dropouts tend to occur with much
greater frequency in the first and last five minutes of
tape. This is likely caused by handling the tape when it is
loaded and unloaded from the video cassette.

Signal to noise in any process is limited. Although
average noise levels on playback are quite small, peak to
peak levels are capable of causing errors even under ideal
playback conditions. This problem can be greatly exaggerated
by the miss tracking of a video recorder. If the tracking on
a video recorder is adjusted so that the heads are scanning
between tracks or even on the wrong track (in an azimuth
recording system) signal to noise can become so significant
a problem that no recognizable signal is present on
playback. Additionally worn parts (especially video heads)
can dramatically effect playback signal to noise. It is
important to keep video recorders in good operating
condition to maintain best signal to noise and hence error
rate.

Large timing errors between lines and fields of video
during vibration can be corrected best by following these
timing errors on playback to compensate for the timing
changes during a line. The sampling of bits cells should
follow the line to line timing errors in an attempt to
correct for these timing changes. Additionally proper
mounting via vibration isolators is critical to operation
under vibration. With proper mounting, video recorders
successfully record stat even when subject to vibration
levels above .01 PSD (20 to 2 Khz) or 4.45 gRMS.

When recording picture information dropouts are
normally concealed from the viewer by a dropout compensator
which replaces a line of video with a dropout in it with the
previous line of video. While this method of hiding errors
works well with video signals it is a disaster for digital
data streams. Head switch and line to line timing error can
be compensated for by a Time Base Corrector (TBC), to return
a video signal to its original continuous, stable form. A
normal consumer grade video recorder will not contain a TBC,
but will contain a dropout compensator capable of handling
dropouts lasting a line or so. This makes very acceptable
pictures for a consumer. In professional video recording
where multiple generations of recording and playing back are
often used, a good dropout compensator and a TBC are a real
necessity. However, in data recording it is essential that
both the dropouts in an data stream and the timing
variations are removed from the data stream. Hence a video
to data decoder like the ME-991 should and does compensate



for dropouts and line to line timing errors without the use
of additional equipment.

The Merlin ME981-991 system uses a vector cubed method
for error correction. This system assumes that the major
source of errors are dropouts. (This assumption has been
substantiated by extensive laboratory testing). Basically
the vector cube is a method for loading data into memory
(dimensioned to represent a cube) such that multiple error
correction vectors can be generated on three separate axes.
A fourth axis will contain an error detection code (in this
case a CRC checksum) to mark errors needing correction along
any of the other three axes. When error correction takes
place, data is read along the appropriate vector along with
the CRC’s of the bits in that vector to check if correction
is possible. If it is possible then the correction occurs
and the data bits’ CRCs are marked as good. If correction
cannot occur then the bits and their corresponding CRCs are
left alone. Multiple passes are made through the data on the
different axes to attempt correction. Vectors can interact
such that data not correctable on the first axis may be
correctable after an error is corrected by one of the other
axes. The Vector cube is capable of correcting a burst of
over 8496 bits or equivalently a dropout lasting over 36
lines of video. This is an extreme case assuming only this
one dropout but it gives an idea of the robustness of the
vector cubed error correction scheme to dropouts.

The ME-991 video to data system is the complement to
the ME-981 system with the addition of the Vector Cubed
error correction algorithm. The ME-991 is a rack mountable
unit running off AC power. Video from a playback recorder is
connected to the video input of a ME-991 with the
appropriate data interface installed. Video is sampled at
appropriate times to recover the data bits recorded in the
video signal. Sample timing is of course critical to the
recovery of data. Sample timing is locked to video sync via
a Phase Lock Loop (PLL) such that line to line errors are
followed and vertical head switch does not cause problems
even when severe skewing occurs. The phase of the bit
sampling is set by a preset data sync pattern at the
beginning of each video line containing data information.
Data sync is used to optimize the sampling phase of the data
recovery clock, and also to determine the playback level of
the video recorder. Data timing may be modified during a
line by carefully noting the transition timing between bit
cells. Video is sampled with an A:D and the quaternary
pattern is determined based on this sample and an average
video data level measurement. The data is written into



memory with the same addressing as was first used in the
encoder. The Vector Cubed error correction method is then
performed on the data as needed. Appropriate memory for
multiple passes of error correction is of course designed
into the ME-991 video to data decoder. The level of the
error correction and a indication of correct PLL lock and
average data video level are all displayed on the front
panel of the ME-991. Finally an appropriate data interface
card reads the data out of memory and re-formats the data
back into the original data stream as it was presented to
the video to data encoder.

Interfaces such as the 2.2Mbit PCM I/F must write data
into memory in the encoder and read it out again from the
decoder. Additional information such as data rate and number
of bits of data used in the present memory must also be
stored in memory. Buffering to ensure that no data is lost
when memories are swapped must also occur in both the
encoder and the decoder. The decoder interface is
responsible for reading the data out of memory before the
memories are swapped and regeneration the original clock
rate and timing of the original data stream. The encoder
interface is responsible for writing this data into memory.

Similarly for a 1553 data interface data should be
written into memory by the encoder interface as the data is
received. If no data is received then mark or space bits
should be added to preserve the original data timing. In the
decoder it is important with a 1553 interface to write words
back onto the 1553 bus with the same timing as they were
received with. Obviously buffering so that only full words
are sent to the bus is necessary so that when memory
switching occurs no partial words with spacing in the middle
are sent to the bus. The 1553 data may be connected to any
1553 monitoring equipment to “see” exactly what happened
when, and what devices on the buss were acting improperly,
or with unexpected results.

Data interfaces in both the encoder and the decoder can
be changed easily. One and a half of the five board slots in
the encoder are available for use with different customized
interfaces. In the decoder one large board space is reserved
for an interface card.

The Merlin ME 981-991 system of encoding data to video
and then recording it on video recorders has been shown to
work well and provide an economical way to store moderate to
large amounts of data efficiently. The data to video
encoding and decoding system uses only the video input and
video output signals of a video recorder. All of the
recorders audio and auxiliary channels (if available) are



still available to the user. The cost of tape and recorders
are kept very low by the huge number of users of video.
There are a several companies manufacturing video recorders
that are qualified to harsh environments, and these
recorders are available at moderate cost. Of course ground
based playback units do not need to be qualified to these
environmental conditions, so they are available at much
lower cost. Future video recorders and recording formats
will be compatible with the video to data system, so that
the system will not become obsolete in just a few years
time. Interfacing to custom data streams can be accomplished
with a minimum amount of effort thanks to the efficient
memory based concept of transferring data. Data integrity is
insured by the Vector Cubed system of error correction. The
ME 981-991 system has been installed on a wide variety of
aircraft, and other mobile platforms and has been proven to
work well under the demanding conditions it was designed
for.
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ABSTRACT

A family of data recorders are being developed for use by the Boeing Commercial
Airplane Company in flight testing the 777 airplane. The intention is to have a family of
recorders which all have the same interface to the recording and monitor systems but have
vastly different data rates and capacities. At this time two recorder systems are being
developed. The large recorder will be an Ampex DCRSi with a custom interface for the
new data acquisition system. The small recorder will be an Exabyte Model 8500 with a
similar interface to the one being used in the DCRSi. An intermediate recorder may be
developed if the economics of the system show that it would be cost effective but, it is not
presently under development. This paper discusses the recorders, the modifications
necessary to develop the interfaces and the interfaces themselves for both the large and
small recorders.

INTRODUCTION

Figure 1 is a high level diagram of the data system being developed for flight testing the
Boeing 777 airplane. The emphasis in this drawing is on the recording subsystem. The data
flow in the system is from the data acquisition system to the recording system interface and
from there to both the recorder and the monitor system. The monitor system is an on-board
real time data processing system which is used for real time monitoring of test conduct.
The subject of this paper is the recording subsystem that is being developed. There are two
sizes of recorder being developed. Both utilize existing commercially available recorders
with a custom interface to make it work in the overall data system. The large recorder is an
Ampex DCRSi II which uses one inch tape in an Ampex. cassette. The small recorder is an
Exabyte eight millimeter recorder.



Figure 1 System Block Diagram

NEED FOR MULTIPLE SYSTEMS

Boeing Commercial Airplane Groups Flight Test organization has requirements to install
data acquisition and recording systems in many different airplanes for a wide variety of
tests. The most obvious of these requirements is to install a system to acquire and record
the data needed to certify a new airplane. This class of system will require measuring over
ten thousand parameters on flights lasting up to fourteen hours. At the other end of the
spectrum are the tests required to certify a new avionics box or to investigate a customer
complaint. These tests may only require that a few parameters be recorded. In addition
some tests, which are performed on airplanes which are in airline service require a
physically small system so that it can be installed in any available space. To meet the range
of requirements this places on the recorders we have chosen to develop two different sizes
of recorders.

SYSTEM LEVEL REQUIREMENTS

There are two high level requirements placed on the recording subsystem by the overall
system design. The first is that both recorders look the same to the other elements in the
system. This means the data interface must be the same for both recorders. It also means
the control interface must be the same and respond to the same set of commands. The
second requirement is that the data must fall through the recorder to the monitor without
being delayed. The monitor systems in use are real time systems which expect the data to
arrive at its input in the same time sequence that it was acquired by the data acquisition
system. This implies that no buffer memories may be placed between the data input and
output ports.



THE SERIAL DATA INTERFACE

Data is received from the data acquisition system as a series of twenty-four bit words.
Since the recorders are incremental these twenty four bit words do not need to make up a
continuous bit stream but will have gaps between words. The time of appearance of a data
word is controlled by the time that a particular data word is sampled by the data
acquisition system. In the case of analog data, the data rate for any given input data stream
will be carefully controlled, but there will be several of these units in a system, and they
will not be synchronized, so there will be peaks in the output data rate. The time that a
sample of data is acquired from one of the aircraft data buses is controlled by the airplane
systems themselves. Data is usually put out at regular intervals, except for maintenance
data, but, again, there are over a hundred systems on the airplane running asynchronously
so the data will be coming into the recorder at a variable rate. A frame synchronization
pattern will be inserted into the data stream after every 512th data word to allow the
monitor system or the ground based tape-data-retrieval system to obtain word
synchronization. The average data rate will be different for each recorder, but it is the data
acquisition system which must be set up to control this average data rate. On tape
playback, using the on-board monitor system, the data would normally be put out by the
recorder at a constant rate, but since it was not received at a constant rate, the programs in
the monitor system do not want to receive it at a constant rate. The monitor system has
hardware built in to use the time embedded into the data stream to control the rate at which
it takes data from the recorder.

RECORDER CONTROL

The recorders are controlled using an RS-422 link from a control processor. This control
processor will be in the data acquisition system when a small system has been assembled
and no monitor system is present on the airplane. In most cases when an operator is
present, a recorder control panel will be installed to give the operator manual control of the
recorder. In other cases the control of the recorder can come from the monitor system. The
set of commands which will be used by both recorders is a subset of the DCRSi
commands as defined by Ampex.

THE LARGE RECORDER

The large recorder is used in major test programs such as the certification of a new
aircraft. These programs normally require the recording of several thousand different
parameters at a wide variety of different sample rates. A block diagram of the large
recorder is shown in Figure 2. Data is received from the data acquisition system over a
forty-megabit-per-second serial link. It is converted to a byte wide parallel format and
passed in this form to the recorder and to the data transmitter. The data transmitter 



Figure 2   Large Recorder Block Diagram

converts the data back to the serial format in which it was received and passes it along to
the monitor system. The recorder interface has the capability of sending a Ready/Busy
signal back to the data acquisition system if data is coming in too fast for the recorder.
However, since the DCRSi is capable of running much faster than forty megabits per
second, it is tied to the ready state. When the recorder is placed into the playback mode,
data flows from the recorder to the data transmitter for transmission to the monitor system.
In this mode a Ready/Busy signal from the monitor system to the recorder is used to
control the data transmission rate. Since the monitor system is used many times when it is
not necessary to be recording data, the interface must always be in the mode of passing
data from the acquisition system to the monitor system, except when it is in the playback
mode. This includes times when the recorder is powered down. For these times the power
for the interface is supplied by the monitor system.

 THE SMALL RECORDER

The small recorder is used in systems where a limited amount of data is being acquired.
This may be a test with a limited objective being run before an airplane is delivered to the
customer airline or a test being run on an airplane which is in service with an airline. A
block diagram of this recording subsystem is shown in figure 3. The interface to the small
recorder is the same as the interface to the large recorder. The serial data input and output
lines are the same, but internally, the data is passed to the recorder through a byte wide
SCSI interface. The Ready/Busy line back to the data acquisition system is required to be
active since this recorder cannot accept data at the rate at which it can be sent. Since SCSI
is a block transfer bus, there is a small buffer memory in the SCSI interface to collect a
block of data before it is transferred to the recorder. However, the data does not pass
through this buffer before being applied to the data transmitter. The buffer only needs to be
large enough that the micro processor does not normally need to set the Ready/Busy line to 



Figure 3   Small Recorder Block Diagram

busy when making a transfer. There is a one megabyte buffer in the recorder itself which
can be used to handle peaks in the incoming data rate. It is important that the recorder not
set the Ready/Busy line to busy more than is absolutely required since it interrupts the flow
of data to the monitor which will cause distortion of the time of arrival of the data at the
monitor system. In the tape playback mode the recorders data output rate is controlled by
the monitor system using the other Ready/Busy line. This recorder responds to the same
command set as the large recorder. The primary requirement for the micro processor in the
system is to translate the commands received from the RS-422 interface into commands
that the Exabyte recorder can understand.

SIMILARITIES AND DIFFERENCES

The basic recorders are both designed to be incremental recorders, and that is about where
the similarities end. To take these two recorders and make them appear the same to the
system has presented a challenge. The DCRSi was designed as an instrumentation data
recorder with a large set of commands which are tailored for this usage. The ExaByte was
designed as a computer peripheral device. One of the features of the DCRSi is that it
accepts an interface to an IRIG B time signal and can record the time on a separate track
from the data. This allows the tape to be searched at a high rate for a particular time during
tape playback. The ExaByte recorder does not have either an auxiliary track or a time
interface. To solve this problem we specified the interface to the small recorder so that it
could obtain time of day information from the data stream itself. This solves the problem of



providing a source of time that was synchronized to the data acquisition system. Without
an auxiliary track the problem of doing a high speed search for that time needed another
solution. This was accomplished by providing a directory which related time to block
number. Data is recorded on the tape in logical blocks and the directory is maintained in
the micro controller memory until a power failure or the tape is unloaded. When either of
these events occur a long file mark is written to the tape followed by the directory and an
End-of Data mark. If additional data is to be written to the same tape the heads are
positioned ahead of the file mark and the file mark, the directory and the End-of-Data mark
are overwritten. This has required the addition of one command which does not exist on
the DCRSi. That is a command to read back the directory over the RS-422 port.

The other differences between the units are mainly those characteristics unique to the
requirements of the large and small recorders. The Exabyte is physically smaller and has
less capacity and bandwidth but, the requirement was for a physically small recorder to be
used for field service type work. The DCRSi has a large capacity and high bandwidth but
is necessarily much larger. A larger machine is not a problem on commercial transport
aircraft during testing out of the factory.

The two machines and their respective cassettes were also designed to be used in different
environments. The DCRSi is available in either a laboratory version or an airborne version.
The airborne machine was designed to meet the kind of environments normally
encountered in an airplane. The Exabyte Model 8500 and it’s cassette tape was designed
to be used in a computer room. In order to be able to use the Exabyte recorder in an
airplane it is necessary to condition the environment around the recorder to keep it within
acceptable limits. The primary area of concern is temperature. The Exabyte Recorder and
cassette are specified to operate over a temperature range of 5ºC to 40ºC, which is
considerably less than the desired range of -15ºC to 55ºC. To meet the desired temperature
range it is necessary to provide an enclosure which is heated to handle low temperatures
and cooled to handle the high temperatures. This enclosure is well enough insulated to
limit the rate-of-change of the temperature inside it not to exceed the 1ºC per minute
specification of the Exabyte, even with the external temperatures changing at rates up to
2ºC per minute. Vibration isolators are provided to prevent the aircraft shock and vibration
from influencing the recorder. The enclosure is also designed to prevent dripping water
from getting into the recorder. The small recorder must also meet stringent electromagnetic
interference requirements.

CONCLUSION

The Boeing Commercial Airplane Company is in the process of acquiring a family of
recorders which are expected to meet our needs for most applications into the next
century. The large recorder will be adequate for major test programs and the small



recorder will meet most needs for small test programs. We have not evaluated the middle
ground to determine if there are enough programs with requirements for more capability
than the small recorder can provide but not enough to justify the capabilities of the DCRSi.
It is possible that a third recorder will be determined to be economically justifiable but that
has not yet been investigated.

The Boeing Commercial Airplane Group, Flight Test organization is always looking for
ways to improve its test equipment and techniques. However, the major changes which are
being required to support the 777 airplane are well beyond improving the system requiring
total replacement of many systems. These recorders are but one part of the major changes
that we are making as we look forward to certifying the Boeing 777 and later commercial
airplanes.
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ABSTRACT

The Space Ground Link Subsystem (SGLS) provides full duplex communications for
commanding, tracking, telemetry and ranging between spacecraft and ground stations. The
up-link command signal is an S-Band carrier phase modulated with the frequency shift
keyed (FSK) command data. The command data format is a ternary (S, 1, 0) signal.
Command data rates of 1, 2, and 10 Kbps are used.

The method presented uses direct digital synthesis (DDS) to generate the SGLS command
data and clock signals. The ternary command data and clock signals are input to the
encoder, and an FSK subcarrier with an amplitude modulated clock is digitally generated.
The command data rate determines the frequencies of the S, 1, 0 tones. DDS ensures that
phase continuity will be maintained, and frequency stability will be determined by the
microprocessor crystal accuracy.

Frequency resolution can be maintained to within a few Hz from DC to over 2 MHZ. This
allows for the generation of the 1 and 2 Kbps command data formats as well as the newer
10 Kbps format. Additional formats could be accommodated through software
modifications. The use of digital technology provides for encoder self-testing and more
comprehensive error reporting.

INTRODUCTION

The Space Ground Link Subsystem (SGLS) provides full duplex communications for
commanding, tracking, telemetry and ranging between spacecraft and ground stations. The



uplink RF carrier is phase modulated with command data, command sync, and Pseudo
Random Noise (PRN) ranging data. The uplink frequencies are in the range of 1750 to
1850 MHZ, while the downlink frequencies for tracking and telemetry are within the range
of 2200 to 2300 MHZ.

The ground encoder converts digital data to a modulation format for transmission over the
RF link. This paper describes a microprocessor-based method of signal generation recently
developed at Cincinnati Electronics Corporation. This concept is presently used in several
models of signal generation equipment.

SGLS SYSTEM AND DATA RATES

The uplink command data and sync signal can be combined with ranging PRN data which
phase modulates the uplink RF carrier. The command data consists of ternary (S, 1, 0)
frequency shift keyed (FSK) tones which are amplitude modulated at 50% index with a
triangular clock signal. Command data rates are 1K, 2K, and 10K bits per second. The S,
1, 0 keyed tone frequencies are described in Table I. Figure 1 displays the typical
command data and sync signal format.

Table I. SGLS Command Tone Characteristics

Command Tones (nominal)* Command Sync

Data Logic “1” Logic “0” Logic “S” Mod Waveform
Rate Frequency Frequency Frequency Frcq. Type**

1K bps 95 kHz 76 kHz 65 kHz 500 Hz Triangular
2k bps 95 kHz 76 kHz 65 kHz 1000 Hz Triangular

10K bps 975 kHz 1024 kHz 1073 kHz 10K Hz Triangular

*All tolerances ± 0.01%
**Amplitude modulation of command tones

DIRECT DIGITAL SYNTHESIS

Direct Digital Synthesis (DDS) is a technique to generate complex signals while
maintaining fine frequency resolution, continuity of phase, and fast switching speed. DDS
is the reverse of Digital Signal Processing (DSP). With DSP, a signal is band-limited, then
sampled and digitized. The digitizer provides a number sequence that can be processed to
identify characteristic parameters. With DDS, the characteristic parameters are used to
generate a number sequence, that is converted to an analog waveform. The alias signals
are removed with a band-limiting filter.



Figure 1. Typical Command Tone Modulation Envelope

DESCRIPTION OF DDS SYSTEM

There are several ways to implement a DDS system. If the ability to generate high
frequencies is unnecessary, it is possible to use a general purpose microprocessor. This
implementation has been used in many low and medium speed modems, for example. As
requirements for synthesizing higher frequencies develop, the computational processing
becomes prohibitive for modem high speed processors, and implementation with dedicated
hardware becomes necessary.

HARDWARE IMPLEMENTATION OF DDS

The implementation of a DDS or number-controlled oscillator (NCO) in hardware is
straightforward. The objective of an NCO is to produce a signal:

y(t) = A sin (2Bf t) (1)signal

where f  is the frequency to be synthesized and A is the amplifier gain. The discretesignal

equivalent of equation (1) is:

y(kT) = A sin (NkT) (2)

where y(kT) is the kth sample generated with T as the sample interval. Equation (3) relates
the factor 2Bf  in (1) to the phase step N in (2):signal

(3)

where f  is the oscillator clock frequency driving the DDS hardware.clock



The frequency synthesized by the NCO is determined by the phase step N. Since the sine
function is periodic in (0, 2B), the accumulator needs to represent values between (0, 2B).
If a 16 bit accumulator were used, there would be 65536 unique values. A change in the
least significant bit (LSB) would represent a phase change of (2B / 65536) or 9.6E-05
radians. Changing the phase increment changes the output frequency, while maintaining
phase continuity.

The three basic blocks of an NCO as shown in Figure 2 are the digital accumulator,
waveform map, and digital to-analog converter.

Figure 2. Block Diagram Representation of a NCO

Generating precise, phase continuous SGLS command data and sync signals using an
analog scheme is relatively difficult. DDS makes precision generation of the SGLS
command data and sync signals relatively easy. The DDS implementation requires two
NCOs: one for generating command data and one for generating command sync signals.
The low frequency command sync signal is generated in the first NCO and the analog
output is used as a reference for a multiplying D/A converter in the command data NCO.
The final result is command data tones that are amplitude modulated with the triangular
waveform command sync signal. Figure 3 shows the block diagram representation of the
SGLS encoder.

Figure 3. Block Diagram for SGLS Encoder



ALIAS FILTERING

The digitally generated signal is not a perfect representation of the desired waveform.
There are alias signals present at frequencies f -f , f ±f , 2f ±f , 3f ±f , etc.,clk signal  clk signal  clk signal  clk signal

These signals must be removed using a low-pass filter for a suitable output waveform. The
maximum output frequency should not exceed 40% of the clock frequency. Otherwise, it
will be very difficult to remove the alias at f -f  without affecting the desired signalclk signal

f .signal

IMPROVEMENTS DDS BRINGS TO SGLS ENCODER

The use of DDS to synthesize a complex SGLS command signal allows for phase
jitter-free bit transitions, fast frequency switching, fine frequency resolution over a
frequency range large enough to synthesize both the 1K and 2K as well as the 10K data
rate formats. The digital-based encoder permits the addition of new signal formats through
software changes as well as a comprehensive self-test capability and enhanced error
reporting.
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ABSTRACT

In the event of a NASA Space Shuttle mission landing at the While Sands Missile Range,
White Sands, New Mexico, a data communications system for processing Shuttle’s
telemetry data has been installed there in the Master Control Telemetry Station, JIG-56.
This data system required a Viterbi decoder since the Shuttle’s data is convolutionally
encoded. However, the Shuttle uses a nonstandard code, and the manufacturer which in the
past has provided decoders for Shuttle support, no longer produces them. Since no other
company produced a Viterbi decoder designed to decode the shuttle’s data, it was
necessary to develop the required decoder.

The purpose of this paper is to describe the functional performance requirements and
design of this decoder.

KEY WORDS: Viterbi decoder, Convolutional Encoding, Constraint Length,
Code Generating Polynomials

I. INTRODUCTION

Due to the possibility of NASA’s Space Shuttle landing at the White Sands Missile Range,
White Sands, New Mexico, a data communications system for processing Shuttle’s
telemetry data has been installed there in the Master Control Telemetry Station, JIG-56.
This data communications system receives the telemetry data transmitted by the Shuttle
orbiter and in realtime processes the data and relays it to NASA’s Goddard Space Flight
Center in Greenbelt, Maryland for distribution.



Since the Space Shuttle convolutionally encodes its telemetry data, it was necessary to
provide the data system with a Viterbi decoding capability. However, Shuttle’s coding
does not conform to the present industry standard and the manufacturer who in the past
had provided decoders for Shuttle support no longer produced them. Thus, no Viterbi
decoder designed for this code was available which meant that a decoder had to be
specially developed to meet Shuttle’s requirements.

To meet this requirement, Aydin Computer and Monitor Division responded to a request
from the Digital Systems Section, Code 531.3, of the Goddard Space Flight Center by
modifying the standard Viterbi decoding option for its Model 335A Bit Synchronizer.

This paper outlines the requirements, capabilities and design of this Viterbi decoder.

II. REQUIREMENTS AND CAPABILITIES

Shuttle uses a one-third rate with a constraint length of seven to encode the data. Of the
three code generating polynomials, Shuttle’s first two, G1 and G2, have the standard octal
values of 171 and 133 respectively. However, for the third polynomial, G3, Shuttle uses
145 instead of the standard 165.

Besides its decoding function, this bit synchronizer and decoder has to compensate for
inverted data, which can occur due to possible 180º phase ambiguity resulting from BPSK
modulation. This data inversion is not transparent to the decoder, because the shuttle’s G3
has an even number of coefficients. Thus, this bit synchronizer and Viterbi decoder has
been designed to automatically correct for any data polarity inversions.

This device can also be used to code data at the one-half or one-third rate. For one-half
rate coding, the input data rate is variable from zero to 256,000 data bits per second. When
coding at the one-third rate, one of two input data rates may he selected. These two rates
are set by the manufacturer. For the units produced for the White Sands Missile Range’s
data system, the data rates are either 192,000 data bits per second or 90,000 data bits per
second. These are the two possible data rates for Shuttle’s telemetry.

In summary, a device which is a combination bit synchronizer and Viterbi decoder has
been designed and built which can decode Shuttle’s telemetry data. As part of its decoding
capability, it can correct for polarity inversion of the incoming signal. In addition, this
device may be used for encoding data for test purposes.



III. BIT SYNCHRONIZER/VITERBI DECODER DESIGN

1. GENERAL

To accommodate NASA’s requirements, a special decoder card, DEC009, was developed
and integrated into the Model 335A bit synchronizer. The integration of the DEC009
Decoder Card into the bit synchronizer, involved routing two soft decision bits (SB-MSB
and SB-LSB), the reconstructed hard bit (SGN), and the recovered clocks to the DEC009.
Also, the design included the necessary control signals to enable decoding, automatic
polarity correction, and other special operating functions. This integration is illustrated in
Figure 1.

No convolutional encoder and Viterbi decoder device which satisfied the requirements was
commercially available. After considering several vendors, Aydin selected the VLSI STEL
5269 device developed by Stanford Telecom. This device is a modification of the STEL
5268 Codec which provided the “defacto” industry and Government standard rate ½ and
rate 1/3 convolutional codes of constraint length (K) seven with a maximum data rate of
9600 bps. The polynomial of the two symbols G1 and G2 for code rate ½ are octal values
of 171 and 133 respectively. For code rate 1/3, the first two symbols (G1 and G2) are the
same as for rate ½; the polynomial of the third symbol G3 is 165 (octal). To meet the
requirements for the space shuttle, the 5268 device was modified to change the octal value
of the G3 symbol from 165 to 145 and also to increase its operating speed and to include
two RAMs which were externally required with the 5268 device. The 5269 VLSI device
will hereafter be referred to as ‘Codec’.

Some of the operating parameters of the Codec device are set up by means of oncard DIP
switches. Some of these parameters are remotely selectable. The functions of the DIP
switches are to select code rate (½ or 1/3) for both the encoder and the decoder, order in
which the symbols are sequenced from the convolutional encoder, normal or inverted G1
symbol from encoder (rate ½ only), reversal of G1 and G2 symbols from encoder (rate ½
only), one of two fixed operating bit rates (rate 1/3 only) of the encoder, one of two soft bit
format to decoder (signed magnitude selected), enable the inversion of the G2 symbol (rate
½ only) generated in the encoder and received by the decoder (this Alternate Symbol
Inversion serves to scramble the data and ensure bit transitions without the factor of three
error rate penalty of conventional scramblers) and establish node sync threshold values for
the decoder.

The capability to select code rate, inversion of G1 symbol, or reversal of G1 and G2
symbols (rate ½ only) remotely via a 16-bit program setup bus is provided.



2. ENCODER FUNCTIONAL DESCRIPTION

The convolutional encoder is functionally independent of the Viterbi decoder. Figure 2 is a
functional block diagram of the encoder. The ENRATE control signal determines whether
the device generates symbols for rate ½ or rate 1/3 operation. The G1, G2, and G3 are
time-division multiplexed into a serial stream by the ENLATCH clock which occurs at
twice bit rate for rate ½ and three times bit rate for rate 1/3. The three time bit rate clock is
derived from a crystal-controlled oscillator with a frequency a multiple of the maximum
fixed bit rate and a divider chain which is rephased by the input DATACLK. SEL A and
SEL B determine the order in which the symbols are sequenced.

Although the Codec provided the specified polynomials, a difficulty arose in using this
encoder with the octal value of 145 for the G3 symbol in a transmission system employing
BPSK (Binary Phase Shift Key) modulation which can cause data inversion. The decoder
was not capable of decoding inverted data, since the convolutional code is not transparent.
If the Output of the encoder was differentially encoded prior to PSK modulation and
differentially decoded prior Viterbi decoding, the nontransparent code could he used, but
at the expense of doubling the received bit error rate. The nontransparency of the code is
due to the fact that the G3 symbol is formed by tapping an even number of encoder stages.
One of the characteristics of a transparent code is that the complement of every codeword
is also a codeword [1]. This characteristic is illustrated in Figures 3a and 3b for K = 3 with
R = ½ and in Figures 4a and 4b for K = 3 with R = 1/3. In Figures 3a and 4a, the symbol
generators are tapped from an odd number of encoder stages. In Figures 3b and 4b, at least
one symbol generator is tapped from an even number of stages. It is seen in Figures 3a and
4a, the encoders whose generators are odd tapped, that the output sequence consist of six
codewords which are three unique words with their complements. However, in Figures 3b
and 4b, the encoders which contain generators which are even-tapped, that the output
sequences of each contain a pair of codewords which are not complementary. Thus a
nontransparent convolutional encoded data stream when inverted will not be recognized by
the Viterbi decoder. The solution to this problem will be discussed in paragraph 4 of this
paper.

 3. VITERBI DECODER FUNCTIONAL DESCRIPTION

Refer to Figure 5, Viterbi Decoder Functional Block Diagram. Viterbi decoding consists
fundamentally of three processes. The first step in the decoder process is to generate a set
of correlation measurements, known as “branch metrics”, for each “m” grouping of
codewords input from the communication channel (where “m” is 2 for rate ½ codes, 3 for
1/3 codes). These branch metric values indicate the correlation between the received
codewords and the 2  possible codeword combinations.m



 Figure 1. DEC009 Decoder Card Integration

Figure 2. Convolutional Encoder: K = 7, R = ½ or 1/3



Figure 3a. K = 3, R = ½, Odd-Tapped Encoder (G1 = 7 , G2 = 7 )8    8

Figure 3b. K = 3, R = ½, Even-Tapped Encoder (G1 = 7 , G2 = 6 )8    8

Figure 4a. K = 3, R = 1/3, Odd-Tapped Encoder (G1 = 7 , G2 = 1 , G3 = 7 )8    8    8

Figure 4b. K = 3, R = 1/3, Even-Tapped Encoder (G1 = 7 , G2 = 5 , G3 = 7 )8    8    8



Figure 5. Viterbi Decoder Functional Block Diagram

The Viterbi decoder determines the state of the 7-bit memory at the encoder using a
maximum likelihood technique. Once the value of the encoder memory is determined, the
original information is known, since the encoder memory is simply the information that has
been stored in the memory. To determine the encoder state, the second step in the Viterbi
algorithm generates a set of

2  (“k” is the constraint length, i.e., K = 7)k-1

“state metrics” which are measurements of the occurrence probability for each of the 2k-1

possible encoder memory states. As the state metrics are computed, a binary decision is
formed for each of the 2  possible states as to the probable path taken to arrive at thatk-1

particular state. These binary decisions are stored in a “path memory”.

Step three computes the decoded output data. To do this, the “path” from the current state
to some point in the finite past is traced back by “chaining” the binary decisions stored in
the path memory during step 2 from state to state. The effects caused by noise to the one
and only correct result are mitigated as the paths within the “chainback” memory converge
after some history. The greater the “depth” of the chainback process the more likely that
the final decoded result is error free. As a result, higher code rates and constraint lengths
require longer chainback depth for best performance. The chainback memory in the Viterbi
decoder traces the history of the previous states to arrive at the most probable state of the
encoder in the past, and thus determine the transmitted data.



A single decoded data bit is output for every set of input symbols. The data bit
corresponding to a particular symbol set will he output after a delay of 42 symbols. Further
information on the theory of operation of Viterbi decoders can be obtained from text books
such as reference [1]

4. AUTOMATIC POLARITY CORRECTION

As described in paragraph 2, the rate 1/3 convolutional Code utilized by the space shuttle
is not a transparent Code. Thus, in the event the received encoded data is inverted, which
is likely with BPSK modulation, the Viterbi decoder would not be able to decode the data
properly. The trellis structure of the convolutional code is stored in the decoder for
comparison with the branch metrics derived from the input codewords as described in
paragraph 3. Single bit errors in some of the codewords will direct the corrupted
codewords along a most likely path through the trellis. However, an inverted code which is
not transparent, cannot find most likely paths through the trellis. Thus, the large number of
attempts to find a likely path will cause an out-of-sync condition. This out-of-sync
condition is manifested as a pulse which is one bit wide and occurs once per 256 bits when
the decoder is not in sync. The generation of this pulse, identified as Node Sync in
Figure 5 is determined by the number of traceback mismatches relative to a programmable
threshold. The threshold can be programmed from 1 to 128 mismatches per 256 bits in
eight binary steps. In general, if the user needs the decoder to maintain lock at a low
Eb/No, the highest threshold should be selected. The penalty is a longer reacquisition time.
Selecting the lowest threshold allows a quick reacquisition, but the decoder can lose lock
at high Eb/No. The factory selection is 64 mismatches out of 256 (25%). The Node Sync
signal along with the symbol clock are used to implement the automatic polarity correction
function.

A single programmable logic device (PLD) implements automatic polarity correction
(APC). It is located on the BSD002 soft decision board. Data entering the PLD exits either
inverted or not. Data passes uninverted either when the Viterbi decoder is disabled, when
operating at rate ½, or when APC is disabled by a DIP switch on the BSD002 board.
When APC is enabled, it decides to invert or not based on the node sync signal from the
Viterbi decoder on the DEC009 board.

A digital filter consisting of two counters is used to smooth the Node Sync signal and
reduce sensitivity to noise. There is an eleven bit clock counter that increments with the
channel rate clock. The clock counter is always running and generates a signal every time
it passes through its terminal count value which is zero. There is a three bit sync transition
counter (STC) that increments on every logic one to logic zero transition of the node sync
signal from the Viterbi decoder. A DIP switch sets the terminal count of the STC. The
STC resets whenever either counter reaches its terminal count. Normally, the clock



counter reaches its terminal count before the STC reaches its terminal count. However, if
there is a lot of activity on the node sync signal, the STC reaches its terminal count first.
When this happens, a flip flop in the PLD toggles and changes the data polarity.

The setting of the STC terminal count controls the APC’s threshold. A setting of one
means that the polarity change may activate falsely due to noise. A setting of seven means
that polarity is very slow to change if at all. Four is the nominal setting.

5. PERFORMANCE OF BIT SYNCHRONIZER/VITERBI DECODER

As indicated in paragraph 1, the decoder in the bit synchronizer operates with three bit soft
decision input symbols. Thus, the decoder provides a coding gain of 5.2 dB for rate ½ and
6.0 dB for rate 1/3 relative to uncoded NRZ bit error probability at a bit error rate of one
error in 100,000 bits. Because of its coding gain, the use of a Viterbi Decoder places
increased demands on bit sync performance [2]. When a decoder is used, the bit sync is
typically operated at a considerably lower S/N ratio. This requires the bit sync to have a
robust clock recovery algorithm to minimize the occurrence of clock slips which can cause
the decoder to lose lock and require many bits to resynchronize. The implementation loss
of the bit synchronizer is less than 1 dB from theory. Thus a bit error rate of 10  is-5

obtainable and has been verified at Eb/No of less than 5.4 dB and 4.6 dB for rates ½ and
1/3 respectively.

IV. CONCLUSION

This paper described a bit synchronizer with built-in dual rate (½ and 1/3) Viterbi decoder,
dual rate convolutional encoder, and automatic polarity correction logic. This equipment
was designed, built, and installed at the White Sands Missile Range to allow the landing of
the Space Shuttle which utilizes a nonstandard, nontransparent, convolutional code in its
telemetry communication system. This equipment resolved the problem of receiving
inverted data when using a nontransparent rate 1/3 convolutional encoded data over a PSK
transmission link. The rate ½ code is transparent, and thus polarity correction is not
necessary for proper Viterbi decoding.

In summary, the advantage of using convolutional encoded data to achieve improved bit
error rate performance (the smaller the code ratio, the greater the improvement) or reduced
transmission power; whichever meets the mission’s objective, the need to select a
transparent code is not necessary. More specifically, if the code is already in place, as it
was on the Space Shuttle, equipment can readily be developed to accommodate such
situations.
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ABSTRACT

The digital processing within the radar altimeter on board the TOPEX satellite to obtain
science and engineering telemetry is described. The application of the Fourier transform, a
second order tracking loop, waveform compression, and telemetry formatting is required.

INTRODUCTION

A radar altimeter is scheduled for flight August 1992 on board the TOPEX ocean
topography experiment satellite. The digital processor within the altimeter performs all
processing necessary to accomplish real time tracking of the ocean’s surface and to derive
selected oceanographic data. The two primary outputs of the processor are the precision
height, from which the ocean geoid and surface topography are determined, and the ocean
waveheight estimate. Altitude is measured with 2-cm precision using one second
averaging. Ocean waveheight accuracy for once per second measurements is to within
10% or 50 cm, whichever is larger over a range of 1 to 20 meters. The altimeter is a dual
frequency design that provides the capability of ionospheric disturbance correction.
Altimeters have previously been flown on board earth orbiting satellites GEOS-3,
SEASAT-A  and GEOSAT-A . Along with the increasing precision and usefulness of the1  2

altimeters, the type and complexity of the data processing performed digitally has
advanced markedly. This paper describes the digital processing necessary to accomplish
radar return signal tracking and telemetry formatting on board the TOPEX satellite.
Hardware implementation  is not addressed in this paper. The TOPEX altimeter has many3

modes of operation: for search and acquisition of the return signal, for calibration and test,
and for error recovery. The focus will be on the high resolution track mode, and its data
products.



THE PROCESSOR

Filter Bank

Digital signal processing starts at the input to the filter bank (Figure 1). Here the in phase
and quadrature phase components of the receiver video output are analog to digital
converted. The radar return pulse is 102.4 Fsec wide dechirped video. The in phase and
quadrature phase components are each digitized into 128 samples. The return contains
frequencies that are the result of mixing, in the RF section of the altimeter, the return pulse
with the linear chirp signal which generated the transmit pulse. Higher frequencies result
from higher altitudes. The tracking error may be nulled by frequency shifting. Under
control of the tracking loop, frequency is shifted by a small amount. Frequency shifting is
accomplished by multiplying the samples, as they are digitized, by a rotating phaser. The
phaser rotation rate is made proportional to the amount of frequency shift required. After
frequency shifting a 128 point complex fast Fourier transform is performed, followed by
squaring and summing the complex components of each spectral output point of the
transform. The resulting series of spectral energy points is the radar return waveform for
one transmitted pulse. In the high resolution track mode 228 Ku-band returns are averaged
and 60 C-band returns are averaged in 50 msec before transfer to the tracking loop for
further processing.

Tracking loop

A tracking loop is needed to keep the receive chirp pulses which deramp the chirp radar
return coincident with the return signal. A height error is developed by examining the
rising edge of the spectral energy waveform. In the high resolution track mode, an
amplitude gate and six sets of early, middle, and late gates are formed by summing
adjacent sample points along the waveform. From these sets of gates: the rise time of the
leading edge of the return is determined, the optimum set of gates for tracking the height
error is selected, and a value proportional to the mean ocean waveheight is computed. To
determine height error the gain control gate is subtracted from the selected middle gate.
This result is properly scaled to form a value proportional to the tracking loop
misalignment. The height error drives a second order tracking loop which produces zero
error for zero acceleration. A receiver gain control loop is also established. The height and
height rate developed by the tracking loop, and the receiver gain is transferred to the
synchronizer which must further processes this data and communicate results at the proper
time to other functional units.



Burst Complete Handler

The burst complete handier is an interrupt initiated task. It contains the operating system
that initiates the execution of all other tasks and synchronizes events which must be
coordinated with a specific burst interval. These events include reading the spacecraft
clock, and issuing the send-waveforms signal to the digital filter bank. At the end of each
burst, the burst complete handler processes data needed by the synchronizer and sends it
to the synchronizer. The burst interval is a function of the altitude of the TOPEX
spacecraft. The planed mission calls for an altitude between 1,274 km and 1,394 km giving
a burst interval of between 8.5 msec and 9.3 msec. The variable burst interval gives a
variable telemetry rate. For this reason time tagging of each science telemetry frame is
very important. Spacecraft time is used to tag the start time of each science telemetry
frame. The total time tag error is within 10-Fsec.

Closely associated with the burst complete handler is an error handler. The data processor
contains two watchdog timers. Both are window timers which require a periodic reset or
an error signal is generated. One watchdog timer is set to the burst rate. The other
watchdog timer is set to the track rate. The data processor contains an error mode register
which is loaded by ground command and accessible for read by the processor. The error
mode register allows selected areas of read-write memory to be write protected. The error
handler permits several types of recoveries from single event upsets.

Synchronizer

The synchronizer extrapolates the height for each transmitted and received pulse by adding
the height rate. It separates the height into a starting time for the chirp generator and a
frequency shift value for the digital filter bank. The synchronizer develops the timing
sequence for transmit and receive control pulses for the RF section. The pulses are 102.4
Fsec wide and separated by 5-Fsec. Transmit and receive time slots alternate for each
frequency. A C-band pulse return may be received while a Ku-band pulse is transmitted,
and visa-versa. The series of pulses transmitted during the two way travel time to and from
the ocean surface is called the burst sequence. A gap between bursts of a few hundred
Fsec with no transmit or receive pulse is maintained to accommodate height variations.
The nominal burst interval corresponding to the TOPEX orbit 1334 km is 8,893 msec.
During a burst interval 38 Ku-band pulses and 10 C-band pulses are transmitted and
received.

Chirp Generator

The chirp generator produces a linear frequency sweep known as a chirp pulse. A linear
frequency sweep is a parabolic progression in phase angle of a sine function. A parabola is



generated by integrating a ramp function. For TOPEX the digital implementation of the
liner frequency sweep is accomplished by driving a 14-bit counter at 80 MHZ to generate
the ramp function. The counter output is accumulated to generate the parabolic function,
and the eight most significant bits address sine and cosine memory to generate the
frequency sweep. A pair of digital to analog converters pass the frequency sweep to the
altimeter RF section. The frequency sweep generated is at baseband which requires both in
phase (sine) and quadrature phase (cosine) outputs. The frequency sweep is from -20
MHZ to +20 MHZ. The sweep is multiplied up to a 360 MHZ bandwidth chirp pulse in
the RF section for both Ku-band and C-band.

Waveform Compression

The waveforms, after use by the tracking loop, must be further averaged by accumulation
down to 10/sec for Ku-band and 5/sec for C-band. Each averaged waveform is
compressed by a factor of two, from 128 samples to 64 samples. The compression
algorithm leaves unchanged the important rising edge of the waveform, but averages
samples by four and then two before the rising edge and two, four and then eight after the
rising edge. Finally a waveform must be scaled down to an eight bit magnitude for each of
the 64 samples with a four bit scale factor.

Science Telemetry

After the waveforms are compressed they are written into the science telemetry buffer
along with associated data such as height, height rate, ocean waveheight, and receiver
gain. Interface to the spacecraft telemetry is accomplished with a single telemetry frame of
buffer storage. Unloading the buffer into the spacecraft telemetry stream always takes
slightly less time than filling it. By delaying the start of a telemetry frame transfer until the
buffer is at least ½ full, unloading will never overtake filling. The telemetry format is
designed so that data is written to the buffer in the order in which it is produced. This
assures that data is always available for output to the spacecraft after a altimeter telemetry
frame readout has been initiated. The last buffer entry is the checksum.

Science telemetry frames are produced at the rate of one frame per 20 track intervals or
approximately once per second. Because of the variation in altitude the science telemetry
rate varies between 9.6 kbit/s and 9.9 kbit/s. The fixed readout rate of the spacecraft
allocated for the altimeter science telemetry is 11.6 kbit/s. The altimeter frames are read
into the spacecraft data stream in a burst mode. The altimeter frame is synchronized with
the spacecraft telemetry only at the 8-bit byte level. A 48-bit synchronization code is used
to identify the start of a science telemetry frame in the spacecraft telemetry. Contiguous
science telemetry frame bytes are read into the spacecraft telemetry. After the last altimeter
frame byte is read, spacecraft telemetry bytes allocated to the altimeter are zero filled until



the next altimeter frame is released starting with the synchronization code. Each science
telemetry frame is time tagged with spacecraft time which was read within 1-Fsec of the
transmission of the first radar pulse of that frame.

Spacecraft Interface

The altimeter is assigned two distinct telemetry streams, a science telemetry stream
described above, and an engineering telemetry stream. These streams are part of the
overall spacecraft telemetry format. The spacecraft uses a basic time division multiplexing
approach for its telemetry formatting. It divides an 8.192 second major frame interval into
128 minor frames. Each minor frame is 128 bytes. This results in a overall rate for the
telemetry stream of 16 kbit/s. Ninety three of the 128 minor frame byte slots are allocated
to the dual frequency altimetrer when the altimeter is in a operational mode. These slots
are allocated to other instruments when the altimeter is not operational.

Engineering Telemetry

Temperatures, voltages, and currents included in the engineering telemetry are needed to
calibrate and monitor the health and status of the instrument. The altimeter is fully
redundant except for the antenna and passive microwave couplers. The decision of which
redundant side of the altimeter to utilize can hinge on engineering telemetry.

One spacecraft minor frame slot is always allocated to the altimeter engineering telemetry
stream allowing one byte of data to be read every 64 milliseconds. The altimeter
synchronizes its engineering data readout to the spacecraft major telemetry frame.
Therefore the altimeter engineering data format consists of 128 bytes that repeat every
8.192 seconds. The software process running the height tracking loop within the
microcomputer is convenient for processing engineering telemetry. Since the tracking loop
processing repeats at 50 msec intervals, it can efficiently keep up with reading out an
engineering data byte each 64 milliseconds. The engineering telemetry process controls the
engineering data analog multiplexer, the analog to digital conversion of the engineering
data, the interpreting and scaling the data, and the formatting of the telemetry buffer. A
synchronization byte is inserted as the first byte in the engineering telemetry stream. Its
purpose is to give the ground station confidence that the altimeter engineering data is in
sync with the spacecraft. The last reset time of the altimeter and last command sent to the
altimeter is echoed in the engineering data stream.



Conclusion

The diverse requirements for data processing makes the radar altimeter a model for other
applications. Similar feedback control processing is required for other types of radars. The
dual channel telemetry processing, one synchronous with the spacecraft, and one
asynchronous bracket many other interface designs.
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ABSTRACT

An orbiting sensor module, designed by The Johns Hopkins University Applied Physics
Laboratory (JHU/APL), performed a number of significant Strategic Defense Initiative
(SDI) Delta 181 program experiments. These experiments required on-orbit command and
monitor operations involving a worldwide network of ground facilities. A major
component was the sensor module command center (SMCC), which was designed and
integrated by JHU/APL. The SMCC, located at Cape Canaveral Air Force Station
(CCAFS), connected to a network of Eastern Test Range, Air Force Satellite Control
Network (AFSCN), Kennedy Space Center, and Western Test Range assets.

The complex nature of the mission presented numerous challenges to the design,
integration, and operation of the SMCC. This paper presents a functional overview of
SMCC design as well as unique aspects of supporting ground network telemetry and
command operation.

INTRODUCTION

MISSION BACKGROUND

The APL-designed sensor module was boosted into a 23-degree inclination orbit by a
Delta 181 rocket. The Delta second stage (Delta 2) remained attached to the sensor
module to provide attitude control and orbit adjustments during the mission. After orbit
insertion, reference and test objects stored on-board the sensor module were deployed.
Sensor instruments—passive infrared and ultraviolet sensors, laser radars, and a



microwave radar—observed and tracked the test objects over a range of environmental
background conditions. The principal objective was the formation of a useful data base for
future SDI planning.

All experiments were conducted during the first 10 orbits, and instrument science data
were stored on flight recorders. This phase of operations, called the data collection phase,
involved intense SMCC command and telemetry operations. Typically, multiple passes
were supported for each orbit revolution. Telemetry was received and processed at the
SMCC from a total of 13 tracking stations. Four Remote Tracking Stations (RTSs) of the
AFSCN network were utilized for command uplink.

At the end of the data collection phase, the SMCC uplinked commands to the sensor
module with instructions to begin data retrieval. During that time, remaining science data
stored on flight tape recorders were dumped to the ground tracking sites. As called for by
the mission plan, sensor module command and control operations were then shifted to the
Air Force Consolidated Space Test Center (CSTC) in Sunnyvale, Calif. The SMCC at
Cape Canaveral remained on standby for contingency command operations, and operators
continued to monitor and evaluate sensor module health. This period, approximately one
week in duration, ended when two complete dumps of instrument science data were
recorded at ground network tracking sites.

ON-ORBIT COMMAND FLOW

Much of the flight hardware for this program consisted of existing designs that were
integrated and modified to meet Delta 181 mission requirements. This approach was very
effective in meeting program cost and schedule constraints. However, it did result in a
somewhat unusual on-orbit configuration from the perspective of command flow. As
shown in Figure 1, a single Space/Ground Link Subsystem (SGLS) compatible RF uplink
was utilized to send commands to the JHU/APL sensor module, the Delta 2 inertial
guidance computer (provided by McDonnell Douglas), and four test objects built by the
Sandia National Laboratory (SNL).

 All uplinked command messages were received and processed by the sensor module
command system. Transmitted command messages could require either real time (i.e.,
immediate) or delayed execution. Delayed commands were temporarily stored in the
sensor module command memory for execution at a later time. Delta 2 commands were all
real time commands and were immediately routed over a computer bus to the Delta 2
inertial navigation computer. Test object commands, however, were usually of the delayed
command type. Transmission of test object commands, over an RF C-band link, generally
had to be delayed until the respective test object was observed by the sensor module and
within the beamwidth of the transmitting antenna. For sensor module control, both real
time and delayed commands were required for mission operations.



Figure 1. On-Orbit Command and Telemetry Flow

SENSOR MODULE TELEMETRY

As shown in Figure 1, Delta 2 and sensor module data were telemetered on separate RF
downlinks. The sensor module transmitted data on three SGLS standard links, namely, a
33-kbps narrowband link and two 1-Mbps wideband data links. In addition to sensor
module data, the narrowband link included test object data transmitted from the in-view
test object to the sensor module.

Whenever the sensor module was in view of a ground tracking site, received narrowband
data were flowed in real time to the SMCC. The SMCC required narrowband telemetry for
(1) authenticating and verifying uplinked command messages, and (2) monitoring sensor
module and test object performance during critical stages of the mission. The sensor
module component of narrowband telemetry included sensor module housekeeping data
(e.g., temperatures, voltage, power measurements), instrument status, and position-velocity
information maintained on a number of experiment test objects.

The two wideband telemetry links carried science data collected by the sensor instruments.
During the data collection phase of the mission, the wideband data, downlinked over select



spacecraft tracking sites, were, derived in real time from the sensor instruments. However,
the bulk of science data generated during the data collection phase was stored on on-board
tape recorders. During the data retrieval phase of the mission, wideband data were dumped
over the ground tracking stations and recorded. Wideband data were not required by the
SMCC for real time command and control operations.

DELTA 2 TELEMETRY

Data telemetered in the Delta 2 PCM link were received at selected ground tracking sites
and sent in real time to McDonnell Douglas launch-vehicle checkout facilities located at
CCAFS. For the most part, Delta 2 data did not directly relate to the on-going experiments.
However, a component of telemetry included a dump of Delta 2 commands, previously
sent from the SMCC, stored in inertial guidance computer memory. This data component
was flowed to a CCAFS facility called the Central Computer Complex (CCC) for
verification of Delta 2 commands.

SUMMARY

The command and telemetry structure, as shown, minimized the overall need for command
system flight hardware and allocated RF links. However, this approach did place
additional burdens on SMCC operations in terms of the command control and command
verification process. This will be discussed more fully in follow-on sections of this paper.

GROUND NETWORK FACILITIES

OVERVIEW

Figure 2 shows the major components of the Delta 181 ground network, which supported
sensor module command and control operations. It consisted of a number of facilities
located at CCAFS, 13 ground tracking stations, and the CSTC located in Sunnyvale, Calif.
The Eastern Test Range provided the land lines and switching required to connect the
SMCC to CCAFS facilities.

The SMCC, the mission director center, and the SNL monitor center were designed and
installed specifically for the Delta 181 mission. The remainder of the network consisted of
existing assets; some required upgrades to support the Delta 181 mission. The operational
integration of these assets into one network to support real-time space/ground operations
was a unique Delta 181 accomplishment.



Figure 2. Delta 181 Ground Network

The SMCC served as the center for all command uplink to the sensor module, Delta 2, and
SNL test objects. It was also the primary facility for monitoring sensor module operation.
To support mission operations, the SMCC also provided telemetry displays in the SNL
monitor center and the mission director center. These facilities were located within a few
hundred yards of the SMCC. The mission director center served to monitor and direct all
ground operations, including SMCC operations. In the SNL monitor center, highly trained 



specialists analyzed test object operation during critical phases of the mission. Their task
was to advise the mission director of the necessity of contingency test object command
operations.

Narrowband telemetry from all 13 tracking stations was collected by the TEL-4 facility
located on Merritt Island. TEL-4 was located about five miles from the SMCC, and an
existing land line was used to send narrowband telemetry to the SMCC. The link included
a demodulator at the SMCC that provided telemetry at baseband 33 kbps.

THE AFSCN NETWORK

The SMCC uplinked commands to the sensor module from one of four AFSCN RTSs. As
shown in Figure 2, an AFSCN facility called the Eastern Vehicle Checkout Facility
(EVCF) and the CSTC were required to pass SMCC commands to the selected RTS. A
baseband command link was implemented between the SMCC and the EVCF located
nearby. From the EVCF, sensor module commands were sent to CSTC, which routed the
commands to the selected RTS. The time required for a command message to travel from
the SMCC to the sensor module took less than two seconds.

In addition to sensor module commands, all AFSCN narrowband telemetry flowed to the
SMCC was routed through CSTC and EVCF facilities. A T1 link carried all SMCC
command and narrowband telemetry between CSTC and the EVCF.

DELTA 2 COMMAND GENERATION

Prior to the mission, all anticipated sensor module and test object command messages
were stored in the SMCC command message data base. During the mission, on the basis
of sensor module and test object performance, selected command messages were
transmitted. Delta 2 commands, however, were not preconfigured but were generated in
real time during the mission. For the most pan, Delta 2 commands were guidance computer
navigation state updates that allowed the Delta 2 to control the attitude of the sensor
module more precisely during critical mission events. (Prior to launch, the Delta 2 was
preprogrammed to point the sensor module on the basis of a nominal orbit—pointing was
recomputed and improved with state vector updates based on the actual orbit). The Delta 2
commands were configured in near real time (just prior to the pass in which they were
sent) in the CCC facility. The SMCC received the configured commands during a pass,
compiled them into the correct uplink format, and propagated them to the sensor module.

Configuration of the Delta 2 commands (guidance computer navigation state updates)
required radar tracking data to compute the actual orbit. The CCC was a natural selection
as the facility to perform this task, since its normal function at Cape Canaveral is to



receive and process radar tracking data. It already had the capability to receive radar data
on orbiting spacecraft from a worldwide network of radar sites. For the Delta 181 mission,
the CCC was upgraded to configure Delta 2 inertial guidance computer commands and
support the command link to the SMCC.

PROPAGATION OF COMMANDS THROUGH THE AFSCN NETWORK

The sensor module command system was designed to receive 1-kbps encrypted command
messages modulated on an SGLS standard RF link (1827.783 MHZ). A command
message consisted of a block of 1 to 100 commands embedded in an overlay of preamble,
postamble, authentication, and synchronization words, as illustrated in Figure 3. Command
message length ranged from 536 to 6,872 bits. The commands embedded in the message
consisted of either real-time commands or delayed commands. All command messages,
including those destined for the Delta 2 guidance computer or the test objects, were
packed in this format and required a valid authentication word for command acceptance.

The SMCC sent command messages through the AFSCN network in “bent-pipe” fashion.
Once the link was established, no AFSCN operator interaction was required to send
individual command messages. Propagation delay from the SMCC to the sensor module
was approximately 1.6 to 2 seconds, depending on the RTS used for uplink. In order to
transport commands through the AFSCN, the SMCC packed the encrypted 1-kbps
message in the AFSCN 48-bit frame dibit format (7 sync bits, 40 dibit data field, parity bit)
as illustrated in Figure 3. Each field of 20 command bits was packed in a 48-bit frame
propagated at a frequency exactly 48/20 times the command bit rate. Between command
messages, null symbols were packed in the 48-bit frames. At the remote uplink site, an
inverse formatting process was performed; i.e., the command bits were “unpacked” from
the 48-bit frames to reconstruct the 1-kbps uplink command message.

For sensor module uplink operation, transmission of uplink RF carrier power was required
throughout the pass to maintain sensor module command receiver lock. Command
modulation was applied only during transmission of the command message. (The message
preamble was of sufficient length to allow time for on-board clock synchronization and
decrypter lock to occur). To operate in this manner, the RTS was configured such that
receipt of the null symbols disabled command modulation. Receipt and recovery of
command bits resulted in 1-kbps modulation of the carrier. Transition between the null
symbols and the encrypted uplink message, at the SMCC, was accomplished in such a way
that clock and frame synchronization was maintained. This allowed AFSCN equipments to
maintain continuous synchronization to the SMCC output, throughout each pass,
regardless of 48-bit frame data content.



Figure 3. Sensor Module Command Propagation
Through the AFSCN Network

SMCC DESIGN

OVERVIEW

As shown in the SMCC functional block diagram (Figure 4), the core of the SMCC
consisted of two DEC MicroVax II computer systems. Each system included two
750-Mbyte hard disk drives and a tape transport unit. The telemetry processing computer
system received narrowband telemetry to provide displays, printout, and health monitor of
sensor module and test object data. It supported a total of nine display terminals
augmented by three PCS in the SMCC, the mission director center, and the SNL monitor
center. The command uplink computer system was dedicated to sensor module command
and control functions. It supported a command control console in the SMCC, along with
two additional terminals for monitoring command operations. It required telemetry data
from the telemetry processing computer to perform command authentication, verification,
and display sensor module command system status.

In addition to the computer systems, the SMCC included hardware to interface the
computer systems to the ground network command and telemetry interfaces. The downlink
hardware, interfacing to the TEL-4 facility, functioned to receive encrypted serial 33-kbps 



Figure 4. Sensor Module Command Center (SMCC)
Block Diagram

telemetry data and process them for input to the computer. It included bit sync, decryption,
and frame synchronization equipment. The uplink hardware, interfacing to the AFSCN
network, functioned to serialize the computer-generated command messages at 1 kbps,
encrypt, and translate them into the CSTC dibit format for transmittal through the AFSCN
network. The uplink hardware also processed command echoes returned from the AFSCN. 



These command echoes, returned from the RTS in use, were processed in real time to
verify functionality of the ground segment of the uplink just prior to and during command
operations.

The SMCC also included telemetry and command simulators (used to perform SMCC
readiness test) and an analog tape recorder to record voice, time, telemetry, and command
output.

SMCC COMMAND GENERATION AND PROPAGATION

A software program called APLCOM, resident on the command uplink computer,
provided the capability to send and verify commands to the sensor module. APLCOM,
developed at JHU/APL some time ago, is designed for command and control of spacecraft
in which the mission is experimental in nature. An upgraded version was developed for the
Delta 181 program to run under the VAX VMS operating system. Input to APLCOM
consists of a text file, called a runstate, which contains sequences of command messages
and controls written in APLCOM text notation. (Each command message consists of 1 to
100 commands to be sent in one block to the sensor module.) The runstates, built and
tested prior to the uplink event, are stored in a commands data base. During a pass, the
operator selects one or more runstates for execution. APLCOM translates each command
message in the runstate into the uplink bit image, adds the proper command authentication
word, and outputs them to SMCC hardware. Uplink hardware receives the computer
uplink image and converts it to an encrypted serialized bit stream for propagation through
the command uplink (as shown in Figure 3). Verification of the sent command message is
performed (using narrowband telemetry) before the next message is sent. The process of
sending and verifying a single command message took typically 10 to 20 seconds,
depending on message length and type.

As previously noted, the SMCC was required to receive Delta 2 commands from the CCC
for propagation to the sensor module. To accomplish this, APLCOM included an upgrade
to receive real-time text command files over an RS-232 link from the CCC. Delta 2
command files to the SMCC were, in effect, redirected runstate inputs to APLCOM.

SENSOR MODULE COMMAND AUTHENTICATION AND VERIFICATION

For the Delta 181 mission, it was essential that uplink commands take effect at the
scheduled contact. Because of the nature of the mission, failure to command could not be
made up at a latter contact and would result in the deletion or reduced value of certain
experiments. This required that each command message be rigorously verified so that in
the event of failure to command, attempts could be made to resend the message. Because
of the extended ground network through which commands flowed, with the attendant



potential for ground/space uplink problems, command verification and authentication were
especially critical functions. These essential functions were performed automatically by
APLCOM authentication and verification algorithms. A brief overview follows.

For security reasons, the sensor module command system was designed such that each
command message required inclusion of a valid authentication word for command
acceptance. The sensor module would accept and subsequently execute the command
message only if the correct authentication word was received. APLCOM automatically
computed the new authentication word required for each message. Following transmission
of the command message, APLCOM verified that the command message was accepted and
then proceeded with the command verification process.

Command authentication and verification were “closed loop” processes requiring access to
narrowband telemetry. Following the transmission of a command message, APLCOM
examined authentication status in the narrowband telemetry to determine if the message
was accepted. Acceptance indicated that the correct authentication word was received and
command execution initiated. The APLCOM command verification algorithm then
checked telemetry for the status of command error flags. (Each sent command included an
embedded error detection code that was checked by the sensor module command system.
If errors were detected, commands were not executed and error flags were set in the
narrowband telemetry.) If no error flags were detected, APLCOM performed additional
command verification checks. It examined a replica of the executed command (in
narrowband telemetry), and compared it with the sent command. Other telemetered
command system data, such as command execution counts and relay telltales, were also
tallied to verify command execution.

In the event that delayed commands were loaded into the sensor module command system
memory, the command message was authenticated by APLCOM as previously described.
For verification, APLCOM commanded the sensor module to telemeter the contents of the
stored commands. The delayed commands stored in memory were then verified by
comparison with an image of the sent command load.

DELTA 2 COMMAND AND VERIFICATION

Command and verification operations of both the sensor module and test objects were
performed completely within the SMCC. However, verification of Delta 2 command
messages required coordinated CCC and SMCC operation. As previously noted, Delta 2
guidance computer command loads were configured in real time in the CCC and sent to
the SMCC. The role of the SMCC in this case was to convert Delta 2 command loads
received from the CCC to sensor module command message format and then propagate
through the AFSCN network. The SMCC performed command authentication and



verification of Delta 2 commands in essentially the same manner as previously described
for sensor module commands. However, this only verified command flow through the
sensor module. Complete end-to-end Delta 2 command load verification required CCC
operations. To do this, the CCC compared the transmitted load against the Delta 2 load
dumped in the Delta 2 downlink (each Delta 2 command load sent from the sensor module
to the Delta 2 automatically resulted in a dump of the load as stored in the Delta 2
navigation computer). If the Delta 2 load was verified, the CCC sent an authorization
message to enable Delta 2 use of the command load.

As one may imagine, the transmission and verification of Delta 2 command messages
involved highly coordinated ground operations between the CCC and the SMCC. These
operations were thoroughly practiced during a series of mission integration and readiness
tests. In actual operation, Delta 2 command loads took on the order of 15 to 20 seconds to
send and verify.

SMCC VERIFICATION OF THE UPLINK GROUND SEGMENT

In line with the capability to verify execution of uplinked messages, the SMCC design
included a feature to rapidly determine functionality of the ground uplink, including
AFSCN assets. This feature was vital to maintaining reliability and availability of the
command link before and during critical mission integration and readiness tests that were
performed prior to launch. During the mission, it was utilized prior to each pass to verify
functionality of the SMCC-to-RTS link. During pass operations, in the event uplinked
commands were not executed by the sensor module, this capability was available as a
means to rapidly isolate faults between the ground link and orbiting sensor module.

To implement this feature, advantage was taken of the AFSCN capability to loop
command input back to the SMCC. This looped-back command signal was called the
command echo and was a delayed image of the SMCC output illustrated in Figure 3.
During supported uplink passes, the command echo was derived from detection of RF
carrier modulation at the respective uplink site. Round trip delay was on the order of 3.6 to
3.8 seconds. In the event that problems were experienced, the loopback point could be
moved to a number of points within the AFSCN network and within the MCC to isolate
the fault to a particular area. Figure 5 shows typical loopback points within the AFSCN
and SMCC. This feature proved very useful during numerous mission integration and
readiness tests performed prior to launch.

To process the command echo, the MCC performed three hardware implemented
functions, namely, depacketization of the command echo, decryption, and echo
verification. A JHU/APL designed unit, called the depacketizer, extracted the encrypted
1-kbps command messages from the AFSCN format command echo return. In the event 



Figure 5. Major Loopback Points for Ground Uplink
Fault Isolation

that no messages were in progress, the unit continued to check and indicate whether proper
AFSCN frame sync and parity were maintained. This indication was very useful as the
uplink could be easily checked at any time—it required only that the echo loopback be
connected at some point in the AFSCN. If AFSCN frame and parity were continuously
maintained, this indicated, with a high probability, that the link was functional through the
loopback point.

During operations when command messages were in progress, return echo command
messages were detected by the depacketizer (by transition from null symbols to “1” and
“0” symbols), decrypted, and input to the echo verification unit. This unit, also designed
by JHU/APL, compared the output command message (previously captured in the echo
verification unit) with the return command echo message and gave a command message
pass/fail indication to the operator. For troubleshooting purposes, it also included a
capability to examine any portion of the echoed message.

CONCLUSION

The SMCC and Delta 181 ground network described in this paper maximized use of
existing national assets. As a result, Delta 181 sensor module command and control
capability was obtained in a timely and cost-effective manner. Flawless operation of the
SMCC and ground network contributed in no small way to the great success of the
program. The SMCC and segments of the ground network were also used in a follow-on
SDI program that resulted in significant additions to the SDI data base.
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Abstract

Pulse position modulation (PPM) has many attractions for optical communication over
deep space and for intersatellite communications. This paper describes a variate of PPM,
known as differential pulse position modulation (DPPM) which can double the data
throughput relative to PPM. We begin this paper with a survey of various laser sources and
laser modulation techniques used in modem space optical communications. We then
discuss the advantages of the combination of DPPM and Reed-Solomon (RS) codes.

I. INTRODUCTION

For the past decade the maturation of laser technology has inspired a great deal of efforts
in making lasers a new tool in free-space communication. It is believed that in the future
laser communications will be widely applied in all fields of space communications, either
in satellite to satellite or in deep space communication. Laser communication has many
advantages. First, the laser beams is a very narrow EM wave, so it is very difficult to jam.
Second, because both spatial and temporal distributions of the laser beam are very narrow,
the signal can propagate in a high peak power concentrated in a small area, and hence only
a small antenna is needed. Third, optical modulation provides a very wide bandwidth, up
to Gbits per second could be reached. This makes Laser communication more superior
than the traditional RF communication.

We will discuss various laser sources used in optical communications in Section 2. In
Section 3, we present popular laser modulation techniques. Section 4 introduces
differential PPM. Section 5 presents the performance of RS coded PPM system. Section 6
discusses the symbol synchronization in DPPM. Section 7 summarizes the results and
conclusion.



2. LASERS SOURCES

Different lasers can be chosen to optimize the system performance for different
applications. Among all possible laser sources, the most popular candidate are AlGaAs
diode lasers, AlGaAs diode-pumped Nd:YAG (Nd doped yttrium aluminum garnet) lasers
(1.064 fm), and AlGaAs diode-pumped doubled Nd:YAG lasers (0.532 fm).

Laser diode technology has been very much improved in the past five to ten years by
applying the techniques of molecular beam epitaxy (MBE) and metallorganic chemical
vapor deposition (MOCVD). Laser diodes have the advantage of easy direct modulation
and the potential of reaching the 30 GHz range [1]. A very high conversion efficiency (i.e.,
the ratio of optical output power to electrical input power) of nearly 50 percent can be
obtained. Also their small size and light weight make them suitable for space-based
applications. However, the limitation for using laser diodes as direct source for laser
communication has been addressed [2]. The output power of the laser beam is low and the
beam divergence is wide, making laser diodes somewhat limited in their ultimate data rate
and range compared to diode-pumped solid state lasers. If weight and efficiency
considerations outweigh these limitation, the laser diodes can be considered for some
special applications.

Most conventional solid-state lasers are pumped with a flashlamp. The idea of diode-
pumped solid state lasers was first proposed in early 60s [3]. The progress of laser diode
technology in the past decade made the use of diode- pumped solid state lasers feasible in
fulfilling the needs of space communications. There are many advantages of diode
pumping when compared with the conventional flashlamp pumping for a solid state laser.
The output spectrum of a diode laser can be precisely matched to the absorption line of the
solid state lasing material. The pumping energy can be mode matched into the lasing
material. Diode pumping also reduces electrical input power, reduces waste heat, and
increases reliability. Also as size, weight, and power efficiency are concerned, diode
pumping is definitely more preferable to flashlamp pumping [4]. Extensive lists of
references on diode-pumped solid state lasers can be found in several excellent reviews
[5][6].

Another commonly used source is the frequency doubled diode- pumped Nd:YAG laser
which has a wavelength of 0.532 fm. There are two advantages of this beam source.
Firstly, the angular spread of a laser beam is proportional to its wavelengths, so the shorter
wavelength will decrease the propagation loss. Secondly, the quantum efficiency of most
photodetectors is low, and is greatly improved at 0.532 fm. Both advantages lead to a
reduction of overall link loss. The frequency doubling (also is called second harmonic
generation) is achieved by inserting an optically nonlinear crystal in the laser cavity. The 



best nonlinear crystal for second harmonic generation is KTiOPO4 (KTP) because its
relatively higher efficiency and higher damage threshold.

3. LASER MODULATION TECHNIQUES

Different laser pulse modulation techniques are used for different lasers and modulation
frequencies. For semiconductor laser diodes, the direct modulation applied on the injection
current can reach up to 30 GHz bandwidth. With the mode locking technique, an even
higher bandwidth up to 100 GHz could be obtained [7].

For diode-pumped solid state lasers, the most popular modulation techniques are
Q-switching, cavity dumping, and mode locking [8], each with its own bandwidth limit.
The basic design of a laser cavity should have a mirror system as a photon resonator, and
an amplifying medium to provide population inversion (i.e., the population of the excited
atom at higher energy level is higher than that at lower energy level). The quality factor Q
is defined as the ratio of energy stored in the cavity to the energy loss per cycle. Lasing
will occur when the cavity Q exceeds a threshold. In Q-switching technique, energy is
stored in the amplifying medium by optical pumping while cavity Q is kept low to prevent
lasing. As the population inversion grows up and reaches a level far above the threshold
for normal lasing action, the cavity Q is switched to some high value, and the stored
energy is suddenly released in a form of very short pulse of light. The pulse duration
generated by Q-switching is in the order of 10 ns. The peak power is normally very high,
e.g., up to few hundreds KW is possible depending upon specific laser characteristics. The
Q-switching technique is extremely effective for low pulse repetition rate (<1 KHz). Peak
power decreases rapidly for pulse repetition rates higher than 3 KHz. However, average
power which is a measure of idly for pulse repetition rates higher than 3 KHz. However,
average power which is a measure of overall efficiency, increases and approaches the
maximum CW power output at repetition rate above 10 KHz. This implies that higher
pulse repetition rate gives higher power efficiency for the system, but pays the price for
reducing its peak power. The upper limit of pulse repetition rate for the Q-switching is set
by the finite buildup time of the field inside the laser cavity and the time required to
repump the population inversion. For Q-switched Nd:YAG laser, the upper limit is of the
order of 50 KHz.

Cavity dumping operates at modulation frequencies between 100 KHz to 30 MHZ [9].
Unlike Q-switching to store energy in the atomic population inversion, cavity dumping
accumulates and stores energy between output pulses primarily in the optical field. The
cavity dumping modulation technique in the application of space communication has been
analyzed and calculated in Ref.[9].



4. Pulse Position Modulation Laser Communications

In optical communications, information signal is encoded with laser pulses by modulating
source laser as discussed in Section 3. This can often be improved by pulsing the laser,
and encoding the resulting light pulses. The laser source is pulsed on or off at a prescribed
pulse repetition frequency (PRF), producing a light pulse with fixed width J and peak
power P  every 1/PRF sec. The laser, therefore, operates at an average power Ppeak            r

satisfying

P  J = P  / PRFpeak   r

At the receiver the detected pulse SNR (signal to noise ratio) after photodetection is [11]

where K  = Average number of signal counts per slot,s

K  = Average number of background noise counts per slot,b

K  = Average number of effective detector noise counts per slot.n

The symbol error rate in terms of K  and K +K +K  is calculated in Appendix 1.s  s b n

In an M-bit PPM system the laser pulse is delayed into one of 2  possible locations (calledM

a frame) during each pulse period, and M bits are sent with each pulse (Fig. 1). It is
possible to start a new frame immediately after the last pulse (Fig. 2). The resulting signal
waveform is called DPPM [12]. DPPM has the advantage that

1. the throughput of DPPM is doubled compared with PPM (Appendix 2).

It has the disadvantage that

2. channel errors might cause symbol slip or insertion that error correction codes are
not conventionally able to decode.

We will discuss this problem and propose a solution to it in Section 6



5. Reed-Solomon Coded PPM system

In a Reed-Solomon code RSm(n,k), m message bits form a message symbol, and k
message symbols are combined with r = n - k redundant symbols to form encoded blocks
of n symbols. r/k is called the redundancy percentage. It can be shown that using a symbol
length m and a block length n <2 , a Reed-Solomon code can be constructed that hasm

Hamming distance r+1 and thus corrects t = [r/2] symbol errors [13]. Further, if the errors
occur at not more than r symbol “erasure” positions, all of which are known by some
method (e.g., a loss of signal amplitude) external to the decoder, then the code can correct
up to r symbol errors. The general rule is that a RS(n,k) code can correct up to t symbol
errors and s erasures if t+s#n-k [13]. Note that error correction applies equally to message
and parity symbols. DPPM symbol structure tends to produce error statistics at the symbol
level rather than the bit level. This is an ideal arrangement for RS codes where the number
of bits per RS symbol is identical to the number of DPPM symbol. RS codes also have the
following advantages:

1. they provide good performance with less redundancy.

2. RS codes perform best in the bursty error or jamming environment.

We now define two important parameters which are important for coded systems

1. Code cost based on code rate R:

The percentage of information bits in a coded block is called the code rate. If the code rate
of a coded system is R, then the code cost for that system is:

code cost (in dB) = -10.0 x log  R.10

In other word, code cost is a measure of extra power spent for redundancy in a coded
system.

2. Coding gain (CG) based on output bit error rate:

For a desired output bit error rate, the difference of required minimum average numbers of
photons per slot between uncoded (ANP ) and coded (ANP ) system is called the codingu    c

gain:

coding gain (in dB) = 10.0 x log  ANP  - 10.0 x log  ANP .10 u    10 c

Therefore, coding gain is a measure of power saving in a coded system.



For example, in order to transmit 800 information bits, suppose that an uncoded PPM
system requires power:

to achieve a certain output bit error rate. Then a coded system needs

to achieve the same bit error rate where R is the code rate and CG is the coding gain.
Therefore, the total power is reduced (or increased) by CG(dB) - R(dB) in terms of dB.

We now show by two concrete examples how Reed-Solomon coding can help PPM
system to reduce the total power for transmitting and avoid suffering from burst or fading
noise simultaneously. Two 8-bit PPM using RS (255,100) and RS (200,100) are8   8

examined. Performances based on signal photon counts and noise photon counts (assuming
= 1.0) are presented in Figure 1 through 2. Table 1 lists the code costs and coding gains for
our two examples. From this table, we can conclude that RS(200,100) can save the total
power up to 3.0 dB. Higher savings are possible through more complicated coding
schemes [14].

6. Block Synchronization in Coded DPPM Systems

The most common block synchronization aid is the block marker. The block marker is a
short pattern of bits that the transmitter inserts periodically into the data stream. The
receiver must know the pattern and the insertion interval. We will discuss block
synchronization in 6.1. As we mentioned before, DPPM systems are most vulnerable to
symbol slip or symbol insertion due to channel errors. In Section 6.2, we will present a
rescue routine for this situation.

6.1 Codeword Block Synchronization

The synchronization between the codewords and the decoder can be achieved by periodic
insertion of sync patterns. For example, a RS(n,k) m-bit code has nm bits per codeword
block. We can insert a sync pattern (usually, it is an m-bit symbols with good auto-
correlation property) once every nm bits. At the receiving side, bits are input to a sync
pattern detector providing an m- bit window sliding along the received data stream. We set
up an input address counter modulo (n+l)m. Each address that holds an input bit also holds



a sync score for that location. As each bit is entered, the sync score is updated:
incremented when the m-bit window matches the sync pattern, decremented otherwise.
When any location’s score is greater than a preset threshold, we declare that to be the
SYNC location.

6.2 Symbol Slip or Symbol Insertion Recovery

If the sync detector finds a sync pattern at the location either one symbol before or one
symbol after the declared SYNC location. There is a strong indication that a symbol slip
happened in the previous codeword block. The decoder certainly can not successfully
decode the following codeword blocks. Eventually the system will ask the sync detector to
revert to the resync state and all codeword blocks before the next SYNC is declared will
be lost. We now propose an algorithm which would eliminate this infrequent disaster if one
and only one symbol slip happened in the codeword with high probability.

We subdivide the codeword block into several subblocks of equal length and insert a
second sync pattern T between any two consecutive subblocks (Figure 2).

If a symbol slip is detected in a subblock, do the following:

1. Insert an extra symbol after the [(k-l)/2]-th received symbol in that subblock, where k is
the number of symbols in each subblock. (delete the [(k+2)/2]-th symbol for a symbol
insertion)

2. Erase the inserted symbol and send the whole codeword block to the decoder.

Note that a symbol insertion at the wrong location will cause extra symbol errors. For
example suppose the last symbol in a subblock has a symbol slip and an extra symbol is
inserted before the first symbol of that subblock. This will cause all symbols in that
subblock wrong. Observing all possible combinations of symbol slip and symbol insertion
locations, we find that the best location for inserting an extra symbol is at the location after
the [k/2]-th received symbol in that subblock. An example for k = 6 is given in table 2 that
shows a symbol insertion after symbol 2 or 3 will cause the least number of extra symbol
errors on average. Second, since we know the inserted symbol might be wrong (with
probability = (2 -1)/2 ), we therefore erase the inserted symbol in order to improve them m

chance that the decoder might correct the codeword. This strategy also works for symbol
insertions and can be easily extended mutisymbol slip and insertion situations.



7. Conclusion

This paper has presented an overview of various laser source and modulation techniques
used in laser communication systems. Performance of Reed-Solomon coded PPM systems
is presented in terms of total power reduced and signal photon counts to noise photon
counts. It shows that a saving in total power of up to 3.0 dB is possible. We also present
the advantage and disadvantage of using DPPM for optical communications and propose a
synchronization algorithm to overcome the symbol slip or insertion problem in coded
DPPM systems. The authors thank Mr. Jerry Walker and Mr. Colum Keelaghan for many
helpful suggestions

Appendix 1. Uncoded PPM performance calculation

The correct pulse slot in an M-slot PPM system is selected based on the maximum slot
count per PPM frame. The correct pulse slot has an average count of K + K  and thes  d

incorrect slot has an average count of K . It can be shown that the symbol error rate isd

We first assume that the count detected at an optical receiver over a time interval has a
Poisson distribution, in which the probability that the count is n (an integer) is given by

where K is the mean interval count.

Base on this probability distribution function, it can be shown that the symbol error rat
(SER) of an M-bit PPM system is

where K  = mean count of signal photons.s

K  = mean count of noise photons.d



K  is relatively large, we can treat the photon count as a Gaussian random process and thed

signal photon count as additive. Then it can be shown that the symbol error rate in this
case is

where

Therefore

K  and K  are numbers of signal and noise photons produced due to incident signal energys  n

E  and noise energy E  respectively. Additionally,s    n

Appendix 2. Throughput of DPPM

Define M: number of bits per pulse. D: guard time. T: bin time.

R: code rate = percentage of information bits per coded block.

On average, we can transmit

pulses per second (Figure 2). Therefore, each information bit needs



seconds and the data rate for DPPM system can be expressed as

Set

where " is a system constraint which is imposed upon the design. Then

It can be shown that the data rate has maximum value if

which can be approximated by

if M is large. For comparison purpose, we define

It can be shown that the maximum value of the normalized data rate is



which can be approximated by

if M >> 1.
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ABSTRACT

The Network Command Processing System (NCPS) developed for the National
Aeronautics and Space Administration (NASA) Ground Network (GN) stations by the
Bendix Field Engineering Corporation (BFEC) is a spacecraft command system utilizing a
Multibus/68030 microprocessor. This system was developed and implemented at ground
stations worldwide to provide a Project Operations Control Center (POCC) with command
capability for support of spacecraft operations such as the LANDSAT, Tracking and Data
Relay Satellite and Nimbus-7 spacecraft. The NCPS interacts with the POCC and a local
operator to process configuration requests, generate modulated uplink sequences, and
inform users of the ground command link status. This paper, which provides an NCPS
description, consists of two sections. The first section presents the system functional
description and the hardware description. The second section presents software design
considerations including the implementation of a flexible and expandable operator
interface, maximization of reusable software modules, and validation of BFEC designed
development tools.

BACKGROUND

In 1987, BFEC was directed by the NASA to design a replacement spacecraft command
system for the early 1970’s vintage Spacecraft Command Encoder (SCE). The project goal
was to devise a system that would utilize state-of-the-art hardware and software, provide
on-site fault isolation and eliminate cumbersome analog alignment requirements. The initial
design study determined that there would be a significant cost benefit in modeling the
system after the NASA Telemetry and Communications Data System (TCDS). The TCDS
is a telemetry data processing system developed in the mid 1980s which utilized
distributed processing techniques and was the replacement for outdated decommutators
and data system computers on the NASA GN. Due to the differences in functionality
between the TCDS and NCPS, only portions of the hardware components could be
re-used. However, the basic hardware system architecture and the device driver software
for these components could be implemented with minimal modification. The greatest



benefit was in the software design since much of the software developed during the TCDS
project could be incorporated into the NCPS thus cutting the software design time and the
overall project costs.

SYSTEM FUNCTIONAL DESCRIPTION

The NCPS provides the POCC and/or a local operator with the capability to command a
spacecraft and to monitor the command system status. Figure 1 is a simplified functional
block diagram of the system. There are three command modes: throughput, local, and
hardline. Each mode has a different source of data. In throughput mode, data is received
for uplink via the NASA Communication (NASCOM) Data Link in 4800 bit blocks. In
local mode, data prestored in command pools is used. Each command pool may contain
several spacecraft commands that are between 16 to 2000 bits in length. In hardline mode,
serial command data is received via a connector on the rear of the NCPS and sent directly
to the uplinking hardware with little intervention from the software.

The NCPS operator uses a menu interface to select one of the three commanding modes.
Once a commanding mode has been selected, the operator enters a spacecraft
identification code (SID) and a file designator character code. These two codes are used to
retrieve the selected spacecraft attribute file from the hard disk which contains default
commanding parameters. The NCPS loads this file into its database memory and enters a
prepass state. The current configuration attributes, status information and menu selection
items for modifying spacecraft attributes, is shown on the video terminal. Each
commanding mode has two operating states: prepass and pass. Prepass is the state of
operation prior to uplink. In this state, the operator can modify and override certain
spacecraft attributes. Pass is the state of operation where data is uplinked to the spacecraft
and is entered via an operator menu selection when the system is in the prepass state. In
the pass state, some attributes that do not affect command uplink can be modified,
including selecting and uplinking an idle data sequence between commands.

In the throughput commanding mode, three options are available: uplink immediate,
buffered uplink, and rate adjust. The uplink immediate option permits the command data to
be transmitted as soon as it is received. The buffered uplink option accumulates one
command data block before beginning command transmission to the spacecraft. Buffering
allows for compensation of irregularities in the data arrival time and a precisely metered
continuous data flow to be generated. When the received average data rate is different than
the precise uplink command data rate, a circumstance may arise in which the buffered data
may be consumed or an excessive amount may accumulate. To diminish this possibility, a
rate adjustment feature has been incorporated in which the uplink command rate is varied
to match the average command rate received from the commanding source. If the number
of blocks begins to decline, the software retards the uplink rate. If the number of blocks



drops to zero, the software notifies the operator that an underflow has occurred. The
software will also advance the uplink rate when the number of buffered blocks grows
towards a predetermined maximum. The software notifies the operator that an overflow
has occurred if the number of buffered blocks exceeds the predetermined maximum.

In the local commanding mode, the operator selects commands to be uplinked from a
prestored command file by specifying a command “mark” number. This command will be
uplinked according to the parameters in the selected spacecraft attribute file upon release
by the NCPS local operator.

In the hardline commanding mode, the operator configures the NCPS for the selected
spacecraft and enters the pass state. Any data received through the hardline connection is
uplinked according to the parameters in the selected spacecraft attribute file. This mode is
used at locations where serial command data can be received directly from a POCC
command generator. This mode is primarily used for testing a spacecraft shortly before
launch.

Regardless of the command mode selected, the output of the NCPS is a Phase Shift Keyed
(PSK) modulated subcarrier which is routed to the transmitting system exciter. The
subcarrier frequency and the data rate used to modulate the subcarrier are determined by
the selected spacecraft attribute file.

The NCPS system status is reported using Site Status Messages (SSM) and command echo
NASCOM blocks. Options to enable or disable both the SSM and echo block functions
are available from the operator menu.

SSM blocks are generated and transmitted to the project specified by the status destination
code at the rate of one block per second in both the prepass and pass state. SSMs contain
information about the status of the NCPS including information about the site,
identification of the spacecraft being commanded and the status of the uplink process.

Echo blocks contain the data that was uplinked and are transmitted to the project specified
by the echo destination code. There are two types of echo blocks: asynchronous and
synchronous. Asynchronous blocks contain the image of the uplink data as received from
the verification receiver which samples the uplink RF output. Synchronous blocks are the
NASCOM blocks that were received from a project using the source and destination codes
interchanged and transmitted back to the originating project.



HARDWARE DESCRIPTION

The NCPS is housed in a single 19" standard NASA equipment rack. The units mounted in
the rack include a 140 MByte hard disk drive, a 5.25" floppy disk drive, a streaming tape
unit, a 14" color graphics terminal, a standard 101 keyboard and the NCPS chassis. The
functional and ergonomic layout provides the operators with easy access to the system.
Figure 2 illustrates the NCPS rack elevation layout.

CHASSIS

The NCPS chassis uses a multibus 1 architecture with a 20 slot card cage to accommodate
the five PC cards and to provide for expansion or modification. Of the five board
assemblies, one is a commercially available computer board and four are special purpose
custom designed boards i.e. Serial Time Code Receiver board, Transmit/Receive board,
External 5 MHZ board and a PSK Modulation Board (PMB).

COMPUTER BOARD

The computer board utilizes a 68030 32-bit microprocessor with 4 megabytes of RAM.
This board performs the central control function of the NCPS. The system initialization
instructions are stored in EPROM. The computer board also provides interfaces the disks,
streamer tape, graphic video terminal, and the external printer.

SERIAL TIME CODE RECEIVER BOARD

The Serial Time Code Receiver board was developed by the NASA. The board decodes
the received serial binary 1 (SB-1) time code which is a Manchester encoded RS-422
signal into parallel time with millisecond accuracy which the NCPS software inserts into
the transmitted NASCOM 4800 bit block. The source of the SB-1 time code is the station
master timing system.

TRANSMIT/RECEIVE BOARD

The Transmit/Receive (T/R) board was developed by BFEC for the TCDS and is used to
interface with the NASCOM communication system. It provides the channel for
processing a digital serial data stream of NASCOM blocks entering or leaving the NCPS.

EXTERNAL 5 MHZ BOARD

The External 5 MHZ board provides frequency synthesis by using the phase locked loop
(PLL) technique. The purpose of the board is to generate a phase coherent 4.096 MHZ



signal from the station’s 5 MHZ signal. The monolithic PLL was used for fractional
frequency synthesizer in External 5MHz board and consists of a Voltage Control
Oscillator (VCO), phase comparator, and low pass filter. The monolithic PLLs were used
in this application because of their low cost versus high performance at frequencies below
50 MHZ.

A block diagram representation of the fractional frequency synthesizer is shown in
Figure 3. The phase locked loop operates by producing an oscillator frequency to match
the frequency of an input signal. In this locked condition any slight change in input
frequency, f , first appears as a change in phase between f  and the oscillator frequency, f .a          a     c

The phase shift then acts as an error signal to change the oscillator’s frequency to match
the f .a

Using a crystal oscillator as the frequency source for the PLL and having it phase locked to
the station’s precise main timing system results in a long term stable clock. This procedure
was incorporated in the hardware design to increase the stability of the modulated
subcarrier.

PSK MODULATION BOARD

The PMB is designed to provide command support for all subcarrier modulated compatible
spacecraft. Control, setup, and ground command verification sequences are received via
the multibus. The command data to be uplinked is received from the CPU via the multibus
in all modes with the exception that in hardline mode it is received via a direct serial
interface.

The PMB is divided into three functional areas: Command Data Control (CDC),
Subcarrier Modulation/Demodulation (SMD), and the Serial Data Interface (SDI). Figure 4
illustrates the PMB, Functional Block Diagram.

The CDC interface permits control and setup of the PMB by the CPU via the multibus
interface. The PMB setup/control words, provided from the hard disk’s spacecraft attribute
files, select the subcarrier frequency, data (modulation) rate, data type encoding, command
idle, modulating source, and command mode.

The SMD process generates a composite modulated PSK waveform and utilizes a stable
frequency source, rate multipliers, a sinusoidal look-up table, a digital-to-analog converter,
and a single pole lowpass filter. The subcarrier rate multiplier along with the frequency
reference, which can be from an onboard crystal or the External 5 MHZ board, generates
subcarrier samples at 256 times the selected subcarrier frequency. The subcarrier samples 



are the result of a phase counter addressing a sinusoidal look-up table, that is PROM. The
PROM contents are specified by the equation

D ( sin(2 ( pi ( K/256)i

where K represents the address of the subcarrier phase counter and D  represents the signi

of the data sequence. The active single pole low-pass filter eliminates the out of band
harmonic power.

The SDI interface is provided to permit the processing of a serial command sequence.
When the serial data mode is selected on the PMB, the transition tracking loop is selected
versus the reference 4.096 MHZ. The transition tracking loop drives the subcarrier phase
to provide proper alignment of the subcarrier transitions and the data symbols being
transmitted.

PERIPHERAL

An external serial line printer provides a hard copy of all NCPS activities and status
information and is used primarily for historical data and as a troubleshooting aid.

SOFTWARE DESCRIPTION

The NCPS software development task also began in 1987. The original software project
included software to support a wide range of ground stations and spacecraft. Several
ground stations were closing and some spacecraft were becoming old and obsolete.
However, the NCPS was required to support both the aging spacecraft, as well as, future
spacecraft. A design approach to maintain an everchanging system was needed. The
Systems Utilization Enhancement (SUE) data system project, now known as TCDS, was
also faced with application software that required modification on a continuing basis. In
order to optimize the generation and maintenance of those applications, various tools were
developed as part of the TCDS project. A distributed operating system and a multi-tasking
executive (MX) were developed to support TCDS. A report “Distributed Operating
System for NASA Ground Station” written by John Doyle and presented at the 1987
International Telemetering Conference (ITC) describes the TCDS software and provides
background for this paper.



NCPS SOFTWARE DESIGN GOAL AND CONSIDERATIONS

The NCPS software design goal was to utilize as much of TCDS software and tools as
possible without inhibiting the development and uniqueness of the NCPS application.
TCDS Software design objectives described in the following paragraphs were considered
during the design phase.

“Selection of an appropriate language and development environment”. The C language, the
Unix development environment and MX were used in TCDS were found suitable for the
NCPS. This development environment was incorporated into the NCPS design objectives.

“A plan for future growth in program size”. TCDS uses a modular approach to software
development where functions can be added and deleted without disrupting the entire
system. This plan was included in the NCPS.

“Allow additional new subsystems and/or devices”. The TCDS comprises eight varieties
of subsystems which can be duplicated to meet the support requirements of a specific
ground station. The subsystems are linked to four Ethernet 10 Mbit per second busses. The
largest system has a total of thirty subsystems. This objective was incorporated into NCPS
in order to add hardware and device driver code as needed. It was also foreseen that the
NCPS could become a subsystem of the TCDS adding the issue of compatibility between
the two systems to the design task.

As NCPS hardware components are improved and upgraded, it is necessary to upgrade
software. An objective to “minimize dependence on hardware configuration” was
included.

“Automation of system documentation through the use of graphical representation”. This
objective was included because of the continuous software updates and documentation
changes for the NCPS.

“Automation of configuration control”. This objective was included in the NCPS to have
consistency in project software for future upgrades and releases.

“Utilize an organized system database”. A memory resident database containing global
information allowed for instant access to various system variables including data needed
for displays and the operator interface.

“Base design on reusable modules”. This objective was incorporated into the NCPS in
order to reduce the duration and costs of software development.



“Allow incremental source code revision”. This objective was included in the NCPS to
allow for software upgrades and enhancements.

It was determined by the design team that its goals could be met effectively by using the
TCDS as a foundation for building the NCPS software. Many of the TCDS objectives
were applicable to the NCPS. This proved to be advantageous in that operator interface
software, BFEC developed tools and some application software could be reused.

OPERATOR INTERFACE SOFTWARE

Operator interface software known as opware was used for the NCPS Graphical User
Interface. The term opware evolved during the development of the TCDS. It is “any
implementation of a design, or solution to a problem, that is complete immediately upon its
specification. It differs from software in that there is no compilation or linkage
required”[1].

Opware for the NCPS includes batch files of operator menus, prompts and sequenced
commands, tables of data in the system’s memory resident database, ASCII files for
specifying display formats and an interpreted block processing language. This facilitates an
operator interface that can be custom designed on the fly. No recompilation of code is
necessary. The opware uses the system database in order to instantly access system data.
This allows for the screen to be refreshed once a second with up-to-date, real-time,
information. For example, during a spacecraft pass, an operator can quickly choose
whether or not to echo uplink information back to the project by turning echo off or on. A
variable specifically defined to monitor the state of echo blocks resides in the system
database. It is set to one when echo is turned on and a zero when it is off. The opware has
direct access to the variable in the database. When the operator selects the option from the
operator menu to turn echo on, the opware command file driving that menu sets the
variable to one. A “C” function to build echo blocks samples the echo state variable.
When the value of the state variable becomes a one, the code begins building the block.
The display on the video terminal will also be update, instantly showing that echo has been
turned on. A counter variable of the number of echo blocks built and transmitted is kept in
the data base. It is updated and displayed on the video terminal once a second.

BFEC DEVELOPED TOOLS

An engineering tool developed for the TCDS was incorporated into the NCPS. This tool is
the Network Adaptive Schema for Modeling Asynchronous Computation (NASMAC)
which allows the specification of software systems using directed graphs, and the
automatic transformation of such graphs into operational software. NASMAC was 



developed for the purpose of minimizing software life cycle costs. It helped to achieve all
of the objectives stated in the previous paragraphs.

NASMAC has a “computer-based, graphic network diagram to specify task and subsystem
interfaces” that is used to build system directed graphs[1]. Each node on a the graph
depicts either memory resident data objects or functions. Data objects are expressed as
rectangles and functions are expressed as any other shape. Nodes are connected by data
and control directives. Data directives are depicted as dotted lines and control directives
are depicted as solid lines. The finished graph is the design of the application and the
sequence of events that occur in the application. Figure 5 is an NCPS graphs used to build
echo blocks. The graphs of the NCPS are compiled providing base line software that
manages task scheduling and data flow control. The entire NCPS system is depicted in
these NASMAC graphs providing current documentation and configuration control for the
system. The modularity resulting from the use of NASMAC graphs allows for application
software to be continuously modified and upgraded.

REUSABLE MODULES

TCDS provided NCPS with reusable software modules, opware and engineering tools
which facilitated approximately 80% of the NCPS software with only approximately 15%
of that software requiring modifications. Table 1 is a table of source lines of code (SLOC)
for the NCPS. It depicts the total lines of code taken from the TCDS including opware and
tools plus the total lines of code developed for the NCPS. It also depicts the number of
lines of code taken from TCDS which needed some modifications. Four to six months of
startup development time was saved by using this design approach. The following is a list
of reusable software modules from TCDS:

o Transmit/Receiver board - driver software was used to communicate to the NDL.

o Alarming functions which provide the operator with information about the state of
the system.

o Operator Interface Software for an interpreted block processing language.

o Printer and Terminal output software.

o Hard disk file system utilities separate from the UNIX file system.

o Real Time Executive (MX).

o GMT timing board driver software.



NCPS APPLICATION SOFTWARE

By using the TCDS as a foundation for the NCPS, the NCPS software needed to only add
an application layer. Focus could then be turned to the NCPS functionality and the
software that would be written and integrated into the NCPS design. Approximately 20%
percent of software was newly written for the NCPS specific application.

Software to support commanding was written. It included software to build SSMs and
echo blocks, software to verify incoming blocks, and software to load command pools.

Utility software was developed to maintain, display, and print the following files: attribute,
command pool and test command.

Software was written to support PMB hardware drivers including mechanisms for
command buffering and rate adjust.

Software to configure and monitor the system’s state was constructed.

Floppy Disk and Tape Device utilities that can be executed from the real-time system were
created. These utilities will become part of the TCDS reusable software pool for future
projects.

SUMMARY

After detailed research and analysis, the NCPS was developed and implemented to provide
the GN sites with command capability for support of spacecraft operations. The
modularization and commonality of parts have helped produce a system that can be
expanded as needed. By using TCDS software as a foundation for that of the NCPS,
additional software modules can be added to the NCPS as requirements are added or
changed. The software tools and opware developed for TCDS also allows for a lesser
experienced programmer to maintain and upgrade the system.
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Abstract

The aim of the present research is to develop a computationally efficient numerical model
to analyze geostationary satellite availability from the lunar surface. This simulation
includes a menu-oriented interface which facilitates user interaction and incorporates an
animated visual display. The animated graphics display depicts the satellite constellation as
the simulation progresses and aids in proper evaluation of the model. This simulation is
general in configuration and allows for arbitrary input parameters for positioning satellites,
specifying the rate of program execution, and specifying the sampling rate. A method of
determining when the moon is visible to a geostationary satellite is presented. The effects
of varying the sampling rate on the correct determination of the time window in which
lunar-geostationary satellite visibility occurs is studied. Large time intervals yield
misleading data while small time intervals slow the execution of the simulation. The
optimum time interval which yields reliable data was shown to be thirty minutes.

1. Introduction

Studies of satellites in orbit about the earth in which satellite-satellite communications are
of primary consideration have been extensive [1]. In this study, the primary consideration
is predicting the time frame and integral time in which lunar-satellite communication links
occur. A model and simulation is required to study the motion of the Sun, Moon and
satellite with respect to the earth. There are particular configurations during which the
earth obstructs communications from the satellite to the moon. There are also
configurations during which the moon is in line of view of the satellite and the sun appears
behind either the satellite or the moon interfering with lunar-satellite communications.
Specifically, a model is required which can determine when these configurations occur and
yield the times when the moon is visible to the satellite.

The satellite system to be modelled is the Tracking and Data Relay Satellite System
(TDRSS). The primary purpose of the TDRSS is to provide tracking and data acquisition
services to low Earth-orbiting spacecraft, including the space shuttle from launch to
mission completion. The Tracking and Data Relay Satellites serve as geostationary relay



points for user spacecraft and are always in view of the White Sands Ground Terminal [2].
There are at least two active satellites , plus an inactive on-orbit spare. The two satellites
dedicated to TDRSS service are assigned geosynchronous orbits at 41º W and 171º W
longitude [3]. The original motivation for this work was to simulate satellite-lunar
communication links between TDRSS and the lunar surface for possible future missions to
put man on the moon.

It is desirable that this model be interactive and incorporate an animated graphic display of
the simulation. This simulation allows for arbitrary input parameters for positioning a
satellite, specifying the rate of execution (within limits of the hardware) and specifying the
sampling rate. Interactive reconfiguration is allowed during run-time through an
asynchronous menubar. Asynchronous input allows the user to alter the scenario as it runs.
The advantage of run-time interactive reconfiguration. is that it can reduce the iterations
needed to achieve the desired results. Animated graphics represent the configuration under
simulation and evolve as the simulation progresses. These graphic results aid in proper
evaluation of the model when combined with a numerical assessment of the results. The
advantage of animated graphics is that they are quickly evaluated and can demonstrate
modeling errors while numerical analysis alone may be tedious and may fail to
communicate a modelling error.

This simulation runs on a VAXstation 3100 running the VMS operating system. A
commercially available software package was used in order to expedite model
development by eliminating the coding of graphical representations for this model. The
integrated simulation language and graphics package supports both interactive and
animated visual displays. This allows the designer to concentrate on the application
aspects of the model.

2. Model Development

In order to gain an initial understanding into the problem, polynomial functions to
approximate ephemeris data to locate the Sun and Moon relative to the Earth are used. A
coordinate frame is defined such that the earth is the center of a 3-axis coordinate system
that is fixed in space. The locations obtained from the polynomial functions are angular
and require transformation to this cartesian system.

The model was not developed to provide extremely accurate solar and lunar positions, nor
to include all perturbations on a satellite. The model was designed as a tool to provide an
environment in which the analytical and numerical methods can be demonstrated. For this
model, time consuming integration is eliminated in order to improve the speed and
efficiency of the simulation. The current model can be expanded to include forces acting
on the satellite if necessary.



2.1 Coordinate System

The Geocentric Equatorial Coordinate System is defined such that the origin of the system
is the central point of earth, the reference plane is the equator at a fixed epoch and the
reference direction is the venial equinox at a fixed epoch. The vernal equinox is defined as
the direction of the sun as viewed from the earth when the sun changes to the north side of
the equator in its apparent orbit at the beginning of Spring [4].

A projection of longitude and latitude lines from the earth’s surface onto the sky are used
in astronomical coordinate systems. The declination (*) is the angle between the line from
the earth to the planet and celestial equator. The declination is measured from the north to
the south. The right ascension (") is the angle between the vernal equinox and the
projection of the line from the earth to the planet on the equator. The right ascension is
measured from 0  to 24  in the direction of the earth’s rotation. The right ascension andh  h

declination are analogs to longitude and latitude respectively. This system is angular and
must be transformed to a 3-axis cartesian system.

The cartesian system is defined such that the X-axis is directed toward the vernal equinox
(longitude 0 ). The Y-axis lies in the plane of the equator and is directed towards longitude0

90 , and the Z-axis completes the right handed system and is directed towards the north0

celestial pole.

2.2 Defining the World: Visual Display

In order to portray the three dimensional numerical model on a two dimensional visual
display, the cartesian system is transformed such that the Y-axis is displayed as the
horizontal axis (0-axis) on the screen while the Z-axis is displayed as the vertical axis
(j-axis) on the screen. The coordinates of the X-axis cannot be displayed as a third
dimension on the visual display but are used to determine when objects in the sky have
moved behind or in front of other objects. The viewing configuration is defined such that
the point of reference is the vernal equinox and the center of the Earth at the origin.

In the graphics package used for this model, spaces are defined in a model-oriented
manner in real-world coordinates. The graphics system allows the program to specify a
region in world space which is to be portrayed on the display. The coordinate points of the
display are specified in Normalized Device Coordinates (NDC units). NDC units range
from 0 to 32767 along both the X and Y axes and scaling in both directions is assumed to
be the same. For this model the viewing transformation is defined such that the origin point
(0,0) is located in the center of the display to coincide with the origin of the Cartesian
system. The lower and upper limits of the both the 0 and j axes of the viewing display are
defined to be -4000 and 4000 respectively. Each unit corresponds to 1x10  kilometers. The5



limits were chosen such that the full orbital path of the moon could be displayed over the
entire screen.

Figure 2 - Visual Display for Simulation

3. Mathematical Description and Definitions

The equations used to determine the position of a geostationary satellite are simplified to
display a direct relationship between position and time. It is assumed that the satellite is
acted upon only by the gravitational attraction of the Earth. It is known that a synchronous
satellite has a fixed circular orbit with a period of revolution of one sidereal day. A
synchronous orbit is over the equator and the satellite travels in the same direction as the
earth’s surface. The orbit radius is defined as 42,164.2 km [5]. Since the motion of the
satellite is confined to the orbit plane the only calculations necessary are for the X and Z
coordinates.

3.1 Earth Intrusion Determination

As seen in Figure 3a, Coordinate System, the position vectors for the satellite and the
moon are SE and ME respectively. The Earth is positioned at the origin (0,0). The vector
from SE to ME called the pointing vector is computed by simple vector subtraction. The
magnitude of the pointing vector is the distance between the satellite and the moon. The
coverage angle of the satellite is approximately 62 degrees. This angle is a three
dimensional angle and represents the overall field of view of the satellite. Visibility is
defined as the ability of the satellite to have an unobstructed view of the moon. The major
obstruction is the Earth.



Figure 3a- Earth Intrusion Determination Figure 3b - Sun Outage Determination

As seen in Figure 4, due to the fact that the satellite’s antenna points toward the Earth, the
Earth obstructs visibility in the center 17º of the cone. When the moon lies in range of the
outer limbs of the cone, it is visible to the satellite. The visibility is computed by first
computing the pointing vector and then computing the viewing angle, 2 , between it andv

the vector from the Earth to the satellite. Visibility occurs when 8.5º <= 2  <= 31º. Thev

viewing angle is also a three dimensional angle and describes the field of view the satellite
has of the moon. The viewing angle is computed by using the dot product of the pointing
vector and the satellite-earth vector.

Figure 4 - Earth Intrusion Determination



3.2 Solar Outage Determination

As seen in Figure 3b, the pointing vectors from the satellite to the moon and the vector
from the satellite to the Sun are SM and SS respectively. The pointing vector SS is
calculated by simple vector subtraction and the magnitude of this vector is the distance
betwen the sun and the satellite. During periods when the moon is in line of sight of the
satellite and the sun appears either behind the moon or the satellite, a sun outage occurs
and the lunar-satellite communication link is disrupted. The sun outage is determined by
computing the angle 2  between the two pointing vectors SS and SM. A sun outage iso

defined when 2  <= threshold or 180.0 - threshold <= 2  and 180.0 >= 2  where theo        o    o

threshold is given as an input parameter. This value will depend on the type of
communication system used. The sun outage angle is a three dimensional angle also and is
computed using the dot product of the pointing vectors SS and SM. A sun outage occurs
twice a year, once during the Spring equinox and once during the Autumn equinox [6].

3.3 Transformation from Geocentric equatorial Coordinates to Display Coordinates

The equations describing the Geocentric equatorial coordinates of the lunar and solar
positions are lengthy and will not be derived here. These coordinates are transformed to
cartesian coordinates before determining visibility and then transformed again to NDC
units in order to display the simulation on the screen. The transformation from Cartesian
coordinates to NDC units is accomplished through routines provided by the software
package implemented for this model.

The Sun’s radius vector is expressed in Astronomical Units and must be converted to
meters. Since 1 AU = 1.496 x 10  meters, the rectangular coordinates are multiplied by11

1.496 x 10 . Recall that distances have been scaled down by 10  meters to match the world6          5

space defined by the simulation. Transformation to NDC units is unnecessary due to the
fact that the Sun is not displayed on the screen. The X coordinates (cartesian) of both the
moon and satellite constellation designate whether these objects appear in front (+X) or
behind (-X) the Earth.

4. Model Verification

Several test cases were investigated to ensure the simulation produced reliable data. For
the first case, a set of tests was conducted to confirm the calculations of the solar and lunar
movements with respect to the Earth. The simulation was run over a period of 20 years
calculating positions daily. Calculated values were confirmed with the Nautical Alamanac
and the American Ephemeris and Nautical Almanac [7],[8]. Values corresponding to the
initial date of the simulation as well as the final date were verified. The geocentric
longitude and geocentric latitude of the moon were calculated to the nearest .01º. The



horizontal parallax was calculated to the nearest .001º and the declinations of both the Sun
and the Moon were correct within the nearest .005º. Another simulation was run over the
same 20 year span calculating positions every twelve hours and the results were
equivalent. A similar test which was run over a 40 year period computing positions once
daily also produced reliable data.

For the second case, a test was run to determine if the sun outages occured circa the
Spring and Autumn equinoxes. A simulation was run over the inclusive dates of January 1,
1991 and January 1, 1992. The simulation indicated that the “sun interference” occured
around March 26 and October 5 of 1990. According to the Astronomical Tables [9], the
equinoxes for that year occured on March 20 and September 23.

When the earth lies within the coverage angle of the satellite such that the earth interferes
with satellite-lunar communications, the moon must be sufficiently near the equatorial
plane for this configuration to occur. Through analysis of numerical output and observation
of the animated graphical display, it is demonstrated that the simulation is detecting an
earth intrusion correctly.

The model was also tested to determine the optimal sampling rate. The model was tested
using four different sample rates over a period of three months to determine the total
execution time. The minimum, maximum, and average number of hours in which
lunar-satellite visibility occurs was computed. The results were as follows:

Table - 1
Results for Simulation of TDRSS-Lunar Contact

Samples per day   Execution time Min. contact hours Max. contact hours Average hours
(minutes:seconds)

8.0 2:51 3.0 6.0 1.91
12.0 3:70 2.0 8.0 3.16
24.0 6:55 1.0 8.0 4.93
48.0 15:17 3.5 8.0 6.14

The total number of hours per day of visibility possible during January 1991 by a single
satellite only and the satellite pair are displayed in Figures 5 and 6 respectively. The
maximum number of hours of visibility for the satellite pair is twice that of a single
satellite. Figures 7 and 8 display satellite-lunar contact from January 1, 1991 to January 1,
1992 as viewed from one satellite and the TDRSS pair respectively.



Figure 5

Figure 6



Figure 7

Figure 8



5. Conclusion

In summary, a simulation of satellite motion in an Earth and Moon environment has been
constructed to aid in the analysis of lunar-satellite communications. The methods which
describe the development of the numerical model and the animated graphics model was
presented. Verification of the simulation was also presented. The simulation produces and
accurate account of lunar and solar positions with respect to the Earth. Since several
assumptions were made concerning the forces acting upon the satellite, the computed
positions describe only the general motion of the satellite.

Another motivation for this project was to determine the feasibility of developing this
simulation model with a commercially available software package. MODSIM and
SIMSCRIPT were explored. The performance of the MODSIM compiler on the VAX
workstation was extremely poor. While the SIMSCRIPT compiler’s performance was
acceptable, the SIMGRAPHICS documentation was often ambiguous and the routines do
not always perform as described in the documentation. Problems with the documentation
and performance of the graphics routines hindered model development. Future efforts may
involve the addition of perturbations on the satellite-pair into the simulation. Future efforts
may also include the programming of this simulation in a modular programming language
such as C++.
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ABSTRACT

The uncertainty in the gain of voltage controlled crystal oscillators (VCXOs) used in the
implementation of certain analog phase-locked loops (PLLs) suggests some form of
automatic tuning algorithm, both for pretuning and during operation. This paper proposes
an adaptive PLL (APLL) algorithm to fill this need for PLLs used in the recovery of tones
in noise. This algorithm makes use of a resonant error algorithm to remove the effects of
VCXO noise, measurement noise, and parasitic poles. Both classical convergence
theorems and robustness theorems that indicate the functionality of the proposed algorithm
are given. Finally, the implementation of this algorithm is considered.

INTRODUCTION

The need for adaptive phase-locked loops (APLLs) under certain circumstances has been
noted for some time in the extensive literature on the analysis and design of PLLs. For
example, PLLs which have large bandwidths during acquisition and small bandwidths
while in lock have been used to meet specifications unattainable with fixed parameter
PLLs [1].

Another problem which suggests adaptation is the problem of uncertainty in PLL response
due to the use of analog voltage controlled crystal oscillators (VCXOs) whose gain (K )vco

can vary statically due to component variation, or dynamically with changing input center
frequency, quiescent frequency T , temperature, or age [2]. Such unexpected changes inq

K  adversely affect digital communication systems and Doppler tracking systems (i.e.vco

global positioning system receivers) because of the high sensitivity of slip rate to loop gain
variations [3].



Standard methods of eliminating VCO gain variations involve the use of hand tuning,
constant temperature ovens, and nonlinear networks to linearize the VCO gain [2]. These
solutions represent “open loop” solutions to the VCO gain uncertainty problem since the
effect of the gain correction is never actually observed to assure that the technique is
working properly. The purpose of this paper is to propose a “closed loop” method of
compensating for VCO gain variations in PLLs used to recover tones buried in noise.

In order to achieve this goal we proceed as follows. After some review of basic PLL and
adaptive control concepts in Section II, Section III motivates the design philosophy
underlying the proposed APLL.

This is followed in Section IV by a qualitative algorithm description. Subsequently some
analytical results verifying the functionality of the algorithm are given in section V. In
particular results are cited concerning the error convergence and robustness of the APLL.
Section VI concludes this paper by showing the ease with which this algorithm could be
implemented.

BASIC CONCEPTS

In this paper a PLL refers to the classical analog PLL designed using a mixer for a phase
detector shown in block diagram form in Figure 2-1. Such PLLs are commonly used for
the recovery of a phase modulated tone, sin(T t+u(t)), buried in noise, N(t), in applicationsq

such as carrier and clock recovery in communication s stems [3].

Figure 2-1: The Analog Phase-Locked Loop

In many cases the analysis of the PLL uses the baseband model which relates the input
phase modulation u directly to the output phase modulation y. This paper makes use of the
baseband model, keeping in mind that it is the sinusoidal signals ũ and ỹ which are actually
observed when experimentally viewing the PLL, and u and y are not directly observable.



An adaptive PLL (APLL) is a PLL with a compensating gain adjustment (k ) between thep

loop filter and the VCO along with some method of selecting k  so that the loop gain of thep

PLL remains constant. A common viewpoint from which to derive and analyze such an
algorithm is model reference adaptive control (MRAC) theory, which is based on the idea
of comparing the output of a simulated desired model with that of the actual system, and
using this error along with the input that caused it, to adjust the compensating gain (see
Figure 2-2). Such methods have achieved some degree of success , but such success has
mainly been with linear control systems [4]. Adaptive control systems are normally
subjected to two types of analytical tests, classical and robustness. Classical analysis
provides strong convergence results used to confirm basic algorithm operation. However,
when designing the adaptive algorithm, it is customary to use a simplified model for the
control system, leaving out such real world disturbances (called “unmodeled
disturbances”) as plant noise, measurement noise, and parasitic poles. As a result,
robustness analysis, which allows the designer to check the influence of such unmodeled
disturbances, must be applied to assure the adaptive algorithm will work in the real world.

Figure 2-2: The MRAC Methodology

APLL DESIGN PHILOSOPHY

Although the APLL structure is strongly influenced by the MRAC methodology, the APLL
algorithm suggested is unique in that it uses a “teacher” model as a reference model rather
than an independent PLL simulation with the desired loop gain (henceforth called the
“desired PLL” or DPLL). Unlike the reference model of classical MRAC structures, the
teacher model (TM) output depends on the behavior of the actual PLL due to the input (u)
rather than the input itself. The reason the TM is used as a reference model is two fold.
First, PLLs are often implemented at extremely high frequencies (ie. GHz), making



simulation of the desired model unfeasible and expensive (indeed at frequencies where
such simulation is feasible, it often replaces the analog PLL, and is called a digital PLL).
Since the baseband model captures the PLL operation and has a much lower bandwidth, if
u were available it would be nice to simulate it instead. By relaxing the reference model
from the DPLL to the TM such a baseband simulation is allowed. Secondly, because of the
inherent sin(@) nonlinearity in the baseband analog PLL model, such deviation from DPLL
behavior is helpful, since the DPLL and the actual PLL can behave vastly different in
certain regions of the state space. For example, the actual PLL might “slip” (transition
between two stable equilibria), while the DPLL remains in lock. Such “relative slips”
make the error between the DPLL and the actual PLL difficult to use for adaptation
purposes.

Although it is good for the TM to act different than the DPLL in special circumstances, in
keeping with the MRAC principle of adaptation toward a model with the desired behavior,
the TM must be constructed so that under ordinary circumstances (i.e. lock is maintained)
the TM behaves like the DPLL. In this respect its actions should be analogous to a good
teacher who, although he/she knows the material well and normally follows it precisely,
also knows the limitations of the students well enough to “bend” the truth somewhat so the
students will become totally lost. For example, in the case of relative slipping noted above,
the TM should try to behave like the DPLL and remain in lock. However, seeing that the
actual PLL has lost lock, the TM should go ahead and track the actual PLL output to the
new phase equilibrium (albeit somewhat reluctantly), and then begin behaving like the
DPLL again, modulo an error close to a multiple of 2B.

APLL DESCRIPTION

This section describes the details of an APLL which was designed according to the
guidelines given in the previous section. Figure 4-1 shows the baseband model of such an
algorithm.

This block diagram is best understood by comparing it with the traditional MRAC model
in Figure 2-2, and explaining the reasons for the modifications. If viewed properly, there is
a distinct similarity between these two structures. In particular, if the actual PLL in
combination with the teacher model extension in Figure 4-1 is viewed as a reference model
(called the TM in the previous section), then both models compare the output of the actual
system with a reference model and use the measured error to adapt the actual system
parameters toward those of the reference model. In addition, the structure of the TM
reveals that it acts similar to the DPLL, which would normally be used in the MRAC
methodology, because its overall gain from the phase detector to the output, K K ,des N2

equals the overall gain of the DPLL in cascade with a measurement system of gain K .N2



Figure 4-1: Baseband APLL Algorithm

Closer inspection, however, reveals many differences between the APLL structure and that
of the generic MRAC system of Figure 2-2. To begin with the measurement system in the
APLL is a frequency to voltage converter (FVC) which measures the instantaneous
frequency rather than the output phase modulation y. However, the difference between the
FVC and the TM outputs is passed through an integrator before it is called the error,
artificially producing the phase error predicted by the MRAC model. By measuring
instantaneous frequency rather than phase, the APLL avoids the saturation problems which
would inevitably occur when measuring (or simulating) phase signals.

In addition to this, the feedback of the error into the TM and the actual PLL outputs via KT

and (  is found in Figure 4-1 but not in Figure 2-2. These feedback terms are vital to both2

the elementary operation of the APLL and its robustness. The contributions to the basic
operation (the convergence of the error to 0) are that K  assures that the teacher model andT



the actual model will never slip with respect to each other and (  serves the equally2

important function of removing any DC bias in the instantaneous frequency measurement
caused by using an estimate ä  of the quiescent frequency in the FVC rather than Tq          q

The contribution of these terms to the APLL robustness is as follows. In order for the
APLL to be useful, it must work in “real world” situations, where both unmodeled low
frequency VCO phase noise and high frequency parasitic poles exist. With this in mind, a
robust algorithm should remain uninfluenced by both the low and high frequencies, leaving
the middle frequencies to control the adaptation. This is exactly the influence adding KT

and (  has on e and hence the adaptation mechanism, since e is the output of a resonant2

error system, as revealed by redrawing this system as a standard second order feedback
system. The parameters K  and (  can now be selected according to the worst anticipatedT  2

VCO noise and parasitic pole locations, since the frequency band which influences
adaptation is located around the resonant frequency,          and its size is determined by the
damping ratio                     .

Figure 4-2: The Resonant Error System

For instance, if          is chosen above the VCO phase noise frequencies but below the
influence of the parasitic poles, and K  is chosen so that the resonant circuit is veryT

selective, then only the input phase noise at the mid frequencies will affect the adaptation.
Here we make use of the assumption that the purpose for which the PLL will be used is for
tone recovery, in which case the spectrum of the input noise will always extend past that of
the VCO noise (if it doesn’t, using the PLL will certainly not result in a cleaner tone).

(  is the only parameter that remains to be chosen in the adaptation portion of Figure 4-1.1

This is called the adaptation gain and should be selected according to the expected rate of
VCO gain variation. Since this system was designed with adaptation in mind, however, the
adaptive tuning is assured of working only if the outer adaptation loop is significantly
“slower” than the inner actual PLL.



APLL ANALYSIS

In this section we state results showing that the APLL algorithm described in the previous
section works, and that the algorithm will work in the real world. In adaptive control
theory parlance this translates into giving global error convergence results in a perfect
environment, and local parameter convergence results in an environment with unmodeled
noises and parasitic poles.

First the result that confirms the elementary operation of the APLL is given.
Theorem 5-1:     Consider the first order version of the APLL in Figure 4-1, whose
mathematical description is

dy(t)/dt = K k (t)K sin(u(t) - y(t)) (5-1)N1 p vco

de(t)/dt = (K k (t)K K  - K K )sin(u(t) - y(t))N1 p vco N2  des N2

+K (T  - ä ) - b(t) - K e(t) (5-2)N2 q  q     T

db(t)/dt = ( e(t) (5-3)2

dk (t)/dt = -( K e(t)sin(u(t) - y(t)), (5-4)p 1 N1

where the above symbols are implicitly defined in Figure 4-1. If K  > 0, (  > 0, andT   2

K K (  > 0, then e(t) ÿ 0 as t ÿ 4. This is true regardless of K , K , T , T , b(0),vco N2 1                N1  N2  q  osc

e(0), and y(0). Proof: This proof uses Lyapunov stability techniques. Although the theorem
is stated for first order PLLs, it can be extended to higher order PLLs. See [6] for more
details.

The following is a robustness result that strictly speaking has only been proven for the
linearized APLL model, which is the APLL model ignoring the sin(@) nonlinearity. It is
applicable to the original APLL model for situations where lock is maintained with high
probability.
Theorem 5-2:     For any , > 0, the compensating gain of the linearized APLL will fall
into the neighborhood (K  / K  K  ! ,, K  / K  + ,) of the desired compensatingdes  N1 vco   des  vco

gain and will remain there for an arbitrarily long but prespecified time interval with
probability greater than 1 ! ,, even if the linearized APLL is disturbed by VCO noise,
measurement noise, parasitic poles in the VCO, and parasitic poles in the measurement
dynamics, provided:
1. The input tone is phase modulated by lowpass filtered white Gaussian noise.
2. The VCO spectrum falls off sufficiently quickly.
3. The parasitic poles are at sufficiently large frequencies.
4. (  is sufficiently small.1

5. k  is constrained to lie in some preset finite (but arbitrarily large) interval.p



Proof:  The proof of algorithm robustness involves the use of averaging analysis. Basically
the APLL is shown to behave similar to its associated averaged equation, and k  in thep

averaged equation is shown to converge to a neighborhood of K  / K  K . See [6] fordes  N1 vco

more details.

One word of caution concerning the interpretation of these results. At first glance Theorem
5-1 appears to be the stronger result because it yields global error convergence for
arbitrarily large ( , whereas theorem 5-2 provides a statement of local parameter1

convergence of the linearized APLL in a strange sense. However, Theorem 5-1 only works
if there is no unmodeled noises and poles, a condition that certainly does not hold in
reality. For example, even if something as trivial as a dc-blocking capacitor is added to the
system to remove a potential dc-offset at the output of the resonant error system due to
operational amplifiers imperfections, Theorem 5-1 no longer applies. Since the techniques
used in the proof of Theorem 5-2 are much more flexible, such real world circumstances
can be taken into account, for a result which is applicable to more situations and hence
more accurately describes true APLL operation. With this in mind the above results can be
interpreted as saying that the APLL is functional provided there exists a frequency band
where neither noise nor parasitic poles have a dominant influence.

IMPLEMENTATION AND CONCLUSIONS

In conclusion, the APLL described in this paper can be used to assure constant VCO gain
in tone recovery situations where any variation in the VCO gain is intolerable. Since the
algorithm deals only with baseband frequencies, implementation of this algorithm is both
easy and inexpensive, and could be placed on an integrated circuit in either analog or
digital form. Such an implementation would still require the designer to calculate a
theoretical desired gain, but once this gain were determined (assuming the phase detector
and FVC gains are known), the PLL would essentially implement itself (no tuning
required), and keep itself tuned (no field tuning required). Figure 6-1 shows how simple
such an implementation would be.

The FVC can be implemented using inexpensive parts by first dividing the frequency
down, then using an inexpensive FVC, such as can be constructed with a 555 timer. The
most expensive item in an analog implementation of the APLL would be the four-quadrant
multipliers, whereas for a digital implementation it would be the analog-to-digital
converters. However, because the baseband frequencies being processed are typically very
low in tone recovery applications, these expenses should be minimal.



Figure 6-1: APLL Implementation
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ABSTRACT

Some Telemetry systems today receive a binary phase shift keying modulation format.
Typically, to demodulate BPSK requires using a carrier synchronizer followed by a bit
synchronizer. Demodulation of BPSK can be accomplished using digital signal processing
techniques to implement both synchronizers. This paper describes a digital system that
demodulates a 16 KHZ, 2KBPS BPSK signal.

In order to evaluate these techniques, the theory of operation was evaluated. Additionally,
a computer simulation of the demodulator was developed. The computer simulation was
implemented using Pascal.

The techniques were optimized to give maximum performance while requiring minimum
hardware and power in an actual implementation.

INTRODUCTION

This project is a Digital Implementation of a BPSK Demodulator. The project includes
investigating a means of performing the carrier sync and the bit sync. A digital
implementation of a Costas Loop is used for the carrier sync. An Early-Late Gate
technique is used for the bit sync in this project. The project includes a software model of
the digital demodulator. This model is used to determine bit error rates for various noise
levels.



SYSTEM DESCRIPTION

The BPSK Demodulator is part of a complete transponder system. The demodulator
receives a 16 kHz BPSK subcarrier. The data rate is 2 kbits per second. The demodulator
generates data and clock as well as a command lock signal. The command lock signal
indicates whether or not the demodulator is providing data.

The command threshold for this project was for a receiver capable of producing a
command bit error rate of 5.4 x 10  when the total input power to the receiver is greater-7

than !115 dBm.

DESIGN APPROACH

The functions of the demodulator are implemented using Digital Signal Processing
techniques. The two main sections of the demodulator are the carrier sync and the bit sync.
Digital implementation of a Costas Loop is used for the carrier sync. An Early-Late Gate
technique is used for the bit sync in this project.

CARRIER SYNC

The first thing that comes to mind when thinking of synchronization is a phase lock loop
(PLL). The lock-in ability of the PLL makes it a top choice for a system that has a
subcarrier. Therefore, the logical place to begin is with some type of PLL carrier
synchronizer.

The basic Costas loop is shown in Figure 1. With no modulation, the Q-arm acts as a PLL
with phase detector error voltage at the output of the Q-arm multiplier. With modulation,
the Q-arm polarity flips everytime the modulation changes sign. The I-arm multiplier gives
a signal in quadrature with the Q-arm. If the phase is nearly correct for tracking, then the
I-arm output is the data message.

The goal is to design a system that will sample the carrier at just the right points. The
sampling frequency for this project is four times the carrier frequency. The desired sample
points occur at the zero crossings and at the plus and minus peaks of the sinusoid. The
filter should be designed to maximize the I channel and minimize the Q channel energy.
This will occur in the system described above if the I samples occur at the peaks and the Q
samples occur at the zero crossings. To accomplish this, the demodulator will alternate
between I and Q samples. Additionally, the absolute value of every other pair of I-Q
samples will be taken. The sampling scheme is illustrated in Figure 2 for perfect carrier
sync. Since the sampling will not, in all probability, begin exactly at the zero crossings and
peaks, and since the carrier will not always be exactly 16 kHz, the demodulator must
compensate for phase differences and frequency deviations.



Figure 1 Costas Loop

Figure 2 Sampling Scheme

Since digital techniques are being used to accomplish this task, the basic Costas loop will
be implemented as shown in Figure 3. The Lowpass filters consist of a pair of integrators.
These integrators will sum a total of four samples each. The loop filter will be an Infinite
Impulse Response filter. The filter design involves obtaining a loop transfer function and
performing a bilinear transform to move into the digital domain. For this project, the
passive filter closed loop transfer function was used. Once the transfer function is
obtained, the bilinear transform is used to transform the analog filter into a digital filter.
The carrier synchronizer block diagram is shown in Figure 4.



Figure 3 Digital Costas Loop

Figure 4 Loop Block Diagram

The coefficients are derived based upon the following qualitative description. The
sampling frequency of the system will be set to 64 kHz nominal. It is only a nominal value
because it is the sampling frequency that will be adjusted to actually lock to the carrier. So,
for a 16 kHz carrier, this results in four samples per period. For 2 kBPS data, this results in
32 samples per bit. The system clock frequency of the demodulator system, assuming a 16
MHZ clock is used on a TMS320C25 digital signal processor, is 16/4 = 4 MHZ. A divide
by four is required because the TMS320C25 uses an internal 4 phase clock. The 4 MHZ
(250 nanoseconds) is the smallest increment available is the system and will be used to
vary the sampling frequency of the A-D converter.



Adding 250 nanoseconds to the sampling frequency every sample changes the sampling
frequency from 64 kHz to 62.992 kHz. This sampling frequency would be just right for a
carrier frequency of 15748 kHz. Instead, consider adding 250 nanoseconds every eighth
sample. By adding 250 nanoseconds every eighth sample, the sampling frequency becomes
63.872 kHz which corresponds to a carrier frequency of 15.968 kHz. This represents a
difference of 32 Hz when compared to 16 kHz.

The VCO gain factor is determined by taking the difference between the center frequency
of 16 kHz and the carrier frequency corresponding to an adjustment of 250 nanoseconds
every eighth sample. This yields the 32 Hz (approximately) value discussed above. The
32 Hz figure is now in terms of Hz per volt. Multipling the Hz per volt term by 2B gives a
result in terms of radians per second-volt.

To obtain an expression for the phase detector gain factor, consider the following. A mixer
multiplies two sinusoids together. In a phase lock loop, the phase detector output is
proportional to the difference in phase between the two inputs. In the case where the two
sinusoids are at the same frequency but different phase, the output of the mixer is four
times the DC term (2*COS(x)). Using the point on the sinusoid where the slope is the
largest as a reference and shifting 0.1 radian as the incremental value yields B/2 - 0.1
radians as the difference. Using this as the ‘x’ value in the above expression gives 0.1997
volts per 0.1 radian. Assuming an 8 bit A-D converter is used, the peak digital value will
be 128. Multiplying 0.1997 by 128 gives 25.5574 volts per 0.1 radian. Finally, multiplying
by 10 gives an expression for the phase detector gain factor in volts per radian.

Once the VCO and phase detector gain factors are obtained, the time constants for the
loop can be calculated using the equations for the natural frequency of the loop and the
damping factor. The natural frequency of the loop must be chosen such that the loop can
lock quickly yet be insensitive to jitter. If the natural frequency is too low, the loop will be
insensitive to jitter but may be unable to track the signal of interest. For this application,
70 Hz was chosen as the natural frequency to provide a tradeoff between jitter and
tracking. The damping factor was chosen to be 0.5. This value was obtained from a plot of
noise bandwidth versus damping factor to give minimum noise bandwidth.

Once the time constants are known, the transfer function can be obtained. For this project,
the passive filter was chosen. The transfer function for the passive filter is given in terms
of the Laplace transform.

The analog transfer function must now be converted to the digital domain. An analog filter
can be converted into an Infinite Impulse Filter. Converting the analog transfer function of
the loop into the digital domain is accomplished using a bilinear transform. Then the
difference equation is obtained and the coefficients are in terms of the time constants.



Several implementation methods are available for IIR filters. The digital filter is shown in
Figure 5.

Figure 5 Digital Filter

Clock Sync

Once the system has locked to the carrier, the I channel provides the data. However, even
though the carrier lock has be achieved and the system is providing optimum I-arm
information, a clock must be generated to accompany the data.

To begin the discussion of clock synchronization, consider the following. Even though the
system has locked to a carrier, the VCO in the carrier synchronizer can operate in one of
two phases. Therefore, it is not possible to determine whether the current bit is a one or a
zero without further information. This is a fundamental ambiguity of all phase-shift
modulation formats. If information is transmitted in N different phases, there can be N-fold
ambiguity in the in the data recovery. Ambiguity resolution is accomplished in this system
by using a 128 bit preamble. The preamble alternates between one and zero for a total of
128 bits. If the output of the demodulator is inverted during the preamble, then the phase
can be flipped by the user to produce true data.

For this project, an Early-Late Gate synchronizer is used. The Early-Late Gate
synchronizer is popular for rectangular pulses. This type of synchronizer is shown in
Figure 6. Each integrator performs an integration over a time interval of T/2 seconds. The
Early gate integrates in the T/2 preceding the location of the data transition. The Late gate
integrates in the T/2 following the location of the data transition. For zero timing error, the
data transitions occur exactly on the boundary of the early and late gates. The timing error
is given by the difference between the early integration and the late integration. The
difference produces an error voltage that is applied to the loop.



Figure 6 Early-Late Gate Synchronizer

For the clock synchronizer, samples are taken directly from the I-channel of the carrier
synchronizer. Therefore, only half as many samples exist on which the clock synchronizer
can operate. Figure 7 illustrates five possible cases for the sampling of the I-arm data. The
best possible scenario exists for Case 3. In Case 3 the early-late boundary occurs on the
data transition. In Cases 2 and 4, the greatest possible error voltage exists. In Case 2, the
transition occurs midway through the late gate. In Case 4, the transition occurs midway
through the early gate. For Cases 1 and 5, the error voltage is again zero. However the
early and late gates have switched positions.

Figure 7 Early-Late Gate Sampling



Since, once again, digital techniques are being used to implement the clock synchronizer,
the early-late gate will be implemented as shown in Figure 8. The integrators are
implemented as a summation of early and late gates. These integrators will sum a total of
eight I samples each. Eight I samples represents half a bit time. The loop filter will be an
Infinite Impulse Response filter. The filter design involves obtaining a loop transfer
function and performing a bilinear transform to move into the digital domain. For this
project, the passive filter closed loop transfer function was used. Once the transfer function
is obtained, the bilinear transform is used to transform the analog filter into a digital filter.
The approach used on the clock loop filter is the same as that used on the carrier loop
filter.

Figure 8 Digital Early-Late

The data rate for the clock synchronizer is 2 kHz nominal. For 2 kBPS data, this results in
32 samples per bit. However, only the I samples are used in the clock synchronizer. So, a
total of 16 samples per bit are used. Eight of the samples are in the early gate and the other
eight samples fall into the late gate. Adjusting the loop by one sample corresponds to
moving 125 Hz since 2000/16 = 125 Hz. Adding 8 milliseconds (125 Hz) to the data rate
yields a VCO gain factor of 117 Hz per volt. Multipling the Hz per volt term by 2B gives a
result in terms of radians per second-volt. This is the desired result.

To obtain an expression for the phase detector gain factor, consider the following. For this
rectangular NRZ pulse, the amplitude will change from Vmax to Vmin for 180 degree
change in phase. Assuming an 8 bit A-D converter is used, the peak-to-peak digital swing
value will be 256. If each sample represents 180/16=11.25 degrees, then this becomes the
smallest resolution possible in terms of the phase. Dividing 256 by 11.25 gives an
expression in terms of 256 Volts/degree. Converting to radians and removing the factor of
256 gives a phase detector gain factor of 5.093 volts per radian.



Once the VCO and phase detector gain factors are obtained, the time constants for the
loop can be calculated using the same equations for the natural frequency of the loop and
the damping factor as were used earlier. The natural frequency of the loop must be chosen
such that the loop can lock quickly yet be insensitive to jitter. If the natural frequency is
too low, the loop will be insensitive to jitter but may be unable to track the signal of
interest. For this application, 10 Hz was chosen as the natural frequency to provide a
tradeoff between jitter and tracking. The damping factor was chosen to be 0.5. This value
was obtained from a plot of noise bandwidth versus damping factor to give minimum noise
bandwidth.

Once the time constants are known, the transfer function can be obtained. For the clock
synchronizer, the same passive filter used earlier was chosen. The analog transfer function
must now be converted to the digital domain. An analog filter can be converted into an
Infinite Impulse Filter. Converting the analog transfer function of the loop into the digital
domain is accomplished using a bilinear transform. Then the difference equation is
obtained and the coefficients are in terms of the time constants.

NOISE CONSIDERATIONS

For a binary transmission system, the bit rate is measured in bits per second. For a binary
transmission system with a bit rate rb, average received power Sr and noise density No,
the system can be characterized by two parameters: Eb and Eb/No. The Eb parameter
refers to the average energy per bit and is given as Sr/rb. The Eb/No parameter is known
as the ratio of the bit energy to noise density. To achieve a bit error rate of less than 5.4 x
10  in a PSK system, an Eb/No ratio of 11 dB or greater is required.-7

The noise density expressed in terms of the noise temperature referred to the receiver input
is given as 4 x 10  Watts per Hz. Converting this value to decibels yields a value of -174-21

dBm per Hz. A bit rate of 2000 Hz corresponds to 10*LOG(2000) = 33 dB. Adding this to
-174 gives -141 dBm per 2000 Hz. Assuming a 5 dB noise figure in the receiver raises the
noise level to -136 dBm per 2000 Hz. Since the specification calls for a bit error rate at a
signal level greater than -115 dBm, this leaves a margin of 21 dBm Eb/No for this system.

In order to use this ratio in the simulator, noise calculations were performed for a variety
of ratios to yield a noise multiplier. This noise multiplier takes the sampling rate and the
data rate into account. The calculations are given in detail in Appendix C. Table 1 gives
the results of the noise multiplier calculations for various values of Eb/No.



Eb/No Noise Power Noise Vrms Noise Power Noise Vrms Noise Mult
in Signal in Signal in Bit Rate in Bit Rate

3 0.2506 0.5006 0,0625 0.2500 2.0024
4 0.1991 0.4462 0.0625 0.2500 1.7846
5 0.1581 0.3976 0.0625 0.2500 1.5905
6 0.1256 0.3544 0.0625 0.2500 1.4176
7 0.0998 0.3159 0.0625 0.2500 1.2634
8 0.0792 0.2815 0.0625 0.2500 1.1260
9 0.0629 0.2509 0.0625 0.2500 1.0036
10 0.0500 0.2236 0.0625 0.2500 0.8944
11 0.0397 0.1993 0.0625 0.2500 0.7972
12 0.0315 0.1776 0.0625 0.2500 0.7105
13 0.0251 0.1583 0.0625 0.2500 0.6332
14 0.0199 0.1411 0.0625 0.2500 0.5643
15 0.0158 0.1257 0.0625 0.2500 0.5030
16 0.0126 0.1121 0.0625 0.2500 0.4483
17 0.0100 0.0999 0.0625 0.2500 0.3995
18 0.0079 0.0890 0.0625 0.2500 0.3561
19 0.0063 0.0793 0.0625 0.2500 0.3174
20 0.0050 0.0707 0.0625 0.2500 0.2828
21 0.0040 0.0630 0.0625 0.2500 0.2521

TABLE 1 Noise Multipliers

Results

The Pascal simulation was actually accomplished in two major parts. The first part was the
carrier synchronizer. The output of the carrier synchronizer gave the number of 250
nanosecond shifts required to compensate for frequency and phase differences. With a
carrier frequency of 16032 Hz, the output of the filter was a constant one sample shift.
This is the shift required every eight samples to adjust 16032 Hz. With an input frequency
of 16016 Hz, the output of the filter alternates between zero and one sample shift every
eight samples. The filter also adjusted for phase differences. Unlike frequency differences
which stay present, the initial phase difference was eliminated immediately. It is interesting
to note that, for an initial phase difference of 90 degrees, the I and Q channels come out
reversed for the case where noise is not used. Ironically, noise actually helps the loop get
the I and Q channels straight when the initial carrier phase is 90 degrees.

The bit synchronizer also worked as planned. However, it was determined that a digital
phase lock loop filter was not needed in the implementation of the early-late gate in this



application. By using the difference between the absolute value of the early gate and the
absolute value of the late gate, the bit synchronizer worked well. The sample start point
was placed at each possible location in the first bit. The early-late gate synchronizer was
able to pull the difference, if any, and synchronize the output bit with the I channel data.

The real test of the project was whether the system could meet the Eb/No called for in the
specification. The system was tested under a variety of initial conditions and a bit error
curve was generated. There are actually 3 bit error curves, one for each of the three carrier
frequencies that were tested. Figures 9 thru 11 give the bit error curves for each of the
three carrier frequencies. These curves indicate that an Eb/No ratio of approximately 16
dB is required to meet the bit error rate of 5.4 x 10 . Since an Eb/No ratio of 21 dB was-7

determined in the noise calculations for this system, this leaves 5 dB of margin for this
system.

It is interesting to note the following point about sample clipping. With the sample clipping
enabled, a 2 to 3 dB Eb/No benifit was realized. This is due to the fact that any noise
added to the sample is eliminated in the I channel for perfect carrier synchronization So,
for a smaller bit error rate, clipping may actually buy some Eb/No margin for a given
application.

Figure 9 BER Curve F=15930 Hz



Figure 10 BER Curve F=16000 Hz

Figure 11 BER Curve F=16070 Hz



REFERENCES

Carlson, A. Bruce. Communication Systems Third Edition. New York: McGraw-Hill,
1986.

Chen, Chi-Tsong. One-Dimensional Digital Signal Processing. New York: Marcel Dekker,
Inc., 1979.

Gardner, Floyd M. Phaselock Techniques. New York: John Wiley & Sons, 1979.

Rabiner, L.R. and Schafer, R.W. Digital Processing of Speech Signals. New Jersey:
Prentice-Hall. Inc., 1978.

Texas Instruments. TMS32OC2x User’s Guide. Texas Instruments Inc., 1990.



DERIVED PARAMETER IMPLEMENTATION IN A
TELEMETRY PREPROCESSOR

Kathleen B. Bossert
Principal Software Engineer

Loral Data Systems
Sarasota, Florida 34230

KEY WORDS

Derived parameter(s), Telemetry preprocessor

ABSTRACT

Today’s telemetry preprocessing systems are often required to create and process new
telemetry parameters by combining multiple actual parameters in a telemetry data stream.
The newly created parameters are commonly referred to as “derived parameters” and are
often required for analysis in real time at relatively high speeds. Derived parameters are
created through algebraic or logical combinations of multiple parameters distributed
throughout the telemetry data frame. Creation and processing of derived parameters is
frequently performed in telemetry system preprocessors, which are much more efficient at
processing time division multiplex data streams than general purpose processors.

Providing telemetry system users with a “user friendly” method for creating and installing
newly derived parameter functions has been a subject of considerable discussion.
Successful implementation of derived parameter processing has typically required the
telemetry system user to be knowledgeable of the telemetry preprocessor architecture and
to possess software programming skills.

An innovative technique which requires no programming language skills is presented in
this paper. Programmers or non-programmers may use the technique to easily define
derived parameter calculations. Both single derived parameters and multiple derived
parameters may be calculated in the preprocessor at high throughput rates.

INTRODUCTION

In the past, setup for a preprocessor was too complex for untrained people to understand.
Users had to know preprocessor microcode or another programming language to create



in-box calculated or derived parameters. This included parameters that were created within
a preprocessor from one, two, or more input data parameters or measurands. Valuable time
was spent learning the programming language and then writing, installing and debugging
the algorithm.

If the user did not wish to write preprocessor microcode, then assembly language, and in
some cases high level language programs, were written and installed to run on the
preprocessor. Normally, this method still required a programmer to create and install the
calculation program. In addition, preprocessor memories limited the number of available
algorithms that could be maintained.

As another alternative method of data calculation, high level language data analysis
programs were written on the host. Again valuable time was spent writing and debugging
the program; consequently the efficiency of the high speed preprocessor was lost. By
performing the calculations at the host, these real time calculated values were not stored on
the archive file during data acquisition, and therefore required recalculation during data
playback.

DERIVED PARAMETER PROCESSING SETUP

Engineers at Loral Data Systems have developed a new method for data calculation and
preprocessor setup. The Loral Data Systems EMR O/S90 System allows managers, project
engineers and any non-programmer system users to create calculated parameters using
simple English language.

A novice user is able to define the parameter equation very similarly to the way he would
write an equation on paper. By simply selecting mathematical functions from a pull-down
menu list and stringing together several functions, the user may perform such calculations
as velocity, engine torque, calibrated altitude. and calculated airspeed.

The O/S90 is based on an open architecture EMR 8715 Telemetry Preprocessor. Although
this preprocessor has been in use in the field for many years, open architecture and derived
parameter algorithm packaging are new additions. Refer to the overview diagram shown in
Figure 1.



Figure 1. EMR O/S90 System Overview Diagram



The Telemetry Preprocessor is driven via user setup, which resides in the Parameter
Database. The Parameter Database Editor is used to define the incoming data stream, data
compression and preprocessing to be performed, and output destination for telemetry data.
Refer to the Parameter Editor Menu shown in Figure 2.

Figure 2. Parameter Editor Menu



The Parameter Editor Format Definitions Menu defines real time input parameters by
format location (such as word number, frame number, subcom unit, subframe number,
interval). Refer to the Format Definitions Menu in Figure 3.

Figure 3. Format Definitions Menu



A series of algorithms, which are selected from a menu list, are assigned an algorithm
chain name. The user may assign this predefined chain of algorithms to any of the
parameters in the database. The algorithms contained in the original chain may be modified
for every parameter in the database as required. Chaining commonly used algorithms and
assigning a chain name eliminates the need to redefine the algorithm chain for each new
parameter.

Derived parameter algorithms might include any of the normal data compression
algorithms, as well as any of the following example set of predefined algorithms:

Addition Arc Tangent
Subtraction Arc Cosine
Division 1750 Floating Point
Multiplication Store Constant to Label
Concatenation Store Floating Pt. to Label
Arc Sine Output Label value
Square root Exponential
Bitwise AND Bitwise complement (NOT)
Bitwise OR Bitwise left shift
Bitwise right shift Natural and common logarithms
Compare equal Compare not equal
Absolute value



Data calculation is made simple by creating and storing chains of algorithms in the
Parameter Editor and then assigning selected chains to parameter names defined in the
database. Figure 4 shows the Parameter Editor Chain Assignments menu, from which the
user defines the algorithm chain(s) to be performed during creation of the resultant output
parameter.

Figure 4. Parameter Editor Chain Assignments Menu



Arguments for algorithms are defined from the Parameter Editor Algorithm Assignments
Menu. Information such as input variables, and preprocessor output port selections are
defined for each parameter. Refer to Figure 5 for an example of the Algorithm
Assignments Menu.

Figure 5. Algorithm Assignments Menu



Specific calculations, such as aileron push rod calculation, may be defined by using a
“point and click” method to select derived parameter algorithms from a menu bar
algorithm list. Once selected, algorithm arguments are defined through tab selection and
keyboard entry. Algorithm arguments may include other parameter names, previously
defined constants, bit masks, output tag values and telemetry preprocessor output port
selections. These user selected algorithms and argument lists are assigned an algorithm
chain name. Refer to Figure 6 for an example of the Algorithm Assignments Menu, which
demonstrates special calculation of a left aileron push rod using Telemetry Preprocessor
derived parameter algorithms and the following formula.

LALPRC = .6667 (LALPRT - 55) + LALPRD

Where LALPRT is the left Aileron Push Rod Temperature.
Where LALPRD is the left Aileron Push Rod Pressure in pounds.
Where LALPRC is the resultant Left Aileron Push Rod value in pounds.

Figure 6. Algorithm Assignments Menu



When database setup is completed, the user selects format compile and download. The
assigned algorithms and arguments are automatically downloaded to the Telemetry
Preprocessor data processing unit(s). User assigned calculations are processed in the data
processing unit(s), and the newly derived parameter values are output through one of the
preprocessor output modules. These derived parameter values are immediately available
on the user’s terminal for display and for output to other devices, such as strip chart via
digital to analog converters. The derived parameter values are also stored on the archive
device, eliminating the need for recalculation during playback.

CONCLUSION

The EMR O/S90 approach to creation and setup of real time derived parameter
calculations provides unique advantages over other currently utilized methods. A highest
order menu level interface that integrates equations, constants, and variables into a
working data processing system has been described. Once a specific equation has been
defined, it may be reused with or without modifications to create other derived parameters.
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ABSTRACT:

DELTA 6000 System is a universal opened system for preprocessing, archival,
realtime and offline analysis of telemetry data.

The heterogeneous LAN architecture of DELTA 6000 comprises several front end
ensuring the telemetry and high level realtime processing functions and several
workstations for system control and display.

The high communication level of DELTA 6000 enables an easy ressource sharing
as well as integration in customer environment.

Easy operation through an efficient human interface and high versatility through
the largest use of the most famous hardware and software industry standards are
the major features of DELTA 6000.

The more recent evolution of DELTA 6000 is the CE83 format realtime handling
for use in European missiles programs.

1 - Introduction

The constant evolution of telemetry systems demands the processing of more and
more data, and to produce results ever more rapidly.

In view of this, SCHLUMBERGER Industries has developed a new telemetry
system - the DELTA 6000.

This universal, open, system is optimised for preprocessing, archiving , realtime
and off-line data analysis.



Based on industrial standards, DELTA 6000 can be integrated into a wide variety
of specific user systems.

The man-machine interface has been designed with care, so that it may be used
easily in the configuration and operating modes.

This paper describes the features and architecture of DELTA 6000, and the
standards used, and some applications involving the processing of the CE83
format.

2 - Features

DELTA 6000 is able to acquire multiple telemetry and data streams
simultaneously (IRIG PCM, Daniel PCM, Analogs, IRIG Time, etc ...). Telemetry
streams are synchronized and tagged, and the time merged on each frame.
Selected data are stored in a current value table before being sent to an Ethernet
network.

Preprocessing is carried out on a processing card using the 68040 device (25
MHZ clock). This card surveys the bus, selecting required parameters and
executing processes. All algorithms are downloaded through the network. They
are defined by the user, and some of them can be written in the ‘C’ language.
Each stream front-end accepts related specialised modules, so that performance
is multiplied. Resultant data is sent to the bus with a new tag.

Data acquisition by the computer is realised by a special interface, - a direct-
memory-access input-output channel. This enables data transfer at high rates. For
this system, many specific modules have been developed so that interfacing is
readily carried out with host computers (DR11W, DRQ3B, DRB32E, GPIO, ...).
Acquisition and storage software has also been developed for host computers
(VAX, HP9000, SUN, VAXStation, ... ). The control of the process is displayed on
the workstation of the DELTA 6000.

Quick-look function allows to display parameters in raw format or after a E.U.
conversion. This is realized by algorithms defined by the user (polynomial or look
up table). They are compiled and optimized to reduce the processing time.

The operator is able to design his own displays. A special editor is used to build
the display. It is possible to prepare several windows and in the operation mode,
several displays can be placed on the screen on the same time.



DELTA 6000 is a multi-user system. Several operators can prepare their own
unique operating scenario on the same configuration. All conflicts are resolved by
using the database. Each user has a privilege level defined by his name. Access
to the system is protected by a password. In operation mode, only one station is
able to control the front end(s) used. All other stations are in ‘consultation’ mode.
They are able to display parameters on screen.

3 - Architecture

(See drawing at the end of the text).

DELTA 6000 comprises telemetry front-end(s) and workstations linked by an
Ethernet network.

Each front-end is based on VME structure, and provides all the telemetry
functions such as synchro-decommutation, tagging ....

Workstations may be heterogeneous (SUN, HP, Xterminal, ...) and carry out the
setup of the configuration for realtime quick-look and for off-line line data analysis.

DELTA 6000 can have a screen display at a remote site, so some operators can
monitor their process conveniently.

For some applications, integration with a specific user computer is required. For
this the acquisition and storage computer is separated from the main workstation.
This allows rapid access without special software, but only by the network (NFS
for example).

DELTA 6000 is a modular system. It can accept up to 4 front-ends and up to eight
workstations for parameter display. The minimum system comprises a front-end
and a workstation.

4 - Standards used

In the development of DELTA 6000, several software products have been
integrated (DataBase management, Graphical Objects, library, Xwindows and
Motif, Unix and ‘C’ language, and VxWorks).

One advantage of using software products is that one can change the workstation
without any change of software. The condition is that all the software products
must be present on each workstation.



Database

Today, more and more powerful computers become available. Consequently,
standard Data Base Management can be used. This provides quick access,
development facilities and a standard interface with the outside (SQL and
Ethernet network). Use of a database must not place a constraint on the end user,
however. In the design of the database, the constraints of independence between
DELTA 6000 software and specific developments, have been integrated. The
database enables the DELTA 6000 to be connected to the user host system at the
data base level.

Graphical object level

To present data on a screen, a graphical library is used. The user is provided with
an editor to design his own display and to simulate off-line data. The most
frequently used objects are included, such as alphanumeric, barchart, strip chart
y=f(t), y=f(x), synoptic. This library can be extended with specific objects.

Xwindows - Motif

The design of the man-machine interface has received special attention in this
system. In the realisation of this, X windows and Motif were integrated because
they are used on most of the workstations (HP 9000, DecStation, IBM RS6000,
....), and the product is also found on SUN workstation.

Unix - ‘C’ Language

Under the UNIX operating system, many software products are found, (database,
window manager, graphic tools, ....), and these facilitate developments. UNIX is
not a quick realtime kernel, but it is sufficient to prepare all configurations, and to
display data in realtime. The ‘C’ language is used for the development of specific
algorithms by the user, but most of the algorithms do not require ‘C’ to be used.
For the preparation of algorithms, a simple syntax has been defined. A large
number of operators are available (arithmetic, logical, trigonometric, ...) as
standard features.

VxWorks

VxWorks is a powerful realtime kernel supported by many industrial processor
boards. This operating system incorporates the Ethernet control. Currently, all
boards designed have a BSP (board support package) developed at the same
time, - for example FDDI cards, X25 cards, ...



5 - CE83 Decommutator

5.1 - CE83 Format in use

CE83 is a Telemetry Format intended to synthetise the actual formats used in
European Flight Test Centres for the evaluation of aircrafts, missiles, and
launchers.

The main advantage of this format is that it allows the transmission of recurrent
and non recurrent parameters in the same format, together with a very complete
parameter description.

This is achieved by means of a Daniel-like (extended Daniel) format, embedded in
an IRIG format.

This new format is now in use with some European missile programs.

The Schlumberger CE83 Ground Decommutator, integrated in the DELTA 6000
environment has been developed under CTME management, - CTME being also
the author of this new format.

5.2 - CE83 Decommutation function

The CE83 decommutation function is developed under CTME contract. It can be
integrated into the DELTA 6000 system as an option. This function is able to tag
all parameters of a CE83 message. The CE83 format was recently defined by the
CTME and is in use on some European programs.

The CE83 decommutation function comprises a sofware module to describe
parameters and format - especially designed to improve and accelerate the
preparation mode, and a hardware module, with an embedded optimised software
to synchronise and tag the format.

- General characteristics linked to CE83 format

The CE83 decommutation function is fully compliant with the CE83 format
standard, and adds a further capability to DELTA 6000 in its ability to handle
realtime telemetry and data formats.

The function is able to decommutate an IRIG format, a DANIEL format (including
fixed zones and tagged zones), and a MIXED format (CE83), - (IRIG format
including an asynchronous message).



The parameter definition is extended, - a CE83 parameter can be from 1 to 4, 32
bit PCM words, including from 1 to 3 bit sequences (value, tag, status
information). Each sequence can be tagged, and bit-to-bit mirroring processed.

The function has the ability to decommutate the format in realtime (4 IRIG formats
and 4 asynchronous messages).

- Decommutation processor description

Because the format is recent and evolutive, and for reasons of flexibility,
SCHLUMBERGER has chosen a software solution.

A hardware processor module, specially designed to process data, based on
RISC technology with 29050 processor, has been developed. The decommutation
software is generated from the definition of the format, then compiled and
downloaded onto the module from the workstation. This generating code method
allows optimised decommutation processing and future evolutions.

The module receives directly from the frame synchroniser, the words associated
with control signals.

Tags are appended to the data as they are written to on-board memor via the
VME bus.

Pre-selected data determined by the programming of ‘spying’ functions on the
VME bus are routed out to analog outputs, host computer output, ... etc.

The module comprises 2 boards, mechanically linked:

* A processor board, based on the RISC 29050 microprocessor, including 16
Megabytes memory, and memory management. The VSB bus is the input
interface, - and is linked with the frame synchroniser or other module.

* A preprocessor board, with input interface and preprocessing and an output
interface to route parameters on the VME bus and VSB bus. Parameters are
sent to the VME bus to be displayed, processed or transmitted to a host
computer. Parameters sent to the VSB bus can be interfaced with a second
module or to external equipment.

The solution (Processor module with an embedded software) can handle other
specific formats or data processing. Additionally, VSB input and ouput standard
interfaces allow these modules to be chained using different applications software.



6 - Applications

Several DELTA 6000 systems are already installed at various locations

A system called MAURICE is installed at one of the Aerospatiale sites, and
enables acquisition of telemetry data by a VAX 6310, after preprocessing has
been carried out.

DELTA 6000 synchronises telemetry streams in two front-ends (IRIG and Analog)
and sends all values to the VAX computer via three DMA links. DELTA 6000
software runs on both SUN Stations (Sparcstation 2 and SparcServer 4/390).

A system called SYRACUSE installed in another Aerospatiale site provides
ground checkout testing for missiles and furnishes a validation report. DELTA
6000 synchronises IRIG PCM telemetry streams, carries out preprocessing, and
sends all values to HP 9000 computer for acquisition. DELTA 6000 software runs
on the HP station and one Xterminal.

A system called SMAC is installed at one of the DASSAULT sites, and used in the
test of the French RAFALE aircraft.

DELTA 6000 synchronises telemetry streams (IRIG PCM, DANIEL PCM and
Analog) merges and sends all values to HP9000 computer for acquisition. DELTA
6000 software runs on the HP Station. Data stored are read by a special software
product which carries out data analysis off line. This system is installed in a mobile
station.

Yet another system will be installed at CNES TOULOUSE for acquisition and
off-line processing of telemetry streams from the ARIANE launcher. The computer
used here is a Sparcstation for realtime, and a Vax 4000 for acquisition.

7 - Conclusion

The DELTA 6000 system completes the latest series of telemetry products
developed by Schlumberger. Compatibility with previous products in the range has
been ensured. The opportunity has been taken to capitalise on previous
developments such as the 3700 decommutator, and the ASPI system, developed
for the C.E.L.

DELTA 6000 is a living product on which some new developments such as
playback and off-line analysis complement features like the processing of new 



formats (CCSDS). The integration of new interfaces such as FDDI, X-25 and
RMIS further enhance the system capability.

By the use of many standards (database, Unix , Xwindow, ...) all the software
could be transported to new workstations, and consequently profit from increased
processing power.

With DELTA 6000, SCHLUMBERGER has acquired a great deal of knowledge
and experience in the use of the new standards in telemetry systems.
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Abstract: This paper instroduces a PPK intelligent
demodulator used in the PCM--PPK (pulse position keying)
telemetry system. It discribes the basic requirment of the
system for the PPK signal demodulator and analyses the
insufficiancy of the full-hardware PPK demodulator. It also
advances a PPK demodulating scheme based on the TMS32020
digital signal processor and a block diagram of the
demodulator, states the method of detecting frame
synchronization, analyses the precision of sync-building and
gives the way of calculating the miss and error probability
of frame sync. The result makes it clear that the
demodulator based on TMS32020 has programmable feature for
the bit rate and frame synchronization and realizes easily
the system demand of the separate demodulating of output
signals of the multi-channel receiver and then the synthesis
processing of the realtime data.

Key Words: Telemetry , demodulation of PPK signal

1. Introduction

PCM--PPK (pulse code modulation--pulse position keying)
telemetry system is a digitizing M-ary pulse communication
system . Apart from the advantages of high energy[1]

efficiency, simple transmission device, and large power
surplus, it can readily realize that the conventional signal
testing device’s compatible with the burst signal testing
devices. We utilize this type of the telemetry system to
have got satisfactory results of the measurement. Like other
digital transmission system, PPK transmission system
continously transmit signal information just as binary data
streams. The pattern of signal pulses, however, doesn’t be
transmatted according to bits one by one but only one signal
pules determined by the possible position among L positions
after sourse data have accumulated to M bits. Where, M is
called channel word length, L is called element, and the
relations between M and L is L=2 . In the ground system,M

once demodulation device has decided the exact position of
the signal pulse among L positions, the conversion from PPK
to PCM is complished. Then the measured results of the M
bits signal are provided to user. This is a fundamental task



of the PPK demodulator. Based on the functional block
diagram of the PPK demodulator proposed by Mr. Li in the
paper , we have developed several kinds of the demodulators[1]

which were all made up of full hardware circuitry. Those
kinds of the demodulators, however, have three main
disadvantages. First of all, it is difficult to adapt
identifying various types of frame sync signals because such
circuitry need more components and are much complicated.
Second, the PPK signals come from the wait receiving system
which is of intercovering space muti-beams and mult-
receivers. Considering the system design, every PPK signals
from every receiving channel should be demodulated
seperatedly. Then, the superior channel data demodulated are
chosen and put together for further processing. However, it
is hard to realize, because the single channel demodulator
circuitry is some more complicated. We have to adopt the
method that simply sum up all PPK signals from all receiving
channels to form a single channel PPK signal and then to
demodulate it. In doing so, the error propability of
demodulation system is increased. Third, in order to improve
the performance of the system, more pulses are imposed in
the transmission system to provide additional reside and to
make the system have the ability of the error-corret, but
the full hardware circuitry is almost impossible to complete
such demodulation task. Meanwhile, lack of intelligence, it
is hardly to has the function of self-check and self-
calibration. Therefore, if there’s something wrong with the
demodulator, it will take long time to repair it. With the
tremendous progress of high speed microprocessor, it is
possible for us to design advanced demodulator. In this
paper, we will describe in detail how to implement the
demodulation of PPK signal with the TMS32020-based
intelligent component.

2. The Structure of PPK frame

2.1 Frame Sync: Frame sync is a code with special pulse
sequences, which determine the start time of a frame signal.
Although it contains less quantity of information, frame
sync code is demanded with high anti-interference and
reliability. There are two kinds of frame sync codes in the
PPK telemetry system. The one is so called width sync code
occupying three channels time intervals in general. The
other is narrow sync code occupying one channel. The narrow
sync code consists of n pulses among which form different
intervals but the same pulse width. As shown in Fig 1. The
first pulse’s located at the start position of the last 



Fig 1. The narrow pulse sync code group

channel of the frame, the interval x between the nth pulse
and the start position of the next frame is known, the
number of the n pulse and the interval t among the pulses
are programable. The front n-1 pulses is called
identification code of frame sync signal. The last nth pulse
is called frame sync information code, and its leading edge
represents accurate time information. In order to enhance
the anti-interference performance of frame sync code, the
value of t , t , @@@@@@ t , should be satisfied with certain1  2   n-1

requirement that have be analyzed in the paper . The code,[2]

according with such requirements, is termed frame sync code
of pulse position code (PPCM).

2.2 The time relating among the quantized layer time t in a
channel period, the channel word length M, and the
information element L

As described above, the relations between M and L is defined
as L=2 , and both time relationships in the time axis areM

shown in Fig 2. Where T is a channel period, T  a1

measurement interval, and T quantized layer time. we can
obtain:

T  = T @ 21
M

T  = T-T  = K T2  1

Where T  denotes protective interval of channel signal.2

Channel sync is established by the PPK demodulator. In the
vehicle, a information pulse at the leading edge of a
quantized layer time among T , and T  corresponding1   L

amplitude of the measured signal, is produced by data
acquisition device. The channel period T, the channel word
length M and the quantized layer time T, are programable.



Fig 2. The distribution of the time elements within a
channel period

3. Demodulation of  PPK signal

The pulse sequences from receivers contain various measured
information and cann’t be ultilized directly. Therefore, we
must design a demodulation circuitry to find out accurat
start-time of a frame signal to establish information start
point of every data pulse to convert PPK signal to PCM
signal, and then to transfer to telemetry data processing
system for further processing. As we known, only one pulse
has a start time information of the quantized layer within a
channel period, accordingly, unlike ultilizing
phase-locked-loop to establish bit sync at the first and
then frame sync in the PCM telemetry system the demodulator
directly make use of the frame sync information code within
a frame sync code group to ascertain the start time of
quantized layer time interval in a frame, and to establish
the time linkers for signal demodulator. Considering the
influenced of frequency stability of data acquisition device
and dopplar freqency drift, it can slightly be modified by
using signal pulse  to assure the demodulation accuracy for[3]

PPK signal. Fig 3 shows the principle block diagram of the
TMS32020-based PPK demodulator. It mainly consists of the
minimal system of the TMS32020, the time linkers of the
channel period (J , J ), PPK--PCM convertor (ck , J  ie),1  2    1  2

interface circuit with data processing computer, auxiliary
circuits (data latch, D/A, LED display),and so on.
The minimal system of the TMS32020 contains TNS32020, EPROM
and 16-bit I/O ports. Master frequency is 20MHZ.





3.1 demodulation of frame sync

With the TMS32020 and the AND gate Y , demodulation of frame1

sync is realized by conventional three state logic which are
searching, decision and locking. As the signal to noise
ratio (S/N) from receiver is demanded over 13dB, the number
of interference pulse permitted by the system should be
lower than that of 100 per second.

Consequently, the method for demodulation of frame sync is
that once adjacent pulse intervals meet the regulation of
frame sync code group, the frame sync is found out. Now we
focus on the demodulation procedure of frame sync. Every PPK
signal pulse from receiver acts as a external-user interrupt
INTO to cause the TMS32020 processor asserted interrupt, TIM
register value is recorded in this moment, PRD register is
set a fixed value such as #FFFFH, and the interval between
this pulse and the preceding pulse is calculated If there is
a pulse sequency group that adjacent pulse intervals by
sequency are the same as  t ±1µs, t ±1µs@@@@@@ t ±1µs, we1  2  n-1

consider it as frame sync code group and then the gate Y ,1
(controlled by A  is opened about 1µs ahead of the time of1)

the t  theory value. While leading edge of frame syncn-1

information code is used to clear or set the J , the time2

linker of the demodulated signal has been established, which
is called “correct-time”. After frame sync information code
pass by about 1µs, A  becomes low level. Up to now, the task1

of frame sync searching has been complished. If the next
pulse sequency is consistent with the parameter of frame
sync after the period of a frame has passed through, the
preceding pulse sequency is sure to be the real frame sync
code group, the demodulator enters into sync state. A6

outputs high level, and the indication lamp P lights.
Otherwise, the preceding pulse sequency is not true frame
sync code group, in this case, the modulator continues to
search untill successive two frame signal can be detected
wish frame sync code group. Under sync state, the
demodulator will return to searching state if successive
four frame signal could not be recognized with frame sync
code group, A  will becomes low level, and the indication6

lamp P dark. In this circumstance, it is necessary for the
demodulator to establish the frame sync again. Whether a
frame signal passes by or there is no frame sync code group
within successive four frame signal are determined by the
detected frame sync signal to cause the TMS32020 to respond
INT1 interrput request and to clear channel register, and
then by channel sync signal (standard channel sync signal,



in fact) to lead to the TMS32020 to respond INT2 interrput
request and to add the channel register by 1. Therefore, we
can know which case just by counting the number of the
channel register. Concerning the flow chat of the program
and source code, we will not describe at length in this
paper.

3.2 The time distribution of the channel period and PPK—PCM
conversion

3.2.1 The time distirbution of the channel period

J  is the channel period counter. The leading edge of frame2

sync information code can ensure the start value of channel
period which corresponds to the start of a frame or the
start of every data pulse information. To simplify the
program, we use a PAL component to form service pulse signal
of demodulated signal within the protective interval of the
channel period. As shown in Fig 4.

Fig 4. The service signal with the protective interval of
the channel period

Where, B : channel sync signal established by demodulator.o

B : compensation channel signal, its time is ( -1
2M

1/2) T from the start of the channel period,
and its function is of keeping channel order of
demodulation signal and of maintaining constant
value in the case of signal pulse lost.

B : data latch signal, its time is (2 +K ) T, its2       1
M

function is of latching data that have been
converted from PPK to PCM for transfering to
computer, or for D/A conversion.

B : PCM clearing signal, its time is (2 +K ) T, its3       2
M

function is of clearing the latched PCM signal
for the conversion of the channel signal.

B : is not used, its time is (2 +K ) T.4       3
M



B : stantard channel sync signal, its time is5

(2 +K ) T, it is used for channel interrputM
4

request to aviod possible time overlaping with
INT0 signal.

3.3.2 PPK—PCM coversion

PPK--PCM coversion have been introduced in the paper ,[1]

where YH ,CK ,Y ,J  is used for implementing such function.1 1 2 3

3.4 The others

In order to intelligently control the demodulation system
and conveniently observe the demodulator works whether or
not normal, TMS32020 should produce some controlling signals
such as A , A , A , and A , which can be operated by2  3  4   5

demodulator key board or data processing computer.
Where, A  = controlling T.2

A  = controlling words length M.3

A , A  is used for controlling the internal time4  5

display of the frame counting formed by data
acquisition device.

4. The accuracy of frame sync establishment and the method
of calculation for the miss propability and the error
propability

4.1 The accuracy of frame sync establishment

From the procedure of the frame sync demodulation, we can
see that the accuracy  of a frame start time establishedF

is high, which depends on the frequency f , if the stabilityo

of the frequency is disregard When f =20MHZ, =±0.025µs,o  F

assume the stability of the frequency f ±2X10  and T =20ms,o   F
-6

 will increase to ±0.04µs, summation both is onlyF

±0.065µs. Hence, the sync accuracy established by
demodulator itself is not lower, using PPK signal to clear
the T counter will make the  more lower. With a view toF

considering the system design, it is difficult to require
very high frequency stability of data acquisition device,
because it is mounted in the vehicle and doppler frequency
shift could not aviod at high speed flight. As for ground
station, the signal from receiver consists of the pure
signal and the noise which relates to space interference,
receiver bandwidth, signal noise natio, match bandwidth, and
so forth. Although pulse leading edge tremble can be
decreased by using of the technique of preferentially



superior criteria, it couldn’t be compeletely eleminated.
Therefore, due to those factors above, system designer
should select the proper time  of quantized layer toT

assure that the demodulation error from the demodulator does
not exceed 1 bit.

4.2 The method of calculation for the miss probability and
the error probability

Though frame sync code contains less quantity of
information, it is associated to the performance of the
whole system. It is necessary to analyze the miss
probability and the error probability of frame sync
demodulation in the fixed quantity. According to the
research result, we need only to analyze frame sync code of
PPC. The formula of the miss probability and the error
probability have been derived in datail in the paper , its[2]

result is described as folloes.

4.2.1 The miss probability P  of frame sync demodulationLF

P =1-(1-P ) @@@@@@   (1)LF L
n

Where,
n=the number of pulse of PPC frame code.
P =the miss probability of signal pulse, analyzed in theL

paper .[1]

In the general case, P  «1L

Consequently, equation (1) can be simplified as
P =nP @@@@@@   (2)LF L

4.2.2 The error probability of frame sync demodulation

Where,
T=time length of signal region.
=interferetce pulse frequency.

N=the number of telemetering channels within a frame.
P =the probability of greater than or equal to oneT

interference pulse within T.
P =the probability of greater than or equal to onew

interference pulse within a window width.



C=the judged numbers, when PPC code falls into
identification window.
n, P  have the same means as equation (1).L

For example, assume that the system parameter is T =20.48 nsF

(frame period), D=320 T (time element of each channel),
M=8, P =10 , N=64, W=2µS and T=1µs. We have calculated theL

-4

values of P , and P , with PPC frame sync code from 4 bitLF   eF

to 7 bit under the different interfereace frequency. As
shown in table 1. The results of the table 1 illustrate that
PPC frame sync code is of better performance of anti-
interference. With increasing the number of n, P , rapidlyeF

decrease, but P  rise too few. Consquently, a large numberLF

of simulating experiments prove that the results of theory
analysis are right.

Tab 1. The value of calculation for the miss and error
probability of PPCM frame sync code.

the error probability P the misseF

probability
PLF

100 200 400 600

4 6.05x10 4.58x10 3.60x10 1.22x10 3.99x10-10 -9 -8 -7 -4

5 7.95x10 1.18x10 1.83x10 9.26x10 4.99x10-14 -12 -11 -11 -4

6 1.00x10 2.93x10 4.98x10 6.76x10 5.98x10-17 -16 -15 -14 -4

7 1.23x10 7.04x10 4.28x10 4.81x10 6.98x10-21 -20 -18 -17 -4

5. Conclusions

In this context, we have seen, it is feasible for the
TMS32020 to implement the most parts of works for signal
demodulation, except for some accurate special circuits
correlated with each other, and same interference circuits.
Furthermore, the circuitry consisted of the TMS32020 are of
simplicity and intelligence. For muti-pulses PPK signal
demodulation, we didn’t mention in this paper since it’s
easy to realize. Restricting on pages, the function of self
test will not be introduced here, in that it is easily
realized and needed to add only a few circuits which will
further improve the performance of usage.
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SOME MEASURED PERFORMANCE BOUNDS AND
IMPLEMENTATION CONSIDERATIONS FOR THE

LEMPEL-ZIV-WELCH DATA COMPACTION ALGORITHM

H. D. Jacobsen

ABSTRACT

Lempel-Ziv-Welch (LZW) algorithm is a popular data compaction technique that has been
adopted by CCITT in its V.42bis recommendation and is often implemented in association
with the V.32 standard for 9600 bps modems. It has also been implemented as Microcom
Networking Protocol (MNP) Level 7, where it goes by the name of Enhanced Data
Compression. LZW compacts data by encoding frequently occurring input strings with a
single output symbol. The algorithm automatically generates a string dictionary for each
symbol at each end of the transmission path. The amount of compaction that can be
derived with the LZW algorithm varies with the type of data being transmitted and the
efficiency by which table entries can be indexed. Table indexing is usually implemented by
use of a hashing table. Although some manufacturers advertise a 4-to-1 gain in throughput,
this seems to be an extreme case. This paper documents a implementation of the exact
ZLW algorithm. The results presented in this paper are significantly less, typically on the
order of 1-to-2 for ASCII text, with substantially less compaction for pre-compacted files
or files containing random bit patterns.

The efficiency of the LZW algorith on ASCII text is shown to be a function of dictionary
size and block size. Although fewer transmitted symbols are required for larger dictionary
tables, the additional bits required for the symbol index is marginally greater than the
efficiency that is gained. The net effect is that dictionary sizes beyond 2K in size are
increasingly less efficient for input data block sizes of 10K or more. The author concludes
that the algorithm could be implemented as a direct table look-up rather than through a
hashing algorithm. This would allow the LZW to be implemented with very simple
firmware and with a maximum of hardware efficiency.

ARTICLETITLE: “Some Measured Performance Bounds and Implementation
Considerations for the Lempel-Ziv-Welch Data Compaction
Algorithm”

KEYWORDS: (1) Data Compression (Principal Topic)
(2) Lempel-Ziv Algorithm (Primary Category)



Data compaction, rather than data compression, is used in this paper to represent the*

process by which the number of transmitted symbols is reduced with no loss of information. Data
compression, in the information theoretic sense, allows for the potential loss of information.

THE LEMPEL-ZIV-WELCH (LZW) ALGORITHM

The Lempel-Ziv algorithm for data compaction  was first published in 1977 (1). An*

efficient hardware implementation of the algorithm was published in 1984 by Terry A.
Welch of the Sperry Research Center, Sudbury, Massachusetts (2). The Welch
implementation is referred to as the Lempel-Ziv-Welch (LZW) algorithm, and is currently
used in V.42bis and MNP 7 data compaction protocols

The LZW algorithm is described in terms of the following:

Input File: Data to be transferred. Data is usually in the form of binary
information divided into 8-bit bytes.

Source Alphabet: All legitimate symbols that can be encountered in the input data.
Bit transparency transmission is assumed, so all 8-bit patterns are
considered legitimate data. The source alphabet is, therefore,
composed of 2^8 or 256 distinct symbols.

Dictionary Table: Also referred to as the string table or translation table. The
dictionary maps variable-length strings of input characters into a
fixed-length output symbols, where the code corresponds to the
dictionary index for the encoded string. An identical dictionary is
generated on each end of the transmission channel. The dictionary
is initialized for each of the possible single-character input
characters.

Output Symbols: Address of the table entry corresponding to the encoded string.
The number of bits used for each symbol in the output alphabet is
determined by the maximum number of output symbols in the
dictionary. For a 12-bit output word, a maximum of 2^12 or 4096
output symbols (input strings) could be identified.

LZW Algorithm: If a string w has been encountered previously and is in the table
with the index n, and a new string wK is encountered where w is
extended by the character K, a subsequent table entry, say index
m, is created representing the string wK. The index for w is
transmitted and the next index transmitted identifies K as the



extension character for the string w, which allows the dictionary
to be extended to include the string wK (with index m) at the
receiving end. Figure 1 illustrates input data, dictionary entry, and
the output data for a simple example of this algorithm. Figure 1
indicates that the index m for each new string wK is given a
successive index. However, this cannot be done without some
form of associative memory or table look-up. Lacking these, the
index is typically generated with the use of a hashing table, which
leaves some addresses unuseable.

The Lempel-Ziv-Welch Algorithm

Figure 1

BOUNDING THE DICTIONARY AND BLOCK SIZES

The LZW algorithm depends on recurring strings of characters for data compaction. It
should be expected, therefore, that its efficiency will be a function of the number of
recurring strings identified within the input data, the length of those strings, and how
frequently they are encountered.



The number of strings that are encoded for a given block size is determined by the
constraints placed on the dictionary and the size of the input data block. Thc string
dictionary can be expanded only at the expense of a longer output symbol. Longer blocks
of data will have a larger number of encoded strings but will have asymptotic behavior due
to the limited number of strings defined in the dictionary.

The length and frequency of strings identified in the dictionary are also a function of the
input data itself. As shown in Figure 2, random bit patterns (e.g., image files having high
image content) and pre-compacted files experience very little compaction with the LZW
algorithm. This can be expected, as the first has little in the way of repetitive pattern and
the second has had recurring patterns removed though other compaction techniques. The
compaction of these data types with the LZW algorithm is not significantly influenced by
dictionary or block sizes, and therefore are not considered in our analysis. We will restrict
our analysis to an input file containing uniform ASCII text. An algorithm that optimizes the
compaction of ASCII text is expected to be globally optimal.

Figure 2

As noted in reference [2], the principal concern in implementation of the LZW algorithm is
the storing and accessing of dictionary entries. In an ideal situation, the output symbol of
length k bits would provide 2  dictionary entries. Most algorithms use a form of hashing fork

developing the dictionary index, with some entries unaccessible by the hashing technique.
We will assume, for the sake of bounding the LZW algorithm, that a form of indexing is
implemented which allow us to utilize all possible output symbols as string references.



OBSERVATIONS AND CONCLUSIONS

LZW algorithm provides two measures of compaction efficiency: the ratio of input
symbols to output symbols (symbol compaction), and the ratio of input bits to output bits
(bit compaction). The latter is the statistic of interest. Compaction ratios were determined
for a range of cases: for dictionary size from 512 (9-bit addressing) to 16K (14-bit
addressing); and for data block sizes from 5 kilobytes to 50 kilobytes. Although the
symbol compaction increases with dictionary size, the rate of increase is marginally less
than the rate by which addressing overheads are increased. The resulting bit compaction
ratio is shown in Figure 3.

Figure 3

A careful review of Figure 3 indicates that the bit compaction rate for the LZW algorithm
on ASCII text is optimized on or near a dictionary size of 2 kilobytes, i.e., a dictionary
utilizing 11-bit addressing. This provides a compaction ratio of from 1.7 (5K data blocks)
to 1.95 (50K data blocks). This being the case, it is reasonable to implement the LZW
algorithm using direct table indexing rather than a hashing function as is commonly used.
A table look-up technique would require an indexing array of size (2K x 256), with each
array entry containing an 11-bit index. The indexing array would indicate, for each of the
dictionary entries (input strings), the index for all extensions of that string that have been



encountered previously. 11-bit indexing is somewhat awkward in digital design where
hardware components are configured in 4- and 8-bit increments. The use of 12-bit indexing
could be used with approximately 10% degradation in performance.

These results have significant import to a practical implementation of the LZW algorithm.
A (2K x 256 x 11 bit) addressing array would require considerably less than one megabyte
of dynamic random access memory (DRAM). One megabyte DRAM is currently selling
for approximately $30.00 at OEM prices, which would make this implementation cost
effective. The resulting algorithm for implementing the LZW algorithm is very simple, as
shown in the logical flow of Figure 4 for the transmitting end. (A QuickBASIC program
listing is given in Appendix A.) An equally simple program code is required at the
receiving end for recovering the compacted code. These implementations would also run
considerably faster than the hashing techniques currently used with LZW implementations.

Figure 4
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APPFNDIX A:
LISTING OF A SIMPLE TABLE LOOK-UP

IMPLEMENTATION FOR THE LZW ALGORITHM (BASIC)

1000 REM Limpel-Ziv-Welch Source Coder
1003 REM
1100 REM Define dictionary and initialize to symbol set

DIM STATIC Dict%(2048,256)
1110 REM Identify input file

file 1$=FILES$(1)
OPEN file1$ FOR INPUT AS #1 LEN=1024

1200 REM Set parameters D(ict) and B(lock)
D=2048
B=1024*10

2000 REM Begin real data input for compaction
w$=INPUT$(1,1)
windex = ASC(w$)
symbolin=l : symbolout=0

3000 REM Read a character from the input file
IF EOF(1) GOTO 6000
k$=INPUT$(1,1)
symbolin=symbolin+l
IF symbolin>B GOTO 6000

3100 REM Check to see if string encountered previously
IF Dict%(windex,ASC(k$))=0 GOTO 3500
windex=Dict%(windex,ASC(k$))

3500 REM Check to see if table is full
IF Tindex>=D GOTO 4000

3200 REM Build string further
w$=w$+k$
GOTO 3000

3600 REM Add new string to dictionary
Tindex=Tindex+l : Dict%(windex,ASC(k$))=Tindex



4000 REM Output a symbol
REM <Output routine would go here>
symbolout=symbolout+l

5000 REM Reset output string to first character of new string
windex=ASC(k$) : w$=k$
GOTO 3000

6000 REM End of data block
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ABSTRACT:
New tracking/control system requirements demand that the
present DFCS/GRDCUS/MTACS data link bit rate be increased. A
possible method for achieving this increase is to select two
additional 31-bit chip code patterns that are orthogonal to
the present chip codes, and to each other. This method will
not require any more bandwidth than the present 10 MHZ used.
This method suggest that each of the four chip code patterns
are assigned a two bit value ie: 00, 01, 10, 11. At present,
the two correlated chip codes represent data in a pulse
position method. No data is contained in which of the two
chip codes actually correlated. This new method suggest each
of the four chip code patterns will still perform the pulse
position modulation and provide two additional bits of data.
These additional two bits of data will up the data rate of
the link by 100 percent.

KEY WORDS: (1) Next Generation Target Control System
(2) Drone Formation Control System (DFCS)
(3) Gulf Range Drone Control Upgrade System

(GRDCUS)
(4) Multiple Tracking And Control System (MTACS)

INTRODUCTION:
The Next Generation Target Control System (NGTCS) has a goal
to remotely control 18 aircraft, with a growth potential of
24. These aircraft can be located over the horizon from the
control facility, thus requiring a relay to retransmit the
command messages. At present, the DFCS, GRDCUS, and MTACS
datalink waveform can marginally support the 18 aircraft,
over the horizon, scenario. In an effort to plan for growth
potential, the basic datalink waveform of these datalinks
needs to be improved upon. One improvement consist of
increasing the datalink’s data rate with out increasing the
bandwidth. A second alternative is to increase the data rate
by increasing the bandwidth.



This paper will discuss a proposed method of increasing the
data rate without increasing the bandwidth requirement. This
method of increasing the data rate consist of selecting
another set of orthogonal chip codes, and allow them to
contain information themselves.

BODY:
The GRDCUS, MTACS, and NGTCS datalink are all revisions of
the original IBM/DFCS datalink. This original datalink was
developed in the mid 1970s and has been successfully used to
control fullscale and subscale target aircraft at White
Sands Missile Range (WSMR). The GRDCUS, MTACS, and NGTCS
datalink use the same basic waveform as DFCS, but have
redefined the message format. The original DFCS datalink
operates at a carrier frequency of 915 MHZ, uses spread
spectrum technology, and requires 10 MHZ of bandwidth. It
has good multipath rejection properties which are attributed
to the 10 MHZ chip code rate and to the alternating of chip
code patterns. See Fig 1. The GRDCUS datalink presently
operates at Tyndall AFB, Florida, and routinely controls
multiple fullscale and subscale aircraft. At present, the
MTACS datalink has received authorization to operate on a
carrier frequency of 1365 MHZ as well as 915 MHZ, but still
occupies 10 MHZ of bandwidth. The MTACS datalink is
primarily used for tracking vehicles, and sending
conventional telemetry to the control facility. All of the
above mentioned utilize the datalink’s distance measuring
(DME) feature. This built in feature allows precise vehicle
location to be derived from each uplink/downlink sequence.

The waveform is synchronized by first having a 127 bit fixed
pattern of 1s and 0s (chips) transmitted. These sync chips
are transmitted at a 10 MHZ rate, thus taking 12.7
microseconds to complete. When all 127 bits of this fixed
pattern sync code have been received by the sync correlator
SAW, a sync pulse is generated. This sync pulse provides all
the timing references for the duration of this transmitted
message. The data portion of this waveform is a pulse
position encoded waveform, where each data pulse represents
two bits of information. Each pulse is encoded as the final
chip of a 31 bit fixed chip code sequence. This chip code
sequence is clocked at a 10 MHZ rate, thus taking 3.1
microseconds to complete. Two different 31 bit data chip
codes are utilized. These two chip code patterns are
commonly called the “A” chip code pattern, and the “B” chip
code pattern. This two code design prevents two adjacent
chip code patterns from correlating at the same time due to



multipath effects. This method of encoding provides good
multipath detection/protection, and follows suit to the
precision timing derived from the synchronizing pattern.
Each 3.1 microsecond chip code sequence occurs during a 4.0
microsecond window. The two bit data content is encoded with
respect to where the chip code correlated in this 4.0
microsecond window. The sequence needed to encode a data
word consist of 9 of the data chip code patterns. The two
chip code patterns (A and B) alternate, and a 16 bit
dataword is constructed after nine such chip code patterns.
Each 16 bit dataword is comprised of 18 bits, the two extra
bits being parity for the low byte and high byte. Thus, 36
microseconds is required to transmit each 16 (18 with
parity) bit data word.

As previously stated, this paper will discuss the aspect of
having two additional 31 bit chip code patterns for the
data. These chip code patterns will be named “C” and “D”. An
assumption is made that the 127 bit sync code is not a
superset of the “A”, “B”, “C”, or “D” chip code patterns.
Also, there is little or no cross correlation between the
four data chip code patterns, but good autocorrelation.
Based on these assumptions, each of the four data codes will
represent two data bits, as well their position determining
two data bits. Allow the “A” chip code pattern to represent
the two bits 00, the “B” pattern represent 01, “C” would
represent 10, and “D” would follow to be 11. As an example,
let a 31 bit “C” chip code pattern fall in the last position
of a 4.0 microsecond data window. Because this chip code
pattern correlated in the last position, the data content
would be a 1 1, but because this chip code pattern was a “C”
pattern, two additional bits 1 0 are realized. See Fig 2.

This concept will quickly double the data rate of the
present datalink, without requiring an increased bandwidth.
With this increased data rate, a faster microprocessor will
be required also. The present DFCS type equipment uses the
Z-80 microprocessor. This microprocessor is able to
acknowledge each data word as it is received at the 36
microsecond rate. But, when the data rate is doubled, even
the 3.75 MHZ Z-80 will not be able to keep up. Therefor, a
faster microprocessor will be needed. Since the vehicle
control unit will be outfitted with a GPS receiver, and be
required to do more computing, a 68000 or like
microprocessor will be needed. At this point, there are only
two remaining issues. One issue is to define which of the
pulse position bits are to be the most significant and least



significant, as well as defining the bits each chip code now
carries. The other remaining issue is to determine if
existing equipment which only utilized the “A” and “B” chip
code patterns can be easily upgraded to this scheme, or if
this scheme can be downward compatible.

In the event the above mentioned scheme does not provide the
growth potential needed, then an alternate scheme is
available. This scheme utilized the same four chip code
patterns, but doubles the clock rate from 10 MHZ to 20 MHZ.
See Fig 3. This will allow each 4.0 microsecond window to be
realized in 2.0 microseconds, thus the amount of time to
transmit a single word would take 18 microseconds instead of
the present 36 microseconds. By using four chip code
patterns, and doubling the clock rate, the overall data rate
can be increased by a factor of four. The major concern and
drawback to this proposal is obtaining a frequency
allocation with 20 MHZ of bandwidth in a useful portion of
the spectrum.

There are several risk associated with these upgrade
schemes. see Fig 4. The chip code sequences must be
determined for the additional two codes. Then, additional
hardware must be built to detect which of the four codes
correlated, and produce the two bit code accordingly. New
surface acoustic wave detectors (SAW) must be designed.
Extensive testing of the multipath immunity needs
investigating once hardware has been developed.

CONCLUSION:
The proposed baseline datalink for the NGTCS program is the
GRDCUS datalink. This datalink would fulfill the immediate
18 ship requirement of NGTCS, but not allow any future
growth. The bit rate of the existing DFCS, GRDCUS, and MTACS
datalink can be increased without requiring an increased
bandwidth. The method for achieving this increase is to
select two additional 31-bit chip code patterns that are
orthogonal (not a subset or superset) to the present chip
codes, and to each other. This method suggest that each of
the four chip code patterns are assigned a two bit value ie:
00, 01, 10, 11. By allowing the chip code placement in the
present 4.0 microsecond window to deliver two data bits, and
deriving two additional bits from the determination of which
chip code sequence correlated, an increased data rate can be
realized. If more data thru put is needed, then an
additional 10 MHZ of bandwidth would be needed. In this
additional bandwidth, the chip code clock would be increased



from the present 10 MHZ to 20 MHZ. By doubling the chip code
clock, and utilizing four data code patterns, the overall
data rate could be effectively increased by a factor or 4.0
(3.6 effective).
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RISKS OF DATA LINK IMPROVEMENTS

C 680X0 / 80X86 CPU UPGRADES

- No risk
- Hardware and software tools already in place

C 750 KBITS/SEC DATA RATE @ 10MHz

- Low risk
- Must generate two now 31-bit chip codes sequences
- Re-design gate-array transmitter/receiver
- Re-design SAW detector

C 1 MBITS/SEC DATA RATE @ 10MHz

- Low Risk
- Must generate two now 31-bit chip codes sequences
- Re-design gate-array transmitter/receiver
- Re-design SAW detector
- Evaluate multi-path immunity because of repeating

codes

C 1+ MBITS/SEC DATA RATE @ 10MHz

- Medium risk
- Must generate two new 31-bit chip codes sequences
- Re-design gate-array transmitter/receiver
- 20MHz SAW technology
- 150nsec windows
- 50nsec pulse widths
- Evaluate multi-path immunity due to repeating codes

and faster window times
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ABSTRACT

The U. S. Army is developing an aerial cable range for testing missile weapon
system components and other DOD material. The main component of the aerial
cable range will be a three-mile-long Kevlar cable, fully suspended between two
mountains, with an elevation difference of 2450 feet. Test vehicles (targets, test
platforms, and retrieval trolleys) will travel along the cable at different speeds and
different altitudes that conform to different test requirements. The main electronic
support system for the aerial cable range will be the Ground Command and
Control System (GCCS).

The GCCS is being designed to control targets, retrieval trolleys, test fixtures, and
test platforms on the aerial cable range. The GCCS will control up to four vehicles
on the aerial cable at the same time. In the long term, the goal is to control test
vehicles of 20,000 pounds in weight and 550 knots/hour in speed. The initial
capability will control targets and test platforms of 10,000 pounds, at speeds of up
to 250 knots/hour.

The GCCS will consist of:

C Telemetry links to communicate to and from various vehicles

C A position measuring system to determine the position of the vehicle on the
aerial cable

C A control system to generate all commands necessary to activate events in
the airborne vehicles

C An operator console



The control room will have the capability to display the vehicle parameters,
meteorological data, lightning prediction data, video and real-time simulation.

LOCATION

The national test range opened on 9 July 1945 as White Sands Proving Ground,
and is now known as White Sands Missile Range (WSMR). WSMR is located in
south central New Mexico and is approximately 100 miles north-to-south and 40
miles east-to-west in size, at an average basin altitude of 4000 feet. El Paso,
Texas lies to the south; Las Cruces, New Mexico to the west; Alamogordo, New
Mexico to the east; and smaller communities to the north. The location of the
Aerial Cable Test Capability (ACTC) is in the Oscura mountain range in the
north-central part of the Range.

REQUIREMENT

The DOD must perform extensive testing in the development of new weapons and
other related material. The testing of weapons systems, weapons systems
components, and electronic and electro-optical countermeasures represent a
significant expense to DOD. The development of cost-effective methods of testing
these types of systems is a long-term DOD need.

All three DOD Services have ongoing development of weapons systems and
countermeasures equipment. Testing of this class of material includes a large
number of component and subsystem tests, in addition to system level tests.
Component and subsystem tests frequently require that the item be dropped from
a minimal altitude to verify function. Test data collection facilities are positioned in
fixed locations and require that test articles be dropped at a precise location in
order to acquire the needed information. The DOD facilities for conducting such
tests normally require these test articles to be dropped from an aircraft in flight.
This method is unsatisfactory, due to the time and expense needed to instrument
the aircraft, the operating cost and danger in using the aircraft, and the cost of
frequent retests required to deliver the test article at a known precise release
point.

Short-range air defense missiles are primarily tested by the three DOD Services
using remotely controlled aerial targets. The available targets include obsolete
aircraft and subscale drones. These targets are expensive to acquire and
maintain, and do not exhibit the signature of the threat targets that the missiles are
being designed to counter. Furthermore, they are expended at a high rate in the
normal course of testing.



A less expensive alternative for certain aerial testing is available through the use
of aerial cable and trolley/target systems. In this approach, a single aerial cable is
freely suspended between two mountain tops of different altitudes, and
platforms/targets travel along the cable. This test platform can accelerate by
gravity or by rocket assistance. Aerial targets are suspended from, and travel
along, the cable trolley -- or test items are dropped from a test platform. This
method of testing has proved to be far less expensive than the alternative of using
aircraft, and repeatable trajectories are inherent. Other beneficial attributes
include reusable targets and fast turnaround of tests, and a well-defined data
collection arena. Figures 1 and 2 depict the cable concept.

To satisfy the requirement for an aerial cable, WSMR was tasked to develop an
Aerial Cable Range (ACR). The ACR will sustain an aerial cable test capability
that provides low-cost testing support for:

C Air defense missile testing against surrogate targets

C Electronic countermeasures warning devices tests

C Captive flight tests

C Certification of Stores

C Weapons release and drop tests

C Submunitions tests

C Signature testing

The Instrumentation Directorate at WSMR was assigned the task of developing
and implementing the ACR in May 1989.

CABLE VEHICLES

The ACR will handle both trolleys and targets. While targets may be fired upon,
test platforms are not. At the present time, five types of cable vehicles are
envisioned for the cable:



VEHICLE SPEED

Bullseye trolleys Variable for system calibration of
tracking equipment

Retrieval trolleys Up to 7.5 knots/hour

Low-speed test platforms and targets Up to 100 knots/hour

Medium-speed test platforms and targets Up to 200 knots/hour

High-speed test platforms and targets Up to 550 knots/hour

CABLE FEATURES

The ACR consists of a 15,500 foot-long 2½-inch Kevlar, or equivalent, cable
suspended between two mountains with an adjustable “low point” cable height of
50-to-1000 feet, at midpoint, above desert floor. The cable is anchored at Jim Site
at the high end and stretches to Little Burro Mountain at the low end. The cable
drops from 8450 feet to 6000 feet, for a drop of 2450 feet. At three miles in length,
the cable will be the longest unsupported cable span in the world. Maximum
tension on the cable is not expected to exceed 140,000 pounds. The ACR is
designed to support a 20,000 pound vehicle traveling at speeds up to 550 knots
per hour.

In the circumstance that the cable should sustain a damaging hit and break during
a test, an additional length of cable, three miles in length, will be stored at the
Little Burro cable terminus. It is expected that there will be minimum down time to
restore operation. Installation of a new cable length is expected to take 7-to-10
days.

CONTROL ROOM INSTRUMENTATION

The ACR will have an Instrumentation Control Room located about one mile away
from the Little Burro end of the cable (see figure 3). The GCCS will be located in
the Instrumentation Control Room and will consist of the following instrumentation
subsystems:

C Retrieval Trolleys

C Data Collection Platforms



C Meteorological and Lightning Detection

C Video

C Test Platform Controller

The ACR will have retrieval trolleys for line inspection and positioning of the test
trolleys and test targets. The retrieval trolleys will be moved by a continuous loop
of ¾-inch wire rope in much the same manner as an old-style continuous-loop
clothesline. Winching equipment, to propel the retrieval trolleys, will be located at
the Little Burro end.

The Meteorological Data Collection Platforms (MDCP) will be located at both ends
of the cable and near the mid-point of the cable on the valley floor. The MDCP’s
will provide speed and wind direction data. Each of the retrieval trolleys will have a
meteorological instrumentation package (MIP) and radio transmitter that will
communicate with a receiver at the Little Burro end of the cable. All the MDCP’s
and MIP’s will update a real-time weather data base at a central weather station at
the southern part of the Range. This weather station will summarize MDCP and
MIP data from the ACR area, as well as other weather data from the surrounding
area, and relay the data summary back to the ACR Instrumentation Control Room
-- for display on a personal computer workstation.

The Video Subsystem consists of color video cameras for the following purposes:

LOCATION PURPOSE

Jim Site cable terminus Safety and vehicle observation

Beneath cable in valley Vehicle observation

Little Burro cable terminus Safety and vehicle observation

Control Room Flight Safety

retrieval trolleys Cable inspection and docking

The Video Subsystem will also have SVHS video recorders, video IRIG time-of-
day annotators, a video switcher, and numerous color monitors. These cameras
will be mounted on a remotely controlled pan and tilt unit so that the camera can
be pointed to any desirable direction. The video cameras will be linked through a
fiber-optic communication system to the ACR Instrumentation Control Room.



Video from the cameras on the Retrieval Trolleys will be radio-transmitted to
receivers, located near the Little Burro cable terminus, and thereafter will be
fiber-optic linked to the ACR Instrumentation Control Room. Video from various
cameras will be displayed on console-mounted color monitors in the control room.

The ACR will also have a lightning detection system that will provide indication of
area storms that would prove dangerous to ACR operations. This data will be
displayed using map type displays on personal computer platforms in the ACR
Instrumentation Control Room.

Each ACR test platform that rides on the cable will have a computer controller that
can control both discrete and proportional functions. This controller will have a
duplex radio link to the Instrumentation Control Room and will drive three
workstations. These workstations will provide a simulation platform, automatically
operate the test platform, and play back the test for analysis and observation.

THREE-DIMENSIONAL IMAGING INSTRUMENTATION

It is planned that the ACR control room will be equipped with a Silicon Graphics
Iris workstation. This system will provide:

C A pretest simulation capability that will display an animation of each object
to be used in the test, moving along the planned trajectories. This feature
will aid in test planning and test-feasibility demonstration.

C A real-time animation of the test in progress where the trajectory of each
animated target is driven by real-time tracking data. This feature allows test
personnel to view the progress of tests in real time.

C Postflight three-dimensional image and data processing, to produce
estimates of the time history of the trajectory, and attitude of all of the
objects involved in the test.

The input to this system is TSPI (time & space position information) data from the
cable vehicle and vehicle threat. In addition, a high-fidelity terrain rendering of the
somewhat limited area around the ACR makes it possible to produce high-quality
images that can be accurately processed.

EXISTING INSTRUMENTATION

Existing instrumentation will consist of mobile telemetry tracking systems, mobile
optical tracking mounts, laser tracker systems and communications systems. The



optical tracking mounts will be equipped with long focal-length lenses for large
images of the cable vehicle and vehicle threat.

The optical tracking mounts will provide X, Y, and Z position data, via fiber-optic
line, to the ACR Instrumentation Control Room. This position information, along
with other position information, will be used to solve for the real-time position of
the object in question. This real-time position data will be used at the ACR
Instrumentation Control Room and transmitted back to the Range Control Center
for use in real-time displays and solutions. The Range position generating
instruments output position information at a rate of 20 data samples per second.

PROJECT STATUS

The U. S. Army Corp of Engineers has designed the roads, buildings, power lines,
cable anchors, and supports. Sandia National Laboratories is responsible for the
design of the cable, the cable erection system, the retrieval system, the cable
interface, or carriers, for targets and test platforms, and cable tension system for
the ACR. Current plans call for construction completion in late 1993, with initial
operating capability in mid-1994. Project completion is scheduled for late 1995.
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ABSTRACT

White Sands Missile Range (WSMR) is the largest overland test range, operated
by the Department of Defense, in the United States. It encompasses
approximately 4000 square miles of south-central New Mexico. WSMR supports
various missile, weapons system, and instrumentation development tests of the
Army, Navy, Air Force, NASA, and other agencies, and controls the airspace and
electromagnetic (EM) radiation on and around WSMR. Due to the large number of
users at WSMR, the EM spectrum has become increasingly crowded and EM
radiation control has become extremely important. For this reason, WSMR
Regulation 105-10 (Telemetry Radio Frequency (RF) Spectrum Utilization) was
adopted and states that all TM transmitters proposed for use at WSMR must be
approved. These transmitters are approved upon determination that they meet the
requirements set forth in the current Range Commander’s Council (RCC) Inter-
Range Instrumentation Group (IRIG) Document titled “Telemetry Standards”.
(NOTE: This document will hereafter be referred to as RCC Document 106). This
determination is performed by the White Sands Missile Range Director of
Information Management (WSMR-IM) in the form of acceptance testing and
analysis. This acceptance testing consists of the verification and analysis of the
transmitter’s frequency stability, output power, and spurious and harmonic
emission levels, in order to prevent EM interference between the many range
users. The current test methodology will be explored in sufficient detail so that
potential range users will know the procedures used to qualify TM transmitters for
use at WSMR. Past methods and future testing considerations will also be briefly
examined.

INTRODUCTION

At White Sands Missile Range (WSMR), NM, a requirement exists for formal
acceptance of all Telemetry (TM) transmitter model units which are proposed for
use at WSMR. This requirement is outlined in WSMR Regulation 105-10, which



prescribes the responsibilities and procedures necessary to assure efficient
spectrum utilization and management of these TM bands. This regulation is cited
in the WSMR Range Users Handbook, Chapter 17, Paragraph 17-6e. WSMR-IM
is responsible for the type acceptance of all TM transmitters proposed for use at
WSMR, by manufacturer and model number. Type acceptance must be obtained
prior to receiving frequency authorization - the intent being to ensure
electromagnetic compatibility (EMC) between the many TM users at WSMR. Due
to the large number of range TM users, the possibility of interference is quite high.
Some S-Band frequencies have as many as 10 different users and must therefore
be time shared. Thus, a premium is be placed on frequency spectrum utilization.

S and L-band TM transmitter testing by WSMR-IM began in 1965. The test
objectives then and now remain essentially unchanged. The objectives are to
verify the frequency stability, output power, and spurious/harmonic emissions of
the transmitter for a given time span at ambient room temperature, and minimum
and maximum temperature specifications, and at its minimum, maximum, and
mean power supply voltages. Since 1965, WSMR-IM has tested upwards of 120 L
and S-Band TM transmitters. Of these approximately 33% have not passed the
rigorous tests performed by WSMR-IM to validate the manufacturer’s
specifications. Many of these were resubmitted after rework by the manufacturer
and subsequently accepted for use at WSMR. About 5% of the transmitters have
been conditionally type accepted by serial number or for a specific one-time-only
test. On these units, WSMR-IM worked closely with project personnel and
frequency coordinators to reach an equitable solution in order to facilitate the
project.

TELEMETRY USER REQUIREMENTS

Potential users of TM transmitters must submit written requests for transmitter
approval to WSMR-IM at least 30 working days prior to their first intended use.
These submittals should include the following specifications which reflect the
operating conditions anticipated in the test profile.

1. Maximum operating time.
2. Minimum, nominal, and maximum supply voltages.
3. Nominal modulation voltages and frequencies.
4. Minimum, nominal, and maximum baseplate temperatures.
5. Antenna VSWR (optional).



Approval of TM transmitters by WSMR-IM can be accomplished by one of the
following four methods:

1. Submission of transmitter to WSMR-IM for test and analysis.
2. Submission of an engineering-evaluation report from an “independent

testing organization” to WSMR-IM and its review.
3. The witnessing of in-plant (manufacturer’s plant) testing and evaluation of

results by WSMR-IM.
4. The submission of a “certification” from the responsible government

contracting agency, ensuring compliance with RCC Document 106.

These four test methods will be discussed in detail in the following pages.

APPROVAL METHODS

SUBMISSION OF TRANSMITTER TO WSMR-IM FOR TEST AND ANALYSIS

Approximately 80 % of all transmitters type accepted by WSMR-IM have been
directly submitted for test and analysis. WSMR-IM performs rigorous tests on the
transmitters in order to validate the manufacturer’s specifications and to verify that
the unit will meet the project’s requirements. Despite the rigorous tests WSMR-IM
makes all efforts to support missions in a timely manner, and in this spirit often
makes engineering evaluations and compromises on units that may be slightly out
of tolerance. This involves analysis of mission profile, and analysis of interference
potential. These acceptance tests do not serve to analyze the integrity of the TM
data upon transmission and reception, but rather to ensure the TM transmitters’
frequency stability and to determine the levels of any spurious/harmonic
emissions.

Test History

The test scenario has changed very little in the past 20 years. A unit that is
submitted for testing is monitored for frequency stability, power output, and
spurious/harmonic emissions as a function of operating time, supply voltage, and
baseplate temperature. If the unit fails, it can be sent back to the manufacturer for
rework. If this is not desired, THREE different units can be submitted to WSMR-IM
for testing. If these three units pass, the unit is unconditionally type accepted.
However, if one of these units fails, then SIX units can be resubmitted. This
procedure can be continued in the same geometric progression.



Testing Procedure

There is a typical acceptance testing format used by WSMR-IM for TM
transmitters. However, due to the growing complexity of TM transmitters and their
modulation schemes, testing procedures may differ slightly for different
transmitters, and the testing group (WSMR-IM) reserves the right to customize the
testing procedure to optimize the data analysis. The following procedure is the
foundation for most TM transmitter tests performed by WSMR-IM.

1. Mount transmitter (device) under test (DUT) on heatsink (baseplate) of
appropriate mass, and apply nominal supply voltage (typically +28 Vdc). Heat or
cool unit to nominal temperature (+ 25 degree C) and allow for thermal
stabilization. Ensure that the DUT is impedance matched and correctly terminated
to optimize the VSWR.

2. Upon stabilization at + 25 degree C, remove supply voltage for a few
seconds and reapply power. Monitor the output frequency, output power, and
supply voltage for the specified test time (typically one hour). Upon completion of
this time test, check for spurious/harmonic emissions IAW MIL-STD 461 and 462.

3. Upon completion of the one hour “soak,” remove power and increase the
power supply voltage to the maximum specified operating supply voltage. Reapply
power and monitor output frequency and output power for five minutes.

4. Slowly decrease the supply voltage to the minimum specified operating
supply voltage. Monitor frequency and output power throughout.

5. Turn off power for a few seconds, then reapply power and monitor frequency
and output power, at the minimum specified operating supply voltage, for five
minutes.

6. Remove power and reset supply voltage to the nominal value. Reduce the
temperature to the minimum specified operating temperature.

7. Repeat steps one through five at this low temperature.

8. Slowly increase the temperature to the maximum specified operating
temperature and monitor the frequency and output power.

9. Repeat steps one through five at this high temperature.



10. Return temperature to + 25 degrees C, remove supply voltage, and allow
the unit to thermally stabilize.

During steps two through nine of the procedure above, the carrier frequency of the
DUT and level of spurious/harmonic emissions are monitored. The DUT’s
frequency stability cannot exceed the amount stated in RCC Document 106
(typically 0.003% for L-Band systems and 0.002% for S-Band systems) and the
spurious/harmonic emission level must not exceed -25 dBm. The output power is
also monitored in order to ensure that it does not deviate greatly from that
specified by the manufacturer. After this procedure is completed, the frequency
characteristics of the unit as it is being powered up are examined to verify its
compliance with RCC Document 106. At this time, the test procedure does not call
for modulation of the DUT. However, at such time as modulation requirements
arise, WSMR-IM will have the necessary equipment and software to support this
requirement.

Acceptance Test System and Instrumentation

The Radio Systems Branch has recently designed, engineered, and procured a
fully automated test system. The present test system is shown in figure 1. and a
brief description of the major equipment is detailed below.

1. Microwave Counter - A portion of the RF energy is sampled by a microwave
counter. The counter has a time base stability of 5 X 10  per day. For a 180 day-10

calibration cycle, and a 0.1 second gate time, the worst case uncertainty is only
about 2 kHz (for a 2.3 GHz signal). This amount is quite small compared to the
tolerances outlined in RCC Document 106. Similar small uncertainties are found
for L-Band signals as well.

2. Spectrum Analyzer - A portion of the RF power from the DUT is coupled to a
spectrum analyzer. The analyzer is used to obtain general spectral characteristics
of the DUT and is used to find spurious/harmonic emissions provided the
bandwidth of the directional coupler corresponds to the frequency range of the
desired spurious/harmonic emission search.

3. Time Interval Analyzer - This unit is a device which essentially analyzes
frequency versus time characteristics of sources below 500 MHZ by continuously
measuring the time interval between gating events such as 0-Volt crossings of the
sinusoidal source. These gating events can be spaced by as little as 600
nanoseconds. By mixing a sample of the L or S-Band signal with an appropriate
Local Oscillator (LO) source, the frequency stability of the DUT during power-up
can be determined.



4. Voltmeter - The voltmeter is used to determine the actual supply voltage and
to determine the temperature at the thermocouple sensors by monitoring the DC
voltage from the thermocouples.

5. Controller/Printer/Plotter - The system controller is used to control the test
instrumentation over the IEEE-488 Interface Bus. Various testing scenarios can
be implemented for different supply voltages, temperature profiles, test times, and
modulation. These tests are fully automated such that the various test parameters
can be entered by the test controller. The test data can be printed out in a tabular
manner or plotted to show the relationship between center frequency and/or
output power and any of the parameters of time, temperature, and supply voltage.

SUBMISSION OF AN ENGINEERING-EVALUATION REPORT FROM AN
“INDEPENDENT TESTING ORGANIZATION” TO WSMR-IM AND ITS REVIEW

About a dozen telemetry transmitters have been approved using this method of
report evaluation. These reports must include the pertinent data that would be
obtained from acceptance tests run by WSMR-IM. This data includes center
frequency, output power, and spurious emission levels at the nominal, maximum,
and minimum temperatures and supply voltages. In addition, any test procedures
must be provided to WSMR-IM for evaluation.

THE WITNESSING OF IN-PLANT (MANUFACTURER’S PLANT) TESTING AND
EVALUATION OF RESULTS BY WSMR-IM

This procedure has been used several times when the logistical problems of
providing WSMR-IM with an actual telemetry transmitter for test cannot be
resolved. If this method of test acceptance is desired, then the project must
provide WSMR-IM with the testing procedure to be used by the manufacturer, for
evaluation and concurrence. In the past, this method has proved valuable in the
identification of test procedures errors by the manufacturer. These include use of
band-limiting attenuators, and couplers for spurious emission checks, and
improper power supply input and modulation input grounding techniques.

THE SUBMISSION OF A “CERTIFICATION” FROM THE RESPONSIBLE
GOVERNMENT CONTRACTING AGENCY, ENSURING COMPLIANCE WITH
RCC DOCUMENT 106

WSMR-IM has accepted a few transmitter units based on this certification
process. This acceptance is based upon an analysis of test data and test
procedures, and is often done in conjunction with WSMR-IM personnel to ensure
adequate testing procedures to comply with RCC Document 106.



 Figure 1. Block Diagram of Telemetry Transmitter Acceptance Test System.



CONCLUSION

Due to the crowded electromagnetic (EM) environment at WSMR, the practice of
type approval of TM transmitters for spectrum utilization monitoring is extremely
important. WSMR-IM has had the responsibility of performing acceptance tests to
determine type acceptance. These tests do not check TM transmitters or TM
systems for items such as error rates or general TM information quality; but rather
strive to prevent interference between all range users by monitoring the TM
transmitter’s frequency stability and RF emissions. The general procedures used
for these acceptance tests and the test instrumentation systems were outlined in
the preceding paragraphs. In a continuing effort to improve the testing procedures
and to keep up with the expanding technology in the TM field, WSMR-IM has
engineered and procured a state-of-the-art TM transmitter acceptance test
system. By designing a test system which uses a central controller to control and
to obtain data from the test instrumentation, data collection and analysis can be
performed more efficiently and accurately. The new test system is fully automated
and TM transmitter tests can be easily reconfigured as the need may arise. Also,
the new test system can easily be upgraded to expand along with expanding TM
technology and changing RCC Documents. With this new TM transmitter test
system, WSMR-IM will be better equipped to help ensure an electromagnetically
controlled environment at WSMR for the many missile systems to be tested at
White Sands Missile Range.
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ABSTRACT

The Salinas Peak location is ideal for a Telemetry
Acquisition and Relay Station. The Telemetry facility
consists of a new building and the Telemetry Acquisition
System (TAS) from Atom Peak. Salinas Peak is located in the
San Andres Mountains, 68 miles north west of the White Sands
Missile Range (WSMR) launch complexes. Salinas Peak provides
better coverage for all Range Telemetry (TM) missions, and
has excellent line-of-sight to the launch areas, impact
areas and the Telemetry Acquisition and Relay System (TARS)
mobile microwave relay stations. (Figure 1)

INTRODUCTION

Due to a commitment in 1991 to support a project off the
range, WSMR assigned two mobile tracking systems for this
purpose. Since this action would impact other range support,
the project funded a task which compensates for the loss of
geographical coverage serviced by these two tracking units.
The task involves relocating the fixed station from Atom
Peak to Salinas Peak. At Salinas Peak, a new building has
recently been constructed and work is currently on-going to
install the refurbished TAS with a new radome. The telemetry
equipment will be installed in the building after the TAS
installation is completed. Salinas Peak offers better range
coverage than Atom Peak and therefore can be used to support
considerably more Range missions. (Figure 2)

Better coverage and improved data quality is made possible
by having the Telemetry Acquisition and Relay System (TARS)
and the Digital Microwave Radio Relay transmit directly to



Jig-56. This eliminates two relay hops and triples the data
throughput from both Jig-10 and Jig-67 to Jig-56. The turn-
around-time between missions is reduced because the Salinas
Telemetry Station can cover one mission while Jig-67
supports another mission. Redundant coverage can be provided
on the more critical missions.

JIG-10 RELOCATION

The Salinas Peak Telemetry facility is being established by
construction of a new telemetry building, refurbishing the
telemetry tracking system, and relocating the telemetry
equipment from Atom Peak. (Figure 3 & 4)

TELEMETRY SYSTEM CAPABILITY

Benefits to the Range customers from having a primary
Telemetry system at Salinas Peak are higher data quality and
increased reliability. This new capability allows the
relaying of three basebands from Jig-10 and three basebands
from Jig-67 directly to Jig-56 without the need to “drop and
insert”. The basebands from the TARS mobiles are connected
directly to the microwave transmitters at the fixed stations
that relay the data to Jig-56. A second out-put is fed to a
base band demodulator for in-house recording. This
configuration eliminates having to patch and switch the
channels coming in from the TARS mobiles, demodulating and
selecting channels to form a new baseband for relaying. The
old process caused the data to be degraded and involved
patching and switching which often caused problems due to
defective patch cords, jackfields and operator error.
(Figure 5)

ANALOG TELEMETRY DATA

At Jig-56 the basebands are connected directly to four
microwave transmitters for relaying to Jig-3 where they are
demodulated and cabled to the Telemetry Data Handling
Systems (TDHS) for reduction. The second output is
demodulated and recorded at Jig-56. The patching, switching
and re-insertion of the baseband channels has been
eliminated.

The Jig-3 demodulation station has been redesigned to
eliminate all patching and switching of the demodulated
channels. The outputs from the pre-detection converters are
cabled directly to the Telemetry Data Handling System



(TDHS). A second output is applied to data discriminators
where outputs are also cabled directly to the TDHS. The Jig-
3 station can demultiplex eight microwave baseband channels.
This is only because more discriminators need to be procured
in order to demultiplex all of the available channels. All
of the data is sent to the TDHS in the form of pre-detection
record carrier which can be used for tape playbacks after a
mission.

DIGITAL TELEMETRY DATA

Digital Telemetry data is transported in two ways, the
Telemetry Digital Radio System (TDRS) and the Telemetry
Lightwave System (TLS). The digital microwave system
consists of a duplex link from Jig-10 to Jig-56, and from
Jig-67 to Jig-56. The data capacity of the TDRS is three DS-
A rates (12.9 mb/s) on each link. Two mobile TDRS links
relay from remote sites to Jig-67 and to Jig-56. The
airborne telemeter is received by the acquisition system and
the telemetry receiver output is applied to a Pulse Code
Modulation (PCM) Bit Synchronizer. The clock and data
outputs from the Bit Synchronizer are connected to
asynchronous multiplexers to create a standard
telecommunication DS-A Rate. Three DS-A’s can be applied to
the DMX-A3 high order multiplexer which then modulates the
Digital Microwave Transmitter at a DS-3 rate (45 mb/s). The
digital microwave radio uses Quarternary Amplitude
Modulation (QAM) and occupies an RF bandwidth of 20 MHZ.
(Figure 5)

The Telemetry Lightwave System (TLS) consists of four
simplex links from Jig-56 to the Telemetry Data Center
(TDC). One duplex link is configured to carry four PCM data
streams that are multiplexed to form a DS-A signal. The
duplex return loop is used for testing and for recording at
the originating point as evidence that good data was
received at the TDC during Range tests. One simplex fiber
from Jig-3 to Jig-56 is used for Bit Error Rate (BER)
testing with the data from each of the four data fibers
looped back to Jig-56. One of the four data streams is
selected for recording at Jig-56 as evidence that the data
was good during a range test. The TLS is equipped with
fibers from the Elephant Mountain and Chin Site Tracking
locations to Jig-56 and to the TDC. A TLS link from Jig-56
to Launch Complex 37 Control Center is used to send PCM
Telemetry data to the projects Telemetry Ground Station.



CONCLUSION

The Salinas Peak Telemetry Facility greatly enhances the
National Range Telemetry System capability. It provides
higher data quality and increases reliability while tripling
the number of data channels that can be relayed. It
eliminates the data bottleneck and triples the relay
capability from Jig-67. Provides the capability to relay
three DS-A (12.9 mb/s) digital data rates directly to
Jig-56. The system is designed to eliminate patching,
thereby reducing mission failures caused by patching errors.
The relay data from the TTARS mobiles is fed directly to a
relay transmitter without having to reformat the basebands.
This eliminates degradation of the data at both Jig-67 and
Salinas Peak.
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ABSTRACT

The Aircraft Research and Development Unit (ARDU) is the flight test authority for the
Royal Australian Air Force (RAAF). ARDU was born out of a requirement to handle the
testing of developmental aircraft and weapons during Word War II. Its nucleus was
established in 1941 and one of its first tasks was to evaluate the flying qualities and
performance of captured Japanese aircraft.

Today, ARDU provides “one-stop shopping” for flight testing all aircraft, weapons and
systems in the RAAF and Australian Army Inventory. As directed by the RAAF, ARDU
also performed flight testing on Royal Australian Navy aircraft, as well as novel and
unique aircraft such as lighter-than-air and museum restored aircraft that are of historical
importance.

THE FUTURE CHALLENGE

The flight test demands have changed significantly over recent years even though the
resources available have remained relatively constant. Ten years ago, ARDU’s most
significant flight test required the acquisition of about a hundred flight parameters sampled
at modest rates of about 60 times a second. In addition to this type of demand, testing
modern aircraft and weaponry now includes trapping and intelligently interpreting a large
volume of data bus traffic. This is particularly true when determining software maturity
prior to fleet release. A smart approach has therefore been needed to meet present and
future test requirements within the existing resource constraints.

THE NEED FOR AN INTEGRATED APPROACH

The operational tempo at ARDU has always been quite high with up to fifty or more flight
test tasks of varying complexity active at any one time and involving a variety of aircraft



types. At present, the more important of these current tasks include participation in
international F/A-18 test programs with the Canadian Forces (International Follow On
Structural Test Program) and with the United States Navy (Software Verification and
Validation).

Shaping the future for ARDU will be the recent inheritance of the instrumented range at
Woomera and the optimization of this asset to support ARDU’s roles and functions. In
addition, the impending introduction to RAAF service of an Integrated Avionics Software
Support Facility (IASSF) for the F/A-18 will place new responsibilities upon ARDU as the
RAAF flight test authority - particularly in respect to marking the exams of mission
computer software change activities prior to fleet release. In the longer term, the same
principles will apply to F-111C aircraft following the fitment of upgraded avionics and the
delivery of the supporting Weapons System Support Unit (WSSU). With the F-111C in
particular, the data integration and data handling demands will be a quantum leap more
complex and voluminous than anything within ARDU’s previous experience.

PHILOSOPHY

The need for an integrated approach to marry the techniques and technology that enable
flight testing to be performed safely and efficiently is therefore being dictated by a number
of external pressures - the ever increasing complexity of modern aircraft, the need to feed
back systems data to the various software change activities, the need to provide insurance
against show-stoppers, the need to rapidly deploy to instrumented ranges so that Time
Space Position Information (TSPI) can be assimilated, and the need to adapt to shrinking
budgets and manpower restrictions.

These pressures have forced a change of philosophy on an organization that until recently
was self-sufficient in developing the technology and applying the techniques it needed to
meet the flight test demands. To meet the currently identified test challenges, it would be
unreasonable to expect ARDU to replicate the long-term experience and valuable work
performed by the Range Commander’s Council (RCC) in standardizing on equipment and
techniques, facilitating interoperability and promoting consistency of understanding. For
that reason, ARDU is no longer attempting to invent the needed technology and
techniques, but is learning how to use RCC established techniques and RCC compliant
systems wisely.

In addition to the standardization issues, the large number of different flight test activities
that ARDU is required to perform dictate that an integrated “core” system be acquired that
offers an unprecedented degree of modularity, flexibility and extensibility. Flight test
missions in the ARDU inventory currently include test and evaluation requirements for
flight loads measurement, software verification and validation, flying qualities



measurement, weapons clearance and release, validation of simulations and models, and
tactical testing. As the reader can deduce, ARDU does everything - but not all at once!

APPROACH

The approach taken to meet the mission challenge was to upgrade ARDU’s existing
telemetry data processing resource to achieve a Real-Time Monitoring Facility (RTMF)
that would be capable of rapid deployment to remote airspace, such as Woomera, as well
as an architecturally common Total Tape Replay Facility (TTRF) capable of handling a
large variety of post-test data operations for ARDU’s customers. The TTRF would be
permanently located near ARDU Headquarters for unlimited post-test user access.

To be responsive to new tasks and changing requirements, both the TTRF and the RTMF
would need to be amenable to the development of flight test mission specific software and
be able to support the download of common data attributes from an external source.

To facilitate the download operations, it was recognized that an intelligent data base
application would be needed to identify and handle all the data. A view of this integrated
system is shown in Figure 1.

SYSTEM HARDWARE ARCHITECTURE

The Primary Analysis Processor System # 3 (referred to as PAP3) was the existing
telemetry system at ARDU. This system was initially delivered to ARDU by Loral Data
Systems (LDS) in 1990 and was designed to support the initial flight testing and evaluation
requirements of the FA-18 Hornet Program. The system is based upon the standard EMR
System 90 architecture and included the EMR 8900-Series Software. A block diagram of
the original PAP3 is shown in Figure 2.

The PAP3 System was originally designed to accept either PCM or FM type data along
with serial IRIG-B time code from analog tapes previously recorded on-board the aircraft.
PCM bit and frame synchronization are performed on two (2) serial streams
simultaneously by the EMR 1700-Series equipment. The bit-parallel, word-serial raw
PCM data is then routed to an EMR 8715 Telemetry Multiplex/Preprocessor where it is
then converted to engineering units, limit checked, and compressed using either standard
preprocessing algorithms delivered with the system, or algorithms developed by ARDU to
support a specific test. This preprocessed data is then available for output to either the
EMR 8350 Digital-to-Analog Converter (DAC) Unit for creating of strip chart records, or
to the Digital Equipment Corporation (DEC) VAXServer 3400 Host Computer.



An EMR 8470 Digital Discriminator was also included with the PAP3 system to allow FM
multiplexed data to be processed. Using signal processing and digital filtering techniques,
the EMR 8470 allows a single FM multiplex with tape speed compensation to be
demultiplexed, digitized, and output to the EMR 8715 for subsequent processing, similar
to that of the PCM data. The EMR 8740 as delivered would support any standard IRIG
Proportional Band Width (PBW) or Constant Band Width (CBW) FM Multiplex. A DAC
module was later added to the EMR 8470 to allow individual FM channels to be routed
directly to the strip chart recorders without having to pass through the EMR 8715.

Using EMR 8900-Series standard software developed by LDS and delivered with the
system, the DEC host computer subsystem allowed the data to be recorded on disk for
archiving and for subsequent off-line analysis by the users and flight test engineers. The
host computer also is responsible for the distribution of the data in real time to the single
DEC workstation via Ethernet where the data is then presented to the user on a color,
high-resolution 19 inch display monitor in a wide variety of user defined display formats.
A full set of software development tools were also provided with the PAP3 which allowed
the system support personnel to develop test specific algorithms, and to easily create the
displays requested by the users and flight test engineers.

The RAAF is currently under contract with LDS to upgrade the PAP3 System to become
the Real Time Monitoring Facility (RTMF), and to provide an additional system, the Total
Tape Replay Facility (TTRF) similar to the RTMF. The block diagrams of the RTMF and
the TTRF are shown in Figures 3 and 4 respectively.

REAL TIME MONITORING FACILITY

Except for the inclusion of a portable antenna, the modifications required to the PAP3 are
relatively minor. They include the replacement of the 2 megabit EMR 1700-Series
equipment with the EMR 720 Bit Synchronizers, and the internal D20 PCM
Decommutator, capable of processing 20 megabit data. An additional EMR 8715
Distributed Processing Unit (DPU) has been included to allow for additional internal
processing power. A Data Selector Module has also been added to the EMR 8715 to allow
the system to process MIL-STD-1553 data as recorded on a standard longitudinal analog
tape in accordance with Chapter 8 of the IRIG standards. With these changes, the RTMF
can be deployed to a remote site and provide real time monitoring of flight safety critical
parameters and test points, and the ability to perform a limited amount of analysis required
to determine if the objectives of the flight test program and individual maneuvers are being
met.



TOTAL TAPE REPLAY FACILITY

As shown in Figure 4, the TTRF uses the same basic hardware architecture as the RTMF,
except the TTRF lacks an antenna subsystem, has a significantly greater amount of data
storage capacity, a more powerful host processor, and more workstations are available in
order to allow multiple flight test engineers to perform post-flight data analysis
simultaneously. This will allow the TTRF to accept analog tapes as recorded on-board the
aircraft, and to make this data available for interactive analysis by the flight test engineers.

SYSTEM EXPANSION CAPABILITIES

The architecture of these systems will allow the ever increasing needs of ARDU to be met
with minimal impact on the overall system. The systems can easily be expanded to allow
for:

1. user written data compression and preprocessing algorithms to be incorporated in
the preprocessor.

2. additional inputs to the preprocessor to allow more inputs to be processed
simultaneously, thereby reducing the number of passes through an analog tape,

3. additional workstations to permit more users to monitor the data in real time, or to
analyze the data in a post flight environment,

4. additional processing power in the EMR 8715, by adding DPU modules, up to a
maximum of 8.

SYSTEM SOFTWARE ARCHITECTURE

The Flight Test Information Management System (FTIMS) is the integrating element that
is being pioneered by ARDU staff. Key to its success has been the Data Base Utilities that
give open access to the LDS equipment.

Hosted on a SUN minicomputer, FTIMS utilizes Relational Data Base modeling
techniques and ORACLE Computer Aided Software Engineering (CASE) tools

Aircraft bus (such as 1553) data attributes are able to be directly imported via magnetic
tape from overseas sources such as the Naval Weapons Center and supplemented with
data that is unique to a specific test aircraft. This supplementary data would include the
attributes for special flight test sensors that have been fitted to the aircraft as well as the
data attributes for flight test systems that can be optionally fitted to or selected on the



aircraft, (e.g., instrumented nose-booms, flutter exciters, activation of mission computer
internal variables, etc. - all of which alter the data contents available on the 1553 bus).

Once all the data to be acquired on a test flight is known, along with the selected
frequency of acquisition and preferred spacing, a transaction shell has been written for the
data base as an aid to designing a suitable data format for the telemetering and/or on-board
recording.

At ARDU, the resultant data format is known as a Data Cycle Map. Once linked to the
data attribute records in the data base, this enables the Data Acquisition System on a test
aircraft to be automatically programmed, the decommutation rules and Engineering Unit
conversion rules to be commonly downloaded to the RTMF and TTRF, and the test
aircraft configuration to be fixed.

These steps ensure that all systems contributing to the success of a flight test program
derive their information from a single source. This approach reduces replication of effort
and promotes consistency of understanding both within ARDU and via external interfaces
with ARDU’s data customers. On maturity, the system will offer a significant
improvement to customer confidence in test data quality, consistency and repeatability. In
the future, this will be particularly important for determining software maturity prior to
fleet release. As well, for quantitative flight testing, traceability to National Measurement
Laboratory standards will be able to be guaranteed.

SUMMARY

In cost conscious times, the complexity of testing modern generation aircraft and weapons
systems precludes the use of a piece-meal approach to the acquisition of flight test
systems. Working smarter, not harder, has become a catch-cry and, as a result, ARDU’s
vision of an integrated system that will enable the RAAF to perform “one-stop shopping”
is being realized.

In the short term, this will require a high level of management support for the design effort
that needs to be expended on the integration task and a high level of cooperation from
Loral Data Systems in providing insight into their proprietary systems.

In the long term, the resultant integrated system will offer a significant economy of effort
on future test programs. For example, although ARDU’s expectations are higher, previous
experience dictates that real-time monitoring affords a 30% improvement in productivity.

Based on the projected flight test workload and the resources needed to support it, the
RAAF will therefore get cost recovery on its investment within twelve months and



thereafter a cost savings of about four million dollars per annum. In addition, compatibility
of existing equipment with the relevant RCC standards will enable RAAF test aircraft to
operate at overseas test ranges when ARDU resources are unavailable.

By addressing these issues, ARDU is taking the lead Australian role in improving the
safety, economy, responsiveness and reliability of flight testing. And in executing this
responsibility, ARDU wishes to express profound thanks to the Range Commander’s
Council for their encouragement and support. A number of documents that they have
provided have expressed, in a few short pages, what ARDU might have taken ten years to
discover by accident. As ARDU matures, perhaps there will be room for ARDU to
contribute to their activities in the future.
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ABSTRACT

The Telemetry Data Handling System (TDHS) at the Telemetry Data Center in White
Sands Missile Range (WSMR), New Mexico, has been in operation since January 1990. It
is one of the world’s largest integrated range telemetry systems, and certainly the most
versatile in weapons support capability. The system supports one of the world’s busiest
test ranges, serving all U.S. Military Services as well as NASA and others.

This paper looks at the White Sands system from the user’s view, examining the ways in
which it is configured for several weapons tests in a typical day, and the way in which it
can run foreground launch support and background pre-launch activities simultaneously.

This system has grown in functional capability since its installation, both in hardware and
in software. This paper analyzes that growth to see the reasons and methods. Also,
near-term additional growth is addressed.

OVERVIEW

Located in the Range Control Center, Building 300, the Telemetry Data Center (called
“TDC”) in this document) supports all telemetry data collection and real time processing
40 miles east-west and some 100 miles north-south in the Tularose Valley and San Andres
Mountains of southern New Mexico.

Because of its large expanse and advanced launch, tracking, telemetry, and analysis
facilities, WSMR serves a wide variety of users with an even wider variety of vehicles and
applications. There is a never-ending drive to enhance the accuracy, reliability, data rates,
and meaningful results which have characterized this range for several decades. This need
compelled the range to plan, procure, and install the new telemetry capability in the TDHS,
most of which was supplied on contract by Loral Data Systems (LDS).



The variety of testing at WSMR in both workload and mission complexity was a driving
factor in design of the TDHS. Mission support could consist of as many as four separate
programs in one day, each of which has unique telemetry types, formats and display
requirements. To meet these needs, the TDHS was designed to be readily reconfigured
from one mission to the next via loading of software setup files, repatching of tape
recorder input panels, and use of a “one-to-loading of software setup files, repatching of
tape recorder input panels, and use of a “one-to-one” patchboard to route display signals
to strip chart recorders. Use of a powerful data simulation suite allows full checkout and
system validation before each mission starts. Through this design, the TDC has achieved a
turnaround time from completion at one mission to start of the next of 30 minutes.

Products of the TDC depend on the mission, of course. Typical products include:

! Realtime displays for the Range Safety Officer.

! Realtime displays for the vehicle design agency and its sponsors.

! Pen recorder charts for low-frequency analog data and discretes.

! Recording oscillograph charts for high-frequency data.

! Pre-detection magnetic tapes.

! Post-detection magnetic tapes.

! Nine-track computer tapes in either of three densities.

Data inputs for the various streams are shown later; the composite data input rate in a
fully-implemented configuration can go as high as 2,400,000 words (each up to 32 bits)
per second for each half of the TDHS while the throughput to archival disks can go as high
as 400,000 words per second from each half of the TDHS.

HARDWARE

The TDC functions are shown in the simplified block diagram, Figure 1.

Due to the large geographical area of WSMR and the irregular terrain, it is necessary to
use several telemetry receiving sites to insure continuous tracking of test vehicles. Three
receiving sites are located in fixed spots (two on mountain tops and one on the plains);
each of these has antennas, receivers, pre-detection recorders, and baseband relay
equipment. To handle the cases where a test extends into valleys which may be hidden



from all three receiving sites, the range has five mobile units, each with antennas, receivers
and relay equipment.

Realtime data inputs to the TDC come from the receiving sites by microwave relay or fiber
optics links. All data is stored on instrumentation recorders, even as it is decommutated,
processed, and displayed in realtime. Three recorder configurations are available (7-track,
14-track, or 28-track devices).

The TDC has totally-redundant data handling capability. One side can be used for
prelaunch setup and simulation or post-processing, while the other side is used to support
an active launch. The sides are known as Telemetry Data Handling System A (TDHS-A)
and Telemetry Data Handling System B (TDHS-B). Since the two sides are identical, the
following discussion relates to one side only.

Data inputs from all sources are routed through the Signal Distribution circuits, where any
input can be sent to one or more destinations under operator control. Thus an input device
can receive realtime data from any input link, playback data from any track of any
recorder, or simulated data from any simulator or calibrator.

Each side of TDHS has six PCM inputs, each capable of 20 Mbit/second operation. This
covers IRIG-standard PCM as well as several extensions of the IRIG standards. Each
PCM stream is conditioned by an EMR 8320 Bit Synchronizer, then decommutated by an
EMR 8330 Decommutator. The latter includes minor frame synchronization plus ID and
Recycle major frame synchronization. In addition, an asynchronous format can be handled
in each stream. With these units and all the succeeding equipment in the TDHS, words up
to 32 bits long can be handled.

The TDHS has two PAM inputs, each capable of 250 K samples/second for PAM/NRZ
data. This covers IRIG-standard PAM as well as several extensions. Each stream is
conditioned by an EMR 730 PAM Synchronizer, and each sample is output as a 12-bit
binary number. Up to three subframes are handled by the unit.

There is one FM system shared by the two sides of TDHS. Within the system are four
EMR 8470 Tunable Digital Multiplex Discriminators. An FM stream is routed to one
8470, which converts the analog multiplex to two digital outputs. The first, a 12-bit
parallel word, is not used. The second, a serial PCM stream, is routed to either TDHS A or
B, where it is processed as a standard PCM stream. For special FM needs such as
recovering Pre-Detection recorder data, the FM system also has six EMR 410 Tunable
Discriminators.



Range time is translated or separate time is generated by two Bancom Model M80 Timing
and Tape Control devices. The bit-parallel output of each unit is merged with data. Other
functions of the units include driving analog tape playback under computer control and
searching for and retrieving selected time segments for analysis.

In this state-of-the-art distributed-processing architecture, the vast majority of processing
in each half of the TDHS is performed by a high-speed EMR 8715 Preprocessor. This
device is in a dual chassis (with possible expansion to a third chassis) configuration to hold
up to 38 (or 56) modules. The data words in each input stream (expandable to 16 streams
total) are tagged by an input module and merged onto a high-speed internal bus along with
time words. Data processing modules (expandable to 8 total) perform uniquely-specified
word-slice floating-point operations on each word from each stream, and output each
preprocessed word back onto the internal bus with a new tag. About 100 preprocessing
algorithms were delivered with the unit, and others are developed by WSMR users as
needed, using high-level development software. Typical algorithms include conversion of
binary data words to engineering units (using polynomial conversion or table lookup),
scaling data for DAC drive, checking limits, and monitoring redundancy (ZFN algorithm).

The output modules (expandable to 8 total) send data words to their specified destinations.
The “log” output is used is used to put data into buffers in the computer memory; each
word accompanied by its tag for recording on disk. The “display” output maintains a
current-value table (CVT) in the computer memory, such that display software can access
any measurement points to display for a given user. The “DAC” output sends scaled data
and addresses to an EMR 8350 DAC/Discrete Unit for conversion to analog outputs, and
sends unmodified data and addresses to the unit for output as discrete bits. Another “log”
output drives a second computer on command.

The EMR 8350 DAC/Discrete Unit in each half of the TDHS generates up to 160 analog
outputs and up to 256 discrete outputs. Each analog and discrete output goes to a patch
panel where it can be routed to the desired channel on a chart recorder. A total of 256
analog channels and 256 discrete channels are available on Gould Model 2800 Pen
Recorders (DC to 100 Hz), and a total of 112 channels are available on CEC Model 1053
Recording Oscillographs (DC to 5,000 Hz). The pen recorders and oscillographs are
shared by sides A and B of the Station.

The host computer in each side of the TDHS is a Concurrent 3280. This super-mini-
computer has two high-speed buses, plus a lower-speed bus for support of slower
peripheral devices. Closely coupled to the processor are 1.8 GBytes of disk storage and
four tri-density magnetic tapes for data and setup transfer. Finally, the computer in
TDHS-A is connected to the computer in TDHS-B by high-speed bus for data or setup
transfer on command.



Telemetry data, tags, and status inputs to the computer bus for archival and for display are
handled by high-speed direct-memory-access (DM) devices. Each such device consists of
one EMR module and one Concurrent module. Then to maintain high rates to and from
disks and tapes, a separate dedicated controller is used for each such device to prevent any
bottlenecks in these critical paths. Display data is brought into a dedicated area in
computer memory, where the output tag associated with each measurement defines the
memory location where that parameter is buffered for access by the display software.

Data output devices on each computer include eight line printers, seven alphanumeric
display terminals, and two color graphic display terminals.

For system checkout, each side has a set of data simulators/calibrators. For PAM and
PCM simulation, four EMR 8336 PCM/PAM Simulators are used, three for PCM and one
for PAM. Each generates a data stream with 64 uniquely-assignable words. Each has the
ability to simulate noise, baseline variations, and other perturbations. Then for FM
calibration, two EMR 4080 Calibrators are used, one dedicated to constant-bandwidth
(CBW) channel generation and the other to proportional-bandwidth (PBW) channel
generation. In the PCM arrangement, the simulator also contains a bit-error-rate test
capability.

Front-end setup from the computer is necessary in order to provide the high-speed
switchover from one test to another. Two types of setup output are provided; the RS-232C
output handles most front-end equipment, and a bit-parallel output handles the high-speed
tight coupling to the preprocessor.

Data from the preprocessor can be routed to a 32-bit super-minicomputer for further
processing. This computer is coupled to the Realtime Operations Control System (ROCS)
which consists of identical Concurrent 32-bit computers to process data. In this manner,
telemetry and data are combined to generate real time plots of missile position,
trajectories, and instantaneous impact prediction (IIP).

SOFTWARE

The FORTRAN-derived software, as the hardware, is unique. Because the purpose of the
TDC is to process a wide variety of formats at moderate to high composite rates, and to
present the results to users in realtime or playback in usable formats, the software uses a
multi-purpose architecture. Its basic functions are:

! Prepare the data base and local distribution maps.

! Setup front-end equipment.



! Acquire data (using the high-speed hardware interfaces).

! Archive selected data on disk and/or tape.

! Process and display selected data on the designated terminals in realtime.

! Playback, process, and display archived data after a test is completed.

! Provide utilities to support these and other functions.

All operator interfaces are menu-based, to accommodate the abilities of users who are
familiar with the hardware but who are not trained in computer software terminology and
practices.

The data base contains information to fully define an incoming format (PCM, PAM or
FM), to enable the front-end equipment to be set up properly for that format. Further, it
defines every parameter in the format, using the user-familiar parameter name as the first
setup in that definition so that all subsequent users need only reference the name in order
to see the contents of the data base and to display data. Finally, it defines the tag, analog
(DAC), and discrete setup maps so that the computer can route data properly. All data
base entries and maps can be listed on the screen, printed on a system output devices,
archived on disk, and recalled by name for future use.

Front end setup is accomplished by loading a new data base or one which has been defined
and archived. Rapid retrieval and loading are a significant factor in keeping the switchover
time at a minimum on the TDC as one test in completed and another started.

Data acquisition, internal buffering, and archival to disk or tape are handled at high rates in
order to meet the overall throughput demands. Software sets up rules for such action, but
actual transfers are handled semi-automatically by input and output hardware after such
setup. An even through data destined for DACs and discretes does not enter the computer,
the setup software has full control of its tagging and routing from the preprocessor to DAC
and discrete circuits for conversion and output.

When a display device is set up to observe measurements, display software fetches the
current value of each measurement from the input CVT buffer, processes and formats the
data as defined, and presents it to the user. One format is a 32-parameter alphanumeric
display, where each parameter is shown in an appropriate manner (engineering units,
discrete state, binary, decimal, or other notation). Another format is the six-parameter
graphic display, where each parameter is shown as a scrolling colored trace with the name 



and units of measurement. In each case, the user can change the contents of any display
interactively.

Archived data is available immediately for recall, display, and more detailed analysis. A
32-channel alphanumeric format is available. This is similar to the realtime alphanumeric
display, except that every sample is displayed, the rate of display is variable, and the user
can go forward or backward in the data sequence. A graphic format is available also. Here
again, the user sees all occurrences of each measurement; instead or scrolling, the screen
fills and is held until a new screen is requested. The user can search by time slice or by
event occurrence in the data itself. In each display mode, the user can generate a hard
copy.

Utilities with the TDHS perform functions which are needed occasionally by a user. For
example, the user can send to or receive data files from the computer in the other half of
TDHS, or from the computer outside the TDHS, and can transfer data from output tape to
disk for playback and detailed analysis. Perhaps most importantly, the user can develop
new algorithms for the EMR 8715 to further enhance its preprocessing repertoire, or can
chain existing algorithms to increase throughput rates, and can update the data base to
accommodate these new algorithm configurations.

INSTALLATION, EXPANSION AND MODIFICATION

The largest parts of the TDC were supplied on contract, the last part in January, 1991.
Each of these subsystems had been tested as an entity before delivery, with data flow and
control verified for simulated data inputs to computer display outputs. However, the
contract did not include the receive sites, mobile units, microwave and fiber optics
transmitters and receivers, tape recorder/reproducers, chart recorders, and certain other
items. The first step in use was to integrate all elements into a single, functioning TDC.
This was accomplished in the relatively short period of seven months, even as the older
system was kept on-line to support the normal day-to-day tests.

Because of past experience at WSMR, telemetry engineers were aware that no telemetry
station could be used for many months in its original configuration. New test programs
come along, old programs become more complex, the test load increases, and other things
happen which are unpredictable at the beginning. For this reason, a significant element in
procurement was to define a system which could be expanded or modified with minimum
pain.

To this end, TDC is modular in both hardware and software. Interfaces are as simple as
practical. Many devices are in themselves capable of far greater performance than required 



at the beginning. All these should enable WSMR to use this TDC at ever-increasing levels
of activity until after the year 2000.

One of the first tests of expansion was the appearance of the SRAM II missile program at
WSMR in 1991. This missile has a MIL-STD-1553 avionics bus, and the test involves
collection of data from that bus using the IRIG 106 technique. In order to prepare the
TDHS for SRAM II, engineers of WSMR and Loral Data Systems worked together to
incorporate the necessary modules in each EMR 8715 Preprocessor, related setup and
processing software modifications, and EMR 8336 IRIG/1553 Simulators in both sides of
the TDHS. The result was an efficient capability for handling this data, achieved with
minimum cost and minimum disruption of TDC operation.

Another modification to the TDHS was designed and installed by WSMR telemetry
engineers to prevent loss of PCM data when testing a low-flying vehicle on the range.
Peaks and valleys are so pronounced that it is not possible for one tracking site to follow
such a vehicle, and operators do not have the information with which to switch from one
site to another as the vehicle moves across the terrain. The solution is a unique matrix
installed in each half of the TDHS. Matrix inputs are data paths from six most likely sites
(Receive Sites and Mobile Units), plus “lock” indication signals from PCM synchronizers
in those six paths. The selector matrix accepts one of the synchronized paths and uses it as
a system input; when that synchronizer loses lock, the matrix moves automatically and
quickly to the alternate path which has been locked in synchronization the longest. In this
way, only four or five minor frames are lost in the typical switchover. Since there are six
PCM input paths in each half of TDHS, this involved no new equipment except the matrix
selector itself, and proved the value of a well-planned modular design with inherent growth
capability.

FUTURE IMPROVEMENTS

No one can predict the future growth of the TDC. It depends on the needs of those tests
which WSMR supports, advances in the state of the art in related instrumentation,
performance of the existing equipment, and available financing. Some possible
improvements include:

1. Replacement of the DAC/discrete devices and analog strip chart recorders with a
digital bus and digitally-driven array-print-head chart recorders. This will improve
data quality and recording rates dramatically.

2. Addition of modules in the hardware processor to increase the processing
throughput rate.



3. Addition of high-speed storage devices to offer greater archival time, plus addition
of optical laser disks for archival on lower-cost transferable media.

4. Addition of display devices, and possibly computer-powered workstations with
X-window data presentations.

5. Improvement of the relay link from the nearest site to handle analog-based PAM
and FM signals more accurately.

6. Enhancement of the algorithm list to include other useful preprocessing capability,
and chaining existing algorithms to increase the throughput rate.

7. Addition of new processing and display software to give users more meaningful
information.
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ABSTRACT

Real-time computation speed is an additional requirement for simulations. It is
necessary for ‘man-in-the-loop’ systems like flight simulators and for ‘hardware-in-the-
loop’ systems where real components like new closed loop controllers are tested under
realistic conditions. In the past a lot of companies have designed and built special purpose
simulation computers which are very powerful but expensive and not handy enough for
‘in-the-field-tests’. The progress in computer science shows a trend to distributed systems
where multiple processors are running in parallel to improve the performance dramatically.
At the DLR Institute for Flight Mechanics a computer system, based on the transputer, was
designed to achieve the real-time simulation capabilities for the ROTEST model rotor.
This four-bladed rotor is a 2.5 scale of the BO105 main rotor, eqipped with elastic blades,
operating at 1050 rpm.

After an introduction to the ROTEST rotor, including the demands upon the simulation,
a short introduction to transputers and the associated philosophy is given. The next part of
the paper presents the characteristics of the simulation model, its mathematical description
and the transputer architecture on which it is running. In the last part of the paper the input
and output processes to the simulation are described. This includes a real-time
representation of the rotor and an oscilloscope like output device, as well as analogue
input and output devices to a controller.

Key Words: Real-time simulation, transputer.

INTRODUCTION

The ROTEST model is a four-bladed rotor with elastic blades (without flap and lag
hinges) with 4 metre diameter, Fig. 1. It can be used with different sets of blades, one
being a 2.5 scale of the BO-105 main rotor blades. The rotor blades are equipped with



strain gauges to measure the elastic flap, lag and torsion motion. Additional sensors are
used to measure the blade root pitch angle and the pitch-link forces and shaft bending
moments. In the fixed frame a six component balance is instrumented to measure the net
rotor forces and moments. The rotor is used for investigations concerning performance,
vibrations and noise reduction. This is solved by using active control technique (HHC:
Higher Harmonic Control). The normal operating speed of the model is 1050 rpm, which
means that it is operating with 17.5 Hertz rotor revolution. This high speed results out of
the demand to match the same blade tip Mach number as the full scale version of the
BO105. The simulator model must cover these conditions, thus allowing controllers to be
tested under real-time conditions.

The frequencies of the model range up to the second lead-lag mode which lies above
the 5/rev. It is well known that, in an accurate time integration procedure, the step width
depends on the highest frequency of interest in the model and on the stability of the
integration algorithm. Basic research was conducted on integrating the equations of motion
on a parallel processing system in real-time. Finally a special Euler method [1] was chosen
which operates with 6 degree step size or 60 steps per revolution, so that the highest
frequency component is evaluated with 12 steps per period. But in terms of computation
steps per second one has 60*17.5 Hertz, that are 1050 Hertz. So it is necessary to
calculate the complete mathematical model in less than 952 microseconds. These demands
lead to the design and evaluation of a completely new real-time simulator, which is based
on transputers and which has been implemented in the real-time programming language
OCCAM.

Fig. 1. DLR rotor test stand ROTEST.



OCCAM AND TRANSPUTER

A system in the ‘real world’ can be described as a set of processes which work in parallel
and exchange information between them. These processes are local and exchange their
information only with neighbouring processes. A good approach for numerical simulation
would be, to have the same set of information exchanging processes on a computer, too.
This kind of mapping of communicating parallel processes in the real world to
communicating parallel processes in the computer would provide a consistent relationship
between the real world model and the realization in the numerical world inside the
computer. Unfortunately traditional computers do not match the basic requirements of this
approach i.e. parallelism, communication and locality in a sufficient manner. In addition,
most programming languages are not developed to do this job. Although most computers
allow parallel communicating processes on one machine or even two, their operating
systems, schedulers, semaphore-techniques etc. are the bottleneck for real-time simulation.
They need a lot of code and a lot of time, because these computers have been optimized to
do one job at a time. Parallelism has been introduced by software overhead to these
machines, but the basic concept of the machines has not really been influenced by
real-time simulation requirements.

What we need for fast real-time simulation of complex systems is
a) a significant improvement of performance by having a lot of physical computing

units,
b) a moderate price of the units because we need a lot of them,
c) a good balance between performance, memory capacity, communication capability

of each computing unit,
d) a configuration capability of the units in order to have a consistent model,
e) a language allowing a simple and clear description of the configuration and

communication.

The requirements a) - d) are fulfilled by the transputer. The high level language
OCCAM focuses on the requirement e), it’s basic concepts have been proposed by Hoare
[2]. The transputer has been optimized to run OCCAM programs. Since all scheduling
between processes is done in hardware, no operating system is needed and scheduling
between processes takes only some microseconds. Each transputer has four bidirectional
serial 20 Mbit/s links, each working with a separate link engine using DMA. Even if the
processor is sending and receiving on all four links simultaneously with full speed, the
internal bandwidth guarantees, that the CPU’s work goes on. Thus, the most important
feature of OCCAM is the communication between processes, Fig. 2. Two processes
communicate if one process sends a message on a channel and another receives a message
on the same channel.



First process: channelname ! message.to.send
Second process: channelname ? message.to.receive

If both processes above work in parallel, they communicate if both reach their send
respective their receive point. If one reaches this point first it waits until the other one
reaches its respective point. Of course both processes are de-scheduled automatically by
the processor if another process is ready to run. This is done in microseconds. The channel
‘channel-name’ is a logical channel, connecting two processes.

C Processes contain the activities in OCCAM
C Channels arc bidirectional data links between two

processes
C Processes exchange data via channels.
C A connection is established between two processes if

a process sends and another process receives on the
same channel

C There is no explizit synchronisation between
processes.
Synchronisation is done implizit by the channel
protocol.

Fig. 2. OCCAM’s process-channel concept.

If several processes run in parallel on one machine, of course they can only run
quasi-parallel. If it is nessesary to run these processes faster, they can be placed on several
transputers. Without modifying the source code of the program the same processes can run
each on a different transputer by connecting the hardware links of the transputer and
placing the logical channels on physical links. AU placing is done outside the source code.
Therefore, a system of hundreds of processes can be tested numerically on one machine
and then be placed on a lot of transputers in order to improve the performance.

SIMULATION MODEL

A first approach of simulating the rotor was chosen according to the rigidity matrix
method [3]. This leads to a partitioning of each rotor blade into a certain amount of blade
elements, Fig. 3. The resulting process- (or transputer model) is stuctured like a rotor
blade, each blade element has just to exchange state variables with its neighbour elements.
Thus, a direct mapping of the physical structure of the rotor onto the transputer hardware
is gained. The only disadvantage lies in the fact, that this approach can not be calculated in
real-time, according to the small stepsize which is needed for the partial differential
equations.



Fig. 3. Definition of the blade element processes for the rigidity matrix method.

Therefore, the blade dynamics of the real-time simulation is described in modal
formulation, leading the mathematical model to ordinary differential equations. Each blade
dynamic is described with three flap modes, two lead-lag modes, and one torsion mode,
which leads to 24 degrees of freedom. The eigenmodes are evaluated with a finite element
method [4], adjusted by modal measurements. The net forces and moments of the complete
rotor are calculated with the inertia forces and moments which are caused by the mode
deflections and the aerodynamic forces [5]. The amount of computation mainly depends on
the complexity of the right hand side of the ordinary differential equations. A blade
formulation with nine different elements was implemented, with the span of the elements
decreasing from the root to the blade tip in such a manner that each element describes the
same disc area during a rotor revolution. The computation of the aerodynamic forces at
each element is based on a fully nonlinear model with special tables depending on the local
Mach-Number. The downwash distribution over the rotor disc was chosen according to the
Mangler-Squire model [6]. In a real-time simulation a continuously time discrete
computation of the dynamics has to be performed. That does not allow any iteration
processes where the amount of computation steps depends on the convergency of a
formula. In this case one must avoid a thrust-downwash iteration which is common
practice in most non-real-time programs. Thus, a dynamic inflow model for the mean value
of the down-wash, which is formulated as a first order filter, is implemented. Filter input is
the actual mean velocity which balances the aerodynamic forces from the blade element
calculation.

The mathematical model of a technical system is defined, in general, by a set of partial
differential equations. By describing the movement of the rotor system with elastic blade



bending modes, a set of coupled ordinary differential equations is derived. This
initial-value problem can be formulated with difference equations and is solved by
integrating the equations of motion in the time domain. Therefore, a suitable numerical
integration algorithm is required. A real-time application excludes all algorithms with
variable stepsize, because all output signals have to be generated with equally spaced time
steps. The required calculation time for one integration step has to correspond with the
fixed stepsize. All predictor-corrector methods of higher order use results which belong to
the past, i.e. to a period before the jump in an input signal occured. Thus, all changes of
the input signals are filtered which is not desired. Furthermore the numerical integration of
the initial-value problem is a sequential calculation. This means that the approximation to
the solution of an ordinary differential equation evolves one point at a time. The solution at
each new mesh point is a prescribed function of the values of the solution at certain
previous mesh points. The widespread used Runge-Kutta algorithm has one great
disadvantage. It needs four evaluations of the aerodynamical function for one integration
step which takes to much time for this real-time application. Finally a special Euler
integration method, which was developed by Howe [1], has been selected.

Fig. 4. Network of 20 transputers for the real-time simulator.

The distribution of the mathematical description into processes running in parallel is a
result of the chosen integration algorithm and the possibility of splitting the simulation into
local physical effects. The distribution is done in a tree-like structure, Fig. 4. Each rotor
blade can be modelled seperately. Therefore, four processes can run in parallel, each
containing the integration algorithm and the function evaluation. Describing the complete



aerodynamical effects of the blade, the function evaluation time is much larger than the
linear- combination time associated with any given integration algorithm. Since local
physical evaluations are carried out, each part of the blade can be described in parallel to
the other parts. The transputer is provided with four links. In a tree-like structure one link
is needed for the connection to the upper level and three links can be used for the leaves.
This knowledge, combined with some runtime examinations, leads to splitting the blade
into nine elements, that means nine processes, of which always three are, evaluated on one
transputer. E.g., from the ‘AERO’- transputer in Fig. 5, one is always processing the tip
part, one the middle part, and one the root part of the blade. The numerical integration
algorithm is run on the ‘ROOT’- transputer. Since all local physical effects are summarised
on this transputer, it represents the connection of the blade to the rotor head. Thus, the
tree-like arrangement of the transputers in Fig. 4 represents the physical structure of the
rotor. This leads to another advantage: On all twelve ‘AERO’-transputers the same
program can be run. The same applies to the four ‘ROOT’-transputers.

Fig. 5. Modelling of a rotor blade.

The above mentioned summarizing of the forces and moments on the
‘ROOT’-transputer can be done while the ‘AERO’-transputers evaluate the function. This
takes approximately the same amount of time. Thus, the function evaluation at the mesh
point k runs in parallel to the summation of the forces at the time step (k-1). The
consequent continuation of this idea leads to Fig. 6. At any given moment on the horizontal
time-axis quite a lot of preparatory work and work which belongs to older mesh points is
done. On the other hand, if one follows the information flow which belongs to any given



mesh point a pipeline structure of the information processing can be seen. The following
advantages are gained:

- The sequence ‘aero. (aerodynamics) - ODE (ordinary differential equations) - integ.
(integration)’ can be repeated at a high frequency, determining the resulting stepsize.

- Additionally for one integration step just one data transmission in each direction
between the transputers is necessary. This point is very important in speeding up
calculations through parallel processing.

Fig. 6. Time diagram for the main processes.

INPUT AND OUTPUT PROCESSES

The I/0 system works as an interface between the simulated model and the real world.
Normally the ROTEST is operated by specially trained personel. Part of the control inputs
are set manually while the instruments and displays are observed for correct (or better:
expected) reaction of the model. The same procedure is implemented in the simulator.
From a PC the five control parameters tunnel speed, shaft tilt, and collective and cyclic
pitch (absolute value and phase) can be manually adjusted. Additionally higher harmonic
pitch angles can be changed manually as well. This host interface is written in Turbo
Pascal and supports a very comfortable way of changing parameters. It includes also a
change of parameters for the graphical representations. Of course this user interface is
decoupled from the real-time simulation. For the hardware-in-the-loop test of controllers



an analogue interface can be used with the real-time simulation. This is another transputer
with A/D and D/A converters which is connected to the simulation at the ‘PITCH’-
transputer, Fig. 4.
The simulator reaction can be seen on an oscilloscope like real-time graphics. Here, up to
six selectable signals can be displayed, either as discrete value ‘distribution’ in the time
domain, or as distribution at a given azimuth step in the space domain. Thus, it is possible
to look at blade deformation, blade loadings, velocity distribution etc. This system runs on
an additional four transputer network. Furthermore a 3D-graphics tool for visualization and
view simulation to be used with simulations has been developed at DLR [8]. It runs on a
transputer network as well. This tool shows for this application the movement and
deformation of the rotor from any point of view. It is for instance possible to place a
rotating camera onto the rotor hub looking at one blade from this point of view. Since the
rotor movement is to quick for the human eye, a trigger can be activated. showing only
certain stroboscope like points during one rotor revolution.

Fig. 7. Real-time simulation with PC and graphics.

CONCLUSION

It was shown that a parallel hardware arcitecture based on transputers and OCCAM
leads to a new design in real-time simulation. The consistent mapping of real world
processes into a corresponding hardware-software system provides a clear and, this is the
most important feature, easily extendable data processing structure with real-time
capabilities. The hardware expense is as low as possible. OCCAM is a high level language
which incorporates the constructs for parallel programming. Because the software
development is independent of the amount of processor modules in the target system, only
the logic and physics of the real world processes must be met by the program.

The computing speed is an additional and independent degree of freedom which can be
modelled by the network structure and the amounts of computing elements. The discussed
real-time simulator clearly shows a lot of advantages in performance, modular design, and



expense. The only disadvantage at date is that there are only four links available for each
processing unit (transputer). Thus, possible network structures are restricted. But this
limitation will be dropped with the next generation of transputers.
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ABSTRACT

The Institute for Flight Mechanics operates the flying simulators ATTAS (a wing aircraft)
and ATTHeS (a helicopter), their respective ground based simulators and uses realtime
and offline simulations for system identification and other purposes. Based on a parallel
transputer architecture, a 3D-graphics tool for visualization and view simulation to be used
with the simulations has been developed. The tool uses data received by telemetry,
realtime data from a simulation, or recorded data to show the movement and orientation of
an aircraft in realtime 3D-graphics. The aircraft or scene may be observed from any point
of view. Placing the camera in the cockpit of the aircraft and showing the environment
results in a view simulation.

The use of a parallel transputer architecture allows a modular and scalable structure,
i.e. the system may be adapted to the needs of the application. By adding software
modules and transputers we may include 24 bit colour, shadowing, a higher resolution, a
better shading algorithm or other things which are required by an application. On the other
hand we may remove transputers to get a small and cheap system if the requirements are
low. A small system may consist of only 8 transputers, whereas a big system may include
50 or 60 transputers.

Key words: Transputer, Visualization, View Simulation.

INTRODUCTION

Aircraft simulations, whether realtime or offline, produce a data stream of flight
mechanical state variables. It is difficult to imagine the flightpath from the (x, y, z)
coordinates or the orientation of the aircraft from the three Euler angles (N, h, R). To get a
general idea of the movement and orientation of the aircraft we have developed a
3D-graphics tool called 3DV (3D-visualization) to produce images from (x, y, z, N, h, R)
in realtime, i.e. with an acceptable image rate (16 to 25 images per second) and a short
timelag (50 to 200 milliseconds). The 3D-tool was designed such that it accepts object 



description data and movement data for several objects (not necessarily aircrafts) together
with the data for the camera movement and orientation to produce an image of the scene.

3DV can use data coming from any source: it can be a realtime simulation, such as a
hardware-in-the-loop simulation, it can be data coming from a disk originating from a
mainframe offline simulation, or it can be telemetry data sent to a ground station via
downlink. In the latter case the aircraft, which may be miles away, can be observed as if a
chase plane with a video camera would be following it. 3DV is not restricted to show
aircrafts, it can show any technical system, such as the flapping, lead-lag, and torsion
motion of a (simulated) helicopter rotor [1].

3DV is implemented on a parallel architecture using transputers and is normally
used with a host system (a PC or workstation) to supply the object description data and an
user interface. A typical system can be seen in Figure 1. The host PC is at the right, the
output monitor at the left side. In the middle the transputer box can be seen, containing the
3D-graphics network and the realtime hardware-in-the-loop simulation of a Space Shuttle
model [2]. Figure 2 is a typical output showing the flying simulator ATTHeS.

Figure 1: The complete SD-graphics system



Figure 2: Visualization of the flying simulator ATTHeS

TRANSPUTERS AND OCCAM

The 3D-tool 3DV is implemented on a parallel processor architecture with
distributed memory and asynchronous communication. The processors used are
transputers. These are Von Neumann processors, each having its own local memory. A
transputer has four bidirectional serial links. These links enable it to exchange data with
other transputers. By ‘linking’ several transputers a transputer network is built-up. The
single transputers in this network are working in parallel and asynchronous; there is no
‘master’ or ‘supervising operating system’. The transputers synchronize their work by
exchanging data.

We use the transputer T800 which has the following technical data. The T800 has
(as a single processor) a performance of 10-15 MIPS and 2.0 MFLOPS (it has a built-in
floating point unit). There are 4 KByte of on-chip memory, the 3DV modules having 1 or 4
MByte of external memory. Each of the four links works with its own link engine at a data
rate of 20 MBit/sec = 2.5 MByte/sec in every direction (both to and from the transputer).
In this way communication along the four links and calculations in the CPU are done in
parallel. If we specify parallel tasks on a single transputer, task switching is done in
hardware and, therefore, very fast (a few microseconds).

Several transputers may be connected via their links in any way. This allows the
mapping of the physical problem onto an appropriate network of transputers and
processes. The network structure of 3DV is derived from the graphics algorithm used and
the hardware available to connect transputers and a video controller.

Transputers were developed according to the concept of the programming language
occam [3]. The basic element of occam is a process. A process is an assignment
(i.e. a := b+c), a communication (i.e. receive data from or send data to)



or a combination of other processes. Apart from the usual constructs (such as if, while
and so on), processes may be combined in three principle ways: sequential, alternative or
parallel. Sequential processes are executed one after the other, just as usual. Of alternative
processes one is executed depending on communication. Parallel processes are executed in
parallel. As mentioned above, even processes on one transputer may work in parallel (i.e.
communication and calculation).

Processes are ideally working with their own local memory and communicate via
channels. Processes are synchronized by data transfer along these channels. An output
process is waiting until all specified data is sent and then is terminated. An input process is
waiting until all specified data is received and then is terminated. If an input/output process
has to wait, it is (of course) descheduled by the hardware of the transputer, such that other
(parallel) processes on the same transputer may be executed.

Thus, the 3D-graphics system is data driven. The system takes the newest set of
movement data and then produces the image. If the image is completed, again the newest
data set is taken. Complex scenes may take longer, simple scene are displayed fast. In this
way 3DV adapts the image rate to the complexity of the scene.

A complete program must be mapped onto the available hardware. With occam we
place the processes on transputers and the channels on the links. This is done in the so
called configuration part. If we change the hardware for 3DV (by adding more transputers
to speed up or expand the network) we only have to change the configuration to place
modules formerly running on one transputer onto several transputers.

THE 3D-GRAPHICS ALGORITHM

Objects for 3DV are described in their own Model Coordinate System using points,
lines and faces (convex plane polygons). Several properties such as colour, shading,
texture etc., are assigned to each face. A World Coordinate System is used to describe the
environment. The objects are transformed into the World System by using the input
movement data (x, y, z, N, h, R) (and optional scaling). Using the input data for the camera
all objects are transformed into the View Reference Coordinate System, placing the
camera onto the z-axis and the projection plane into the xy-plane. The objects are clipped
at a front plane (just in front of the camera) and at a back plane (simulating the horizon).
They are transformed into the Device Coordinate System using the input of screen
resolution and window coordinates. The faces are then clipped at the boundary of the
screen window and are now ready for display on the screen (see [41]). The process of
transforming objects from one coordinate system to the next induces a pipeline of
transputers up to this point.

To display not only a wire frame model but a shaded volume model the problem of
hidden surfaces has to be solved. From the multitude of algorithms (see e.g. [5]) we have
selected the z-buffer algorithms [4]. For every pixel of a face a depth value (representing
the distance from the camera, which is the z-coordinate in the View Reference System) is



calculated. For every pixel of the screen window a depth value is stored in a buffer (the
‘z-buffer’). This buffer is initialized with ‘infinity’. If a pixel is to be displayed its depth is
compared to the value stored in the buffer. Only if the pixel depth is smaller, it is displayed
and the depth buffer is updated.

The advantage of this approach is that objects may be defined without restrictions
and may overlap during movement. The disadvantage is the need for computational power
and memory. But both is available on a transputer network. Since visibility is calculated on
pixel level the (screen) lines of a face can be processed in parallel. The z-buffer algorithm
can be embedded into the rasterization process of the faces, which can also be parallelized
on line level. This suggests the following structure for the transputer network. The data
from the transformation pipeline is distributed to several transputers working in parallel.
Each transputer processes every n-th line of the image (n being the number of paxallel.
transputers). Upon completion of the image, the lines are sent to the video memory for
display.

DESCRIPTION OF THE SYSTEM

A typical communication and process structure of 3DV is shown in Figure 3.

Figure 3: Structure of the 3D-graphics system

The Data Acquisition Process inputs data from the application. Object description
data, movement data and camera data may come from different sources (e.g. object
descriptions once from a host, movement data from the application, camera data calculated
from the movement data such that the camera follows the aircraft or looks out of the
cockpit). Upon request from the next process the relevant data is sent.

The next process calculates the transformation matrices for each object and sends
them to the Transformator Process. There, the objects are transformed into the View
Reference System, clipped at the back and front plane, transformed into Device



Coordinates and clipped at the window boundaries. These single tasks may be
subprocesses which can be distributed to several transputers if necessary.

The clipped faces are distributed to several Scanner Processes which rasterize the
face, calculate shading, texturing etc., and perform the z-buffer comparision. Each Scanner
Process is responsible for every n-th line of the screen, where n is the number of Scanning
Processes. If the image is completed, the image parts are sent into the video memory.

The image is displayed by a special transputer which uses the video memory as part
of its own memory. It can receive data in parallel along its four links, therefore, the image
parts are sent in parallel into the video memory. By using an add-on transputer, four more
Scanner Processes can send data into the video memory in parallel.

The collection of the image parts is the main bottleneck of the system. Because of
the available hardware the number of Scanner Processes is limited to eight at the moment.
In spring 1992 a special transputer image data bus will be available. This communication
backbone has a bandwidth of 400 MByte/sec and allows an ‘unlimited’ number of
transputer modules access to the video memory.

The resolution and colour mode depends on the application. Normally 3DV is used
with a resolution of 640 x 480 pixels and 8 bit colour. It produces 16 to 40 images/sec
depending on the complexity of the scene and the number of transputers used. For the
visualization of a few objects (without a landscape, but with a reference grid) 18
transputers produce more than 25 images/sec with a time delay smaller than 80
milliseconds.

APPLICATIONS

The ground based simulators for the aircraft ATTAS and the helicopter ATTHeS at
the Institute are equipped with a small version of 3DV using a computational cheaper
hidden surface algorithm [6]. The system consists of 8 transputers, has a screen resolution
of 640 x 480 pixels and shows the simulated aircraft in a reference grid at 16 to 25
images/sec with a small time delay. Figure 4 shows an image series from this application.
The system will be enhanced to a full view simulator during an European ESPRIT project
using the new hardware available.

The 3DV system has also been connected to a telemetry stream to show the real
aircrafts during test flights or to replay a recorded flight for analysis.

A similar small system has been used during the FALKE campaign in France [2).
The 3DV system was connected to a transputer based hardware-in-the-loop simulation for
the on-board computer of a 6 m Space Shuttle model. The changing of parameters and the
influence of simulated maneuvers could be seen at once on the screen.

Using an interface transputer 3DV is connected to a realtime simulation of the
Institutes’s helicopter rotor model. The rotor may be viewed from the simulated rotating
camera mounted on the rotor shaft or from the blade tip to examine changes in parameters
more closely.



The main system of the Institute (19 transputers, resolution 640 x 480 pixels, 8 bit
colour depth) is mainly used to replay mainframe simulations of diverse objects (airplanes,
helicopters, parachutes etc.) calculated offline on a mainframe computer. If the data is
available the velocity vector may be shown with the aircraft. If the velocity vector is 

Figure 4: Image series with the flying simulator ATTAS

different from the longitudinal axis of the aircraft, two planes open up showing the angle of
attack and the angle of sideslip.

3DV is also used with a landscape implementing texturing and fog simulation
resulting in a simple view simulation. The image rate may come down to 4 to 10 images
per second for complicated scenes.

This is mainly due to the above mentioned limit of eight Scanner Processes but will be
overcome by the transputer image data bus system and/or the T9000 transputer.
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ABSTRACT

BACKGROUND - THE TECNET VISION STATEMENT: The Test and
Evaluation Community Network (TECNET) is governed by a
Tri-service Steering Committee which reports to the Joint
Commander’s Group for Test and Evaluation (JCG(T&E)). In
keeping with its JCG(T&E) approved TECNET Project Management
Plan (PMP), the TECNET Steering Committee adopted the
following TECNET Vision Statement in 1991:

“To systematically migrate existing TECNET
resources to a standards compliant, multi-level
secure communications and processing capability
which links DoD test and evaluation entities to
a shared, but controlled user community
information resource”.

TECNET GENERAL RESEARCH AND DEVELOPMENT: The life blood of
ongoing TECNET operations is the continual improvements and
user support provided by a leading University. This Research
and Development contract directly contributes to the
continued well being of TECNET. This contract sustains
TECNET as a state of the art communication tool for its
users who are continually increasing their capabilities.
They expect their T&E network to keep pace. This is
particularly true as more executive users adopt TECNET.

PLANNED MULTI-LEVEL SECURE (MLS) EXPERIMENTS: Near term MLS
experiments are designed to lay a foundation for longer term
objectives. The foremost characteristic of the second
generation TECNET is that host computers and all associated
user nodes be eventually capable of processing information
ranging in classification from UNCLASSIFIED through SECRET,
depending upon the nature of the information requirements of
the user. Specific components of the TECNET MLS plan include
secure network devices and MLS accredited hardware running
MLS accredited software. These characteristics will permit



TECNET to operate in the requisite secure mode per COMSEC
directives, support T&E program officials and T&E
practitioners with timely and meaningful value added
information concerning T&E, and permit near real time
exchange of T&E data. MLS experiments are tri-service in
nature.

DATA DISTRIBUTION RESEARCH: The TECNET Distributed Data Plan
calls for tri-service participation in building a T&E common
data dictionary in 1992. The RCC agreement to form a common
Range data Dictionary Group sets the stage for such a
cooperative effort. One necessary and highly desired product
of this process is a detailed catalog of all known and
emerging T&E related data bases. TECNET plans to field and
populate such a catalog of T&E data bases during 1992.
Further, using the generic data extraction and conversion
tool offered to TECNET, the demonstration of third party
data base data population from the ranges will be
accomplished. A significant effort has been undertaken to
perform the necessary analysis to establish this tool to
work with the RCC defined common data elements and the
target data bases. Finally, TECNET proposes to develop
specific training materials in print and computer based
training media, as well as on site training support, for
selected data bases of widespread value to the T&E
community.

PART 1: BACKGROUND

1. BACKGROUND - THE TECNET VISION STATEMENT: The Test
and Evaluation Community Network (TECNET) is governed by a
Tri-service Steering Committee which reports to the Joint
Commander’s Group for Test and Evaluation (JCG(T&E)). In
keeping with its JCG (T&E) approved TECNET Project
Management Plan (PMP) , the TECNET Steering Committee
adopted the following TECNET Vision Statement in 1991:

“To systematically migrate existing TECNET
resources to a standards compliant, multi-level
secure communications and processing capability
which links DoD test and evaluation entities to
a shared, but controlled user community
information resource”.

1.1. DESCRIPTION OF TECNET: TECNET has existed as a means
of electronically exchanging unclassified information
between Test and Evaluation (T&E) practitioners since 1983.



TECNET currently provides unclassified electronic mail data
base, facsimile and bulletin board services to the T&E
community via an accredited C-2 unclassified host computer
operated and maintained by the Naval Air Warfare Center -
Aircraft Division, Patuxent River, Maryland. Department of
Defense (DoD) packet switched network capabilities are
provided via the MILNET component of the Defense Data
Network (DDN). A DoD approved FTS-2000 packet switched data
network access augments DDN where necessary. A fully
accredited system high secret TECNET C-2 computer exists at
Aberdeen Proving Ground, Maryland. Access to this system is
via STU-III SACS dial-in or via the Defense Secure Network
(DSNET) component of DDN. The classified TECNET system
operates identically to the unclassified system with the
exception that all forms of output are appropriately marked
with the security classification. TECNET works closely with
its JCG(T&E) sister committee, the Multi-service Test
Investment Review Committee (MSTIRC). TECNET houses the high
level DoD Test and Evaluation Assets Data Base on behalf of
OSD. Beginning in 1992, the System High Secret TECNET system
will house the Operational Test and Evaluation Coordinating
Committee’s (OTECC) data base which links DoD Oversight List
test articles to threat resources. TECNET also holds a
number of prototype capabilities for the Range Commander’s
Council (RCC) community. Presently TECNET supports a growing
population of over 2,000 validated users from both the
operational and developmental T&E communities in all three
services.

1.2. TECNET USER COMMUNITY: Traditionally, TECNET focused
on the DoD T&E infrastructure, particularly range
organizations associated with the Major Range and Test
Facility Base (MRTFB) . Based upon the ratio of operational
T&E individuals to developmental T&E individuals within the
services, the level of service representation of operational
testers is significant and growing. The advent of the secure
version of TECNET has provided ample incentive for increased
Operational T&E participation. Now, TECNET is also becoming
a prime information tool for the customers of T&E, the T&E
arms of the acquisition Program Management Offices (PMO) in
DoD. In order to accomplish this OSD desired goal, the
nature of TECNET is changing significantly. TECNET must
continue to support electronic communications for its
established user base. At the same time, TECNET must provide
T&E information of value to the DoD acquisition PMOs to
enable them to use this service as opposed to more costly
capabilities typically provided by captive contractors. Such



capability requires efficient data management and security
capabilities.

PART 2: TECNET GENERAL RESEARCH INITIATIVES

2. TECNET GENERAL RESEARCH AND DEVELOPMENT: The life
blood of ongoing TECNET operations is the continual
improvements and user support provided by a leading
University. This Research and Development contract directly
contributes to the continued well being of TECNET. This
contract, sustains TECNET as a state of the art
communication tool for its users who are , continually
increasing their capabilities. They expect their T&E network
to keep pace. This is particularly true as more executive
users adopt TECNET.

2.1. RECENT GENERAL TECNET RESEARCH RESULTS: Recent
research initiatives have yielded the following results
culminating in 1991: 1) A secure version of TECNET running
at the system high secret level with all appropriate
accreditation and security handling markings, 2) full
facsimile services integrated with TECNET electronic mail,
3) a flexible file transfer system to easily accommodate
emerging techniques as they become available, 4) a complete
remake of the Test and Evaluation Assets Data Base, 5)
ongoing support of the Multiservice Test Investment Review
Committee (MSTIRC), 6) ongoing support of the Range
Commander’s Council (RCC), 6) a greatly improved line editor
interface eliminating erroneous use of arrow keys and the
potential to overwrite buffers and 8) a myriad of user
requests for enhanced capability.

2.2. CURRENT AND FUTURE TECNET GENERAL RESEARCH
INITIATIVES: The following list has been prepared by the
TECNET team and approved by the chairman of the TECNET
Steering Committee. It represents ongoing major TECNET
developmental initiatives that involve beta testing. These
initiatives are also related to direct user requests and
requirements. They generally involve aggregated user
requirements as opposed to single user requests. Relative
weights and priorities are not to be inferred except in the
grossest sense from this list. Nor does this list take into
consideration the myriad of changes and bugs offered by
users via all sorts of messages. Such tasks are tracked
separately and reported via their associated *bugbox and
*comments bulletin boards residing on TECNET.



INTRODUCED IN FIRST HALF OF 1992: STATUS:
Access via FTS-2000 - 9600 baud dial-up Active
KeyPHRASE lookup capability Active
Commerce Business Daily lookup feature Active
Multiple days of Aerospace Daily Active
USAF Electronic Combat Handbook Active
Sliding Windows Kermit Relaxed mode
DoD Directives Active
Interoperability Menus Active

ACTIVE BETA TEST ITEMS (as of 6/20/92): STATUS
Entire TECNET Secure System via STU-III Active participation

encouraged
New double column menu capability Active *betabug comment

encouraged
Simplified T&E Assets Data Base access Active *betabug comment

encouraged
Expert FTP and Archie Active *betabug comment

encouraged
DTEPI Course Bulletin Board (*tecourse) Undergoing DTEPI review
Secure Internal Markings Secure beta (via STU)
Secure binary transfers Secure beta (via STU)
Secure marked compressed file Secure beta (via STU)
Routing of incoming FAXes Active *betabug comment

encouraged
Improved Facsimile Net Admin. Tools Active *betabug comment

encouraged

COMING SHORTLY TO BETA OR PRODUCTION
T&E Assets Data Base data capture Improved version coming

to beta
TECNET Novice Menu System Coming to Beta
Totally revised File Repository Coming to Beta
Rational BREAK processing Coming to Beta
Expert user’s area of the menu system Coming to Beta
TUFTS Invoked from menued display pages Coming to Beta

ONGOING EFFORTS
Jove Editor Improvements Active development
8N1 interface under DDN w/o echo delay Active exploration
Internal security protection Ongoing development
MSTIRC Data Base development Awaiting new CRB

direction
MSTIRC Data Base data output tools Under development
T&E Assets Data Base Production data being

positioned
Conference capability Deferred, requires total

rewrite

LONG TERM DEVELOPMENT
Multi-level Secure TECNET Software Feasibility analysis
Alternative FAX software Exploration
File repository, file transfer overhaul Planned for summer 1992
File encryption capability Planned for 1992



TCP/IP across modems Feasibility study
Graphics User Interface (Mac-like) Feasibility study

PART 3: TECNET MULTI-LEVELSECURE RESEARCH INITIATIVE

3. TECNET MULTI-LEVEL SECURE FOUNDATION: TECNET has
proved its utility in supporting the unclassified data and
communications needs of the joint service Test and
Evaluation (T&E) communities. Although TECNET still
continues to gain productive users from T&E organizations in
all three services, it cannot remain as presently
configured. A second generation TECNET capability is
required to meet the data communications requirements of the
T&E community and its customer base in the 1990s. While the
existing TECNET classified and unclassified capability can
handle emerging electronic communication requirements in the
short term, the current separated unclassified and
classified networks featuring electronic mail augmented by
information support cannot provide needed services in the
DoD T&E environment. Rather, there is evidence which
mandates that TECNET must be fully capable of fielding a
Multi-Level Secure (MLS) network capable of handling
geographically distributed data at differing classification
levels. This goal is shared among strategic network planners
within the Pentagon and must be met in kind within the field
environment. This mandate is particularly true if T&E
information resources are to be managed economically and
effectively within DoD. At present, TECNET has obtained
secure network devices at no programmatic cost via COMSEC
channels. Acquisition of a number of low cost experimental
tools was completed in 1991 using duly allocated TECNET R&D
funds from OSD, DT&E(TFR). One set of tools supports a
series of MLS experiments aimed at operating under Blacker
technology on the DDN MILNET. These experiments were
designed in full cooperation with the Defense Information
Systems Agency (DISA) DDN program office as documented in a
Memorandum of Agreement (MOA). A second set of tools support
experimental operation of remote MLS Personal Computers (PC)
operating via STU-III phones. These experiments are in full
cooperation with the National Security AgencySA). These
network components were acquired so that TECNET may learn
what it takes to manage a MLS capability prior to moving to
a specific hardware/software/MLS Data Base capability.
Specific FY92 funding support for these experiments and
other ongoing TECNET user interface enhancements has already
been identified within the office of the Secretary of
Defense (OSD) at the level of $200,000. Further, the TECNET



Steering Committee approved R&D budget calls for acquisition
of the actual network assets as early as 1993 or as soon
thereafter as is practical.

3.1. MLS INTERFACE STRATEGY: The technical concepts
underlying the second generation of TECNET are well defined.
The concept of Multi-Level Secure (MLS) network capabilities
has been demonstrated in the laboratory through the NSA
Blacker Program operating under the prototype DISNET 1
component of DDN. The NSA Caneware program also offers an
alternative STU-III compatible approach to the MLS network
environment. Increasing numbers of systems level and
application software products, such as trusted PC operating
systems, are becoming available which will provide an
acceptable level of trust in the requisite MLS computer
environment. So long as TECNET software requirements do not
become increasingly complex, such trusted products can
support the existing type of TECNET environment. The new
generation of low cost Reduced Instruction Set Computer
(RISC) hardware can well support the known technical
performance requirements, including those necessitated by
the trusted software. Increased network bandwidth will most
likely not be met through the DSNET and MILNET but may be
met via increased capability secure dial in devices such as
STU-III systems or other secure access capabilities. The
nontechnical issues of security accreditation, data base
maintenance and acquisition approvals will require attention
to limitations in existing doctrines concerning such
matters.

3.2. NEAR TERM NETWORK SECURITY STRATEGY: The services and
the component organizations which utilize TECNET are all
subject to varying degrees of rigor in how local systems are
accredited to operate in secure mode. The ability of users
to gain appropriate security accreditation to operate from
their local environments could become a significant initial
issue for the effective use of a secure TECNET computer. In
such an environment, the nature of the overall network
accreditation for a MLS TECNET could become equally
problematical. It will become important, therefore, to
strive for multi-service commonality of accreditation
policies and procedures when it comes to TECNET access.
These accreditation practices should be oriented to
satisfying practical user needs with pragmatic security
precautions. To counteract this problem in the short term,
TECNET has promulgated a security manual under JCG(T&E)
endorsement which spells out the minimum requirements for



obtaining access to classified TECNET assets. Through
empirical documentation of a series of experiments involving
the recently acquired MLS components, TECNET shall also
continue to formulate and forward documented recommendations
for acceptable security guidelines. Further, TECNET shall
continue to seek the assistance of security related
organizations to voluntarily identify and correct security
shortfalls. These organizations include the National
Security Agency, the MLS Technology Insertion Program, the
Defense Information Systems Security Program, and the
Acquisition Systems Protection Office. These initial steps
lay the groundwork for understanding the practical
management of a MLS network in the near future. A TECNET
Plan of Action and Milestones (POA&M) exists for ongoing
execution of FY92 MLS experiments.

3.3. PLANNED IMPROVEMENTS FOR THE LONG TERM: The near term
experiments are designed to lay a foundation for longer term
objectives. The foremost characteristic of the second
generation TECNET is that host computers and all associated
user nodes be eventually capable of processing information
ranging in classification from UNCLASSIFIED through SECRET,
depending upon the nature of the information requirements of
the user. Specific components of the TECNET MLS plan include
secure network devices and MLS accredited hardware running
an MLS accredited Relational Data Base Management System
(RDMS). Strict access controls must be imposed to insure
that users gain access to only those data for which they
have a demonstrated need to know as validated by the
designated manager of that data. These access controls must
support access to data of some granularity within the
various data bases. Data bases must be well defined,
supported and maintained with sufficient detailed
information to be of real utility to identified user groups.
The TECNET user interface must remain straight forward, and
in terms of data base access, must be simplified to permit
data localization via menu systems which use hierarchies of
key words. Finally, the size of the data path must be vastly
increased to support exchange of voice, video, graphics,
facsimile and large files in a variety of digital formats.
These characteristics will permit TECNET to operate in the
requisite secure mode per OPSEC/COMSEC/COMPUSEC directives,
support T&E program officials and operational and
developmental T&E practitioners with timely and meaningful
value added information concerning T&E, and permit near real
time exchange of T&E data.



PART 4: TECNET DATA DISTRIBUTION RESEARCH INITIATIVE

4. DISCUSSION: THREAT AND RANGE RESOURCE DATA
REQUIREMENT: There are numerous data bases located within
various T&E organizations containing data of interest to the
entire T&E community. Data includes information on certain
test schedules, threat and range assets available at various
ranges and test facilities, proposed test infrastructure
investments, test plans, test methodologies employed for
specific test programs, test results on a wide variety of
defense systems, test assets used in support of specific
test programs, and other T&E-related information. A
proliferation of databases within the T&E community is
occurring. Technology trends suggest such data bases will
continue to proliferate. In fact, the existing draft
Memoranda of Agreement (MOA) for the T&E Reliance Studies
initiated in FY91 each call for the development of Reliance
oriented resource based T&E data bases. These 15 new data
bases and other known data bases require that data be
collected and updated from ranges and other T&E
organizations. Such collection activity adversely drains
available resources. Redundant data collection to satisfy
individual database requirements creates additional work for
the providers while providing no visible payback to the
organizations polled. In addition, responses are often
inconsistent. The documents provided are often outdated, the
required data may not be readily available, no standard
terminology exists, and there are misconceptions of the
validity of the data requests. In short, organizational
resources are drained by the multiple data requests and the
T&E organizations are often not able to satisfy the requests
for data. Further, the required threat and range resource
data exists in many forms, ranging from hard copy data in
files to data files in PC-based and mainframe computer
systems. Access methods to this information also takes on
many forms, ranging from on-line computer-to computer
retrieval of selected data, to electronic mail or telephonic
request for desired data from a data base administrator.
Computer-aided access to this range information could
optimize the overall effort, eliminate redundant rework of
data, and greatly facilitate the data collection and
distribution effort.

4.1. EFFORTS ALREADY UNDERTAKEN: In March 1991, under a
TECNET initiated proposal, a number of T&E related data
bases formed a loose consortium. The objective of this
informal federation was to determine if there was a way of



eliminating collection redundancy among these data bases:
The data bases which participated in the period between
March 1991 and October 1991 included:

a. The Automated Range Resource Inventory and Investment
Planning System (ARRIIPS), sponsored by the Air Force
Operational Test and Evaluation Center (AFOTEC),

b. The OTECC Data Base sponsored by the OTECC,
c. The Long Range Planning System (LRPS) sponsored by the

Army Intelligence Agency,
d. The Inter-range Scheduling System (ISS), sponsored by

the Global Range Capability (GRANCAP) through the
Consolidated Space Test Command (CSTC) under FY91
funding,

e. The MSTIRC Data Base, sponsored by the JCG(T&E),
f. The Army Test Facilities (TESTFACS) Data Base,

sponsored by the Army’s PMITTS, and
g. The DoD T&E Assets Data Base, sponsored by OSD

DT&E(TFR).

In October 1991, this group produced a report listing the
components of each data base in a common data dictionary
format. This report identified five significant sources of
data, the degree of redundancy by source and the potential
unique areas of each participating data base. The conclusion
was that the payoff was worth the effort. A common
collection vehicle could be developed, if further agreement
on like data elements could be achieved. The greatest
potential payoff for the participating data bases was
determined to be in the area of range resources.
Consequently, the group supported a proposal to go forward
to the Range Commander’s Council (RCC) to seek further
formal action from the data providers. After receiving the
concurrence of its Steering Committee, TECNET carried such a
proposal to the Executive Committee of the RCC in October
1991. The RCC Executive Committee concurred with the
proposal and directed that TECNET take the lead in forming a
RCC group to build a common Range Data Dictionary.

4.2. GENERIC DATA DISTRIBUTION TOOLS: The RCC proposal was
made possible because of three available technologies to
manage distributed data. The concept of a common data
dictionary is the first technology. It is at the heart of
efficiently sharing data. It is also at the heart of OSD’s
Corporate Information Management (CIM) initiative. Such a
dictionary for Ranges and T&E organizations is already
mandated in concept by CIM. If the entire DoD T&E community



cooperates at this time, it will be ready to meet CIM on its
own terms well before CIM can effectively implement it’s
existing mandates. Further, such cooperation represents a
bottoms-up Reliance effort and further promotes sharing in a
draw down environment. The second available technology is a
federation of computers nationally linked by common
protocols known as the Internet. The availability of the
Internet, in which both the Defense Data Network (DDN) and
TECNET are involved, permits computers to readily transfer
specific data between one another by methods not readily
visible to users. If these data are commonly defined, the
value added of such network transactions is great. In
essence, key data need only be captured once and under well
defined sharing agreements, used frequently by other
organizations. The third available technology involves the
ability to interchange data among different data bases. In
cases where existing data is already available in a given
format, the only missing component is the ability to
transform that data from it’s native format to the format
required by the target data base. The TECNET proposal to the
RCC was based upon the availability of such a generic
software tool to automatically perform such extractions and
transforms. This tool, which gained notoriety in Desert
Storm and is being used by a number of major firms, has been
offered to TECNET at no cost for the period of one year.

4.3. DATA DISTRIBUTION TOOLS AVAILABLE: The role of a
TECNET data distribution system is to provide the capability
for automatic access and retrieval of data from selected
ranges and sources. The individual T&E databases will
continue to exist, but the efficiency of the data collection
and distribution process to satisfy the needs of these T&E
data bases will be greatly improved. Specifically, TECNET
proposes to populate ARRIIPS and parts of the OTECC data
base with the required range data from at least two ranges
by means of the tools during CY92. In cases where range data
is unavailable, it is expected that ARRIIPS will become the
primary local data collection and storage vehicle. The
TECNET led RCC effort will assure that the ARRIIPS format is
sufficiently rigorous to meet recognized parametric range
resource data requirements. ARRIIPS, the most advanced range
related data base, has the greatest potential for this role
because of its known leadership role in the tri-service
arena. Further, the Congressional decision to eliminate
GRANCAP funding greatly curtails the ISS as a contender for
this important lynch pin role. Similar initiatives in the
area of threat data will allow cross sharing of threat data



between the OTECC and ARRIIPS data bases. The resulting
demonstrations will ultimately be placed into production as
the TECNET MLS capability is proven.

4.4. DATA DISTRIBUTION PROPOSAL: The TECNET Distributed
Data Plan, based on the TECNET PMP, calls for tri-service
participation in building a T&E common data dictionary in
1992. The RCC agreement to form a common Range Data
Dictionary Group sets the stage for such a cooperative
effort. One necessary and highly desired product of this
process is a detailed catalog of all known and emerging T&E
related data bases. TECNET plans to field and populate such
a data base of T&E data bases during 1992. Further, using
the generic data extraction and conversion tool offered to
TECNET, the demonstration of ARRIIPS and OTECC data base
data population from the ranges will be accomplished. A
significant effort has been undertaken to perform the
necessary analysis to establish this tool to work with the
RCC defined common data elements and the target data bases.
Finally, TECNET proposes to develop specific training
materials in print and computer based training media, as
well as on site training support, for selected data bases of
widespread value to the T&E community.
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ABSTRACT

The current F/A-18 data reduction/analysis system is incapable of meeting
increased customer demands. A new system has been developed and is based
on new technologies. In the process of developing the new system, the design
team had to divorce themselves from the current system and consider what the
ideal system would consist of. This was accomplished with great success in the
areas of timeliness of data turn around, customer satisfaction, and increased
efficiency.

INTRODUCTION

The F/A-18 aircraft is in the process of some major capability improvement at the
Naval Air Warfare Center - Weapons Division located at China Lake, California.
The new data reduction and analysis requirements had completely overwhelmed
the current data reduction/analysis system. It was the task of the systems support
branch to upgrade the current system to meet the new requirements. Due to
developments in technology, the current system was not upgraded, but was
replaced with a new system and the old way of doing business was replaced with
a new attitude to take advantage of modern technology and to exceed customer
requirements.



BODY

THE CURRENT SYSTEM

The current system used to process F/A-18 data has been in place for over six
years.

This system is depicted in Figure 1. The system consists of a home grown
digitizer which can process one data source at a time and a host computer used
to execute data reduction software. No engineering units are determined during
the digitization process. MIL-STD-1553 data is run through a series bit syncs and
then into a merger/formatter unit. To enable flight recording for one hour, the 1553
data is split into two streams on the airborne recorder. The Merger/formatter unit
reconverts the data into a single stream. PCM data is run, one data source at a
time, through bit syncs and series decommutators. The data is then recorded on 9
track tapes or transferred to disk via Direct Memory Access (DMA) through a VAX
computer. After the digitization of the tape is complete, various programs are run
to determine engineering units. These programs vary depending on the data type
being processed and the type of output that is required. The programs, like the
digitizer, process data sources one at a time. After the engineering units are
determined, various programs are run to generate the desired output. All digitized
data and outputs are also backed up on 9-track tapes for long term storage.

FIGURE 1 - CURRENT F/A-18 DATA PROCESSING SYSTEM



The current process of reducing data starts with that of a data request. It is the
responsibility of the Flight Test Engineer (FTE) to coordinate with the
instrumentation group to ensure all required data sources are recorded during the
flight. The FTE’s determine requirements and the instrumentation group
implements the configuration needed to support the flight test activity.

- After the aircraft has landed, the instrumentation tape is removed and brought to
the data reduction facility, where it is dropped off at the flight test data center. The
flight test data center is the central point of all raw data collection and of data
requests.

- The tape is then logged and given to the digitizers for on site storage.

- Once a data request is received from the flight test engineer, the flight test data
center forwards the request to both the digitizers and the data technicians.

- Due to the time required to digitize an entire tape, tapes are only digitized for the
requested data sources and times.

- After the digitization is complete, the data technician is notified and they can start
executing the software needed to process the data.

- Once the request has been met, the flight test engineer is notified and the data is
forwarded for analysis.

It must be stressed that this process is manual in nature and much
communication is either accomplished in person or by telephone within the data
reduction facility.

THE NEW SYSTEM

The new system consists of an EMR 8715 multistream decommutator which can
process 14 tracks of data concurrently, a computer used to perform data reduction
and data processing, and a mass storage device. The system is depicted in
figure 2. Engineering units can be determined at the time of digitization. The data
is automatically transferred to disk via the host computer. The one system
processes both MIL-STD-1553 data and PCM data, so there are no other
components required. Additionally, the instrumentation group at the Naval Air
Warfare Center - Weapons Division developed a Full Bus Split Track Merger
which merges up to four busses of split track MIL-STD-1553 data into one serial
stream. This decreased the cost of the multistream processor because it
eliminated the need for 8 additional decommutation cards. After the data is



digitized, a data processing package is used to produce the desired output. This
process can either be accomplished by the data technician or by the FTE.
Additionally, variables from different data sources can be displayed at once on
one tab or plot. If the digitized data is in HEX format, the data processing package
can create engineering units without going back to the digitizer. This is especially
useful since some flight test engineers require MIL-STD-1553 HEX data for their
analysis. All digitized data is then backed up onto a mass storage device which
can store over 500 Gbytes of data. This device can also be accessed remotely via
ethernet by any user on the system.

The process of reducing data for the new system is similar in nature to the current
process, but is much more efficient. The tape and data requests are still sent to
the flight test data center and logged. However, due to the increase of flight
activity, those requests are now tracked in an automated data base system which
all workers have access.

- The data request is logged into the system and separate requests are made
electronically. The digitizers know what needs to be digitized and its priority. As
soon as the tape is digitized the digitizers notify the system the the request is
complete.

- The data technicians then know that they can either process the data on the
request and a software front end is then used to convert the data requested into
the required format for the data processing package. The data can now be stored
for interactive use or analysis reports can be generated by the data technician.

- The output is then given to the FTE or the FTE is notified if he wishes to look at
the data interactively with the data processing package.

The data base also can provide statistics as to response time for each task, the
number of requests for each flight, and the number of times a particular request
had to be repeated for whatever reason.

THE CONCEPT

The current system has been in place for some time. Due to the technology
improvements in the data reduction/analysis industry, new systems which were
only dreams a few years ago are reality today. Some people remember the days
when one used thumb wheels to set up bit syncs and decoms.

The first thing done was to totally divorce the design team from the current system
and look to the future. It is difficult to give up that comfort factor of the tried and



true and move on, but it had to be done if advantage was to be taken of the new
technology.

The second thing done was to conceptually design the ideal data
reduction/analysis system pretending that anything needed was available. It was
decided that the system should be able to digitize and convert all data on the flight
tape concurrently.

Third, the data should be accessible by the analyst in a simple fashion and should
be available as soon as digitization was complete. If the analysts wanted to look at
HEX data, he should have a way to convert the raw data into engineering units
without having to redigitize the tape.

Fourth, the data should be stored in such a way that anyone can access the data
without having to go through computer operators for restoration.

Lastly, the requests on the data reduction team should be automated to reduce
human error. This system should also be able to determine statistics to reduce
bottlenecks and inefficiency of the process used to reduce data.

Once the system was conceptually designed, different options for implementation
were explored. It soon became clear that the hardware aspect of data reduction
and analysis has clearly given out to software. The days of tweakers are coming
to an end.

This was difficult to fathom as this is a great change from what most have grown
up with and know but the task has been accomplished.

IMPROVEMENTS

The current system that is being replaced is very cumbersome and inefficient. The
new system is in the final stages of being implemented and results are excellent.

- The time required to process flight data, especially when data from all sources
for the entire flight time are required used to take over 12 hours. The new system
can accomplish the task in less than 4 hours.

- The automation of the request process has reduced the number of operator
errors significantly. Historical data has also shown bottlenecks in the procedures
used to reduce the data. The procedures have been changed and the historical
data base has been used to verify improvements.



- The users can look at data interactively with minimal system training and little
effort. This has yielded a more effective analytical team as users can look at what
they want to as they need to with little difficulty. Additionally, the users have
become involved with the development process and improvement process as they
are part of the data reduction team to some degree. This has lead to a general
increase in customer satisfaction and the “we verses them” attitude has changed
significantly.

- The costs required for the production of data products has decreased
significantly. At the time demand for data products from the new system has more
than doubled and is continually increasing. Consequently, the manning level
required for the new system is the same as the system being replaced.

- The mass storage device, though newly installed, has proven to be of benefit.
The users no longer have to ask for data and then wait for the restoration. They
can access files and those files are transferred to disk via ethernet.

CONCLUSION

The new system is meeting, and in most cases, is exceeding customer
requirements. Proof of this is in customer satisfaction. Nine months ago, there
were two users interested in using this system still on the drawing board. Once the
system was in place, the customer base increase to over 20 people in a period of
three months. Through word of mouth, other projects want to use the system and
in industry terms, production of the new reduction/analysis capabilities cannot
keep up with customer demand. The key was to work with the customer, provide a
simple and reliable system (from the FTE standpoint), and to back that up with a
superior level of service and immediate response to customer inquiries. We have
accomplished this task
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ABSTRACT

This paper looks into the use of neural network
software as applied to the classical signal to noise concern
when dealing with space to ground data communications. Use
of a digital neural network to extend the correlation range
of Pulse Code Modulation (PCM) down into noise is
investigated. Conventional synchronization pattern
correlation is done with digital logic comparisons on a
sliding window with a set number of bit mismatch errors
allowed. Correlation with a neural network does pattern
recognition with a weighted network of artificial neurons
that have been trained to recognize the sync pattern within
noise. The output of such a neural network will produce a
best guess of the correct pattern.

INTRODUCTION

The initial results of this work deals with the
application of neural network simulation software to
sounding rocket telemetry data in the non-realtime. As
rocket payloads with telemetry systems go to higher and
higher altitudes the RF link margins become less and less
and more noise is introduced into the received data at the
ground station. Some of the techniques in use today to solve
this problem are; Higher power transmitters, larger ground
station antenna’s, modulation methods, and data encoding
methods (convolutional etc). This paper investigates the use
of neural networks to do frame sync pattern correlation.
This pattern recognition is done on the frame sync pattern
in the telemetry frame, therefore the data fields still
could contain noise, but frame synchronization will be
maintained longer than that of a conventional frame
synchronizer. Until neural network hardware evolves to the
point where this technique can be used in realtime, the data



must be played back in a reduced rate in the non-realtime
into a computer for this neural network pattern recognition
to be accomplished.

PCM TELEMETRY 101

A quick overview of Pulse Code Modulation (PCM)
telemetry is in order here to illustrate how noise will
effect the received data at the ground station. At the
output of the radio receiver on the ground, the data is
presented in a one/zero (high or low) format. A predefined
number of these ones and zeros make up a word of data
(typically 8 or 10 bits). A predetermined number of words
make up a frame of data. A predetermined number of frames
make up a major frame, but this paper only deals with data
at the frame level. Within this frame of data there exist a
frame sync pattern that will remain the same for all frames
transmitted (there does exist other types of frame sync
patterns that do change, but those are beyond the scope of
this paper) this frame sync pattern will typically be two or
three words in size and be located in the same place within
the frame. Figure #1 shows three frames of data with the
frame sync pattern FA F3 20 (hexadecimal) being the frame
sync pattern.

FA F3 20 01 34 87 45 99 DE 2A 12 BB CC 3E
FA F3 20 02 88 67 23 BC AD E3 71 90 34 12
FA F3 20 03 45 02 01 86 9D B2 C7 E5 2A 92

FIGURE #1 Typical PCM frames

This example shows a frame being made up of 14 words
each being 8 bits in length.  These frames of data will just
be stacked together one after another. In the presence of
noise on the communication link, some of these bits will be
altered from their original value. This causes bit errors in
the system, if the error is in the data portion of the frame
‘Lock’ (Lock refers to the state of knowing the bit boundary
of the words and where the frame sync pattern is) is not
lost, but if errors appear in the frame sync pattern FA F3
20 then lock may be lost. Current ground station frame
synchronizers employ several techniques to deal with bit
errors in the sync pattern. The first would be to just allow
a certain number of errors before the sync pattern is called
no good, but this increases the chances of false
synchronization. Another method would be to allow bit
slippage, which would allow the sync pattern to be found



intact but not exactly where it is suppose to be. If frame
lock is lost then the synchronizer must begin to search for
it again, and in the presence of noise this is difficult.
While searching for the sync pattern much valuable data is
lost.

NEURAL NETWORK MODELING

A neural network consist of artificial neurons
connected together with outputs routed to inputs in
successive layers (See figure #2). A neuron can be thought
of as a switch with one or many inputs and one output. The
output is triggered when the inputs weighted by some value
exceeds a learned threshold. The outputs of these neurons
will then go into inputs of other neurons in other layers.
Several types of neural topology were investigated,
backpropagation, adaline, madaline, and hopfield. These four
types of networks were modeled but the backpropagation
neural network was selected to be used throughout this
investigation (Figure #3 shows the actual Backpropagation
neural network model used. Note the 24 bit inputs to the
left and the single output to the right; see reference #1).
In this case the network was modeled to correlate the
telemetry frame in figure #1, which has 24 frame
synchronization bits as the input to the neural network. The
output is simply a one or zero to indicate a sync match or
not. These neural networks can be realized in hardware or in
software. For the purpose of this investigation a software
neural network is used.

FIGURE # 2 Basic Neural Network



FIGURE #3 Software implemented Backpropagation network

NEURAL NETWORK TRAINING

A neural network can not be used until it is trained
(educated) to recognize the sync pattern. Training consist
of playing several hundred variations of the sync patterns
into it. Of these sync patterns some must be correct and
some must have varying amounts of noise in them (white
noise) . This training file is created by using a PCM
simulator (setup to simulate the space to ground link) to
modulate an RF generator which is received by a telemetry
receiver (figure #4 shows the serial data capture block
diagram). The data is then recorded (by a bit serial
recording board in a personal computer; see reference #2) at
various RF levels to create noise within the data. The frame
sync patterns are then extracted and put into a file that
can be played into the software neural network for training
(figure #5 shows an excerpt of data that the training file
was made from, this data is in hexadecimal format the
highlighted area’s are the frame sync patterns that are used
to train the neural network).



FIGURE #4 Block diagram of serial data capture

FIGURE #5 Actual noise embedded training data file excerpt
Frame sync pattern used to train is in bold.

SYNC CORRELATION

To actually run the neural network software on the
actual data, the telemetry data must be played into the
computer (as in figure #4). This is done by the same serial
bit recording board that was used to create the training
file; see reference #3. The telemetry data is then recorded



into a disk file. A program to shift bits (sliding windows
24 bits each) at a time is run on the recorded file to
prepare it for the neural network. This disk file is then
presented to the neural network for sync pattern recognition
(Figure #6 shows a graphical block diagram of the way the
data is handled and presented to the neural network, note
that this process is done entirely in software once the
serial data has been captured into a file). The neural
network will then trigger its output whenever it sees a sync
pattern (even within a certain level of noise) . This then
establishes the boundaries of the words and frames. The data
in the frame can then be extracted (even though there will
be some noise in this data it may still be very useful).

FIGURE #6 Block diagram of data presentation to the neural
network

CONCLUSION

Results from this investigation indicate that the
neural network software was able to extract correct frame
synchronization much longer than that of a standard frame
synchronizers. The cost of this improvement is that much
more effort must be expended in post processing. This paper
is a preliminary work on this subject and only scratches the
surface, but this method does seem to show some promise for
extracting valuable information from a noisy radio frequency
data link. The data may still contain some noise but the
boundaries (data is synchronized) of the data words are



known and this is useful even if one half of the data is
noisy.
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Abstract

In this paper the performance of a (1,2)-convolutional encoder combined with
continuous phase modulation is simulated. A binary sequence is used inconjunction with
the above encoder and a modulation index of (h=1/4). A full response 1REC frequency
shaping function is used to maintain phase continuity. A binary (uncoded)CPM with the
above modulation index is also simulated. The performance in terms of the probability of
bit error event is plotted against signal to noise ratio for both coded and the uncoded CPM
schemes. The asymptotic performance of both schemes is plotted along with MSK for
comparison purposes. The simulation algorithm used in this paper utilizes the Block
Oriented System Simulator known as BOSS. The major components of this simulation are
the encoder and the decoder. The encoder consists of binary random data generator and a
(1,2)-convolutional encoder combined with a channel vector encoder and a random white
gaussian noise generator. The decoder consists of the following modules: sequential vector
bank, inner product unit, metric calculator unit, multi stage trellis, symbol decoder and
error counter module.

Introduction

In recent years many papers have been published in the area of Continuous Phase
Modulation (CPM) [1],[2],[3],[4]. This class of signals is characterized by its constant
envelope and continuous phase. CPM provides power-bandwidth tradeoff in terms of
coding gain. Figure 1 depicts a general block diagram of the combined coding with
continuous phase modulation. In this paper we present a systematic approach in our
simulation of the above class of modulation schemes.



The end-to-end System behavior is as follows: It is shown in figure 3 that a binary
stream of data is encoded by the (1,2)-convolutional encoder. The output of this encoder is
applied to the continuous phase modulator to produce the noise free channel symbols.
These symbols are transmitted over a noisy channel characterized by AWGN. After
demodulation and orthogonalization using the Gramm-Schmidt procedure, each of these
demodulated symbols are represented by a four dimensional vector[5]. The received
symbols are now contaminated with this noise; specifically each component of the four
dimensional vector is corrupted with white Gaussian noise. Each component of the noise
vector is represented by an independent Gaussian random variable. The received vector is
projected on eight vectors per stage of the trellis. A total of 16 vectors are stored in the
sequential vector bank module. Every time a symbol is received, namely the four
dimensional vector, a projection is performed using the inner product unit. This projection
is now stored as a metric in the CPM metric calculator unit. Only four vectors out of the 8
original vectors are stored[5]. The cumulative metric is stored in the running metric and
symbol decider module and the surviving symbol, namely(+/-1) is stored in the CPM trellis
module. This process is done for a total of 30 symbols before a decision is made [1].
Owing to the inherent correlative memory among the adjacent symbols. this delay is
necessary for the optimum detection of this class of signals as it is required by the
MLSE[4]. On the other hand only ten symbols were observed before making a decision on
the received symbol when we treated the uncoded case (figure 2).

Finally the decoded symbol is compared with the original random data symbol using
the symbol error counter module. This module registers an error every time there is a
disagreement between the input symbols. The total number of errors made in a single
simulation for a given noise variance represents a point in Figure 5.

Simulation Approach And Module Description

Figure 4 shows a block oriented diagram used in the simulation of both the coded and
the uncoded cases. The simulation starts with the generation of the received 4-dimensional
vector. That is, the encoder module consists of a sequential finite state machine that
generates a vector corresponding of a symbol at the receiver. This module contains 16
vectors stored in the memory of this module. These vectors are called upon request by the
finite state machine. For a given state of the encoder the next state is decided on the basis
of a symbol one or zero from the random data generator. This causes interdependence
among the adjacent successive symbols.

In addition, continuous phase modulation exhibits this intrinsic correlative property
among the neighboring symbols, and hence justifies the need for a Vitrebi algorithm and
the utilization of the so called MLSE[l] for optimum detection.

The vector that has just been produced by the previous module is now , added to a
four dimensional random Gaussian noise. Each component of this vector is independent of
the other. This noise vector is characterized by its mean and variance. The variance



represents the power associated with the noise. This noise variance is exported to the
highest level of the simulation as a parameter that can be varied to accommodate different
signal to noise levels. The addition of the noise simulates the stationary channel over
which the symbols are communicated.

In the foregoing development, we have implied that these noisy received vectors are
the output of the synchronous receiver, and now for optimum detection, a maximum
likelihood sequence estimator is the next processor in this simulation.

At this point, we now introduce the noisy received vector to the first stage of the
decoder. The first stage of the decoder is represented by the trellis module. This module
contains four states per stage of the trellis[6]. At any given time we only have four
stages[4]. We depart a particular state to another depending upon whether a symbol one or
zero is received. The decoder depth is 30 and 10 symbols interval for the coded and the
uncoded simulations respectively[6]. The trellis module is simulated by delay elements to
simulate the memory property of the trellis.

Every time a vector, namely a symbol, is received, a projection is performed on each
of the vectors of the trellis. The projection process is performed in the inner product unit.
This module contains 8 submodules that performs the dot product operation. The output of
this module is a metric that is used along with the previous cumulative metric in deciding
which of the two contenders into a given node or state, survives.

Eight vectors are projected on the received vector. These 8 vectors are stored in the
sequential vector bank module along with the remaining 8 vectors that correspond to the
next stage of the trellis. These 8 vectors are introduced every other symbol interval for
projection process. The projection of each vector is stored along with the symbol that has
survived for that specific stage[5]. The surviving metric is stored in the running metric
module as shown in Figure 4. The symbol is stored within the delay elements of the trellis
awaiting the final decision after observing some integer number of intervals decided by the
decoder depth. In our treatment of the coded case the decision depth is taken to be 30
symbols interval. This distance is taken such that all merged or unmerged paths overcome
the minimum euclidean distance of that decoder[6].

The running metric module is made out of two submodules, one controller submodule
sequentially enables the other submodule that in structure resembles the two different
stages of the trellis except it tracks the metric rather than symbols.

Up to this point we have stored the cumulative metrics in the running metric module
and the associated symbols in the the delay elements of the trellis, this is done for a total of
30 symbols interval for the coded case (Figure 3)and a total of 10(Figure 2) for the
uncoded case, before we decide which symbol was transmitted. Having observed the
corresponding decision depth, a decision now is made on the symbol that was transmitted
30 symbols ago. This final decision is made using a submodule in the running metric and
symbol decider unit as shown in Figure 4. The cumulative metric, over the last 30 (coded)
or 10 (uncoded) intervals, selects among four final contenders. This selection is predicated
upon the path with the largest cumulative metric.



To evaluate the performance of this signaling scheme a comparator is designed to
compare the original (noise free) transmitted symbol with the decoded symbol (Figure 4).
This is done using the symbol error counter that starts comparing after 30 symbols interval,
this is done to provide ample time for the decoder to overcome the transient response (start
up time) and achieve a steady state performance.

Finally for each run a point is plotted for the given noise power(variance) and the
symbol energy against the total number of errors registered by the symbol error counter.
The results of all simulations are shown in Figure 5. Results show that as the signal to
noise level increases for either the coded or the uncoded scheme, the simulated results
tends to approach the asymptotic bound developed by Aullin and Sundberg[l]. A gain of
4.3 db is achieved when the binary data is encoded with above (1,2)-encoder.

Conclusion

Performance of continuous phase modulation combined with (1,2)-encoder is
simulated and plotted against signal to noise ratio. The uncoded case is also plotted on the
same graph. Simulations were done using the BOSS simulator which is a fortran oriented
code. The simulation was casted in two parts, the encoder and the decoder, all possible
transitions were represented by 16 vectors. The vectors are stored in a bank and presented
every symbol interval. A symbol is stored in the trellis and its corresponding metric is
stored in the running metric module. A decision is made after observing symbols over the
entire decision depth. An error event is counted using the error counter module. The
performance is obtained by plotting the probability of bit error against symbol energy to
noise ratio. The coding gain is observed over the uncoded case along with the asymptotic
peformance.
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Abstract

In this paper we describe an object-oriented software system for realtime telemetry data
management and display. The system has also been designed to be used as the primary
means of data management during post-mission activities.

The software system consists of three parts: the data interface library, the data format
specification and the display applications. The data interface library contains a set of
object definitions and procedures to provide uniform access to heterogeneous data
streams. The data format specification is used by the data interface library to extract data
from the raw data stream. The display applications use the data interface library to access
the data and present it to the user.

Currently, the interface between the data format specification and the data interface
library is implemented procedurally and is modeled after a device driver. Each format is
assigned a unique id and then accessed via that id. A data stream may be accessed by any
number of different format specifications. A future implementation will separate the data
format specification into a separate process with a message or RPC based interface.
Therefore the data may be kept on remote systems and accessed in a transparent fashion.
In addition, this model will support operation in distributed heterogeneous computing
environments.

This system handles multiple simultaneous data streams and applications can access
data from different streams relatively transparently. This is possible since data variables
(objects) to be displayed are specified by a syntax that contains the specification of both
the data streams and the format to use. In addition, the concept of a primary stream is
introduced to allow the user to scroll through one data stream and have the other streams
follow. Synchronization between streams is based on time information in the data streams.

Several applications have been written including various stripchart displays a tabular
display and some other custom displays. A data analysis application similar to the UNIX



program “awk” is currently under development. It will provide the user with the ability to
extract data, i.e., report generation, for display or further analysis in an object-oriented
manner.

1 Introduction

As the complexity and processing capabilities of data acquisition and control computers
increases so too must the capabilities of the computers that manage and display the data
acquired. In particular, the increased capability of the acquisition computers has resulted in
a substantial increase in the amount of raw data and processed data that is produced. It is
absolutely necessary for the computers that accept this data to convert it into useful
information.

The form of this useful information is application dependent, of course. In this paper we
do not attempt to discuss the issues related to what useful information is or is not, instead
we present an architecture or framework for a system that can be tailored to process data
into useful information. Since we don’t a priori know what processing may be required for
a data set, the system has been designed to allow modules to be easily attached to handle
any future requirements. Of course a primitive set of processing procedures is provided to
handle a broad range of simple requirements.

There are other systems on the market currently which provide facilities to manipulate
and display data. The major drawbacks of all the systems available are their monolithic
designs. Such monolithic designs are important and perhaps necessary from a
marketing/business point of view, however, as the dinosaurs they are, they tend to become
extinct rather quickly because it is difficult to add new utility to these programs without
significant effort and possible degradation in overall system performance. And unless a
user is willing to pay and most likely wait a long time until the next software release, the
user must make do and invest effort in building this utility themselves.

With this in mind, the major advantage of the the system we have developed, is its
modular nature and its use of standard system interfaces, e.g., UNIX and X11. In addition,
as we will describe below, the system is designed in a way that supports scalability and
distributed operation on heterogeneous systems. The interfaces are currently procedural,
however, they have been specified in a manner that is well suited to a more loosely
coupled interface, for example, one that may be distributed over multiple heterogeneous
computers. For example, the interface between the data interface and data format
specification is based on a device driver model and therefore allows the two components
to interact either procedurally, via RPC, or messages and the two components could
therefore also reside on two different computers attached by a network. And this would be
invisible to the application component and therefore to the user too



2 Overview

The data handling system is made up of three primary components:

C Data Interface

C Data Format Specification

C Application Programs

The Data Interface (DI) component consists of data object definitions and procedures to
extract the data from an archive or realtime data stream and to manipulate the data, e.g.,
perform computations, engineering conversions and type conversion. The Data Format
Specification (DFS) is essentially a database in which is contained a description of the data
as well as descriptions of the operations to be performed on the data. Also included as part
of the DFS are special procedures not available as part of the DI that are required to
extract and manipulate data. The third component, the application programs, utilize the DI
and DFS to access, manipulate and display the data.

The data handling system allows applications to access realtime data streams as well as
archived data. The generic term “data stream” is used to denote both realtime data and
archived data. A data stream is described by two or three different components: the DFS, a
data description file (DDF) and a data file in the case of archived data. The DDF contains
a information that describes the data, for example data rate, page size and page
dimensions. The DDF has a field which indicates whether the data stream is realtime or
archived data. For realtime data, the DDF also indicates the data source, e.g., network,
standard input or some other device, the number of header bytes, the packet size and other
information necessary to interpret a realtime data stream.

Data in archives is stored raw without any headers or additional record information.
This was done in order to allow other programs to easily access the data archive files. The
DDF and DFS contain the necessary information to interpret and process the data in the
archive files. The association of a DFPS and DDF to a data archive file is performed at
runtime. This was done in order to alleviate any management overhead necessary to
statically associate a data file to a given DDF and DFS. The primary drawback and also
the primary attraction of this approach is that any DFS and DDF can be used to access a
data archive, correct or not. Therefore a user is not restricted to using a fixed DFS and
DDF to access a data file and may interpret the data file in any way they desire.

An important feature of the data handling system is simple access to archived data and
therefore the ability to “scroll” or “browse” through data. This is important both for
realtime processing and static data analysis. In the realtime case it allows a user to view
old data by by simply scrolling to it in a display application. The application just needs to
make a request to the DI for data for a specific time and the DI performs the work to



retrieve the data. For static data analysis, the ability to browse a data stream is essential for
examining data quickly and easily in an interactive manner without having to generate
reports.

3 Data Interface

The functionality provided by the DI can be divided into five categories:

C Data acquisition.

C Data stream access and management.

C Data retrieval and manipulation

C Multiple stream coordination.

C Configuration management.

C Browsing.

3.1 Data Acquisition

A program named acquire is used to read realtime data and place it in an archive and also
shared memory. The shared memory is used as a cache in order to optimize access to
recently received data. Figure 1 illustrates the organization and flow of data. When a data
stream is accessed, the DDF is accessed to determine if the data is archived or realtime. If
the data is realtime, the DI determines if an acquire program is running for that data
stream. An acquire program is started to obtain the data if one is not already running. If
the data stream is static the specified data file is opened for read access and an acquire
program is not started.

Because the format a realtime data stream may take is not known, a filter can be
specified to interpret the realtime data stream and process it into a form suitable for the
data handling system, e.g., header stripping, packet sequencing, etc. Such a filter can be
specified in the DDF and used by the acquire program to process the input data.

The archive file accessed by the acquire program may be specified as read-only. This
allows multiple machines to acquire a single realtime data stream and have only one
machine with a large local disk actually store the data to disk (figure 2). The other
machines access the archive file at startup and after a data page is received to determine
the current size of the data stream. The archive file is accessible by the DI procedures
onall machines. Since the DI is decoupled from the acquire process, it is not necessary for
the DI to know which acquire process on which machine is actually writing the data to
disk.



Figure 1: Acquire to DI to Application data flow

Figure 2: Multiple host access to realtime archive file

A useful feature of the acquire program is its ability to accept data from standard input
(figure 3). In particular this allows an application program to be written that processes data
from a realtime stream and constructs a second realtime stream that can be input to a
second acquire process. This second realtime stream could be prediction of future data, for
example. A display application then has access to both data streams through the DI and
can simultaneously display data from both streams thus displaying actual and predicted
data in the same display.



Figure 3: Using acquire with standard input (stdin)

3.2 Data stream access and management

Access to data streams is provided by the DI in two ways. For realtime data, the DI
coordinates with a data acquisition program to retrieve data from a shared memory cache
or an archive file. For static data streams, the DI manages access to the data file. To an
application the only difference between access to a realtime stream or static stream is that
the total size of a realtime stream is constantly increasing as new data arrives. The DI
provides a callback facility to notify applications upon arrival of new data for realtime
streams. This facility provides the necessary information to be used with callback
procedures in X11 so there is no conflict between processing user input and processing the
arrival of new data.

The DI caches data to optimize access to the stream by the applications, for example,
the last data page accessed is always cached in local memory since many applications
access the same data page many times before accessing another data page. We are
considering adding a caching object to allow applications to specify caches in order to
optimize data access. Procedures to optimize updating and loading of the cache would be
provided to assist applications.

Given the ability to access static data, figure 4 illustrates how model data and realtime
data can be viewed simultaneously. This allows the comparison of actual results against
data produced by a model. This configuration is necessary if the model data cannot be
generated in realtime.

Figure 4: Using acquire with realtime data and static model data



3.3 Data retrieval and manipulation

The DI provides applications with an object oriented interface to data in a stream. To
access a data object, an application must first specify the object to be accessed. A data
object is specified by a name and a corresponding data stream. A nomenclature has been
developed to specify a stream and to specify data objects. The notation is

[DATAFILE(]DDF(DFS(OBJ

where DATAFILE is the name of an archived data file, DDF is the name of a data
description file, DFS is the name of a file that contains the data object definitions and OBJ
is a nomenclature which describes the data object to retrieve from the data stream. In order
to simplify the specification of streams, the DI supports the definition of logical streams. A
logical stream is specified by a string name and is associated to a DFS, a DDF, and
possibly a data archive file if the stream is static. Data objects can be accessed using
logical streams with the notation

$STREAM(OBJ

Logical streams are defined in a configuration file which is discussed later. Default values
may be defined for the DFS, DDF and DATAFILE, therefore allowing data objects to be
referenced without using the entire nomenclature when the defaults are desired. The
nomenclature allows the specification of operations to be performed on data retrieved from
a stream. The format is

{(-%)}VAR{[N{+}]}
{%}VAR

VAR is the name of the data object. The symbols enclosed in curly braces are optional and
are used to specify operations on the raw data. A % symbol indicates that the data should
be “scaled” as specified by the DFS. A - symbol indicates that the value returned should
be the difference of the current value and the previous value. The previous value is cached
by the DI in the data object.

The square braces on the end are used to denote subsampling or averaging. The number N
denotes the number of values to be returned. The + symbol indicates that the data should
be subsampled by averaging. The notation %VAR is shorthand for (%)VAR.

If the name of the object is found in the DFS, the data object is constructed using
information from the DFS and the based on the operations specified in the nomenclature.
The returned data object contains an internal reference to a specific data stream. Actual
data is then retrieved from a stream by referencing the data object and specifying a time or
page for which a value is desired (figure 5).



Figure 5: Data retrieval flow

The DI provides a broad range of extraction procedures to retrieve data from a data
stream. These extraction procedures include those to handle standard data types such as bit
fields, bytes, shorts, longs, strings and BCD. In addition, extraction procedures are
provided to handle arrays of the above data types. Extraction information is specified in
the DFS for a data object. For special data types, the extractions procedures must be
provided in the DFS.

A number of scaling procedures are also provided by the DI. These include procedures
to perform polynomial scaling using gains, use of lookup tables and the ability to specify
an arbitrary computation on a value. The computation can use values from the other data
objects and supports the use of constants, trig functions, logarithms, exponentials, bitwise
operations (AND,OR,XOR,NOT) and logical operations (EQ,NE,GT,.... ). The
computation is specified as part of the DFS. Special scaling procedures can be provided by
the DFS.

Procedures ire provided in the DI to search an archive or realtime stream for data at a
given time. When the application requests data for an object at a specified time, the DI
performs an intelligent search of the data archive for the desired time. First, the most
recent data retrieved is checked. Next, a calculation is made to determine where the
desired data may be located in the archive and that data is examined. If no match is found
the search is initiated again from the beginning and/or end of the archive and a calculation
is made once more. This method is applied since data may not be time sequential in an
archive. If no match is found, then finally an exhaustive binary search is attempted.

The DI supports subcommutated data, i.e., data that does not always appear in a data
page or record. If the actual data for a requested time or page is not present in the data, a
flag in the data object which is accessible by an application is not set to denote that data
for the last request was not found. In this case, the data object retains the data from the last
request. The subcomm information is stored in the variable data area of the DFS.



3.4 Multiple stream coordination

Data in a stream can be accessed either by a page number or by time. Synchronization
between streams is performed via time. The DI supports the concept of a primary stream
which is used to coordinate access to the other streams. This is primarily a concept for the
user and application to manage accessing multiple streams. The user sets the primary
stream and then views data from all streams based on the current time of the primary
stream.

When the primary stream is realtime, updates are made to a display as new data
becomes available. The application sets the current display time to the time of the most
current data for the primary stream. The data for all streams for that time is then retrieved
by the application. This allows the other streams to “follow” the primary stream.

When the primary stream is a static file, the user or program determines the times to
retrieve. If other streams are being viewed and they are realtime, displays are updated if
necessary as new data arrives.

3.5 Browsing

There are several modes of browsing supported by the DI:

C Local browsing

C Realtime browsing

C Global browsing

Local browsing refers to a mode in which an application is controlled independently of
other applications and only input from the user in the case of interactive applications.
Local browsing is supported by the standard data access mechanisms described above.
Realtime browsing is a mode in which applications change their display window to display
the most current data available for the primary stream. These displays are updated
automatically as new realtime data arrives

Global browsing is similar to local browsing except that a single application can control
multiple other applications. The DI provides support for coordinating browsing between
separate application programs through a common file. Since stream synchronization is
performed via time, only the current browse time needs to be communicated to all
applications being used for global browsing. Any application can be used to control global
browsing or a special browsing application may be used. The DI provides procedures for
applications to access and set global browse information. The global browsing is
implemented in such a way that many users may browse on a single system without 



interfering with each other. The browse information is stored in a browse file the name of
which is set as a configuration parameter.

3.6 Configuration management

The DI supports the use of a configuration file which can be tailored by each user. The
information defined in the configuration file includes the definition of logical streams, the
names of temporary files, the browse file name, the time of MET zero and the default and
primary stream names. Many of the options specified in the configuration file can be
overidden by command line arguments. The DI provides a procedure to parse the
command line and process arguments to set the default DFS and data file, the primary
stream and the configuration file to use. By default the DI uses an environment variable or
the file .gserc in the user’s home directory. When an application receives a HANGUP
signal, the DI automatically reloads the configuration file.

4 Data format specification

There are two distinct parts to the DFS. The first is a table or database of data object
definitions called an mtable. The second is a set of procedures that implements stream
specific operations for data extraction, type conversion, etc. The DFS mtable and
procedure definitions are linked by an id that is stored in the mtable. This id is used by the
DI to access the DFS procedure definitions.

The DFS mtable essentially defines the format of the data in data stream (realtime or
archive). The structure of the DFS has evolved from the NASA M-Table format used to
describe telemetry. For a given data stream, the DFS contains the logical page size and
page dimensions, the data rate and definitions for data objects in the stream.

The following fields are contained in the DFS for each data object:
C varcode: indicates format of data in stream, e.g., byte, short, byte order, signed, etc.

C scalecode: indicates how to convert raw data value into an engineering value or
other useful form, e.g., string identifier.

C vartype: indicates the data type, e.g., integer, float, string, etc.

C varsize: size of data items, e.g., string size or array size.

C frequency: frequency of the data with respect to the page rate.

C nitems: number of data items for a data object.

C offset: byte offset of data in stream.



C scale limits: high and low scale information for displays.

C yellow and red limits: warning and critical limits for data values.

C gains (a0-a5) : used for engineering conversion (scaling).

In addition to the fields above, the mtable also contains a variable data section in which
special information for each variable can be stored:

C Scaling information for engineering conversions. This is usually information that is
more complex than gains. For example, if the gain for a data variable is dependent
on the value of another data variable, the various sets of gains and the name of the
dependent data variable is stored.

C Lookup tables. Given a raw data value, a lookup table can be accessed to return a
string or numerical value.

C Information for subcommutation of data. If a data value only appears in at certain
times dictated by some other value in the data, e.g., major frame number or dump
address. If the data for an object is not available, the DI returns the last retrieved
value and an indication that no data was found. This allows applications to
selectively ignore the condition or respond to it.

C Information for constructing a data object from other data objects, e.g.
concatenation of bytes from other data objects.

C Formulas to be used in special computations. The formula specification can consist
of constants as well as other data objects and supports all arithmetic and trig
functions. In addition the formula specification supports logical comparisons and
bitwise operations. The formula is stored in RPN as a data structure.

Multiple levels of scaling conversion can be handled either with formulas or by creating a
new data variable whose raw value is the scaled value of a data variable. This allows
scalings to be cascaded ad infinitum.

The variable data section of the mtable is constructed using procedures to build a
database. Entries into the database are specified as arguments to a procedure. This
approach is useful for building variable sized objects and for hiding the structure of the
data from the user and application. The data object entries in the mtable are specified in an
include file that is compiled into a program, which when executed, writes the data objects
to a file. This program also executes the variable data procedures which in turn write their
information to the file too.



In each DFS, a data variable named TIME must be defined. It is used to determine the
time of a given data page. The data variable DATACHK can be defined too. The quality of
a page is taken to be good if the value returned for this data variable is non-zero. It is used
to determine the quality of the data page. Its definition is optional.

The DFS procedure definitions are used by the DI and DFS mtable to operate on data
objects, either to extract data from a stream or to operate on already extracted data. For
example, if data in the stream has been compressed, the decompression algorithm would
be contained in the DFS procedure definitions. The DFS procedures are kept separately
from the DFS mtable since there is no standard method for storing code segments with
data in UNIX. The DFS procedures are accessed by the DI through a device-driver type of
interface. A library of DFS procedures must statically be assigned a unique id. This id is
stored in the mtable file. The id is used by the DI to access a DFS procedure table which
contains the address of a dispatch procedure for the specific DFS. When a data object is
accessed that has an operation code (varcode or scalecode) not supported by the DI, the
DFS library identified by the id is accessed to support the operation code.

Currently, the DFS libraries are optionally linked into applications that may require
them. Stub procedures are provided for all possible ids so that if procedures are not
provided for a given id, a stub routine that returns an error is used. At link time, the
specification of a DFS library overrides the stub procedure. This model is easily
extendable to a system in which the DFS procedures are accessed as services via remote
procedure calls (RPC) or some other interprocess communication mechanism. This would
allow the DFS service to reside on other machines.

5 Applications

Several applications have already been written as part of the data handling system. The
kinds of applications can be divided into three classes: support, display and data
processing.

Support applications includes a transmit program for simulating realtime data on the
network and a program for dumping a DFS mtable in a readable form.

Display applications currently implemented include two stripchart programs, a tabular
display program with limit checking, a textual stripchart program (striptab), and a hex
display program. Future applications include a spectral display. One stripchart program
displays up to five data variables in a single plot window and the other displays multiple
data variables each in their own plot window. The first stripchart program is very useful
for comparing different but similar data variables. All the programs are designed to display
both static and realtime data and they all support local and global browsing. This makes
these applications especially useful for non-realtime (post-mission) analysis of data.

Currently under development is an “awk” like program. The awk program in UNIX is a
very effective program for processing text files. It uses a “C” like notation to specify



actions to taken after reading each line of text from a file. Our awk program is similar,
however, it processes data records from a stream. Our awk also accepts “C” syntax which
is then converted into actual C and then compiled and linked to the DI. We expect this
awk to be the primary data processing program used. Our awk can be used to extract data
for other applications such as MATLAB or it can be used to process the data itself. Since
it supports full C functionality, any arbitrary program can be used.

The striptab program is a simple report generator, however, it is very useful for
extracting displaying telemetry values in an ascii terminal. In addition, the output of
striptab can be piped into other programs for further processing, e.g., we pipe the output of
striptab into a plot generation program to generate hardcopy plots of data.
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ABSTRACT

Pulse Code Modulation (PCM) Encoders are extensively used in instrumentation and
telemetry systems. Commercially available encoders are available from several
sources and vary in complexity depending on the application. Encoders often include
analog signal conditioning, a system clock, and one or more digital input ports. Many
of these systems also cost several thousand dollars and the cost goes up when high
data accuracy of one or two percent is required. This paper describes a low cost
approach which has been used in production telemetry applications with great
success and which yields a PCM encoder with data accuracies of better than 2%.

*per channel

INTRODUCTION

Modern instrumentation systems require the collection of large amounts of data from many
different sources. The sources can be any number of different devices such as strain gauge
sensors to high voltage power supply outputs, computer data, etc. Sampling requirements
may vary from less than one sample per second to several thousand samples per second.
Multiplexers have been used for years to sample and combine many inputs into a single
output.

Twenty years ago analog multiplexing was used in conjunction with Pulse Amplitude
Modulation (PAM) commutators. The output of the commutator was recorded or
transmitted back to a central reception and demodulation site. PAM systems were simple
and system data accuracies of 2-5% were easily achieved.



Within the past 15 years Pulse Code Modulation has replaced most PAM systems.
Inherent advantages of PCM include simplified computer interface, higher resolution,
better signal to noise ratio, and secured data transmission. PCM encoders can be
purchased to specific system requirements and used as a building block in system design.
Another technique of designing a PCM system is to implement the encoder function into
the system sequencer/controller. The integrated approach has the advantage of lower cost,
smaller volume, and higher signal accuracies if some very simple design techniques are
used. These techniques have been used at the Naval Air Warfare Center-Weapons
Division (NAWC-WPNS), Point Mugu, California for several years and successfully
transferred to production in airborne telemetry systems.

APPROACH

The Weapons Instrumentation Division of NAWC-WPNS has had the opportunity to
develop several warhead compatible telemetry systems over the past 20 years. When
miniaturization is required, the entire design has to be evaluated carefully to determine
where the circuitry can be simplified and which manufacturing technology lends itself to
the lowest cost at a given production level. Since these designs were good candidates for
hybrid microcircuit technology, several techniques were available to the design engineers
which would have been difficult to implement using other packaging technologies.

The signal conditioning in a basic PCM telemetry system, Figure 1, consists of an analog
buffer, a multiplexer, an analog to digital (A/D) converter, and a system sequencer to
generate control signals and output a serial data stream with appropriate PCM
synchronization codes inserted. It is important to realize that although each section of the
system performs a separate function, an integrated design approach leads to the best
solution.

 DISCUSSION

State-of-the-art circuitry for signal conditioners has provided the design engineer with
greater resources to improve accuracy while reducing costs. Since the input signal levels
from instrumentation data sources can vary from less than one volt to over 100 volts, a
method of adjusting these levels to the input range of the A/D converter must be used. One
method is to use an operational amplifier to adjust the gain and offset of each input signal
to be compatible with the A/D converter. This buffer amplifier may not be needed but is
often used to scale the input voltage to the operating range of the programmable section or
to provide a low input impedance to the source. This method is well known but has two
major drawbacks. Every channel requires several resistors and the absolute values of the
components are unique. For the circuit shown in figure 2 the output voltage is given by:

V =-V (R /R )-V (R /R )out in fb in ref fb os



Figure 1. BASIC PCM SYSTEM

Figure 2. SIGNAL BUFFER

This equation does not take into account the component tolerances which must be
considered in high accuracy systems. Several computer programs are available to help the
designer determine the worst case variation of the output based on component tolerances.
If the components in figure 1 have a 1% tolerance, then the worst case gain error could be



as high as 2%. Another way of evaluating errors is by using the square root of the sum of
the errors squared or root sum squared (RSS). This method works well for analysing
circuits containing large numbers of components because the probability of all components
having worst case values is small.

A programmable signal conditioning approach has some interesting advantages over the
unique signal conditioning solution. The first is that because gain and offset can be
changed by simply changing control codes, engineering modifications can be very easy to
implement. Another advantage is more subtle and involves the circuit implementation of
the buffer amplifier. In most signal conditioning situations the absolute input impedance is
not critical and a 5% tolerance is acceptable. It is the ratio of R /R  which is critical infb in

maintaining high signal conditioning accuracy. Thin film resistor chips used in hybrid
microcircuits are available from a variety of vendors that have two or more resistor
elements on a single chip. The ratio between elements can be held to 0.1% accuracy.
Ratios of 1:1, 2:1, 3:1, and 4:1 are typical with an input resistance of up to 1 megohm. The
resistor ratios may also be implemented using low cost SIP packaging for standard
through-hole technology. Although the specification tolerance for SIPs is listed at 1 to 2%,
the matching between elements is typically 0.1 to 0.2%.

Figure 3 shows a 40 channel hybrid microcircuit which is presently in production and can
accommodate single-ended input voltage ranges of ±2.5 to ±40 volts depending on which
resistor ratio is used. One MS resistors were used for all input resistors. The layout can
accommodate a single pole anti-aliasing filter for each channel by adding a capacitor of
appropriate value. Input ranges of less than ±2.5 volts can be conditioned but the input
impedances must be lower than 1 MS; i.e. 250 kS. (this is a limitation of the maximum
resistance which can be implemented on a 30 mil chip). Input buffer ratios were chosen to
attenuate the signal voltage range to not more than ±12 volts. Buffer output voltages
should be kept as high as the power supply limits allow to maximize signal-to-noise-ratio.
The absolute values of the resistors are not critical and were purchased with a tolerance of
±5%. The ratios between elements are maintained to ±0.1%. The production costs of these
hybrids are less than $700 in quantities of 100 or $17.50 per channel. The channels are
multiplexed in groups of 16 using CMOS (Complimentary Metal Oxide Semiconductor)
analog multiplexers. Each multiplexer output is conditioned separately in the
programmable gain stage to alleviate switch capacitance problems encountered in high
speed analog multiplexing.

The configuration for the programmable amplifier is shown in figure 4. CMOS switches
were used to short all multiplexer outputs to ground except for the one being addressed.
This technique dramatically reduces the interference between adjacent channels. Eight
multiplexers can be accommodated with the present design for a total of 128 channels.
Again the absolute values of the resistors in the summing amplifier are not critical, only the 



ratios. A high performance operational amplifier was used for the summing amplifier
because the offset voltage error is V R /R  where R =R /8 (there are eight inputs) andos fb in  in fb

V , must be low to start with.os

Figure 3.  HYBRID 40 CHANNEL BUFFER/MULTIPLEXER

Figure 4.  PROGRAMMABLE AMPLIFIER



A dual Digital to Analog converter (DAC) was chosen to adjust offset and gain. Because
the DAC is a CMOS multiplying type, it is possible to connect both sections together with
one amplifier and use DAC 1 to adjust gain and DAC 2 to adjust offset voltage. The DAC
has a worst case gain error of ±0.2% full scale. Connecting both ladder networks together
into one amplifier is possible because the thin film ladder networks are side by side on the
die and are geometrically identical. Positive and negative offsets can be obtained by using
the extra internal feedback resistor of DAC B and connecting it to -V /2 as shown inref

figure 4. The output of the DAC is a voltage which has been conditioned in offset and gain
to match the input range of the A/D converter (the gain of the signal is adjustable from 0 to
.996 in 255 steps and the offset is adjustable from -5.0 to +4.96 volts). Inexpensive
half-flash 8-bit A/D converters are available with a worst case gain conversion error of ±½
LSB. The total end to end system error is the combination of all sections as listed below:

Buffer amplifier 0.1%
Multiplexer and amplifier 0.1%
Gain and Offset amplifier 0.2%
A/D converter 0.2%

The total system signal conditioning error due to component tolerance variation can be
estimated as follows:

E =[(0.1)  + (0.1)  + (0.2)  + (0.2) ]  * 100% = 0. 316%c
2  2  2  2 1/2

This calculation assumes ideal operational amplifiers. In practice the offset current and
voltage must be taken into account. The RSS offset voltage error for the system shown
which used MC 34184 quad amplifiers for the signal buffers, MC 34182 amplifiers in the
DAC section and an OP-01 for the multiplexer buffer is given by

E = {[(0.004)  + (0.004)  + (0.0004*8) + (0.001)  + (0.001) ] }*100os
2  2    2  2 1/2

or 0.665% referenced to one volt (one volt was the smallest input voltage range for the
system). The total system error is the RSS of the tolerance and offset errors or

E= [(0.316)  + (0.665) ]  = 0.736%2  2 1/2

The entire analog system was designed without using any unique resistor values. Since
each of the ratio elements were part of the same die, the resistance ratios are stable with
changing temperature.



The system controller can be implemented in several ways. A block diagram for a typical
controller is illustrated in figure 5. A design capable of controlling an analog subsystem, a
parallel digital input port, a sync code generator, and a serial PCM output register can be
implemented using less than 20 off-the-shelf 54HC type parts or a programmable gate
array such as an Altera or Xilinx device. The encoder is just a sequencer which provides
control signals to the individual sections. Typical strobes could include PROM counter
increment, PROM enable, offset, gain, multiplex channel, A/D convert, and parallel digital
input. The encoder must also include a parallel to serial shift register to output the PCM
data at a constant rate.

Figure 5. SYSTEM CONTROLLER

One of the greatest advantages of this type of system is its programmability which is very
useful during early R&D testing where data sample rates, input signal ranges, and types or
quantities of signals tend to change.

The following characteristics can be easily changed with a PROM driven system:

MFRAME LENGTH MSAMPLE RATE
MSUBFRAME LENGTH MSUBFRAME ID
MSIGNAL GAIN MSIGNAL OFFSET
MWORD ARRANGEMENT MFRAME FORMAT

MSYNCHRONIZATION WORD



The Weapons Instrumentation Division at Point Mugu has used the Metal Oxide
Semiconductor Integration Service (MOSIS) design tools to implement several PCM
controllers with high speed CMOS technology. MOSIS offers participating members
several advantages in developing custom Application Specific Integrated Circuit (ASIC)
systems including public domain design tools and quick prototype foundry services
(usually less than 6 weeks). These controllers have the capability of inserting sync
patterns, frame format indicators, subframe ID, frame count, and new/old data flags into
the PCM stream as well as controlling the analog, discrete, and digital subsystems. The
devices cost about $100 in small untested quantities and much less in large quantities. In
one application, a 94 analog channel, ±2% accuracy, 2.4 Mbit/sec PCM system was
implemented for a production cost of less than $3000. The entire system occupies less than
5 cubic inches.

CONCLUSION

High accuracy, low volume, inexpensive PCM encoder systems can be produced by
integrating the encoder function into the system digital design. The system can be easily
tailored to satisfy changing input sample rates or voltage range requirements by making
use of PROM driven gain, offset, and multiplex address techniques. High analog
accuracies are obtained by controlling resistor ratios without using high precision unique
values.
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ABSTRACT

ASW-II (Advanced Satellite Workstation, Version II) has been developed and delivered as
an operational prototype in support of the Ultra High Frequency (UHF) Follow-On
satellite. It provides unified and coordinated real time reception and storage of satellite
telemetry, display of both real time and stored telemetry, expert-system analysis of
spacecraft status, and an information navigator system that stores and presents information
about the spacecraft. The architecture is modular and reconfigurable, and it provides
support for multiple analyst workstations. There are several unusual aspects of the design.
The entire telemetry history of the satellite is regarded as a continuum by the user, with
ASW-II automatically tracking and displaying contact periods. A “streams” mechanism
organizes the telemetry in such a way that the user can interactively define new derived
parameters and have them presented graphically. Both real time and archived data can be
displayed simultaneously. The user has very flexible controls for all display interfaces
using mouse and window technologies.

INTRODUCTION

ASW-II has been developed as part of a program of experimental and prototype satellite
workstations developed by the Information Technology Department (ITD) of the
Aerospace Corporation. The first version of the Advanced Satellite Workstation (ASW-I)
developed by ITD was the subject of a previous report [1]. The capabilities of ASW-II
represent a significant evolution from ASW-I. ASW-II adds a capability to collect, store,



and display data directly from the real time downlink. ASW-II also implements a
client-server model for telemetry data, has reduced run-time software licensing
requirements, and represents a significant advance in display technology and operator
interface. A few of the capabilities of ASW-I have not yet been provided in ASW-II: the
Automated Pass Plan Generator, and the Vehicle Subsystem Hierarchical Modeler.

ASW-II has been delivered as an “operational prototype” to the Air Force Mission Control
Center (MCC) which will support the UHF Follow-On satellite. It will be used in an
advisory role, in parallel with the present MCC mainframe-based system responsible for
satellite operations support.

This paper first discusses the overall ASW-II system architecture. We then present the
ASW-II hardware and software architecture. Finally, we address implementation, security
considerations, and the role of electronic deliverables.

SYSTEM ARCHITECTURE

Figures 1 and 2 show the ASW-II architecture. In overview, the components and their
interactions are as follows:

TELEMETRY SERVER

The Telemetry Server (TS) provides telemetry data, both real time and stored, to “clients”.
The TS accepts the telemetry stream, in decrypted Pulse Code Modulation (PCM) format,
and a standard Inter-Range Instrumentation Group (IRIG) time signal. Telemetry
subframes are buffered into memory, time tagged, and stored to disk. The data provided to
clients is decommutated, time tagged, converted into engineering units, and “derived”
measurands are formed.

DISPLAY MANAGER

The Display Manager (DM) acts as a client of the TS, in that the DM requests and accepts
telemetry data. The DM displays this data to the user in a wide variety of formats. In
addition, the DM provides control and status for the system-wide functions of the TS. (For
example, commands to control the telemetry hardware are made at the DM screen, and are
sent from the DM to the TS, which in turn actually operates the hardware.)

As shown in Figure 1, the DM provides a facility to prepare formatted files of measurands
which can in turn be submitted to the IDL™ data visualization tool, or used as input by a
number of other Aerospace developed mission support tools which are resident on
ASW-II.



EXPERT SYSTEM

The Expert System (ES) aids the user by examining a large portion of the incoming
telemetry for anomalous conditions. This examination occurs in the background, and the
user is only informed when a problem is detected. The ES is a client of the TS. As it
receives data from the TS, the ES uses this data to update its rule base. If the rule base
indicates that there is a problem, the ES sends a “diagnostic” to the DM. A diagnostic
consists of the following fields:

Severity Level: Advisory (Blue) Cautionary (Yellow) Warning (Red)
Descriptive Text: “Foo exceeds Goo”
Time: 92:200:14:35:22.235 (year, day, time of day)
Measurand list: <identifier of Foo measurand>,<Identifier of Goo measurand>

As such diagnostics arrive at the DM, the text and time fields appear in a scrollable
window. The text is color coded according to the diagnostic severity level. If the operator
clicks his mouse on the text field of a diagnostic message, he gets a display of the
identified measurands in a small interval of time around the named time.

The “control” flow from DM to ES allows the user to provide the ES with contextual
information which is not available in the telemetry, such as information about recent
commands made to the spacecraft. (This control has not yet been implemented.)

INFORMATION NAVIGATOR

The Information Navigator (iN) provides a highly integrated library of information about
the satellite, including text, graphics, sound, and video. The ASW architecture supports a
close coupling between the iN and DM in the form of “orientation command” and “display
request” messages. “Orientation commands” allow the ES to control documentation
displayed by the iN, while “display requests” allow the iN user to easily cause the DM to
show telemetry relevant to the parts of the documentation he is reading. “Display request”
messages are a planned ASW-II enhancement.

ADDITIONAL CLIENTS

The ASW-II client-server architecture permits additional TS “clients” to be added to the
system. Figure 1 and 2 show how additional “clients” would interface to the TS. As an
example: if IDL™ (commercial data visualization software) were to be more tightly
integrated into ASW-II, this might be done by creating a separate client to translate IDL™
data requests for the TS, and to convert TS responses into IDL™ form. Such a client 



would very likely also have a control and status interface to the DM, which serves as the
central control point for the entire system.

HARDWARE ARCHITECTURE

Figure 3 is a block diagram of ASW-II showing its logical configuration. Figure 5 shows
the physical configuration of the hardware.

The ASW-II Front End consists of a VME™ back-plane, SPARC-1E™ CPU, disk
controller, two 660MB SCSI disks, a “Decommutation” board from Berg Systems, and a
“Time Code Board” from Bancomm. The Decommutation board accepts bit-synched
decrypted data on an RS-422 connection and delivers subframes to the CPU. Each
subframe arrival triggers a processor interrupt which reads the Time Code Board and time
stamps the newly arrived subframe.

The front end is connected by Ethernet to the Analyst Workstation, which is a Sun
SPARCsystem 2, with a total of 2.4 GB of disk, a CD ROM drive, cartridge tape, and a 5
GB Exabyte™ tape drive. Note that the Front End does not have a tape drive; backup and
archival of data from the Front End is done over the Ethernet to the Exabyte™
tape drive on the Analyst’s Workstation.

The Analyst’s Workstation is connected by a second Ethernet to a Macintosh with SCSI
disks and CD ROM, as well as to a laser printer and a high quality postscript color printer.
Note that the two Ethernets are completely separate; the one between the Front End and
the Analyst’s Workstation is referred to as the “real-time” Ethernet, while the other is the
“non-real-time” Ethernet. The separation was a design decision to ensure real-time
telemetry data does not contend with non-real time traffic such as print jobs.

SOFTWARE ARCHITECTURE

Figure 4 shows how software functions are allocated to the hardware. As indicated, the iN
is resident on the Macintosh computer and is described in [2]. This section describes the
most important features of the software architecture for the TS, DM, and ES.

TELEMETRY SERVER ALLOCATION

The “Telemetry Server” function is divided between the Front End (FE) and the Analyst’s
Workstation (AW). The FE operates the telemetry hardware, accepts subframes and time
stamps them, stores them in a disk archive, and also sends them over the real-time
Ethernet. The FE also maintains a “contact directory” of all stored data. This is used to 



quickly locate data, and to help the user associate contact periods with time intervals. The
contact directory distinguishes test data from actual satellite pass data.

A request for previously stored data specifies a time interval or a set of contact periods.
The FE portion of the TS is responsible for locating and recovering stored subframes
whose time stamp falls into the specified interval.

Data, both real-time and archived, is sent from the FE to the AW over the real-time
Ethernet, in the form of time tagged subframes.

The portion of the Telemetry Server in the AW accepts these time tagged frames and
manages a cache of such frames. In response to requests from clients, this portion of the
telemetry server decommutates frames, converts data to engineering units, inspects for
out-of-bounds conditions if needed, and operates the “stream” mechanism described in
more detail below. In addition to the stream mechanism, the AW portion of the TS
maintains a “current value table” of the most recent values of the real-time downlink,
available to all of its clients.

The FE has three ways to send data over the real-time Ethernet:

1. During a pass, the real-time telemetry is sent using the UDP protocol, with a
broadcast address.

2. Data previously written to disk is sent using the TCP protocol, when requested.

3. A “replay” mode allows data previously written to disk to be played back and sent
over the Ethernet as though it were being received in real-time, using UDP and at
the normal downlink rate.

These choices are carefully made for a number of reasons, including operations with more
than one AW per system. (See Figure 6.) Using the UDP protocol for the real-time data
allows the FE to service multiple AWs without additional load on either the FE or the
Ethernet. Broadcast is appropriate, since during a pass each Analyst at an AW will very
likely be looking at some part of the real-time telemetry, and will want to receive the
real-time data.

Consider telemetry data previously written to disk. An analyst will want to see this, for
example, to compare current behavior with previous behavior, or to look at long-term
trends. Even if there are multiple analysts, only one will be likely to ask for some
particular data at a given time. Furthermore, if the data is being read off disk, there is the
danger that the reader in the FE may be able to read it faster than the receiver in AW can



process it. In this case, the TCP protocol is appropriate. The TCP flow control takes care
of the problem of the reader overrunning the processor. Since there is only a single
receiver, the non-broadcast nature of TCP is not a problem.

The “replay” mode allows for testing or demonstration of the system when a pass is not
actually in progress.

WHERE TO DECOMMUTATE

In this framework, there is a choice of where to perform decommutation:

1. Perform decommutation in the FE, and send individual measurands over the
network, or

2. Send subframes over the network and let each AW perform decommutation.

We have taken the second choice, for the following reasons:

a. The process of decommutating, converting to engineering units, labeling and
time-tagging individual measurands expands the number of bits of data by a very
large factor. This expanded data would have to be sent over the network, if we took
the first choice.

b. If we took the first choice, then the FE would have to decommutate all the
measurands or at least all measurands needed by all of the AWs in the system. If the
front end has the power to do this, then surely each AW has the power to
decommutate the (perhaps fewer) measurands which it needs. Since the AWs in our
present system have more power than the FEs (SPARC 2 vs SPARC 1), the second
choice is appropriate.

c. As more AWs are added to the system, each AW provides the processing power
needed to service its requests, reducing the incremental additional demand on both
the FE and the network and contributing to the overall scalability of the architecture.

Trades like the above can be re-opened for future implementations. For example, it would
be possible to develop an ASW-II implementation where the FE and AW CPUs co-existed
in a single VME cardcage, with backplane based interprocessor communications. This
might lead to a different partitioning of responsibility between FE and AW. Since the FE
and AW CPUs are binary compatible, software modules may be migrated with minimal
development effort. This ability to rearchitect the HW and SW configuration from a very 



small single VME cardcage to a system with many analyst positions is a key ASW-II
feature.

STREAMS

The ASW-II architecture employs a we have termed “streams” to allow clients to access
telemetry. An example will describe the concepts most easily. Figure 7 and the
accompanying text illustrate the concepts of streams and derived measurands. Streams
provide a simple yet powerful abstraction for the TS and its clients. Use of streams
provides a clear client interface and insulates clients from telemetry detail.

The “streams” description should be understood as the conceptual basis for the client
interface to the Telemetry Server, not as describing what is actually “inside” the TS. The
TS does not actually build internally each of the stream structures described above.
Instead, as the client calls are made defining new streams, the TS builds up data structures
defining the relations between the old and the new streams. Then, as basic telemetry
measurands arrive, each arrival flows through the TS data structures, finally “kicking off”
the delivery of some measurand or derived measurand to a client.

The streams mechanism is extended up to the (human) user interface at the Display
Manager, in the sense that the user is allowed to define new derived measurands and
display them while the system is running. The user selects basic measurands and
operations (out of a large repertoire), to define new derived measurands. In response, the
Display Manager makes the corresponding calls to the Telemetry Server to define the
necessary derived streams. As discussed later, mechanisms are available to permit the user
to save configurations thus defined, including derived measurands.

The detection of Limit-Breached conditions (measurands which are outside of their
expected limits) is integrated into the Streams concept. In addition to the “basic” stream
defined for each measurand, the Telemetry Server also makes available a “Limits
Breached” stream which consists of precisely those occurrences of measurands which are
outside of their expected limits. Note that the “basic” streams are homogeneous, in the
sense that each item in a basic stream is an instance of the same measurand, while the
Limits Breached stream is heterogeneous, in that different measurands will occur in this
stream as they move outside their expected limits.

THE TELEMETRY RECORD

In the satellite world, a “contact” or “pass” is a period during which an antenna is pointed
at the satellite, and data is being received more or less continuously, with the exception of
temporary dropouts and interruptions. (There are also analogous test and training periods.)



It is common to organize the stored satellite telemetry data in terms of these distinct
passes.

ASW-II uses a different method of organization. The stored data from one satellite is
viewed as a single continuum, extending from the earliest to the most recent data, with
gaps of various sizes where data is not available. As a result, the user can ask to see the
graph of the satellite frammis temperature over the whole lifetime of the satellite, a large
time interval, or a small time interval, all with the same commands, and without specific
preknowledge of pass times. See Figure 8.

The user need not explicitly deal with beginning, ending or labeling pass records The
behavior is simply this: when telemetry comes in and archiving is enabled, the telemetry
data is stored. There is a facility to allow test or training data to be stored in a different
location from “real” data, so that test or training data is not displayed intermingled with
real data.

Internally, the telemetry is stored (using the FE file system) in files whose organization is
resource efficient and convenient to the programmer, without reference to any notion of
“pass”. The FE maintains a contact directory containing time periods for which real or test
data is stored on the real time disk. When the user requests data and specifies a time
period of interest, DM uses the directory to display data availability periods to the user.
The directory also contains file system pointers, allowing the FE to quickly satisfy
archived data requests. Figure 10 shows the user “calendar” interface used to select data
periods, associate these with passes. and allow the user to select specific passes within the
time period of interest.

THE DISPLAY MANAGER

The Display Manager has been designed to maximize the available bandwidth of
information to the operator, while providing very flexible control. Most operations can be
performed via mouse selection, with “pop-up” windows or text widgets for situations in
which text input is needed.

Them are five primary display types:

1. Graphs, including strip charts (measurands vs. time) and scatter plots (measurand vs.
measurand)

2. Tables (measurand current value tables)

3. Limits-breached messages



4. Reasoner messages (expert system output)

5. Spacecraft Processor Memory dumps

Figure, 9 shows the general layout of the display. The left column of the display provides
“global” status and control. This includes data acquisition status and control, satellite
subsystem health, choice of main display type, access to tools, and global graph control.
The main display area uses most of the available area, while the left and right secondary
display areas are smaller.

Figure 11 shows a typical display. In this display, the operator has chosen to use the main
display area for graphs, while the left and right secondary displays show a tabular display
for the power subsystem. Reasoner messages may also be shown in either the main or
secondary displays. The configuration can be changed by the operator in real time. Each of
the available displays is discussed below.

Graphs

One to four separate graphs can be displayed at once, each showing multiple measurands,
with color distinguishing “normal”, “yellow” and “red” conditions. The usual graph shows
time on the horizontal axis and one to eight measurands on the vertical axis (strip chart). In
addition, the user can ask for a graph with one measurand on one axis and another on the
other axis, with changing time indicated by color (scatter plot). Figure 11 shows both strip
charts and scatter plots.

Independent controls are provided for each graph. These controls allow the user to specify
a time period, scroll rate, and time window width separately for each graph. In addition,
the user can change the measurands being displayed, their color, and the vertical scaling.
The user can also define new derived measurands to be added to a graph.

Time can move forward at the real-time rate, for real-time displays. The time motion can
also be paused, scrolled forwards and backwards, and the scale enlarged. Since each graph
has independent controls, both real-time and archived data may be viewed simultaneously
on adjacent graphs. The time controls of the separate graphs can also be locked together to
synchronize the displays.

Tables

Tabular displays provide a view of the Current Values Table maintained by the TS. Entries
are color-coded to distinguish “normal”, “yellow” and “red” conditions. The user can 



select a subsystem for display, and can customize his displays by adding and deleting
measurands as desired.

Limits Breached

This is a display of the “Limits Breached” messages, which inform the operator of the
occurrence of out-of-limits conditions of measurands. It is color coded to distinguish
“yellow” from “red” conditions. An acknowledge feature is used to permit the user to
control the amount of repetition of these messages and prevent new out of limits conditions
from being overlooked.

Reasoner Messages

This display shows messages from the Expert System. The descriptive text of the message
is shown, color coded according to severity. These messages can be selected to control
data displayed by the DM and iN.

Spacecraft Processor Memory Dump

This display shows the most recently known values of memory locations for the two
processors on board the spacecraft.

Measurand Index

The UHF Follow-On satellite telemetry comprises thousands of measurands. In order to
allow the user to conveniently specify individual measurands, the Display Manager
provides a tree-structured index into the measurands, as shown in Figure 12. The tree is
structured by satellite subsystem, and the user is able to traverse this tree via mouse clicks.
This mechanism allows easy selection of measurands to be added to displays. A search
facility is also available permitting the user to find all measurands whose identifier contains
a given text string. This interface is used as the single mechanism for all measurand
selection in ASW-II, simplifying the user interface.

Custom Displays

As has been described, ASW-II provides the user with the ability to configure new
displays in a very flexible way. Once the user has configured a display to his liking,
ASW-II a name to be assigned to this display and its definition to be saved. Later on, the
display is restored simply by loading in the definition file. As an example, this allows a
power subsystem analyst to build up libraries of predefined displays, while an attitude
control specialist can build up separate sets of displays.



THE EXPERT SYSTEM

The expert system (ES) module in ASW-II serves as an intelligent telemetry assistant to
the user. In this capacity, it is able to request and monitor telemetry data without user
intervention, sending diagnostic messages to the DM as necessary (see Figure 1). Creation
of expert systems is a labor intensive task due to satellite system complexity and the
difficulties of knowledge acquisition. For the initial ASW-II implementation, we have
created a very general, architecturally integrated ES structure. In addition, we have
implemented knowledge bases focusing on the spacecraft Fault Protection hardware and
the attitude control system. The initial ASW-II rule base is approximately 200 rules. The
following sections discuss the expert system software, the Fault Protection checking
system, and the attitude control expert system.

Expert System Software

ASW-II uses the CLIPS™ expert system shell developed by NASA, version 5.0. We have
been very satisfied with this system, which is significantly more capable than previous
versions. In particular, the object-oriented data structures in 5.0 provide a substantial
improvement in data representation. For ASW-II, an important factor in the choice of
expert system software is programming and interface flexibility. In ASW-II, the ES plays a
cooperative peer role in a real time environment, and CLIPS™ with our interface
extensions has worked well in this role. The level of integration we have achieved in
ASW-II is due in part to the extensibility of CLIPS™ and the availability of source code,
permitting a more complete integration than if we had been limited to the object code of a
commercial expert system shell. In the ASW-II environment, resource usage is also a
concern, and CLIPS™ provides good efficiency. For ASW-II, a C language interface to
CLIPS™ provides mediation between the ES, TS, and DM. This interface contains
primitives which are callable from the right-hand-side of CLIPS™ rules. It currently
performs two functions. When the ES requests telemetry data, the interface coordinates the
request with the TS, converts received data into facts, and injects these facts into the
working memory of the ES. When the ES wishes to send a message to the DM, the
interface places the relevant data into a data structure recognized by the DM, and sends
this information to the DM using Unix sockets.

Fault Protection Checker

The UHF Follow-on satellite has an extended autonomy requirement. To meet this
requirement, the satellite design employs a Spacecraft Control Processor (SCP) which
monitors, reports on, and commands subsystems with the help of dedicated onboard Fault
Protection (FP) hardware able to conduct subsystem checks and report results to the SCP.
To help the operator understand and verify operation of the SCP, the ASW-II ES includes



a Fault Protection Checker (FCP). The FPC is an implementation of rules extracted from
the spacecraft Orbital Operations Handbook for the Attitude Control, Power, and
Spacecraft Processor subsystems. It operates during both normal on-orbit and autonomous
operations modes. This module notifies the user whenever the SCP (through telemetry)
reports an anomaly. In addition, the FPC uses telemetry values to independently verify
anomaly reports (hence the name, as the FPC is “checking the checker”). Both Type I
(error hypothesis accepted when no error in fact exists) and Type II (error hypothesis
rejected when an error condition exists) errors are addressed.

Attitude Control Expert System

The Attitude Control System (ACS) portion of the ASW-II expert system checks for 7
anomalies: earth sensor sanity; north and south wind drive position error, momentum
wheel speed error; body rate errors, attitude errors, and Earth not in Earth sensor. These
checks are implemented as sets of CLIPS™ rules. The rules are logically grouped to
correspond to tests the operator would be instructed to perform when following Orbital
Operations Handbook procedures.

THE INFORMATION NAVIGATOR

The Information Navigator (iN) provides online documentation to the user, with
documentation understood to include multimedia information. The iN is implemented on a
Macintosh computer using Hypercard™. In addition to allowing online information to be
browsed by the user and providing manual search capabilities, communication mechanisms
are provided which connect the iN, DM, and ES. The “orientation command” from DM to
iN allows the DM to signal the iN by sending a message in the form of “system,
subsystem, unit, component.” The iN processes this message by generating a list of all
sections in the documentation where this sequence is referenced. The user can then orient
the iN display by selecting an item from this list, causing the corresponding document
section to be displayed. Orientation commands were supported in a more limited fashion in
ASW-I. Orientation mechanisms are in place in ASW-II, and will be used as expert system
pointers are tied to the documentation. This will be done by adding to the ES diagnostic
message to DM an indication of the relevant “system, subsystem, unit, component”. The
DM will then pass this to the iN in an orientation command. In the case of the “Foo
exceeds Goo” diagnostic, the iN would then automatically display the portions of the
online documentation explaining why it is bad for Foo to exceed Goo.

See [2] for a more detailed description of the ASW-II Information Navigator and the
Timeliner planning tool.



IMPLEMENTATION

The SUN SPARCsystem 2 and the Macintosh run their manufacturer’s standard operating
systems. The Front End runs the the VxWorks™ real-time operating system from Wind
River Systems.

The ASW-II software is written in C, C++, and Ada. The Display Manager is built using
the TeleUse™ Graphical Interface tool. The Expert System uses the CLIPS tool,
version 5, from NASA. Interprocess communications are built on Unix System V
mechanisms.

ASW-II has been a rapid prototyping implementation by The Aerospace Corporation. The
initial configuration was developed and delivered in an 11 month period, and was
approximately a 3.5 man-year effort.

SECURITY

One of the features of the ASW-II system is its real time flexibility. The user can easily
define new measurands and displays, request archived data, and so on. This capability for
information access and control has been designed to maximize the delivery to the user of
relevant information. However, the very ability to respond to users’ changing information
needs also raises configuration management concerns.

There are many aspects to the maintenance of configuration. When a user calls up a
predefined display, the user should be assured that he will get the expected display, and
not a slightly different display as modified by some previous user. Similarly, definitions of
agreed-upon derived variables should be protected against being changed without
authorization. Files of telemetry data should be protected against deletion or modification.
ASW-II program files must be configuration managed.

The ASW-II approach to reconciling the abilities of individual users with control of system
configuration is to provide sufficient configuration controls to enable operational
management to implement any desired security policy. The configuration controls are
primarily based upon the access controls provided with the Unix operating system. Unix
provides for individual user identifies, protected by passwords, and for membership of
users in groups. Data of all kinds, including data defining the system configuration, is
stored in files. The Unix operating system provides for different accesses (read, modify,
execute, or a combination) to a file for individual users and groups.

Specifically, in ASW-II each user logs on with a different identity (user id). All users
belong to the ASW_user group. A small number of users will in addition belong the



ASW_master group. Files defining system configuration will be readable to all users, but
modifiable only by users in the ASW_master group. Files defining personal variations on
the system, such as derived measurands defined only by a single user, are kept in the
private directory of that user. Source and executable files for programs are controlled via a
formal configuration management system (RCS) with checkout and version control.

In the Macintosh environment, the commercial AME™ access control package is used to
provide configuration and security controls.

OBSERVATIONS

We have two observations to make, both having to do with different aspects of the
electronic delivery of documents.

DOCUMENTS

The first observation has to do with delivery of documentation such as satellite handbooks,
design descriptions, and so forth. In the Information Navigator, documents must be
available not merely as scanned images, but as real character representations. (For
example, text must be searchable for key words.) Our previous experience in ASW-I
showed us that the process of scanning in electronic documents and converting them to
correct character representations is in practice extremely slow and error prone. In addition,
documentation must be kept up to date, to reflect the “as-built” satellite. Therefore it is
necessary to follow along as multiple revisions of the documentation are released. This is a
laborious task in any case, and becomes extremely difficult if scanning must be used for
input. In ASW-II we therefore restricted ourselves to documents which we were able to
obtain from the satellite manufacturer in electronic form. Unfortunately, this excluded
some of the most important documents, which were available only on paper. This
definitely limited the usefulness of the Information Navigator as initially delivered for this
program.

There now exist format standards for electronic delivery of complete documents, including
drawings. However, it is probably some years before we can expect to see this kind of
complete, standards based electronic delivery as a normal requirement placed on a
manufacturer. However, we believe that at this time it would be reasonable to require that
all documents, excluding perhaps some diagrams, be delivered in some electronic form in
addition to the paper delivery. While non-standard formats may require some conversion
effort, this requirement would be sufficient for our needs.

While we are thinking about the future, it is worth looking farther ahead. At some point in
the future, it may become normal to require a manufacturer to deliver his product



information not as a “document”, whether paper or electronic, but as some form of
hyper-information. After all, it is common now that the contract for the manufacture of a
high-technology product like a satellite requires the manufacturer to supply the
informational material needed to operate and maintain the product. If it becomes normal
for this kind of information to be presented to users in a hyper-information form, then it
will be natural to expect the manufacturer to produce his deliverable information in such a
form.

TABLES

The tables describing the satellite telemetry -- how the individual measurands are found in
the downlink stream -- stretch over literally hundreds of pages of numbers and symbols.
These table were also delivered on paper. In this case, Aerospace was fortunate enough to
obtain electronic copies of most of the information. However, we found that although these
tables looked very computer-ready, they in fact had numerous small irregularities that had
to be discovered and resolved by human inspection. We spent a considerable amount of
time discovering these inconsistencies and removing them, to prepare the data for
incorporation in ASW-II.

We believe that it is entirely reasonable today to require all major tabular information to be
delivered by the manufacturer in a “consistent electronic form”. We believe this would
save a considerable amount of wasted effort and would greatly reduce the number of
problems which are presently resolved during expensive rehearsals.

SUMMARY

ASW-II represents the latest in a series of operational prototypes developed by the
Aerospace Corporation. In the course of these developments, we have matured our
concept of a Decision Support Environment for satellite control. Our early work focused
on expert systems. ASW-I and ASW-II have broadened that focus to create an integrated
environment for the user. The underlying software architecture includes a sophisticated
telemetry server, expert systems, advanced data displays and user interface mechanisms,
and integrated media information systems. These components are tied together using Unix
interprocess communication facilities. The resultant architecture augments the capabilities
of the human operator rather than attempting to replace him.

ASW-II illustrates the power of the rapid prototyping paradigm as well as the value of
operational prototypes. ASW-II was developed in less than a year to provide very
ambitious capabilities. By deploying such low cost operational prototypes in a user
environment, we are able to provide new capabilities in a non mission critical mode while
simultaneously obtaining valuable operational feedback. This feedback will guide the



evolution of future advances in workstation architectures. In addition, lessons learned from
systems such as ASW-II reduce the difficulty in specifying requirements for advanced
operator consoles. By reducing errors in specification and communication of requirements,
operational prototypes am playing a valuable role in the acquisition of new ground
systems.

REFERENCES

1. Hamilton, M.J. and Sutton, S.A., “An Integrated Workstation Environment for
Operational Support of Satellite System Planning and Analysis”, International
Telemetering Conference, Vol XXVI, 1990.

2. Sutton, S.A. and Yu, C.S., “Integrated Media Technologies for Satellite Decision
Support Systems”, these Proceedings.



Figure 1. ASW-II Architecture

Figure 2. Client Interface with Telemetry Server



 Figure 3. ASW-II Hardware Configuration

Figure 4. ASW-II Functional Allocation



Figure 5. ASW-II Hardware



Figure 6. Multiple Analyst Workstations



 Suppose that Foo and Goo are two measurands. We suppose that Foo and Goo are
“primary” measurands, in the sense that they are actually found in the downlinked
telemetry from the satellite. The basic Foo stream as seen by clients consists of a sequence
of time-tagged values of Foo:

(tf1,f1) (tf2,f2) (tf3,f3) ...

with a similar stream for Goo. Such streams are shown conceptually in a, b.

We suppose that some client (e.g., the display manager) is interested in a “derived”
measurand FGR (“Foo/Goo Ratio”) defined by

FGR = Foo/Goo

To get the derived measurand FGR, the client first makes a call to the Telemetry Server
which defines a merge of these two streams (c). Since we do not have values of Foo and
Goo at the same times, some form of interpolation is necessary. In the figure, g1' is the
value of Goo interpolated at the time tf1, and so forth. The interpolation process must also
decide when the nearest actually observed values of the measurand are too far away to
allow interpolation to be done. Having defined the merged stream, the client then makes a
further call to the telemetry server to define a new stream, which is the result of applying
the division operation to the Merged stream (d).

Figure 7. Streams producing a Derived Measurand



Figure 8. Views of the Telemetry Record

Figure 9. General Display Layout



Figure 10. Calendar Interface



Figure 11. Typical ASW-II Display



Figure 12. Tree-Structured Index into Measurands
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ABSTRACT

Chart recorders currently in use on telemetry ranges are connected to telemetry processors
via a series of Digital to Analog Converters (DAC) systems. A new modular interface
system receives data directly from the processor broadcast bus and distributes them to up
to ten digital chart recorders. This interface is programmed from a computer to assign
individual tags to each one of the display channels. This system eliminates DAC’s and
patch panels. It simplifies display system operation, speeds up transition from test to test
and reduces maintenance costs.

INTRODUCTION

Since the early days of Telemetry Data Acquisition and Processing, Chart Recorders have
been a critical component of every Telemetry Data Display System. They provide a real
time display of selected telemetry data channels as well as an immediate hardcopy that can
be interpreted by analysts and system operators without delay, during a test.

These early Recorders were electro-mechanical devices driven by analog amplifiers.
Digital Telemetry data had to be converted to analog to generate the recorder input signals.
In recent years, many Telemetry Systems have received a new generation of Chart
Recorders, called Array Recorders. These devices have a digital architecture. They
convert analog input data immediately after a front end signal conditioning and process
these digitized data in real time to generate a continuous chart format with analog traces,
grids and text.



The opportunity to directly connect this type of recorders to Telemetry Systems has been
quickly recognized as providing significant advantages. A first installation of this type has
been realized with the TIPS system, at Vandenberg AFB, in 1978. This setup has been
proven over many years of use and has been recently upgraded with new Chart Recorders
and a direct digital data interface to the System [1].

Until recently, only a few large scale Telemetry Systems have implemented such a scheme.
In general, the cost of developing an interface that would match the recorder input with the
System output, appeared to be too high in relation to the immediate benefits. This is due in
large part to the lack of standardization between Telemetry Systems.

This paper presents a solution that removes DAC’s and patch panels, connects Chart
Array Recorders digitally to the System and can be adapted to all Telemetry Systems.

TYPICAL TELEMETRY PREPROCESSOR LINK TO CHART RECORDERS

A typical Telemetry Preprocessor has one or more Output Modules (POM) that is
connected to Chart Recorders analog inputs via Digital to Analog Converters (DAC’s).
DAC’s generally output data with a fixed settling time and a full scale voltage of 5 or 10V.
Because of the presence of analog circuitry at both DAC’s and Chart Recorders,
calibrations before and after a test are required with an operator intervention to perform
visual checks and adjustments.

The POM is a user configurable digital interface that broadcasts both Data and Tag
simultaneously. The digital interface is generally suitable for long distance so that Chart
Recorders can be located in a room adjacent to the Preprocessor.

UNIVERSAL TECHNOLOGY INTERFACE (UTI)

The UTI is a programmable, modular interface system composed of a card cage with an
independent power supply, one input module (IM) and up to ten output modules (OM). It
is configured as a standard 19-inch rack-mount unit. It is connected directly to the
Preprocessor broadcast bus via one of its POM’s and does not require any modification of
the POM hardware or software. Each OM is in turn connected directly to the Digital Data
Input of a Chart Array Recorder.

Interface system card cage

The interface system card cage holds up to ten output modules plus the input module. It
has a power supply designed to supply power for the maximum configuration
(11 modules). The cage contains a backplane for communication between the input module



and the installed output modules that supply the interface function for each Chart Recorder
Digital Data Input.

UTI Input Module (IM)

The UTI input module (IM) takes the first slot of the card cage. It receives digital data
from the preprocessor output (POM) and buffers it. It also contains the UTI IEEE488
interface port. The input module (IM)/controller sets all TAG addresses in each of the
interface output module (OM) cards. When the controller gets address commands, it takes
the individual output module off-line, executes the commands then releases the OM. The
controller board contains all intelligence in the system other than TAG validation which is
handled by the individual OM cards. The data and control busses are totally separate so
that the control functions do not interfere with system data throughput.

UTI Output Module (OM)

The UTI Output Module (OM) takes one slot of the UTI card cage. Each OM is connected
to one standard 8-channel Digital Input Module inside a Chart Recorder. It sends data that
has been recognized as valid for one channel of that Input Module. If the Chart Recorders
contains two or more Input Modules, each Input Module is connected to a different OM.

The UTI Output Module accepts 16 bit wide data words and 16 bit wide tag words
simultaneously. The unit latches in any word on the input bus whenever the bus attention
strobe goes high. The interface then determines if the tag is valid for any of the data
channels in that Digital Input Module. If the tag is valid, the interface converts it to the
appropriate Digital Input Module channel address and passes the data to the Digital Input
Module. Valid tags are specified by the IM under computer control through the UTI
control interface. The UTI can change channel tag addresses in real time under computer
control.

BENEFITS OF THE UNIVERSAL TELEMETRY INTERFACE SYSTEM

No Manual Calibration and High Accuracy - These benefits are derived from the use of
digital data inputs instead of analog. With digital inputs, there is no drift, no inaccuracy, no
lack of linearity and no noise. Digital data inputs generally feature 12-bit data resolution,
which exceeds the display capability of typical chart formats.

Up to 80-channel Capability - The Universal Technology Interface System (UTI) has a
capability of up to 80 analog and 80 discrete channels. A typical modern Preprocessor can
receive up to three output modules, each connected one UTI, providing a capability to 



generate the display of up 240 analog and 240 discrete channels. This corresponds to the
needs of a large scale Telemetry System.

Modular System - UTI is composed of a card cage that can receive one to ten output
modules providing a capability of 8 to 80 channels, in increment of 8. The system input
module and output modules are plug-ins that can be readily installed if the system
configuration needs to be modified or if maintenance is required. As a result, UTI can be
configured for a wide range of Telemetry System sizes.

Programmable Tag - The tag of each display channel can be independently programmed
to anyone of 65,536 values via a standard interface (IEEE-488). As a result, there is no
need for the Preprocessor to assign a special address to the channels selected for chart
recording. Tags used for each channel within the Telemetry System can be readily
interpreted. In addition, the same data channel can be displayed on several Chart
Recorders if desired.

Programmable System - A single controller (PC or other computer) can be used to
control the UTI and the chart recorders connected to it via the same IEEE-488 bus. The
maximum configuration would include 11 devices (UTI plus ten 8-channel Chart
Recorders) on the same bus, which is well within the range of the standard (15 controlled
devices maximum).

High Bandwidth - No overhead is required for interpretation of tag information. The
system can run at a maximum throughput of 500,000 data words per second. As a result,
each channel can be updated at a rate of 6,250 per second (when all channels are updated
at the same rate and when system is configured with 80 channels). This rate is almost four
times a typical array recorder print rate of 1,600 per second. If this rate of 6,250 per
second is actually used for updating each channel, traces would be generated using the
recorder peak capture feature.

Compatibility - The UTI System Output Module is compatible with several types of
Recording devices, including Gould TA4000 and ES2000. This provides capability for use
with different chart formats and for expansion with a real time high resolution color display
system, if desired. Chart formats available include 11-inch, 15-inch and 22-inch.

CONCLUSION

The Universal Telemetry Interface for Chart Recorders provides a very cost effective
alternative to the use of DAC’s and analog inputs, when upgrading an old System with
new Digital Array Chart Recorders or when installing a completely new System. Cost
effectiveness resides both in investment required (as an alternative to new DAC’s coupled



with analog inputs) and operation and maintenance. Its modular concept allows for easy
customization to Telemetry Preprocessor hardware and System diplay requirements
(number of channels). Providing a means to assign any data channel to any display or
recorder channel, it eliminates the need for patch panels and makes change over from one
test to another. Lastly, it contributes to optimize manpower needed to operate and maintain
Chart Recorders.
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ABSTRACT

The parallel processing technology has been widely applied
to many science and engineering technical fields, also to
telemetry. In particular, telemetry develops towards the
trend of large capacity, high rate, several data streams and
programmable formats. This sets a still higher demand on
processing for real-time multilexing telemetry data. On the
basis of analyzing of the characteristics of telemetry data
processing (TDP), the parallel processing conception and
methods are adopted, countering multiiple-channel data
streams of different objects, several architectures of
parallel processing for real-time multiplexing telemetry
data are presented. It makes better use of the concurrency
during the process of TDP and handles the telemetry
information effectively in every processing level of the
whole telemetering information processing system. The paper
shows the property comparison of these parallel processing
architectures and main features too. Experiments have
indicated that it is an economical and effective method to
improve the performance of telemetry information processing
system by using paralle processing architecture which is
based on concurrency of telemetry data processing.
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INTRODUCTION

Real-time processing of telemetry data, as the key link of
the telemetry information processing, its function is to



filter selected channel, reassemble fragmented words, merge
several data streams and time, convert data stream picked up
from the telemetry former sets, and to form the intuitional
and meaningful data, chart or diagram, then send these
measurements to relative systems and users respectively, in
addition, to file and store the measurements in a storage
device.

With the development of microelectronic and computer
technology, modern telemetry technology is also developing
towards the trend of large capacity, high rate, multiple-
channel data streams, and programmable formats. This sets a
still higher demand on the real-time processing of telemetry
data. The characteristics of TDP—diversified tasks, strict
correlationship between information and time, etc—demand the
whole telemetry information processing system must be
improved on the processing methods and hardware structure,
so as to meet the development of telemetry technology.

On the basis of analyzing the telemetry data processing and
adopting the conception and methods of parallel processing,
countering the simultaneity and concurreny during data
processing, this paper presents the hardware schemes which
are satisfied with high rate data stream processing. By
means of studying the processing methods of multiple-channel
telemetry data, the structure of telemetry information
processing is divided effectively. In the paper the main
features and the property comparison of these parallel
processing schemes are given.

CHARACTERISTICS OF TELEMETRY DATA PROCESSING

Just as digital signal processing modes are divided, the
processing of telemetry data also includes sample
processing, real-time processing and partial processing. The
task of TDP is to process variouse data, such as slow
time-variance parameter, fast time-variance parameter,
binary data, event, time, switch pulse and tagging service
data etc. With different methods of data compression, the
above processing tasks can filter the corresponding data
from the raw data and make engineering units conversion and
perform floating operation and high-speed frequency
analysis.

But if we think the whole course of a typical telemetery
application system, TDP mainly includes real-time,
quasi-real-time and post-event analysis and evaluation.



(1)Real-time processing refers to measuring the
important flight data such as flight situation
monitering and engine propelling status
parameters. The meaningful data determining
flight success or failure must be handled
immediately. To get results of this processing
timely and rapidly, we must adopt real-time
processing and partial processing to improve the
speed.

(2)Quasi-real-time processing refers to
performing the TDP immediately after flight is
over. Rapid processing is demanded but its
timeliness is slightly worse than real-time. Thus
we can adopt sample processing.

(3)Post-event analysis and evaluation processing
refers to the overall, large and reliable data
processing which can evaluate a flying vehicle
comprehensively, we can adopt sample processing
and partial processing.

Besides, TDP has the characteristics of strict correlation
between information and time and diversification of the
tested parameters. So the correlation must be maintained in
the TDP. This also determine the versatility and complexity
in the processing methods of telemetry data.

THE PARALLEL PROCESSING ARCHITECTURE OF REAL-TIME
MULTIPLE-CHANNEL TELEMETRY DATA

In order to process the high-rate data streams, electronic  
components and minicomputers need developing more greatly
and different level concurrency should be used in the
architecture of real-time multi-channel TDP. They can gear
up each other.

We know, as long as there are time-overlapping and
concurrency, two or more tasks -- either the same or not --
can be finished in the same time or in a same intervel.
Because the parallel processing is an important way in
morden information processing and throughout the whole
course of the processing, it deals with a wide range of
fields such as algorithm, language, software and hardware.
We can use parallel processing in the telemetry computer
system and do arrangement of each task with hardware



architecture, so as to improve the concurrenlism of every
task. This is also an effective way to improve the
high-speed processing of real-time telemetry data streams.

1. The multiple-channel processing architecture on resource
replication

This architecture, which give credit for large quantity of
hardware, is a way to improve the processing speed of
telemetry data greatly. In the whole course of TDP, we can
deal with the different physical parameters in different
way. It shows that the architecture is multiple-processing
units and multiple-memory components, as shown in Figure 1.

As shown in the block diagram, the parallel output data from
frame sync and word sync are put into the channel-selector
simultaneously. Based on the channel position of physical
parameters in the frame and sub-frame, the channel-selector
can select the appropriate processing unit (altogether N
units), finish the engineering-units conversion, display and
store the meaningful data separately. The channel-selector
is composed of multiple-channel switches, programable
counters and control circuits. The processor is made up of
intelligence processor or non-intelligence processor which
has the same function.

This processing architecture based on resource replication
has high processing speed, but its hardware system
architecture is very complicated. The performance-price
ratio of this TDP system architeture is lower unless the
price of hardware reduces greatly. It is hard to competent
the TDP of multiple-data streams.

2. The time-sharing processing architecture on resource
sharing

If time factor is introduced to parallelism conception, the
parallelism has concurrency. During the TDP, in accordance
with the different characteristics of the slow or fast
time-variance, speed binary, event, time, switch and pulse
parameters etc., we can sort data, send them to the
coresponding modules and handle with them. The processing
architeture is shown in Figure 2.

In this structure, the output data from the sync and word
sync pulse are fed to a memory buffer of time-sharing
system. The different property measurement parameters are



delivered to the special unit of memory buffer. In the same
time each slow-variance parameter processing module,
fast-time variance parameter processing module, event, time,
switch and work status parameters processing module and
tagging service processing module are connected to the
memory buffer through the high-speed bus. Then a distributed
processing system are formed depending on less concentrated
software, hardware and data. In fact, by diverging through
the memory buffer, the speed of data which come into each
module is decreased. The real-time processing of high-rate
data streams can be realized. This kind of time-sharing
processing structure on resource-sharing has such
characteristics as high flexibility, presetable conversion
parameter and compressing gate. But it demands large
handling capacity and high speed memory buffer. Otherwise,
when the multiple-data streams are lumped up together and
tagging service is added into the data streams, the data
stream capacity expand so it is easy to leave the memory
buffer to be narrow-pass that restrict the module processing
speed and handling capacity.

3. The pipeline processing architecture on time overlapping

In the light of the relative independence among the
real-time processing tasks of telemetry data, we can divide
the tasks according to their functions. A task can be
devided into several contact parts by functions. In this
architecture, each function module fulfils different task
which don’t replicate in resource. Figure 3. is a principle
diagram of the pipeline processing structure based on
time-overlapping.

In this kind of structure, when we divide the grades of
processing, we should make the accomplishment time of every
grade close and decompose the function module by their
processing time properly. In order to balance with each
function module matchable, we can merge some modules with
shorter processing time or decompose some module with longer
processing time. At the same time, in order to work with the
continous and stable data flow among the every function
module in the processing architecture, we set up buffers
between each module. For this kind of TDP structure to work
continously and stably, it’s required that the high-speed
data supplying capability of the buffer and the handling
capacity of the pipeline be matched. So we adopt
memory-sharing to communicate among modules.



This kind of pipeline processing structure has the
advantages of excellent flexibility and simple hardware
systerm structure. But its processing speed is lower than
the two structures mentioned above. It suited to multi-data
streams processing.

4. performance comparision to the three schemes

Table 1. displays the perfornamce comparison to these three
schemes, the comparison is in general. We must adopt the
corresponding structure to meet the particular TDP,
different conditions, different telemetry application
targets, different application occasions and the quantity of
measurement parameters. We can put them together to improve
the degree of parallelism greatly, thus make real-time
multiplexing TDP more effectively.

CONCLUSION

This paper introduce three kind of real-time multiple-
channel telemetry data processing (TDP) architectures; the
multiple-channel processing struture based on resource
replication, the pipeline processing structure based on time
overlapping and the time-sharing processing structure based
on resource-sharing. But they don’t repel one another. In
modern telemetry computer system design, we can utilize them
comprehensively to get the complementary effects.

Using parallel processing structure, we can easily make
arrangement of the processing tasks with system
architecture. Thus the parallelism of every task can be
improve greatly. So the system has the property of high
handling capacity and short response time. For its
modularization design and standard interface, it is easy to
expand and adopt the latest VLSI technology rapidly. So the
systems performance-price ratio can be increased.
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Table 1. Performance Comparision. of Three Schemes

      Structure Multipl-Channel Time-Sharing Pipeline

Function   Architecture   Architecture   Architecture
 Processing   Processing  Processing

Realization   Resource    Resource   Time
Way   Replication    Sharing   Overlapping

Hardware System   Complex    Middle   Simple

System   Bad    Good   Good
Flexibility

Function   Difficult    Easy   Easier
Modularization

Processing   Highest    Higher   High
Speed

Expanding   Bad    Middle   Good
Performance

Several Data
  Streams   Bad    Bad   Good
Adaptability

Figure 1. Multiple-channel Processing Architecture



Figure 2. Time-sharing Processing Architecture

Figure 3. Pipeline Processing Architecture

 



A BRIEF LOOK AT DELTA MODULATION
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ABSTRACT

The principle behind delta modulation systems is introduced. Having developed the
principles of delta modulation systems, a system that performs delta modulation is
developed and tested to see how well the system performs by using sinusoids and speech
as the input to the system. This is then followed by a comparison of delta modulation and
pulse code modulation to show that, overall, delta modulation is better than pulse code
modulation.

INTRODUCTION

In this report, the concept of delta modulation will be discussed. The design and
implementation of a delta modulation system will be discussed along with the results of the
implementation of such a system. Put simply, delta modulation achieves the digital
transmission of baseband signals (voice) without the use of conventional analog to digital
and digital to analog systems found in pulse code modulation which require a high degree
of sophistication where hardware is concerned. Results will be based on the systems
performance when test signals of different frequencies are used as the input and ultimately,
when a voice signal is used as the input.

DELTA MODULATION

Figure 1 shows a signal to be transmitted along a communication channel via a digital
signal. Conventional methods such as pulse code modulation thus far have proven to be
expensive and cumbersome. These drawbacks have led some engineers toward a method
of digitally transmitting a signal of interest without the drawbacks of conventional systems.

By oversampling the signal of figure 1 and comparing it to a signal that is a close
approximation to it, an output pulse train can be generated that contains information
concerning the rate of change of the input signal and its amplitude. For example, figure 1
also shows an approximation of the signal of interest. As this approximation is being
constructed, it is also being compared to the input signal. The binary output corresponds to
a “one” if the input signal is greater than the approximation and an output of “zero” occurs
if the approximation is greater than the input signal. Each time a “one” is output, the



approximation signal is increased by “delta” units. When the output is “zero”, the
approximation signal is decreased by “delta” units; hence, the term “delta modulation”.
This toggling between the approximation signal and the input allows the approximation
signal to track the rate of change of the input signal through the use of a pulse train. This
pulse train is used to construct the approximation and is also the transmitted signal.

This signal is then used at the receiver to reconstruct an approximation of the input signal
using a decoder identical to the one at the transmitter; incrementing the approximation by
“delta” units if a “one” is received and decrementing the approximation by “delta” units if
a “zero” is received. A long sequence of “ones” would correspond to a high rate of
increase while a long sequence of “zeros” would correspond to a high rate of decrease.
Subsequent low pass filtering removes unwanted noise in the signal and provides a
smoothing effect on the overall output signal at the receiver. Figure 2 shows the output
pulse train that would occur if a small constant signal were input to the system. The pulse
train would idly toggle between “one” and “zero” since at one point, the input would be
greater than no “delta” units resulting in an output of “one”. This would be followed by an
increase of “delta” units in the approximation which when compared to the input, results in
an output of “zero” and a decrement of “delta” units in the approximation and the process
continues as fast as the sampling frequency.

A condition that can occur which is an inherent problem in delta modulation is slope
overload. This condition occurs when the amplitude of the input signal changes at such a
high rate that the system cannot keep up with it and cannot generate an approximation to
this high rate of change. This happens because the system is designed to only be able to
change “delta” units per clock interval while the input signal could change many more
units in positive or negative direction per clock interval so that the slope of the input “runs
away” from the slope of the system. This condition can be treated by using double
integration schemes or by using adaptive reconstruction schemes that allow the
approximation signal to increase or decrease by more units than the original scheme.

DESIGN AND IMPLEMENTATION

THE ENCODER

The final block diagram design is shown in figure 3 so that reasons for the design of each
stage could be cited. At the very beginning, research in the field led to the use of a unipolar
binary signal instead of a bipolar signal since the decay of voltage from a capacitor is
similar to the charging of a capacitor to a negative voltage. The results of using this
scheme were a decrease in complexity and a more positive dc offset in the output which is
easily taken out with the use of a dc block capacitor. The 555 timer was used as part of the
sampling network of the system. It was designed to be operated as an astable multivibrator



with a clock pulse frequency of approximately 60 kHz and an 80% duty cycle so that it
could properly trigger the D-flip flop. At first, a half-rectified square wave with a
frequency of 60 kHz. was to be used but “ringing” at the transitions from high to low of
the pulse had the effect of triggering the D-flip flop more than once. Since one of the aims
of the project was to promote the simplicity of the system, the 555 timer was chosen to
satisfy part of this requirement. The D-flip flop completes the sampling network of the
system. In a sense it samples the semi-continuous difference signal provided by the
comparator. It samples the difference signal, be it a “one” or a “zero”, and holds it until
the next clock pulse.

The comparator at the front end performs the differencing of the input signal and the
reconstructed signal to give a sense of the rate of change of the input signal. It is
compatible with TTL logic and outputs a “one” if the input is greater than the
approximation, and it outputs a “zero” if the input is less than the approximation. The RC
network operates as the local decoder of the system. It is used as an integrating network
with a small time constant of about 500 microseconds to provide fast charging and
discharging of the capacitor as the output pulse passes through it.

Since the approximated signal output of the RC integrator has a dc offset from the use of a
unipolar scheme, it was necessary to add the right amount of dc bias to the input signal so
that the approximation may not always be greater than the input signal by the dc offset of
the unipolar scheme. At first a small bias was added to the input signal by using an
operational amplifier as a summing network which only partially solved the problem
because the dc level of the reconstructed signal tended to increase with the increase of
frequency. This would sometimes cause the comparator output to go high because either
too much dc bias was added to the signal or because the input frequency was too low so
that its dc offset was less than the dc bias that was purposely added to the input signal.

Some more time was spent on investigating this problem in which later designs were found
that addressed this problem. These designs called for the use of another RC network that
was tied to the output of the sample and hold network. This network however, could only
charge to the approximate dc value of the reconstructed signal so that it could then be
coupled to the input signal. In this fashion, the input signal and the reconstructed signal
were forced to have approximately the same dc offset. In the circuit in figure 3, one can
easily see that the Q output and the Q-bar output should have the same relative dc offset
value when put through an RC network. Resistors R , R  and capacitor C  serve as this1  2   1

network with a one second charging time constant between R  and C , and a two second1  1

discharging time constant between R  and C . This network found in the literature is called2  1

an idle channel stabilizer since it stabilizes the output of the pulse train by adding the
approximate dc bias of the approximation signal to the input signal so that a proper
comparison of the signals at the comparator could be made. Capacitor C  serves as a dc2



blocking capacitor so that the dc value of input single is only the one supplied to it by the
stabilizing network. Satisfying the requirement of simplicity, most of the elements in the
encoder turned out to be passive.

THE DECODER

The decoder at the receiver consists of an RC network identical to the local decoder at the
transmitter with a time constant of approximately 500 microseconds. This causes the same
approximation signal to be generated at the receiver. This approximation signal is then
input to a low pass filter with a cutoff frequency of approximately 3.2 kHz. which is where
many communication engineers agree that most speech content essentially ends. Figure 4
shows the design used for the decoder and figure 5 shows the frequency response of the
RC low pass filter used in the decoder. Note that again, all the elements are passive and
the requirement of simplicity is satisfied.

One could also make the observation that the reconstruction network is also a low pass
filter with a cutoff frequency of about 320 Hz. This means that at the output, signals with
components of frequency greater than 320 Hz. will become attenuated simply because of
the way in which they are reconstructed and that the same could be said about the input
decoding scheme. This problem has been addressed and can be treated with the use of an
emphasis filter at the encoder and the decoder. This would have the effect of keeping the
same overall amplitude response over the voice spectrum so that reconstruction won’t
have the effect of distorting the input signal. However, these filters would have called for
active elements in the encoder and decoder and would not have met the requirement of
simplicity as well as the passive filters.

SYSTEM PERFORMANCE

When the design was finally completed, a series of tests were performed to give an idea as
to how well the delta modulation system was performing. The tests consisted of using
several sinusoids of different frequencies as input to the system and observing the overall
output of the system and making meaningful measurements on the output such as total
harmonic distortion.

200 HZ. SIGNAL

Figure 6 show the first test signal used and the output of the system directly underneath it.
The reconstruction of the 200 Hz. sinusoid has the same frequency as the input signal and
is also scaled down. Figure 7 shows a section of the input signal along with a section of the
transmitted pulse train. Note that the pulse density is directly proportional to the rate of
change of the input signal. occasional dips in the pulse train correspond to areas where the



reconstructed waveform was greater than the input and it was necessary to lower the value
of the approximation so that it could track the input as closely as possible.

800 HZ. SIGNAL

Figure 8 shows the input with the reconstructed output directly underneath. The output
signal also has the 800 Hz. frequency of the input. At this point one can see that the
reconstructed waveform is beginning to look more like the charging and discharging of an
RC network since that is precisely how signal reconstruction is occuring. Figure 9 shows
some cycles of the 800 Hz. input along with a section of the transmitted pulse train. Note
that since the rate of change is more prominent, the density of the pulse train is more
pronounced. This causes the RC network to display the charge-discharge characteristic
seen in figure 8.

1200 HZ. SIGNAL

Figure 10 shows a 1200 Hz. input signal along with the reconstructed output of the system.
Again the charging-discharging behavior is observed in the output. Due to the greater rate
of change of the signal, the output pulse train seen in figure 11 is a little more pronounced
with less dips to provide for better approximation of the signal. Solid pulse trains with no
occasional dips would be characteristic of a system experiencing slope overload which
would call for a decrease of input voltage level or low pass filtering at the front end so the
signals with a high rate of change may be slightly attenuated or removed. Figures 6, 8 and
10 show the scaling effect on the output caused by the filtering effects of the
reconstruction RC network which were mentioned earlier. At this point, an emphasis filter
can be inserted so that the amplitude of the output signals may be kept almost constant.

TOTAL HARMONIC DISTORTION

With satisfactory visual results accomplished, it was decided that some qualitative
measurements should be made. Figure 12 shows the display of a dynamic signal analyzer
when used to make total harmonic distortion measurements. Figure 12 shows that with a
sinusoidal input signal with a frequency of about 200 Hz. the output signal of the system
had harmonic distortion of about 3%. Since some of the harmonic markers did not land
exactly where the harmonics were located when the measurement was performed, this
measurement could in actuality be about 5 or 6% keeping in mind that prior exerience with
the characteristics of the function generators has shown that their signals output also have
some harmonic distortion of about 2%. Figure 13 shows the same display for an input
sinusoidal signal with a frequency of about 400 Hz. At this frequency, the output signal is
calculated to have about 7% harmonic distortion which is relatively good for recognition.
Similarly, figure 14 shows the same display for an input sinusoidal signal with a frequency



of about 900 Hz. It shows that the calculated harmonic distortion at this frequency is about
9% which is also good for signal recognition. These qualitative measurements helped to
determine that under test conditions, the system was working satisfactorily.

SPEECH TESTING

Having performed all of these measurements which showed that the system was operating
satisfactorily, it was ultimately decided that since the system was designed to digitally
transmit voice, then a voice signal should be put into the system and listened to at the other
end. Therefore, the electrical signal from a microphone was amplified to a reasonable
level, from millivolts to volts, and fed into the system. The output was fed into a loss
amplifier to scale down the output signal and was subsequently fed into an amplifier
system with a loud speaker so that the voice message could be listened to. Despite the
researcher’s skepticism, the output message signal was quite intelligible. The system was
working beautifully although a slight hiss could be heard in the background which the
inventor of the system calls “granular noise” due to the “sandy” or “grainy” quality of the
output speech message.

DELTA MODULATION VS. PULSE CODE MODULATION

SIGNAL TO NOISE RATIO

Thus far, this report has shown with what ease delta modulation is performed and how
well one of the systems operates. However, another standard for comparison is needed.
Therefore, delta modulation will be compared to the conventional method of digitally
transmitting signals; pulse code modulation (PCM) which is quite a bit more complex.
Figure 15 shows the signal-to-ratio (SNR) versus output bit rate for pulse modulation,
theoretical delta modulation and experimental delta modulation. One can easily see that at
low bit rates, SNR for delta modulation is greater than the SNR for pulse code modulation
and that the two intersect at about 40 kilobits per second where the SNR for PCM begins
to exceed the SNR for delta modulation. Voice intelligibility is good for output bits greater
than 40 kilobits per second for delta modulation with little change in intelligibility past this
value.

GENERAL CHARACTERISTICS

Due to the large amount of samples needed for delta modulation, time division
multiplexing is not well suited to this type of system as it is to pulse code modulation
where the sampling rate is significantly lower. PCM has no dependence on the frequency
of the input signal while delta modulation systems can go into slope overload at high
frequencies and high amplitudes. Delta modulation requires no synchronization between



the transmitter and the receiver where synchronization is at the heart of PCM systems. It
also has high tolerance to errors. If 4 bits are lost during transmission in a delta modulation
system, the effects may go unnoticed, if the same thing were to happen in a PCM system,
the transmitted message would be of no use. Therefore, PCM systems require expensive
hardware to ensure that the probability of bit error is very low which also drives the cost of
such systems to high levels. It has been shown that by using some resistors and capacitors,
a clock circuit, a comparator and a D-flip flop, excellent results could be obtained from
delta modulation at little expense. Filter requirements for the systems are also very
different. PCM systems call for active filters with sharp roll offs which also have a high
price tag while delta modulation systems call for simple filters with simple requirements
and no sharp roll off requirements to meet.

CONCLUSION

The principle of delta modulation was presented to give an idea as to how this principle
may be implemented and used effectively for the digital transmission of speech. The
developement of a delta modulation system over the period of four months was then
presented along with its visual, qualitative and audio performance with test signals such as
sinusoids of different frequencies and human speech. The system was shown to operate
satisfactorily under all tests and was shown to be an excellent communication system.
Subsequent comparisons with pulse code modulation systems were made and also showed
that, in many respects, delta modulation was superior to pulse code modulation, the
“conventional” scheme of digital communications.
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ABSTRACT

Due to the complexity of real-time missions, an increasing number of participants, and the
critical nature of test missions, providing a reliable, versatile voice communication network
for mission support entities has become essential. A voice communication system has a
direct impact on the effectiveness of every mission and the safety of mission personnel.
Each participant must satisfy unique functional and operational communication
requirements. This paper addresses the functional, operational, and ergonomic aspects
associated with a voice communication system for the Central Control Facility (CCF) at
the Air Force Development Test Center (AFDTC), Eglin AFB, Florida. The
communication system was purchased from an Edwards AFB Digital Switch requirements
contract.

INTRODUCTION

Control functions required to support real-time testing at the AFDTC and involve aircraft,
munitions or multiple range facilities have been consolidated into the CCF. This
arrangement allows test engineers to be collocated with personnel who direct test aircraft
and control range instrumentation resources. CCF mission control rooms consist of control
and analysis consoles, test item and range instrumentation video displays, processed
telemetry and Time and Space Position Information (TSPI) data displays, and
communication links to range facilities. The CCF also houses a reliable and versatile
communications network for a variety of users, and is designed to support a diverse
spectrum of projects. The CCF generally supports eight to 15 missions a day and can be
completely reconfigured for dissimilar projects within 15 minutes.



The control console supports an aircraft controller and a range instrumentation director
(the mission director). The analysis console provides communication support for the lead
test engineer, the project officer, and either range safety personnel or other test engineers.
Each person has a dedicated user station and requires a unique setup and configuration.

CENTRAL CONTROL FACILITY COMMUNICATION INFRASTRUCTURE

Voice circuits are bridged and routed to the CCF through the telephone central office and a
microwave communications facility. The current method used to transmit the signals is
baseband over multi-twisted pair trunk cables. Future plans include utilizing D4 channel
banks for time division multiplexing of voice circuits to the DS-1 and DS-3 line signal
standards. The signals will be converted from electrical to light fiber at the DS-3 level. A
single DS-3 light fiber circuit will provide 672 time division multiplexed signals.

Two AT&T Digital Access and Crossconnect Switches (DACS II) make up the core
switching system.  The Eglin system configuration consists of one switch for routing and1

bridging unsecure (BLACK) communications and one switch for secure (RED)
communications. The digital switch supplies all bridge, broadcast, and point-to-point
circuit connectivity to the CCF. Telephone, radio, and full duplex voice circuits are
converted from analog signals into digital DSO signals  in Programmable Line Interface2

Unit (PLIU) channel banks and then multiplexed into a T1 signal before entering the
DACS II switch. The switch is non-blocking. A PC based computer provides a menu
driven control system for the system operations personnel. The system control software is
C code running under a UNIX operating system.3

All voice communication hardware is located in and operated from a dedicated
communication control room. The intermediate wiring distribution frame (IDF), voice
recorders, test equipment, RED and BLACK DACS II core switches, and communication
system control consoles are all located in this room. Riser cables connect other rooms in
the facility to the main communications room. Figure 1 provides a block diagram of the
communication system.

The primary interface to the user is an all-digital keyset , referred to as a Subscriber2

Terminal Unit (STU).  The STU consists of a 19" chassis and a separate 19"W x 3.5"H x1

1.5"D panel containing the STU control interface to the user. The STU provides 18
separate communication circuits, one intercom, a DTMF keypad for telephone dialing, and
user station functional control buttons. Figure 2 illustrates the front panel.

A number of different STU physical and operational configurations are available. Eglin’s
STU configuration provides 15 BLACK and three RED communication circuit interfaces.
STU functional and operational goals were designed not only to satisfy Edwards and Eglin 



Figure 1 - CCF Communication System

Figure 2 - Subscriber Terminal Unit

requirements, but provide the versatility needed to satisfy communication requirements at
other major test range facilities. The STUs are connected directly to the digital switch by a
copper and a fiber optic bidirectional TI circuit. Copper is used for the BLACK T1 and
light fiber is used for the RED T1.

USER REQUIREMENTS

Considerable effort has been invested to satisfy a wide range of user requirements.
Resident test engineers, range safety officers, and mission controllers frequently use the
facility, but other customers, such as contractors or government personnel who have a
requirement to run a single series of tests, do not use the CCF often enough to be adept in



complex console operation. In order to satisfy both types of users, the system must be user
friendly. Simplicity, ease of control, and assessment of the mode of operation are primary
issues. The consoles are heavily populated with keyboards, displays, and control switches,
so the less complicated the communication panel the happier the user (as long as
requirements are satisfied!)

A large number of controls are required due to the complexity of the user station. Extreme
care must be taken to ensure that all of the critical functions are either hardkeys or primary
functions on softkeys. Critical functions such as circuit selection and control have
dedicated hardkeys for choosing talk, listen, and off conditions for each circuit. Analog
rotation knobs control volume in headsets and the speaker system. The operator has direct
physical control (rotational) vs an automated push-button, resulting in greater sensitivity.
The DTMF keypad mimics a standard telephone instrument keypad and provides a
telephone and intercom dialing function. An adjacent keypad provides control of the STU
operational configuration. All user station functions are prioritized to determine which
functions should be primary/secondary softkeys or dedicated hardkeys.

The safety of test aircraft and mission personnel depend on the ability of the test director
to immediately assess the user station’s mode of operation and quickly select the circuits
required to control the mission. Each circuit at the user station contains dedicated displays
and indicators. The mode of transmit, receive, and off operation is indicated by
light-emitting diodes (LEDs), which function much like a multi-button telephone
instrument. In addition to indicating the mode, the LEDs blink to indicate voice activity on
the circuit and incoming ring activity. The blinking repetition rate differs for voice activity
and rings. Each circuit name is identified by a programmable eight character display,
which can be assigned circuit labels meaningful to the user.

COMMUNICATION SYSTEM IN A MISSION SUPPORT ENVIRONMENT

System issues such as versatile program control, system configuration assessment, signal
quality, and fault recovery are critical in a real-time environment. The system software
must provide a real-time command execution capability as well as an off-line mode that
will allow the system operators to generate command files for system setup.  The3

command file contents are coordinated with the project personnel and are generated prior
to the mission, providing setup validation and eliminating premission wiring errors. The
command file is available for lengthy or complex setup tasks.

The ability to execute real-time (RT) commands is also important and must provide a
speedy mechanism for modifying the operational characteristics of the user station and
route/bridge/disconnect circuits. RT commands permit users to make simple changes in the
system switching and operational configuration. The RT command mode must promptly



satisfy requests for last minute changes in the setup configuration, and control the
operational characteristics of the user station and the PLIU interface cards. The RT
commands also provide a work-around for hardware failures.

Due to a large number of circuits, complex bridging capabilities, and versatile user station
modes of operation, the system control software must easily assess system configuration. It
is essential for operation and maintenance personnel to know at all times the exact
operational configuration and health situation of each component in the system. The
network control system must provide status displays that give detailed information for the
operational program for each user station. In turn, these displays must provide information
concerning the programmed mode of operation for all of the hardware interfaces to the
radios and trunk. Status displays must also provide information concerning the routing of
circuits in the digital switch and the assignment of circuits into the bridges. The system
must provide health alarm indicators for loss of data links, loss of power, and box level
failures.

After the signal has been routed and bridged correctly, the next critical factor is signal
quality. The transmitted signal and the received signal must not be corrupted by the room
environment, switching and distribution mechanism, circuit bridging, or user stations. The
old rule “any breakdown in quality effects the overall effectiveness of the system” applies.
Fortunately, technological advancements in the digital audio switch have eliminated many
of the problems associated with analog switches. Analog perturbations such as crosstalk,
signal distortion, or level control have been eliminated by digitized circuitry.

All signals are automatic gain controlled (AGC) and adjusted to a common voice level
before they are converted to a digital signal in order to equalize volume levels. The
bridging of circuits is performed with special digital signal processing algorithms,
providing an excellent quality composite. Another signal quality enhancement feature is
idle noise suppression, which mutes the circuit if no voice is present. The result is a
noiseless network totally independent of the number of circuits in the bridge or the number
of channels enabled at the user station.

Signal quality can be affected by a high level of ambient noise, particularily that caused by
computer hardware cooling fans. A special headset microphone with a built-in noise
canceling circuit rejects background sound, significantly reducing noise transmitted over
the circuit.

System reliability and maintainability is crucial. Due to the critical nature and cost of
real-time testing performed at Eglin, the system must provide continuous fault-free
operation. An automated diagnostic ability to assess the health of the system must be
provided at all times. In order for the diagnostics to be operative, the system components



must be modular and replaceable without affecting other components and must not require
removing unit power. The system must not interfere with real-time support and should
provide confidence in identifying defective components. A true real-time support system
should also provide redundant hardware with automatic switch-over to a second power
source when a fault occurs. The DACs II design is redundant and is ideal for the real-time
environment.

SYSTEM INTEGRATION

Integration of a new communication system into a real-time mission support facility is a
delicate matter and must be executed without interruption to daily mission support. Facility
wiring, system cutover, and mission control console modification must all be considered.

The wiring support package will ultimately make the difference in ease of system
installation. If effort is invested in designing a simple wiring scheme, the benefits will be
reaped during installation. A good wiring scheme minimizes the complexity in wiring cross
connections on the distribution frame. To simplify cross connections, all hardware must
employ a common connector style and pin out. Connectorized terminal blocks, patch
panels, interface hardware, and the core switch all use fifty position champ connectors
with the standard pinout wiring. The aforementioned system is optimal for use of
off-the-shelf pre-made cables.

Changing an existing communication system to a new communication system is not a small
task. The cutover must not degrade signal quality, or interfere with or cause downtime to
the existing system. A number of different methods are available for system cutover. The
old system can drive the new system as if it were the feeder trunk for the new system, or
the new system could drive the old system. The incoming trunk circuits can be actively or
passively bridged to feed both systems. The method used to cutover the CCF incorporated
a transformer coupled active bridge, providing the least risk of mission support
interference.

Integration of the user station into the control room consoles is a challenge. The ergonomic
considerations dictated user station location. In Figure 3, the user station is located in the
angled section between the horizontal writing surface and the vertical face that contains the
CRT displays. This location satisfies accessibility and viewer requirements and does not
interfere with any other controls of the console. The wedge is designed so that the angle is
incident with the user’s viewing angle. The STU front panel dimensions are ideal for
locations with limited space.



Figure 3-CCF Mission Control Room

RED/BLACK SYSTEM CONFIGURATION

The secure communication requirements at Eglin consist of circuits to aircraft, ships, and
test range support facilities. All secure communications are transmitted using GRC-171
UHF radios. A KY-58 is the most common device used for encryption and decryption of
voice frequency communications. It is not feasible for the CCF to maintain a dedicated
KY-58 for each KY-58 on the range, so a switching configuration has been developed to
support secure communications. Figure 4 illustrates the connectivity between the RED and
BLACK systems

The 171 radios provide two ports-wideband and narrowband. The narrowband port
functions exclusively for BLACK voice communications and connects to a four wire
interface in a PLIU channel bank on the BLACK switch. The wideband port passes cipher
text through the BLACK switch and routes the signal to the KY-58 located between the
RED and BLACK switch. The KY-58 accepts the cipher text and converts it into baseband
RED audio. The RED audio then is routed through the RED switch to the STUs. A typical 



Figure 4-CCF Classified Audio

mission support configuration would be a STU BLACK channel connected to the
narrowband port and a STU RED channel connected to the KY-58 output. This
arrangement provides normal communication over the STU BLACK channel while the
circuit is in the clear mode and communication over the STU RED channel when the
circuit is secure. Since all of the range cipher text circuits are routed through the black
switch before it connects to the KY-58s, only the number of KY-58 units that are in use at
one time are maintained. thus minimizing the number of units required.

CONCLUSION

A communication system is an extremely critical component in a real-time mission support
facility. In order to satisfy the requirements of users and systems operational and
maintenance personnel, extensive interaction during the development phase must take
place to ensure that all requirements are satisfied within the system’s capabilities. The key
components of the system arc ease of operation, flexibility, reliability, and maintainability.
The EDS system is based on established telecommunication standards. The core switch is
used extensively in commercial telephone industry, thus increasing the probability of a



long support life cycle from the equipment manufacturer. The adherence to industry
standards ensures ease of interfacing with external devices and provides a wide variety of
commercially available peripheral devices.
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ABSTRACT

Today’s complex implementations of integrated packet and circuit switched digital
communications networks demand that the software used for controlling these systems be
robust, fault tolerant, and capable of runtime recovery from all but the most severe of
operational errors.

The typical modern switched communications system includes the use of multiple circuit
switches, each with potentially thousands of end-user interfaces. Further, these switches
are often inter-connected to each other via high-capacity trunks. A single connection
between two end-user interfaces often traverses a number of intermediate circuit switches
in order to effect the end-to-end communications desired.

In this complex, distributed environment, the establishment and dissolution of end-to-end
user connections involve far more than simple binary connection states indicating the
existence, or non-existence, of a link. More commonly, a single end-to-end connection
requires multiple node links across multiple, heterogeneous interfaces.

The command and control software used to establish, monitor, and dissolve these
connections must be capable of dealing with errors which arise at any node along the way
in a consistent and reliable manner. Most critically, the system software must be capable
of maintaining an accurate, multi-level mapping of distributed resources’ availability,
allocation, and status. Further, the software must have the capability of “healing itself” 



during operational run-time when it can, and of accurately reporting the nature of
inconsistencies caused by anomalous events that cannot be fixed on the fly.

The Edwards Digital Switch (EDS), developed by CSTI, provides a case study of possible
solutions, and potential pitfalls, that can arise in the design, development, and
implementation of the controlling software in today’s dynamic, distributed
communications’ system architectures.

BACKGROUND

When the Control Display Subsystem (CDS) Software was designed for the EDS System,
a number of design decisions were made regarding how to keep track of the connection
state of the system. Several alternatives were explored, including using global
programming data structures, using a commercial database package, and interrogating the
actual hardware. Using a commercial database package was eventually settled on for the
CDS applications.

Selection of the commercial database approach was based on several factors: 1) a
commercial package would minimize the amount of custom code that would need to be
written to manipulate the database of connection information; the package selected
contained built in support for embedded SQL statements that could be called directly from
the source code. 2) the commercial database packages contained built in transaction
processing capabilities that were thought to be useful for error recovery situations. 3) the
commercial database packages supported concurrency and integrity interlocks which
would allow multiple operators to issue connection requests and commands
simultaneously.

As we shall see in the remainder of this paper, some of the reasons cited above for
selecting the commercial database approach wound up presenting some problems of their
own. These problems and some of the solutions to them will be discussed below.

EDS CONNECTION COMMANDS

Most of the operation of the EDS System is predicated upon the ability to establish and
dissolve communications connections between a number of differing user interfaces in a
wide range of connection modes. The commands for controlling connections within the
EDS are usually issued by an operator at a control console. During normal operations,
there may be several operators issuing connections commands simultaneously from several
different control terminals. When any operator issues a command, the command is
preprocessed at the control console, then forwarded to the Network Controller (Netcon) 



computer for further processing and execution. Thus, the Netcon computers can often be
working on several simultaneous connection commands

The specification for the EDS System directed that there be two different ways of issuing
the same commands: real-time and command file (batch) commands. These two major
subdivisions of commands can include many types of commands, but I will limit my
discussion here to connection commands within these two categories.

Real-time commands are foreground commands where the operator (and the software)
waits for the response to the command (success/failure) before being permitted to issue
another command. The name real-time is somewhat of a misnomer because not all
real-time commands are necessarily of short durations. The real-time nomenclature is used
primarily to indicate those commands that are not contained in command files.

Command file commands are background commands that actually consist of a number of
connection (and some other types of commands) in a “batch” file. When the operator
creates a command file and submits it for execution, the Netcon computer immediately
acknowledges the receipt of the command file, and the software implementation permits
the operator to move on to another request, perhaps a real-time command, which would
then be executed in parallel with the command file.

One of the key differences between real-time commands and batch commands is the
approach to error handling and recovery. For nearly every real-time command, the entire
command is treated as a “transaction” that can be “rolled-back” if an error occurs. In a
command file, each command within the batch job is treated as a separate “transaction”,
and while an individual command within a command file may be “rolled-back” if errors
occur, the rest of the command file continues its normal execution.

The transaction processing capabilities and the concurrency control aspects of the
commercial database package selected for EDS were initially thought to be a perfect match
for the database operations required in the above described connection command
environment. If an error occurred during one link in a complex connection path, the
application software only had to undo the physical link connections made up to the point
of the error. The logical connection state of the system could be automatically undone
using the transaction processing and roll-back features built into the database.

INITIAL SOFTWARE IMPLEMENTATION

The method for implementing simultaneous connection command requests within the
Netcon software consisted of spawning (creating) a new connection command process for
each real-time or command file request that was received from an operator terminal. Once



spawned, these processes effectively became independent of each other, and attempted to
execute the real-time or command file commands requested.

The individual connection processes perform some validation of the commands, read the
database for required information, issue actual device commands to communications
switches and user interface devices, process device and switch responses, log errors or
special conditions, update the database when successful, and finally notify the operator
terminal applications upon completion. When concurrent requests are executing, several
connection processes attempt to perform all of these functions simultaneously.

When the initial implementation went into the system integration testing phase, a number
of problems began to surface. Many of the connection processes were prematurely failing
and issuing what were generically referred to as Database Access Errors. Further
investigation into these database access errors uncovered the fact that the competing
simultaneous processes were contending for common database records needed to proceed
with the connection commands issued. This contention resulted in two specific database
access errors: record locking and process deadlocks. Both of these access errors are
related to the implementation of transaction processing and concurrency control features of
the commercial database package.

The transaction processing features of the database require that certain parts of the
database be “locked out” from other processes when one process is using that part of the
database. These locks are essential to maintaining the logical integrity of the information in
the database. The level of locking granularity is controllable to the database, table, and
record locking levels. The CDS software implementation selected record level locking, the
least restrictive level of granularity, in an attempt to minimize the impacts on concurrency.
In a transaction based application, only the records used by one process acquire locks for
the duration of the transaction.

It is worth noting that the competing connection processes actually acquire locks for every
record accessed by the process, even if the record is ultimately unchanged by the process.
Effectively, this means that every record used by one process, even if only for reading
purposes, is unavailable to other competing connection processes until the process
possessing the record locks completes the transaction in progress.

The initial database application specific portions of the CDS software recognized this
contention problem, and attempted to address the concurrency implications of this problem
through the use of record waiting. The commercial database package advertised that a
locked record could be waited for by the application process by implementing lock wait
statements. The wait statements include a parameter for specifying how long the process
should wait for a locked database resource before giving up. The CDS software



implemented this lock-wait strategy in order to avoid the concurrency conflicts described.
Unfortunately, after extending the lock-wait time-out values to exceedingly long values,
we determined that the lock-wait mechanism advertised by the database package did not in
fact work. To the contrary, a connection process requesting a database record that was
locked by another competing process did not wait for the locked record at all, regardless of
the coded wait-lock time-out value. Instead, a failure value was returned to the locked-out
requesting process immediately.

The process deadlock condition mentioned earlier is a further manifestation of the
transaction processing and concurrency implementations of the database package. The
deadlock situation occurs when two or more competing processes are each making
requests for database resources that are locked by another process. In the simplest case,
one process has locked record A and needs record B while another process has locked
record B and needs record A. It is easy to see that this situation results in both processes
being unable to proceed.

The database package was clever enough to detect when the above described deadlock
condition arose, and it returned a deadlock error time-out to one of the processes causing
the deadlock in order to continue with the other process requests. The recommended
solution for dealing with deadlock errors from the database package was to have the
process receiving the deadlock time-out error completely rollback its work, and to retry the
transaction. Again, this mechanism was put into place in the CDS application software,
and again, the mechanism failed to solve the problem.

Many discussions with the developer of the database package were held in attempts to
solve the record locking and process deadlock problems cited herein. Ultimately, the
vendor told us that the problems we described did indeed exist, and that they would look
into addressing these “bugs” in some future release of their package.

The two problems described above combined to cause the failure of simultaneous
connection commands and batch commands a large percentage of the time. Since the EDS
system was required to provide multiple operator terminals concurrent access to issue
connection commands and command files, these database access errors were deemed
unacceptable in an operational communications environment. Additionally, relying on the
ability of the commercial database developer to supply an updated release of their package
with the problems fixed was not a viable alternative in view of the EDS delivery schedules
that were in place.



IMPLEMENTED SOFTWARE SOLUTION

The CDS software team analyzed the problems described above and decided that the
concurrency control and process synchronization problems would have to be addresses
within the application software on the Netcon computers as a “wrapper” to the commercial
database interface used within the code. The best mechanism available for ensuring
synchronization of the connection command processes was to implement the semaphore
facilities of the Inter-Process Communications packages supplied with the UNIX operating
system. Semaphores provide globally available flags that allow concurrent processes to
wait or proceed, based on the semaphore values. The operating system provided
semaphore implementation guarantees the integrity of the semaphores such that two
competing processes won’t erroneously be allowed to proceed at the same time into an
exclusive portion of code.

The semaphore implementation presented certain difficulties that needed to be addressed.
Specifically, real-time command requests needed to be able to proceed as quickly as
possible without be blocked by a command file process that might be also running. The
method employed to implement the semaphore interlocks involved using two sets of
semaphores, one for real-time commands and the other for command file commands. The
semaphore implementation was “wrapped” around the exclusive database access portions
of the software for both real-time command and command file commands.

Whenever a new real-time command is received by the Netcon computers, the command
proceeds until it reaches the exclusive database access portion of the code. At that point,
the software checks the set of real-time semaphores to determine if the process can
continue. If the real-time command semaphores are available, the process acquires the
semaphores, effectively locking out other real-time commands that might arrive. When the
real-time command finishes the exclusive (transaction) database portion of the code, the
semaphores are released to the next real-time process that might be waiting on the
semaphore.

When a command file request is received, a second set of semaphores is used. Recalling
from the above description of command file command processing that each command
within a command file represents an independent transaction, the command file processes
check, acquire, and release semaphores for each command within a batch file. Thus, any
pending real-time command that arrives after a command file process has begun need only
wait the duration of a single command file command before the real-time process can
acquire the semaphore locks and proceed.

The semaphore method of connection process interlocking and synchronization provided
an alternative to using the transaction processing and concurrency control features of the



commercial database package that proved to be inadequate to the EDS processing
requirements. The semaphore mechanism does provide the required level of process
isolation, while still presenting the operator terminals with the illusion of complete
concurrency.

While the implementation of semaphore interlocking for concurrency control does provide
a viable solution to the inadequacies of the commercial database package, there are some
drawbacks. First, there is some overhead associated with the implementation of the
semaphore wrapper around the exclusive database access portions of the software. This
overhead consists of checking, setting and releasing the semaphore locks as needed.

A further drawback of the semaphore implementation is that, for those exclusive database
access portions of the software, the connections commands issued by the control consoles
become partially serialized. In most cases, this partial serialization of connection
commands is not a major problem in that the duration of the semaphore interlocks are
relatively short for most real-time commands and for most commands within a command
file. Additionally, had the interlocking mechanisms of the commercial database package
worked as advertised (using the lock waits and deadlock retries), the net effect on the
duration of commands would have been nearly the same.

A final problem associated with the semaphore interlocking strategy employed arises as
the result of certain real-time commands that take considerably longer to execute than the
others. These real-time command requests are limited to only a few of the possible
commands that can be issued at the operator terminals, but they can sometimes involve up
to several hundred connection links within the EDS System. These few commands can
acquire the semaphore locks for quite a long period of time, and effectively “starve” other
connection command processes, most of which are of the much simpler and shorter
duration variety.

This problem with the so-called aggregate real-time commands is currently being
investigated by the CDS software staff for the most optimal solution. One of the
approaches being investigated is to have the aggregate commands acquire and release the
semaphores on a sub-command basis, that is, at suitable times during the execution of
multiple connections. Another alternative that is being explored is the conversion of the
few aggregate real-time commands into command file requests. The ultimate solution to
this problem will, in one way or another, partition these aggregate real-time commands
such that apparent concurrency is maintained for control console requests.



LESSONS LEARNED

A couple of significant lessons have been learned from the software implementation
problems and approaches to those problems presented above. First, the non-critical
acceptance of the usefulness of Commercial-Off-The-Shelf (COTS) Software without
considerable prototyping of the application environment early in the software design
phases of a program can be dangerous. COTS products are often selected and accepted at
face value in development programs because of the savings represented by not re-inventing
the wheel and using a “mature” commercial package. As was the case with the commercial
database package selected for the CDS software application, a COTS product with
advertised features, and unadvertised deficiencies, can ultimately have a considerable
impact on the desired execution of project software. Further, many COTS providers, upon
notification of certain bugs within their product, may not be able to provide fixes or
corrected releases in a timely manner.

Secondly, the problems associated with the so-called aggregate real-time commands
presented above could have probably been avoided if a more thorough timing analysis of
each type of command issued by an operator were done very early in the design phases of
the program. A thorough timing analysis of these commands would have highlighted the
duration of these commands early on, when addressing the partitioning of these commands
would have been considerably easier to undertake.

In summary, this paper has attempted to address a very specific range of software
considerations concerning concurrency control and commercial database implementations
that can be major issues in a multi-tasking environment. Some of the problems encountered
were described, the approaches to solving these problems presented, and lessons learned
were discussed.
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ABSTRACT

This paper addresses a method to provide both secure and non-secure voice
communications to a DS-1 network from a common keyset. In order to comply with both
the electrical isolation requirements and the operational security issues regarding voice
communications, an all-digital approach to the keyset was developed based upon the
AD2101 DSP.

Protocols that are handled by the keyset include: Multiple PTT modes, hot mike, telephone
access, priority override, direct access, indirect access, paging, and monitor only.

Special features that are addressed include: independent channel by channel assignment of
access protocols, headset assignment, speaker assignment, and PTT assignment. Multiple
microprocessors are used to implement the foregoing as well as down-loadable
configurations, remote keyset control and monitoring, and composite audio outputs.

Partitioning of the digital design provides RED to BLACK channel isolation and RED
channel to AC power isolation of greater than 107 dB.

INTRODUCTION

As the missions of the test ranges have continued to become more complex, so to have the
requirements for voice communications. Today’s missions involve second-to-second
coordination of personnel who may be spread over an entire hemisphere. Dependable, high



quality voice communications between all these individuals requires the integration and
inter-operability of a multitude of communications mediums. In addition to integrating
intra-facility, VHF and UHF radio, dedicated four wire line, telephone, terrestrial
microwave, and satellite communication, providing secure and non-secure communications
to an individual involved in the test is essential.

The integration of these functions into a single communications systems at the test control
center provides a powerful tool to the mission participants. This tool must allow the
mission to proceed with minimal consideration given to the communication system.
Mission personnel must know that the communication system will provide all needed
functionality when called upon.

Regardless of how feature rich a system is, it is useless unless the individual user is able to
access these features. This fact makes the user interface a critical feature of any system.
By providing the user a fully programmable processor based keyset, complete,
straightforward -- even simple -- access to an integrated communication system is
achieved. This, along with the vast array of commercial off-the-shelf digital voice
communications products based on mature industry standards, provides the setting for an
all digital keyset.

DIGITAL TRANSMISSION SYSTEMS

The concept of an all digital keyset grew out of the widespread conversion to digital
telecommunications of the 1980’s. As the entire voice and data telecommunications
industry moved away from analog transmission, a wealth of digital communications
products became commonly available.

These digital communications are, for the most part, based on the T-1, or DS-1, standard.
This standard is a time division multiplexed (TDM) technique using a frame of 24 time
slots. Each time slot contains eight bits of data. The DS-1 signal was originally intended to
carry 24 voice conversations. Each voice signal is sampled at 8 kHz and quantized to 8
bits. A compression scheme is used to extend the dynamic range and minimize
quantization noise for normal speech. Each time slot is called a DS-0, which is the lowest
level in the DS TDM hierarchy. A DS-1 operates at 1.544 Mbps. For more information on
the DS-1 standard see references [1] [2] and [3].

At its inception, the T-1 standard was developed to allow the phone company to pass
digital signals over existing twisted pair wire originally intended for analog voice
transmission. This led to the definition of a very robust physical transmission method. This
method is called duo-binary [4] or Alternate Mark Inversion (AMI). This modulation
technique not only uses less bandwidth but also provides some degree of error detection.



Today, hundreds of companies provide products and services which are in direct support
of DS-1 communications links. The future of the DS-1 format is ensured due to its place in
both the ISDN (as the primary rate interface, or PRI (23B+D)) and SONET (as the virtual
tributary, or VT1.5) telecommunications standards.

ALL DIGITAL KEYSET

The all digital keyset is the ideal end instrument for DS-1 based digital communication
system. Since the signals must be digitized to be passed over the T1 network, processing
them in the digital domain, as opposed to the analog, makes perfect sense. High
performance digital filtering and the summing of multiple audio sources can be done
without adding noise and is not affected by electronic component drift.

Such a keyset has been developed based on a combination of MC68000 microprocessors
and AD2101 Digital Signal Processors (DSP). This unit is partitioned into a BLACK
processing section and a RED processing section. The BLACK section handles only
unclassified information while the RED section primarily handles classified information.
Separate DS-1s provide the communication links for each section. Numerous safeguards
are built into the keyset to provide isolation between the two processing sections and
prevent the compromise of sensitive or classified data.

Each section contains two MC68000 16-bit microprocessors and up to two AD2101 16-bit
DSPs. The 68000 processors provide overall unit control and communications to
expansion chassis and across the RED/BLACK boundary. The DSPs provide voice
summing, filtering, detection, and out-of-band signalling. These processors, along with the
microcontroller in the front panel, execute approximately 150,000 lines of embedded
realtime C and assembly language code.

UNIT DESCRIPTION

PHYSICAL DESCRIPTION

The keyset is packaged in a 3.5" high, 19" wide EIA rackmount chassis. The unit is
approximately divided in half between the RED and BLACK sections. Figure 1 shows the
physical partitioning of the keyset. The majority of the electronics are contained on single
height VME cards, and communicate over a standard A24/D16 VMEbus.

All signal ingress and egress is via the rear panel. The base keyset handles 18 channels.
Expansion chassis can be attached, via the expansion bus, to increase the channel capacity
in increments of 18. (The maximum configuration is a base keyset and three expansion
chassis for 72 channels.)



Figure 1. The Keyset’s Electronics Are Partitioned on a Functional Basis as Shown in this
Block Diagram

FUNCTIONAL DESCRIPTION

The BLACK section receives a DS-1 on the DSP card, synchronizes to it and converts it to
a Non-Return-to-Zero (NRZ) format with clock and a frame synchronization pulse. This is
passed to the ADSP 2101 DSP microprocessor. The 2101 performs the TDM
demultiplexing, extracts channels of interest, performs Mu Law expansion (mu=255), and
buffers the audio samples. This is all done in silicon, that is, no code is executed to
perform these steps.

Next, the 2101 looks for in-channel, out-of-band signalling tones used by the system. The
audio samples are next low pass filtered to remove these tones. Three audio summations
are then performed; one for each audio output: left ear, right ear and speaker. These sums
are then adjusted based on the number of speakers being summed. The composition of
these sums is determined by the current user’s configuration of the keyset. (A fourth sum,
a composite of all active channels, is also generated and passed back out the DS-1 link.)
These sums are then transferred to the VIOP card. (See Figure 1.) The VIOP forwards the
audio data over the serial fiber optic link to the RED section.



The RED section receives the data from the fiber optic link and forwards it to the RED
DSP card. Here RED and Black audio is summed and then passed to the Audio card. The
Analog card contains all the digital-to-analog (D/A) converters for multiple outputs. After
the D/A conversion, any gain for proper volume level is provided and the analog audio
signal is sent out of the keyset.

This entire flow is reversed for audio information coming from the local users microphone.
Since up to four headsets can be attached to the keyset, there are four independent analog-
to-digital (AID) converters on the Analog card. Audio data to and from the RED DS-1 is
also processed in a similar manner.

All of this processing is orchestrated by the 68000 microprocessor on the MPU cards. The
RED and BLACK MPU processors also communicate with each other over the fiber optic
link. The BLACK MPU also handles all front panel activity.

The BLACK section also processes a 64 kb/s LAP-D data link which is embedded into a
DS-0 in the BLACK DS-1. LAP-D is an OSI layer 2 protocol defined in CCITT Q.921.
This is the same protocol used for the data channel in ISDN. This link provides the
download of mission specific operating parameters to allow rapid automatic
reconfiguration of the keyset. This allows for a facility-wide Control and Display
Subsystem (CDS) which can handle system-wide functions which includes initiating keyset
diagnostics and consolidating the results. These LAP-D links are bridged to an Ethernet
LAN which connects to the CDS. The CDS is described in more detail in another paper
from this session [5].

USER CONTROLS

The user interface is provided through the keyset’s front panel which contains 18
individual channel control and display areas, a DTMF keypad, a function keypad, and
brightness and volume controls. Figure 2 shows a detail of the front panel

Each channel control and display area contains an eight character LED dot matrix
alphanumeric display, receive and transmit switches with LEDs and five individual LEDs
indicators for modes and activity. Along the left side of Figure 2 are three channel control
and display areas.

The center section of Figure 2 shows the function keypad; note the ALT key which acts as
a shift key to allow access to more functions. These functions allow the user to set modes
for both the entire keyset and individual channels.



Figure 2. This Detail of the Keyset’s Front Panel Shows the Rightmost Portion of
the Panel.

Along the lower right edge of Figure 2 are LEDs which indicate when a PTT is depressed,
when PTT Lock is on, when a DS-1 or LAP-D link fault occurs, and when AC power is
on. In the upper right portion of the figure is the brightness control, speaker volume control
left and right volume controls for two of the headsets. Volume controls for the third and
fourth headsets are located on a remote interface panel.

All front panel pushbuttons and graphics are part of a single membrane switch assembly.
Audible pushbutton feedback is provided by a piezo crystal buzzer in the front panel. This
programmable buzzer is also used for alerting the user to other events, like an incoming
call.

KEYSET INTERFACES

Up to four binaural headsets can be attached to a keyset. Each headset has a PTT switch
and a corresponding footswitch PTT. The headset PTTs can be assigned to transmit on one
collection of channels while the footswitches key a second set of channels. There is also an
output for an external speaker. These arc all considered RED interfaces.



Both the RED and BLACK sections have DS-1 interfaces and parallel channel expander
bus interfaces (in and out). The BLACK section also has an RS-232 serial maintenance
port and a RS-422 latches input/output (I/O) port. This latched I/O port has been used to
mute speakers which are near the keyset.

OPERATIONAL FEATURES

Due to the fact that almost all features of the keyset are under the control of embedded
software, the feature set of the keyset is very rich. In addition to a growing number of
channel protocols being supported, there is a large number of user configurable
parameters. This allows the keyset to not only be tuned to a specific mission, but also fine
tuned to a specific user.

A broader understanding of how the keyset interrelates with the rest of the communication
system can be found in other papers in this session [5] [6].

CHANNEL PROTOCOLS

The term “channel protocol” refers to the methods used to initiate, utilize, and terminate
communications on a channel. For example, channel protocols for making and receiving a
telephone call differ from those for a VHF radio channel. The use of Push-to-Talk (PTT)
vs hot mike is another part of channel protocol. The follow list provides a brief description
of current protocols:

Network - In this connection type, over one thousand users may be tied into one large
conference call. PTT is required. Radios may transmit/receive from/to networks. A priority
override feature allows selected mission participants to have immediate access to the
channel while effectively squelching all others.

Direct Access - This connection ties two keysets together with a continuous dedicated
link. Communications are hot mike, i.e., no PTT is required.

Subscriber Loop - This allows the user access to the public telephone network or a local
PBX. Incoming calls ring at the keyset. Outgoing calls are made with the DTMF
(touchtone) keypad. A flash button allows users access to special PBX features. A single
phone number may be assigned to multiple keysets.

Voice Page - This type of connection allows the initiator to page over the keysets speaker
and the receiving user to answer the call and converse over a headset.



Ring Down - This mode allows the initiating keyset user to ring another keyset and/or
four-wire device (via a four-wire E&M interface elsewhere in the system).

Indirect Access - This special connection type allows the keyset user to directly dial
another keyset with a three digit access code. After dialing, the user hears a ring signal or
busy signal. If the called keyset is not engaged in an indirect access call, it will ring and an
indicator will flash. This connection uses a “19th channel.”

Any combination of these protocols on the keyset’s 18 channels is supported.

CONFIGURABILITY

Additional settings allow any of these channel types to be configured for a particular user.
The user can assign the audio from any collection of channels to either his left or right ear
or the speaker of any combination of these. A transfer button allows all audio to be quickly
routed from the earpieces to the speaker with a single keystroke.

A channel can be turned to transmit, monitor only or off. The user has the option of
assigning two PTT switches to transmit on a channel (one PTT is on a headset, another on
a footswitch). Alternately, the PTT Lock/Unlock mode selection allows the user to use the
front panel transmit buttons as a PTT switch.

All of these selections can be made by the user from the front panel. Each of these can also
be downloaded from the CDS. The CDS can also lock out the frontpanel control of any
setting (including the transmit capability).

In addition to the channel assignments, protocols and settings being downloaded from the
CDS, the eight character channel mnemonic is also downloaded for display on the keysets
front panel. All this information can be setup and stored in advance of a mission and
downloaded just prior to a mission starting. These command files and individual realtime
commands can also be used to reconfigure the keyset which is in use as mission needs
change.

All this downloaded information travels over the 64 kbps LAP-D link in a DS-0 in the
BLACK DS-1.

SECURITY FEATURES

The keyset is an essential element in ensuring the RED/BLACK integrity of a
communication system. This is because both RED and BLACK communications come
together in a single unit. A multitude of engineering decisions were based on the overriding
concern to prevent compromise.



ENFORCEMENT OF RED/BLACK RULES

The keyset has several features to which have been coded into the unit’s embedded
software for the enforcement of RED/BLACK rules. Some of these rules are:

C RED and BLACK channels cannot be simultaneously selected to transmit mode,

C RED audio to the speaker and earpieces is muted when a PTT is active at the
keyset, and

C Selected channels’ audio is prohibited from going to the speaker.

Additionally, if the central processor senses major failures will shut itself down to avoid
and possible compromise.

ELECTRICAL RED/BLACK ISOLATION

Another element of the security of the keyset is to prevent crosstalk from the RED section
to the BLACK communication and power circuits. The keyset was tested by an
independent EMI/RFI/TEMPEST test laboratory which certified that a better that 107 dB
of isolation existed between the RED section and the BLACK section [4]. This high
degree of isolation is achieved through careful electrical and mechanical design of the unit

Electrical Design

The electrical design called for separate switching power supplies to provide the DC
voltages to the RED and BLACK sections. Multiple layers of AC and DC power filtering
increased the isolation between the two power systems. Since the analog audio circuits are
in the RED section, a fiber optic link is used to pass BLACK digital audio and control data
between the two sections.

Mechanical Design

In addition to the partitioning of the chassis in to the two sections as previously mentioned,
EMI/RFI gasketing is used on the top access panel. The main chassis is built as a dip weld
to ensure good quality seams.

Cooling the unit posed a considerable challenge. An extremely quiet fan was is needed to
move air through the unit. However, quiet fans don’t move much air. Further, for isolation
reasons the wall separating the RED and BLACK sections can only be penetrated with
small holes in specific patterns which are a function of the wall material and thickness.
Even the fiber optic cable which passes between the two sections must pass through a



waveguide below cutoff to ensure no EMI/RFI leakage. These small holes are far from
ideal from an airflow standpoint, but ultimately proved to be sufficient.

PRODUCT MODIFICATIONS

Over the past several years this basic keyset design has been discussed with numerous
potential users with a wide variety of applications. These discussions have yielded
numerous ideas for adding and modifying the features of the basic unit.

The original mix of nine RED and nine BLACK channels has not been optimal for all
applications this has led to the development of a three RED and 15 BLACK keyset and an
all BLACK keyset as well. These configuration changes effected only configuration of the
embedded software and the front panel graphics.

Other ideas have revolved around the modifying front panel. The Air Force Development
Test Center at Eglin AFB could only afford three or four inches of depth in their consoles.
To accommodate this, the front panel electronics and power supply were remoted from the
main keyset chassis. This resulted in a very thin front panel for the console and a standard
sized chassis for mounting elsewhere

A recent redesign of a large portion of the internal electronics resulted in a reduced parts
and card count, lower power consumption, improved reliability, and a more robust, fault
tolerant product. The new design incorporates flash memory which can allow embedded
software code updates via the LAP-D link. This allows new features and/or code fixes to
be installed without physical modification to the equipment. New code can potentially be
installed via modem and eliminate the need to send field service technicians to the site.
This redesign lowered the manufacturing costs and lifecycle costs for the unit.

Another eventual enhancement is the replacement of the current LED and membrane
switch front panel with a touch entry, color CRT display. The flexibility of the CRT with
touch screen is appealing to many customers and will be implemented eventually. This will
allow special applications to be addressed much more quickly.

Many other ideas involve tapping the power of the DSP to perform exotic signal
processing functions. Ideas have ranged from interpreting and converting telephone
industry signalling formats to removing background engine noise from fighter pilot radio
transmissions.



CONCLUSION

In summary, the initial decision to develop the keyset as an all digital user interface eased
many of the keyset’s design challenges. The high degree of RED/BLACK isolation, user
configuablity and application flexibility are evidence of the robustness of this approach.
The great extend of processor control over unit operation allowed a rich feature set, with
many security features to be incorporated. The fact that the heart of the communications
processing is performed by a powerful DSP microprocessor allowed the unit to meet very
stringent distortion specifications.

In all, the keyset is a highly successful product. This success is measured by not only the
ability to meet initial design goals but objectives which have appeared after the initial
design was complete.
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ABSTRACT

The Edwards Digital Switch (EDS) is a digital communication system that provides
advanced voice networking capabilities to the Edwards Test Range. The EDS is a member
of a new family of all-digital switching systems that internally handle data in digital form.
To accommodate analog voice and data circuits, conversions between analog and digital
formats occur at the system interfaces.

The EDS consists of six groups of configuration items:

System-level control and monitoring is centralized in the Control and Display Subsystem.
Workstations provide subsystem-level control and monitoring.

The Central Switching Subsystem, as the primary interface with the range environment,
provides system connectivity to radios, telephone circuits, and communications links to
other facilities. It integrates the EDS with links to the Control Room Switching
Subsystems.

Each Control Room Switching Subsystem connects individual user stations within a
Mission Control Room or other localized area.

The user equipment element consists of a Subscriber Terminal Unit, Channel Expander,
and interface panels for headsets, foot switches, and speakers.

The Remote Radio Control Unit optimizes usage of available frequencies, allowing control
of tunable radios from the Control and Display Subsystem.



The original name, Edwards Communication Switching System (ECSS) was changed to*

Edwards Digital Switch (EDS) in 1990.

The Site Selection Unit facilitates the handover of voice communications between receiver
sites when a long-range test is monitored.

The system architecture is based on a central system-level control element, a central
switch, multiple subsystem-level control elements, multiple subsystem switches, and
end-equipment items that are interconnected through the switch network.

The EDS combines multiple voice communications applications in a single system. The
system is being expanded to integrate voice and data switching. Its major function is
support of multiparty networked voice communications within Mission Control Rooms and
between other test participants. Other voice functions are an intercom capability including
both Direct Access (hot line) and Indirect Access (dial-up), subscriber loop connections to
the base-level telephone exchange, and the Public Switched Network System. Digital
interfaces allow integration of ciphertext data and Time Space Position Information data
switching functions.

A system based on the EDS design has also been installed by the Air Force at Eglin AFB.
Engineering studies for systems that make use of the EDS design are currently underway
by the Navy at China Lake and the Army at White Sands Missile Range.

The EDS project office has actively pursued promising program management concepts
such as: specifying nondevelopmental items, requiring industry standard interconnectivity
and interoperability, and using a multiyear fixed-price requirements-type contract to
encourage multiservice participation.

INTRODUCTION

The Edwards Digital Switch (EDS)  acquisition & development project began in 1985*

when a technical specification was prepared by the Air Force Flight Test Center (AFFTC)
for a new voice switching system to replace the existing (then) 15-year-old voice switching
system. The technical specification envisioned a systems development approach based on
using proven technologies and stressing the use of non-developmental items. A multiyear,
fixed-price requirements-type contract was awarded in April 1989 for a system based on
T-1 signaling and using major components already in wide use within the Public Switched
Telephone Network.

One of the primary requirements for the new switch was to achieve very high system
reliability. Flight testing of manned and unmanned aircraft requires highly reliable



air-ground voice communications. A communications switch must be capable of handling
voice traffic ranging in importance from routine to critical. Events that might threaten the
success of a mission or the safety of the pilot could occur at any time during a mission.

The system to be replaced is the existing Voice Communications Facility (VCF) system
located in the Ridley Mission Control Center (RMCC). The existing system provides a
space-division switching capability for analog voice circuits. It services a complex of
Mission Control Rooms (MCRs) within the RMCC. This system was designed in 1970
and became operational in 1975.

By 1985, it had become apparent that the VCF system was getting close to the end of its
useful life. The system was becoming increasingly difficult to maintain. The control
computers were no longer supported by the original equipment manufacturer, requiring the
use of third-party vendors. Replacement components for the switch frames were becoming
more difficult to obtain, with the risk that they also would no longer be available. Added to
the maintenance problem was the fact that the original switch frames had been expanded to
the limits of their capacity, and AFFTC was expecting the influx of several programs
which would necessitate the construction of new MCRs. Most critical was the need to
meet new requirements for communication security and separation of RED and BLACK
data, impossible to accomplish with the existing equipment.

Against this background of developments, a project team was assembled to start the
procurement of a new voice communications system for the RMCC which could carry the
AFFTC well into the 21st century. The requirements for the new system were based upon
increased capacity, security, and the use of standard as opposed to proprietary
implementation.

SYSTEM CAPACITY ISSUES

The VCF is shown in Figure 1. The system contains two computer controlled switches —
the Radio Communication Switching System (RCSS) and the Intra-Communication
Switching System (ICSS) — to handle dynamic traffic plus a pin matrix to connect
permanent networks (1). The RCSS connects on its input side primarily with the radios
used for communications with test aircraft. Its output side connects with users outside of
the RMCC, a separate Range Operations switch, and the input side of the ICSS. The ICSS
output matrix is used to form user networks in the various MCRs.



Figure 1 - Edwards VCF

Internal trunks connect the RCSS and ICSS input and output matrixes. External trunks
connect the RCSS output matrix with the ICSS input matrix. The number of these trunks is
limited and imposes the first and most critical capacity constraint on the VCF system.
Although the RCSS has 96 Input channels and 205 Output channels, there are only 48
internal trunk circuits with restrictions on their assignment.

As presently configured, the system operators constantly reroute circuits to meet the
varying mission needs; there is no reserve capacity to handle additional MCRs or any
growth in the circuits assigned to the positions in the present MCRs.

The users also face limitations in the number of channels that can be monitored. The user
interface units, called Radio Communications Units (RCUs) and Radio Intercom
Communications Units (RICUs), provide a maximum of 6 or 12 channels, respectively.
Although this is ample for some positions, there are key positions within the MCRs that
need to be able to contact a much larger number of participants

SYSTEM SECURITY ISSUES

Increasing emphasis was placed upon operational security during the 1980’s. The
capability and requirement to encrypt voice communications as well as data increased.



Numerous programs were designated Special Access to protect advanced technology.
These two forces require the separation of RED (classified) data and BLACK (unclassified
or encrypted classified) data. They also drive the need to encapsulate as much of the
communications relating to a specific project within its own physical space. The VCF
system has no capability to isolate RED communications from BLACK communications,
and the ICSS concentrates all user interfaces within the same equipment.

The EDS architecture includes features to meet each of these security requirements. Each
switching subsystem consists of two separated and isolated switches, a RED switch and a
BLACK switch. Although both use the same switching technology, extensive shielding and
filtering and the use of fiber optic trunks substantially reduces emissions from the RED
switch elements. The RED/BLACK separation is extended all the way to the user position,
with an interface divided between RED and BLACK channels and high levels of isolation
between the two parts of the unit.

The need to compartmentalize programs with critical security requirements is meet by the
hierarchical switching architecture. The system is partitioned into elements, each
consisting of either one large MCR or a large MCR and small MCR pair. Switching for
each of these elements is performed by the Control Room Switching Subsystem (CRSS)
assigned to the element. Although interfaces to external circuits, such as radios, and
interconnection with other MCRs is accomplished by the Central Switching Subsystem,
sensitive communications can be contained within a specific MCR.

STANDARDS ISSUES

The use of off-the-shelf hardware and software components was specified (2) to eliminate
the problems encountered in maintaining the existing proprietary switching systems. In
addition to a general statement to this effect, T-1 technology was specified as the means of
interconnecting switching subsystems. Where feasible, system parameters were specified
in multiples of 24 for compatibility with the T-1 frame structure.

After a competitive procurement, a multiyear, fixed price, requirements-type contract was
awarded to Communications Systems Technology, Inc. (CSTI) in April 1989 with an
initial delivery order to produce the Control and Display Subsystem, the Central Switching
Subsystem, and three Control Room Switching Subsystems.

The basic EDS switching units are standard Digital Access and Cross Connect (DACS II)
switches used by AT&T in long distance switching centers. They are time division digital
switches that connect to the external network through T-1 ports. Internally, each T-1 frame
is broken into its 24 individual DS-0 channels which are recombined into a T-1 frame at
the destination port. A wide variety of switching modes can be configured for each DS-0



channel under dynamic external control. The DACS II is available in 160 and 320 digroup
sizes. Each size can be procured with zero digroups and populated to maximum size with
modules which support two full duplex T-1 ports (Dual DiGroups). These same switches
are being supplied to the Air Force on another major contract. Thus, there is perceived to
be the assurance of long term support for the most critical element in the system.

SYSTEM ELEMENTS

The EDS, shown in Figure 2, contains a central core of control and switching equipment.
This central core consists of the Control and Display Subsystem (CDS), the Central
Switching Subsystem (CSS), and the Power Distribution Subsystem (PDS). The EDS
capabilities can be expanded modularly. At the AFFTC, the module of expansion is the
Mission Control Room (MCR). An MCR contains a Control Room Switching Subsystem
(CRSS) and a number of User Equipment sets. Two units worthy of note, are the Remote
Radio Control Unit (RRCU) and the Site Selection Unit (SSU).

Figure 2- EDS Architecture

CONTROL AND DISPLAY SUBSYSTEM (CDS)

Operation of the EDS is controlled and monitored from the CDS. The CDS consists of
dual redundant network control (NETCON) computers and two operator workstations.
There are also provisions for remote operator workstations that are used to control a
limited set of system resources associated with a single range function. There are presently
two remote workstations.



CDS Hardware

The NETCON computers are presently AT&T 3B2/1000 computers, they will be replaced
by EISA 80486-based computers. The workstations are presently ISA 80386-based
computers which are being replaced with ISA 486-based computers. All applications
software on both the NETCON and workstation computers runs under the Unix operating
system. All 486-based computers will run Santa Cruz Operations (SCO) Unix v 4.0.

CDS Software

The CDS applications software, the subject of another paper in this session (3), was
produced by the contractor and was a major development effort. This software in addition
to making and breaking all connections. configures all interfaces and continuously runs
diagnostics on off-line system elements.

CENTRAL SWITCHING SUBSYSTEM (CSS)

The Central Switching Subsystem provides the major interface between the EDS and
external circuits, interconnects users in multiple MCRs, and serves as the entry switch for
users located outside of an MCR. The CSS contains two 320-line DACS II frames each
with a capacity of 7,680 voice circuits. A separate frame is used for the RED and the
BLACK section. Neither frame is fully populated, but each can be expanded to its full
capacity with readily available modules.

CONTROL ROOM SWITCHING SUBSYSTEM (CRSS)

Each CRSS contains two 160-line DACS II frames, partitioned into RED and BLACK
sections. This smaller size easily accommodates the various MCR sizes envisioned.
Presently, five CRSSs have been ordered with 24 user positions, and one each with 40 and
72 user positions. Each user position requires at least one T-1 digroup from each section.
Positions with channel expanders require one additional T-1 digroup for each RED or
BLACK expansion section. T-1 digroups are also used for interswitch trunking, BLACK to
RED intraswitch trunking, and interface connections.

USER EQUIPMENT

A suite of EDS user equipment was developed around a Subscriber Terminal Unit (STU)
with capabilities to provide the user with access to nine BLACK and rune RED voice
channels. This unit is described in detail in a later paper(4). In response to new
requirements, additional STU configurations were developed. To date, the following
BLACK/RED channel configurations have been developed: 9/9, 15/3, and 18/0. In order



to provide even greater channel capacity, Station Channel Expanders (SCEs) are also
available in the 9/9 and 18/0 channel configurations. Up to three SCEs can be attached to
each STU to make a maximum configuration of 72 channels.

A variety of user interface panels are available to customize the user position. Each STU
contains output and volume controls for two-user headsets. The headsets with
accompanying hand switches are plugged into a Type I Remote Headset Interface Panel. If
use of a foot switch is preferred, it is interfaced via the Remote Footswitch Interface Panel.
The position can be expanded to accommodate four personnel using the Type II Remote
Headset Interface Panel which includes a separate pair of volume controls as well as
headset jacks. For positions where a loudspeaker is preferred, it can be interfaced via the
STU Speaker Panel.

REMOTE RADIO CONTROL UNIT (RRCU) AND SITE SELECTION UNIT
(SSU)

Two EDS auxiliary units improve the management of ground-air radio assets, the Remote
Radio Control Unit and the Site Selection Unit. They operate together to increase the
capability of the EDS operators to control the radios and ease the support of extended
flights.

The RRCU controls the tuning frequency of up to 16 radios at a remote site based upon
instructions entered by the EDS operator at the CDS console. It also reports error status to
the CDS operator if the radio does not accept the information. Each RRCU accepts up to
16 printed circuit cards, each controlling a radio. The unit can interface to either GRC-171
(UHF) or GRC-211 (VHF) radios. All interface cards are identical with tailoring for the
two radio types implemented in the interface cable.

The SSU allows the CDS operator to select one site out of 15 as the active site for each of
ten radio groups or networks. In each group, one selected radio is the unit used for
communications with the MCR while all other radios in the group remain disabled. As the
flight progresses, the CDS operator uses the SSU to select the site with the best signal,
which is then fed to the desired network. This capability makes it easier for personnel in
the MCR to track a flight which uses a sequential set of radio sites for communication. The
communications channel appears at a single position on the STU front panel. The change
in receiving site is relatively transparent to the user personnel in the MCR as the mission
progresses along its flight path.



SYSTEM CAPABILITIES

The EDS provides several types of networked voice communication capabilities and
services to T&E participants. There are several variations of functionally allocated
networks. There are also two forms of point-to-point access within the system, Direct
Access and Indirect Access. Dial-up access outside of the system is available through
two-wire interfaces to the base telephone exchange.

NETWORKED COMMUNICATIONS

The EDS permits the creation of large networks which allow communities of common
interest to communicate throughout a test mission. The network can allow communication
among as many as 100 participants. Although this large a number would rarely be focused
upon a single test mission, it becomes more applicable for networks that provide common
functions for many missions.

The construction of common networks for multiple missions is eased by the capability to
combine networks into a master network without losing the identity of the individual
networks. Thus functional networks can be assembled and prestored for each control
room. As a room is activated, necessary functional networks can be added to the root
functional network without impact upon those presently using it. Similarly when the
mission is over, the control room subnet can be quickly detached.

 DIRECT ACCESS

Direct Access (DA) implements rapid preprogrammed connections between key personnel.
Each DA link appears as a separate channel on the STU. In each case the channel is
identified with an eight-character identifier denoting the party at the other end. If there is a
DA link between Tom and Ruth, Tom’s STU will have one channel labelled RUTH, while
Ruth’s will have a channel labelled TOM. Depressing the Transmit button for that channel
initiates an instant “hot mike” connection between the two parties. No further action is
required on either part for a two-way conversation. Both parties can still monitor other
networks to which they are connected, but cannot speak on them. Actuating the
Push-to-Talk (PTT) switch to speak on a network terminates the DA connection.

INDIRECT ACCESS

Indirect Access (IA) provides a dial-up intercommunication capability within the EDS. The
19th STU channel is used for this function. Each STU is assigned a three digit IA
“telephone” number. To initiate an IA call the user selects IA on a function keypad and
then “dials” the desired code. At the other end, a light flashes to indicate the incoming call;



the user must depress his IA button to pick up the call. Conversation over the link is then
“hot mike” until the connection is terminated, either by depressing the IA function key or
actuating a network PTT. The IA function allows private two-way conversations, but
eliminates the need for the connection to be programmed in advance.

PUBLIC SWITCHED TELEPHONE NETWORK ACCESS

The CSS has provision for 192 two-wire interfaces. Each simulates a standard telephone
set to the local exchange. Any of these interfaces can be connected to one STU channel or
networked to several STUs. The channel indicator on the STU panel can display the seven
digit commercial telephone number to which it is connected. Using the STU keypad, the
user connected to a two-wire interface has the complete equivalent of a standard telephone
set integrated into the user position. All functions available in the local exchange switch
through the standard “flash” capability (i.e. hold, call transfer, etc.) can be accessed.

DIGITAL CONNECTIONS

Since the EDS is a digital network, it is used to transmit encrypted voice and voice-rate
digital data. It provides a system level solution to the problem of distributing classified
communications in a secure, straight-forward manner. Encrypted voice may enter the
BLACK section of the EDS directly from a wideband radio into a Ciphertext Interface
(CTI). The interface processes diphase ciphertext so that it may be transmitted via a
standard 64 kbs DS-0 channel. It can be transported in that fashion and switched until it
reaches another CTI connected to the BLACK (digital) interface of a KY-58. The RED
(voice) interface of the KY-58 then connects to an analog four-wire interface to a RED
switch. The voice can then be distributed throughout the secure RED portion of the
system. This capability multiplies the effectiveness of a limited quantity of encryption
equipment.

Although originally designed to interface voice data in analog form, the EDS provides for
direct T-1 interfaces. These allow intermixed voice and data from other ranges to enter the
EDS and be switched to a final output without separating the multiplex out in channel
banks. Voice can be switched directly to STUs or radios, encrypted data directed to
decryption equipment, and digital data such as inter-range Time Space Position
Information (TSPI) can be routed as required. This reduces both the amount of equipment
needed for these purposes, but also saves space and allows the data to be moved to the
location where it is used in the most efficient form.

This capability will be fully utilized with a new digital interface being developed for the
EDS. The Advanced Range Data System being implemented concurrently requires an
expansion of the present AFFTC TSPI data switching capability. This includes an increase



in the number of ports, interlinking with other nearby ranges such as NAWC WPN China
Lake, and synchronization of the timing at all locations to eliminate loss of data. Some of
the available EDS switching capacity is being dedicated to this expansion with the
development of a standard digital interface and improvements in the central time base
capability. This latter effort is described in a later paper (5).

CONCLUSIONS

The EDS is an advanced digital switching system that was designed initially to provide
voice communications networking in support of test missions at the AFFTC. The EDS
design has also been adopted for use by the AFDTC at Eglin AFB, where a smaller system
is installed and currently supporting operations (6). The original switching capability of the
EDS has been expanded to allow TSPI data within the same switching fabric as voice,
increasing its utility at a relatively low marginal cost. Finally, the EDS is pointing the way
to the solution of the problems associated with switching telemetry, video, and other
digital data.
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ABSTRACT

The Air Force Flight Test Center (AFFTC) at Edwards, California has installed the
Edwards Digital Switch (EDS). The EDS is a DS-1 switch capable of switching voice,
encrypted voice, and Time Space Position Information (TSPI) data. Communicating
encrypted voice and TSPI data reliably from the EDS to any other communication system
requires the two systems operate using the same frequency reference. The need to
communicate with other test ranges and over commercially leased lines using the EDS
requires synchronization to a standard frequency source.

The current synchronization method used at the AFFTC is unacceptable for the EDS. A
hierarchal system of synchronization networking will be implemented to provide a
common reference to each of the systems interfacing the EDS. The Master Timing Station
(MTS), which provides synchronization reference to most of the AFFTC resources, is
aging and must be upgraded. The upgrade of the MTS and the restructuring of the
synchronization signal distribution will be completed simultaneously.

Traceability to the United States Naval Observatory (USNO) and the National Bureau of
Standards (NBS) is required to provide the necessary synchronization to allow the EDS to
interface reliably with other systems. The Global Positioning System (GPS) is being
considered as the primary source for frequency calibration traceable to the USNO and
NBS.



BACKGROUND

The number of digital systems continue to increase along with their ability to operate
higher data rates. Higher data rates is directly related to the precision of data that can be
obtained. In the testing environment, such as the AFFTC, two factors that directly impact
the ability to collect precise data and transfer that data to the end user are timing and
synchronization.

SYNCHRONIZATION

Synchronization in a digital system is defined as the relationship between significant
instances (pulse edges) of two data streams. The important factor in the synchronization of
a digital system is the phase relationship of the two significant instances. A synchronous
network is one where the transmitting device is sending data at the exact same rate as the
receiving device is detecting it. The phase relationship of the data stream relative to each
device need not be the same, the only requirement is that the phase relationship remain
constant.

The AFFTC has digital data gathering and dissemination systems throughout the range. It
is very important to ensure these devices can communicate reliably. High standards of
synchronization must be obtained at the AFFTC to ensure bit slips, repetition or deletion of
a bit in a bit stream, do not occur. Bit slips degrade data transmission quality.

TIMING

Timing is commonly known as Time of Day (TOD). The AFFTC is interested in precision
timing. Standard timing signal formats exist, the common standards used by ranges are
defined by the Telecommunications Group (TG) of the Range Commanders Council
(RCC), formerly the Inter-Range Instrumentation Group (IRIG). The most common
standard used at the AFFTC is IRIG-B, which provides millisecond precision.

Precision timing is critical for time stamping data points during aircraft testing. Each data
retrieval system (e.g. cameras, trackers, etc) time stamps all events during a test mission, it
is critical that the time stamp from one system is the same as all other systems for a given
event.

As digital networks are able to operate at higher rates, it will be possible for very precise
data to be obtained. The need for a system that can provide precise timing data, even down
to nanosecond precision, is envisioned.



SYNCHRONIZATION METHODS

There are three different types of synchronization commonly used for data communications
(including voice). Different types of synchronization dictate the data transmission format in
a network.

Asynchronous transmission is characterized by the data format used in its transmission.
The data format is usually one byte (eight bits) at a time plus start and stop bits.
Asynchronous transmission allows the transmit and receiving devices to have different
reference clocks. The clocks used by each device are accurate enough with respect to one
another that a bit slip does not occur in ten bits. Modems often operate in asynchronous
modes.

Synchronous transmission is characterized by the use of a common clock to control the
transmitting device and the receiving device. With each device using the same clock, the
receiver is detecting the bits at the same rate the transmitter is sending them. The data
format in synchronous operation is a continuous bit stream with no start and stop bits.

Plesiochronous transmission is characterized by the transmitting and receiving device
operating with different reference clocks, but using synchronous data formats. The clocks
in this method are accurate enough to stay quasi-synchronous for long periods of time.

METHODS OF SYNCHRONIZATION DISTRIBUTION

Synchronization is based on the distribution of a frequency source. A frequency reference
can be distributed through many layers of nodes each referencing to the higher level, or
averaged for the best estimate. This section describes different ways a frequency reference
can be distributed.

Master-Slave synchronization is characterized by a tree or star structure of distribution.
One device is the reference timing source for every other device in the network. Timing is
distributed away from the central source to one or more levels of distribution. This is the
simplest and most common method of distribution.[1] Timing is recovered from
transmitted data using a clock recovery circuit.

External reference synchronization is similar to the Master-Slave method in that each node
in a network is synchronized to a single reference. The master clock in this scheme is an
external reference. There are several external references available today. The LORAN-C
and the Global Positioning System (GPS) navigational signals serve as good sources of
timing and frequency reference. Each of these and the American Telephone & Telegraph
(AT&T) telecommunication network is discussed below as a source of network timing.



In the United States the United States Naval Observatory (USNO) monitors and distributes
Universal Coordinated Time (UTC). The best time references are traceable to USNO and
UTC.

LORAN C AS A REFERENCE SOURCE

The LORAN-C system is a United States Coast Guard (USCG) controlled terrestrial
system of navigation. Time and frequency references, which are of particular interest, can
be obtained through groundwaves from a series of LORAN-C transmitters. Since
LORAN-C relies on groundwaves, the signal quality can be affected severely by
atmospheric conditions. LORAN-C has long been the best available source for time and
frequency reference. The LORAN-C signal is traceable to USNO and UTC.

GPS AS A REFERENCE SOURCE

The Global Positioning System (GPS) is a United States’ military controlled satellite
radio-navigational system. When the full constellation of satellites is deployed, GPS will
provide 24 hour three dimensional position coverage of the earth, including time, traceable
to UTC accurate to within 0.1 microsecond.[2]

The GPS also provides a stable frequency reference. On board each of the GPS satellites
are four atomic clocks for redundancy. Each of the atomic clocks can be recallibrated from
earth as required. This system of atomic standards insures that the signals broadcast by
each of the satellites is very stable. Typical stability of the cesium oscillators in Block II
GPS satellites is 1 or 2 parts in 10  over a one day period.[3] The frequency stability of13

the GPS signal is intentionally degraded by the United States military to avoid
unauthorized users from having extremely precise position data. This intentional
degradation is known as Selective Availability (SA). GPS performance is monitored and
verified by various laboratories such as the United States Naval Observatory (USNO), the
National Institute of Standards and Technology, and the Network Synchronization
Laboratory at AT&T Bell Laboratories.

AT&T AS A REFERENCE SOURCE

AT&T has a major interest in network synchronization. It provides synchronization to its
own nation-wide telecommunications network, many of the Regional Bell Operating
Companies, and many private networks.[4] AT&T has set up its own system of
synchronization.

AT&T has a system of 16 Primary Reference Clocks (PRCs) which incorporate GPS
receivers and secondary atomic standards (rubidium oscillators) to achieve a frequency



stability of a few parts in 10 .[4] In addition to GPS and the atomic standard, AT&T also13

uses a system of verification where each node monitors and is monitored by two other
PRCs.[4]

EXISTING TIMING STATION

The existing timing station is old and difficult to use. It operates independently of all other
clocks which makes AFFTC a “timing island”. (If communications existed between
AFFTC and any off base system, bit slips are likely to occur.) This section describes the
existing system and the deficiencies inherent to it. The two modes of operation, startup and
normal operations, of the MTS are also discussed.

Figure 1. Existing Timing Station Configuration.



DESCRIPTION OF THE EXISTING MTS

The AFFTC employs a Master-Slave synchronization distribution scheme. When the MTS
was designed, no other clock source was anticipated, therefore, all systems were
synchronized to it. With the growing requirement to communicate with other test ranges
over both dedicated lines and commercial telephone lines and the advent of GPS, the
existing system no longer meets the requirements.

Currently, three other ranges (Naval Weapons Center, Vandenberg Air Force Base, and
Tonopah Test Range) receive their inter-range communications timing through
communications links with the AFFTC. It is anticipated that one or more of these ranges
will upgrade their own timing and synchronization reference to a source traceable to UTC
through GPS.

The frequency reference in the existing MTS is provided by a free running Rubidium
oscillator. The EFRATOM rubidium standards are more than 14 years old and are no
longer manufactured. Maintenance on the two oscillators is difficult due to their age.

The MTS uses both GPS and LORAN-C in its current configuration for periodic
verification of the system performance. Comparisons to GPS are performed only when
there is a noticeable performance degradation of the rubidium oscillator. Verification of the
rubidiums 1 PPS output is checked against LORAN-C daily. The network timing itself is
not verified by an external reference.

The GPS receiver used in the MTS is a Datum Model 9390-5142 GPS
Receiver/Frequency Monitor. The unit has a frequency accuracy of 1 part in 10 . Austron7

Model 2000 LORAN-C receivers are used in the MTS. The LORAN-C receivers are over
10 years old and require manual synchronization to the LORAN-C Time of Coincidence
(TOC). Manual synchronization, even by an experienced user, can take a significant
amount of time.

The MTS uses seven Datum Data Dual Line Amplifiers (DDLA) to distribute IRIG-B, the
only signal distributed from the MTS. Each site on the base operates synchronously,
deriving its frequency reference from the MTS. There are two notable exceptions to this.
The first is the Time Space Position Information (TSPI) switch and the second is the
Advanced Range Data System (ARDS) which are discussed below.

STARTUP OPERATIONS

Start-up of the timing system is performed manually. First the Loran-C receiver must be
synchronized to the Loran signal. This process is very precise and requires an experienced



operator to execute it in a reasonable amount of time. After the Loran receiver is
synchronized the timing station can be synchronized using known propagation delays.

A normal delay from the primary west coast Loran transmitting station is known. Every
morning the timing operators call the USNO in Washington D.C. to find out the daily
difference from the normal delay. With this knowledge the AFFTC Master Timing station
can be synchronized with the proper delay to the Loran signals.

In conjunction with the Loran-C timing signal, the timing station must be provided with the
exact Time-of-Day (TOD). The TOD is supplied by the west coast Geo-Stationary
Operational Environmental Satellite (GOES). The GOES receiver in the MTS provides an
IRIG-B signal, which contains the TOD traceable to UTC, to a Synchronized Time Code
Generator (STCG).

Once the TOD is available and the Loran signal is synchronized and the delays are known,
the system is ready for final configuration. The incoming Loran 1 Pulse-per-Second (PPS)
signal and the 1 PPS signal from the STCG are compared at a frequency counter. The
output signal of the STCG is adjusted to have the proper delay from the incoming Loran
signal. Figure 1 shows the MTS and its interfaces.

NORMAL OPERATIONS

The STCG generates the timing signal for the MTS. The STCG is driven by an external
free-running rubidium oscillator. The rubidium oscillator is periodically synchronized and
calibrated to the Global Positioning Satellites (GPS). Calibration and synchronization is
performed when any drift or change in the oscillator is noticed. Normal verification of the
rubidium oscillator is performed daily using the LORAN-C receiver and the 1 PPS output.
Two of the STCG-rubidium oscillator combinations exist: one primary, one secondary.
The system has an automatic switch that monitors the primary oscillator and the STCG and
switches to the back-up should the primary fail for any reason.

The synchronized signal is distributed from the MTS. The IRIG B signal is sent via
landline from building 1440 to building 2600. From 2600 the signal is sent via landline to
building 4970 and building 8377, which is at Leuhman Ridge. At this time the landline link
between building 2600 and 8377 is not functioning, a scheduled repair date is not known.
The signal at 4970 is sent by digital microwave to building 8377 at Leuhman Ridge. The
signal from building 8359 is sent by landline to building 8377. Building 8377 is the
transmitter site for the IRIG B timing signal at the AFFTC. The transmitter provides a line
of sight transmission pattern for 40 miles in all directions.[6] Many of the on range sites
have a landline back-up to the 8377 transmitter.



The Leuhman Ridge site also has STCGs that are programmed to compensate for the
known signal delay from the MTS (approximately 270 micro-seconds). The delay to the
end user is then the delay in the signal path from the Leuhman Ridge site and the end user.

Not all of the users of the signal from Leuhman Ridge are known. Many users employ the
signal from the transmitter at Leuhman Ridge for synchronization of networks and are not
traceable by AFFTC personnel.

TSPI DATA SWITCH AND THE EXISTING MTS

The TSPI switch is used to distribute data from range radars to users throughout the base
such as Trackers, cameras, and mission control rooms. This data is used to track aircraft
and allow users to follow the progress of their aircraft. The primary function of the AFFTC
Range is to collect data on aircraft, without reliable data transmission techniques, the
AFFTC’s capability is diminished.

The TSPI switch, specifically the TSPI RED switch, is a digital switch which derives its
timing internally. Each site on the range has a site interface unit (SIU) which
communicates with the TSPI switch through a series of modems. Each site derives its
timing through the Leuhman Ridge IRIG-B signal. Since the TSPI switch and the SIUs do
not derive their timing from the same source, bit slips occur. The resulting timing method
is plesiochronous. A diagram of the existing timing condition is shown in Figure 2.

Figure 2. Plesiochronous Operation of SIUs.

ARDS AND THE EXISTING MTS

The ARDS is being developed as GPS based system to track aircraft. The goal of the
ARDS effort is to provide highly accurate real time data on an aircraft’s position and
velocity.

Since the ARDS is GPS based, it is synchronizing its communications link to GPS. The
existing MTS is only calibrated occasionally to GPS and the free running rubidium
oscillator is not steered to GPS in any other way. Calibration of the MTS to GPS ensures
that the MTS and ARDS clocks are nominally the same, but the frequency of the free
running oscillator drifts relative to GPS.



The ARDS and the timing station do, however, leave an interface. A unit has been
installed that serves as a buffer between the ARDS and the existing TSPI switch. The
buffer allows the transition of data between the GPS referenced ARDS system and the
other systems that are referenced to the free-running oscillator of the MTS. The resulting
method of synchronization is, as in the case of the TSPI switch, plesiochronous.

REQUIREMENTS FOR THE MTS UPGRADE

The mission of the MTS is to provide a common frequency reference and highly accurate
time reference to digital systems at the AFFTC. In addition to this requirement, it is now
also necessary to be synchronous with a national timing standard so reliable
communications can be performed with off base systems as well. Communications with off
base systems sometimes require that commercial systems (e.g. AT&T lines) be used or
that the other system receive its synchronization reference from a different reliable source.

All systems throughout the base must operate synchronously to ensure correct data
transfer. The best method of maintaining reliable communications is to ensure every
system has a reference clock traceable to the same source. In addition to the on base
synchronization, reliable communications must be guaranteed for communication off base.

The new MTS should be capable of distributing IRIG-B and T1 signals. The new MTS
must be capable of feeding the existing IRIG-B distribution system and all down stream
systems. The synchronous T1 signal will be used to synchronize the EDS and all other T1
multiplexers.

The MTS must be designed so distribution of higher data rates is possible as the
requirements develop. As the requirement for more precise data evolves and the need for
higher data rates is realized, the MTS must be upgradeable without significant cost or
effort. A flexible design now means easy upgrades in the future.

REFERENCE SOURCE

The new MTS must be a self-sufficient provider of both synchronization and time
reference that is compatible with all other systems across the nation. This can only be done
by providing a highly accurate highly stable source to drive the MTS. To be highly
accurate the external reference must be traceable to UTC.

Ensuring that the AFFTC receives its timing from a source that is traceable to UTC will
resolve the plesiochronous operation between the AFFTC and other systems, as long as
the other systems are referenced to a source traceable to UTC. ARDS receives its timing 



from GPS which is traceable to UTC, therefore, the synchronization problem between the
MTS and ARDS would be resolved.

The receiver used to acquire the signal traceable to UTC must automatically synchronize
itself to the reference signal. The existing system requires manual acquisition of the
LORAN-C signal. Automatic acquisition is a more precise and quicker method of
synchronization.

CLOCK SOURCE

The AFFTC has systems operating 24 hours a day, 365 days a year. Therefore a stable
source of synchronization must operate continuously. If the external source of
synchronization is lost, the MTS must be able to operate with near the same level of
accuracy.

Since operations of the MTS is continuous, the MTS should be able to maintain a precise
reference unattended for a minimum) of three days, the typical length of a holiday
weekend. Therefore, if all external references are lost the MTS should be able to operate
in holdover operation (no external reference) without a bit slip for three days.

For T1 distribution (1.544 MHZ) one bit width is 648 nanoseconds. A frequency drift of
one-half a bit width will cause a bit slip. Therefore, over a three day period the reference
clock must have a frequency stability of:

324 x 10  sec / (3 days x 24 hours/day x 3600 sec/hour) = 1.25 x 10.-9              -12

For a frequency of 10 MHZ, the frequency stability required over three days is 1.93 x
10 . To have a system that is easily upgradeable to providing a 10 MHZ output, the-13

reference clock must have a stability of a few parts in 10.13

OTHER REQUIREMENTS

The need for verification of the synchronization source can be seen in AT&T’s
synchronization scheme. There must be at least two separate layers of signal verification:
one from an independent source and one from within the system.

A reliable timing station must be designed so that no single point of failure exists. The
timing recovery and synchronization portions of the system should be fully redundant,
preferably with automatic switchover capability built-in. The verification portion of the
system should also occur at more than one level. The distribution of the timing and 



synchronization should also be redundant where possible. Failure of a single path in the
distribution should not affect the AFFTC’s ability to generate and communicate data on the
test range.

Design of the new system can account for the timing and synchronization recovery and
verification segments of the MTS upgrade, however, the existing distribution system must
be looked at for single points of failure. The obvious single point of failure is the digital
microwave from building 4970 to Leuhman Ridge (See Figure 1). The new MTS design
must remedy this single point of failure.

The system should also have a remote monitoring capability. The system should be reliable
so that minimal monitoring is required. Therefore, the personnel required to perform the
monitoring may not be physically collocated with the system. An interface to each of the
major components of the MTS must be capable of providing system performance
information to a remote panel or computer.

TSPI SWITCH

The TSPI switch is in the process of being upgraded to be part of the new Edwards Digital
Switch (EDS). The EDS is an AT&T Digital Access Cross-Connect II (DACS II) based
system that switches T1s at the DS-0 level. TSPI data is RS-232 data running at 2400 bits
per second (bps) that is being coded into a DS-0 of a T1.

The EDS must be referenced to the MTS for two reasons. First, to communicate TSPI data
at the AFFTC, the SIUs and the switch must be referenced to the same source. Second to
communicate with other ranges, either voice or data, the EDS must be synchronized to a
national standard. The input reference signal to the DACS II is a T1, a 5 MegaHertz
(MHZ) signal can also be used but more hardware is required in the DACS frames.

As shown in Figure 2, the IRIG-B signal from the MTS and the data stream from the EDS
(TSPI Data Switch in Figure 2) would be synchronous. If the SIUs take their
synchronization from the incoming data stream of the EDS, the link from the MTS can be
a secondary source of synchronization. The link to the MTS must be maintained to provide
timing information to each site.

REQUIREMENTS SUMMARY

The following is a summary list of requirements the MTS upgrade must meet:

1) It must provide synchronous operation to all systems at the AFFTC and allow
inter-range communications synchronization.



2) Provide the following signal sources for distribution: IRIG-B, 1 PPS, and T1.

3) Easily upgradeable to the following signal sources: IRIG-A, 5 MHZ, and 10 MHZ.

4) Time and frequency references traceable to UTC. Timing must be traceable to UTC
within 100 nanoseconds.

5) Provide the ability to maintain synchronization with UTC for a period of 3 days
without steering from an external source. Frequency stability of a few parts in 10 .13

6) Provide redundancy to eliminate any single point of failure.

7) Provide verification from at least one source that is not part of the on-line
synchronization of the AFFTC.

8) Automatic acquisition of reference signal.

9) Allow remote monitoring of system performance.

SOLUTIONS

This section discusses solutions and implementations for a system that will meet the
requirements listed in the requirements summary. The MTS is broken down into three
segments for addressing the requirements listed above: timing and synchronization
recovery, distribution, and verification.

TIMING AND SYNCHRONIZATION RECOVERY

To maintain traceability of UTC, the system must be driven from a source directly
traceable to USNO or some other highly reliable source. This rules out a free-running
oscillator driving the MTS. To ensure both a reliable time reference and frequency
reference are available to the MTS, GPS is recommended as a system driver. GPS offers
two magnitudes better timing information to a user than does LORAN-C.[7] The system of
atomic clocks on board each GPS satellite provides a stable reference frequency that can
be used for synchronization.

LORAN-C is still a useful tool for a frequency reference. It has been shown that the
LORAN-C frequency reference is as stable as GPS under Selective Availability (SA).[7]
Therefore, to satisfy the redundancy requirement, LORAN-C should be used as a back up
source to GPS.



Using a GPS receiver, also satisfies (lie requirement for automatic acquisition. GPS is
designed for multiple satellites to be in view at once and many receivers are capable of
automatically tracking all of the GPS satellites in view. The more satellites that can be
acquired by the GPS receiver ensures redundancy in the case of a GPS satellite failure

GPS receivers usually require a stable reference input clock. To meet the frequency
stability requirement, an atomic clock must be used. The cesium oscillator is the
recommended selection because of the greater frequency stability that can be maintained.

The Timing and Synchronization Recovery segment of the system must be capable of
outputting the required signals to the Distribution segment. Therefore, outputs of the
recovery segment should be IRIG-B and 1.544 MHZ (T1 rate).

An alternative to the output of the T1 rate is to output a signal to the distribution system,
where a synchronous T1 can be derived and distributed. This alternative method to
distribute T1 is being implemented due to the immediate requirement for a synchronous
T1. This distribution is based on an Austron model 3800 Timing Signal Generator. This
unit takes a 5 MHZ reference signal and generates a synchronous T1 output.

The requirement to avoid any single point of failure dictates that two receivers be used in
the MTS. An automatic switchover is required to avoid losing synchronization at the
AFFTC. The switchover should be part of the distribution system and is discussed below.

To alleviate the single point of failure of the digital microwave, it is recommended that a
GPS receiver be placed at the Leuhman Ridge distribution point. An automatic switch
should also be installed at Leuhman Ridge. It may be possible to have the GPS receiver
operate with an internal oscillator or an external rubidium oscillator. Short term stability is
the critical issue, the Leuhman Ridge backup timing unit only needs to operate in holdover
mode until the digital microwave link is re-established. An external rubidium oscillator is
recommended to allow easy addition of the 10 MHZ output.

Figure 3 shows a configuration that meets all requirements of a recovery system.

TIMING AND SYNCHRONIZATION DISTRIBUTION

The Distribution segment of the MTS must be capable of distributing all the signals
provided by the Recovery segment. Furthermore, all systems at the AFFTC must interface
the MTS through the distribution segment. Figure 4 shows the distribution segment along
with the required recovery segment



Figure 3. Recovery Segment of MATS Upgrade.

Figure 4. Distribution Segment of MATS Upgrade.

The existing distribution system is capable of meeting all the IRIG-B distribution needs.
An IRIG-B signal must be provided to the existing distribution system by the new recovery
system.

The T1 requirement is immediate and being implemented in the near future. The Austron
model 3800 Timing Signal Generator is being installed to take a 5 MHZ signal from the
existing MTS to derive a T1 for distribution. In addition to its twenty outputs, the 3800 is
capable of monitoring the signal quality and switching to a secondary input signal
automatically or, if desired, manual switchover is also possible.

An automatic switch from a primary source to a secondary source is required to meet the
no single point of failure requirement. The switch should perform monitoring of the input
signals to determine whether or not the input signal is acceptable.



As seen in Figure 1, the most obvious single point of failure is the digital microwave from
building 4970 to Leuhman Ridge. To eliminate this single point of failure, one of two
things must occur: the redundant signal path from building 2600 to Leuhman Ridge must
be repaired or replaced; or a redundant Timing recovery system must exist at Leuhman
Ridge as proposed above.

TIMING AND SYNCHRONIZATION VERIFICATION

The primary objective of the MTS is to distribute accurate tinning and synchronization. If
the information is not accurate, the objective of the MTS is not satisfied. Verification of
the synchronization information must be performed to meet the objective. Figure 5 shows
the complete diagram of the MTS upgrade functional requirements. The verification
segment has been added to complete the diagram.

Figure 5. Full Functional Diagram of MATS Upgrade.

The best of all possibilities is to verify the synchronization data directly by UTC. Since
this is not possible, the next best option is to verify the information from an independent
source which is synchronized to UTC. A large distribution system in the United States is
AT&T. AT&T is simple to interface with and the capability to monitor the system
performance relative to AT&T can be accomplished using the Austron 3800 unit.

Verification within the system is also an important method of “self-help”. Instead of
allowing the redundant Synchronization Recovery segment units to remain unused until the



backup is needed, they should be used as verification sources to the primary units.
Verification could be provided both from the secondary unit within the MTS and from the
recovery system at Leuhman Ridge, provided a link is available.

The verification system is designed to monitor the quality of the signals and to monitor the
health of the MTS. The Verification system should be equipped with units to monitor the
relative phase of two signals. Synchronization of a system can be monitored by ensuring
the relative pleases of two signals remain constant. Linear phase recorders or some other
please comparator device can be used for this purpose.

Signals from the Reference receivers should be monitored against each other, along with
the outputs of the atomic clocks. By performing the monitoring in this method, the device
that has failed can immediately be identified. If a cesium oscillator for GPS receiver unit
fails, the phase comparators are situated such that the discrepancy is immediately
noticeable. This configuration of phase comparators allows the GPS receivers to track
each other so no false alarms should appear due to an atomic oscillator slipping a bit
relative to the GPS signal.

Many units have alarms generated from self diagnostics. A single unit which can monitor
the alarms from all the units should be incorporated into the system to allow an operator to
check the status of the system at a glance. An alarm panel is therefore required to be
connected to any unit in the system that generates an internal alarm.

FUTURE CONSIDERATIONS

Once a system is designed and chosen, other factors must be considered for the successful
completion of the MTS upgrade. This section identifies a few of those considerations.

PLACEMENT OF MTS

The present location of the MTS is not near any of the critical systems that it serves. With
an automated timing system, the requirement for full time MTS staffing no longer exists. It
is therefore important to locate the MTS where cross-utilization of personnel is possible.
Consideration should be given to moving the MTS into the Technical Control Center
(TCC) of the RMCC or collocated with the EDS so personnel responsible in one of those
areas can monitor the MTS as required.

LOCATION OF GPS RECEIVERS

The building on which the GPS antennas are to be located are already dense with other
antennas. Concern exists as to whether any of the existing antennas will interfere with the



GPS receivers’ ability to lock up on the satellite signals. Careful consideration should be
given to the placement of the GPS antennas as unwanted interference with the antennas
could degrade the performance of the MTS.

REMOTELY LOCATED GPS RECEIVERS

By migrating to a GPS based timing System, the precision of time information between
two sites can be improved by locating GPS receivers at each site. The precision of timing
information transmitted from the MTS to a site one-half mile from the MTS, and to a site
10 miles from the MTS has impact on the quality of the information. If cameras and
trackers and other data generating systems were receiving data directly from a local GPS
receiver, no propagation delays would exist from the MTS to the site.

By building a GPS based system, it is possible to install GPS receivers at any or all of the
remote sites to improve timing precision and accuracy any time in the future.

CONCLUSION

The decision to transfer TSPI data through the EDS forces an upgrade of the MTS at the
AFFTC. The ability to reliably transfer data from one test range to another depends on the
ability of the two ranges to maintain synchronization. The quality of the data also depends
on the accuracy and precision of the data from one data retrieval site to another.

The GPS offers the perfect solution to provide a very stable frequency reference and time
source traceable to the USNO. Equipment is available to synchronize networks and
equipment at a variety of data rates. Building a high quality timing station with a flexible
design today allows for adaptation to the requirements of tomorrow.
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ABSTRACT

This paper describes a high performance telemetry receiving antenna tracking system
which utilizes unique software to allow full remote control of the tracking antenna, two
telemetry receivers, and a diversity combiner.

Features include a modular pedestal design, electronically scanned tracking feed
(ESCAN), mouse-driven software which uses full screen representation of selected
components, and a joystick linked through serial interface to the control computer to allow
slewing of the antenna axes.

This state-of-the-art system allows operation from the front panel of the controlled devices
and over extended distance via fiber-optic buss extenders.

INTRODUCTION

MBB Deutsche Aerospace receives, demodulates and reports aircraft flight test data. The
nature of these flights require a dynamic broad frequency range tracking antenna meeting
high operational and performance specifications. The location of the antenna test tower in
relation to the main control center required a method of fully autonomous remote control.

THE REQUIREMENT

To meet current and future needs, the tracking system had to be capable of tracking and
receiving data in a broad frequency range (1430 to 2600 MHZ). The ability to track targets
which induce modulation (helicopters, rolling airframes, etc.) was required along with
good low elevation and multipath performance. Experience also dictated that the method
of remote control should not require vastly different operating technique than needed to
operate the Servo Control Unit (SCU), telemetry receivers, or diversity combiner from
their respective front panels.



THE SYSTEM

The tracking system (see Figure 1-1) designed by Scientific-Atlanta utilizes an ESCAN
feed mounted prime focus in an 8-foot reflector. Table I gives the primary measured
system performance data. A modular pedestal featuring pulse width modulated power
amplifiers coupled with a microprocessor-based servo control unit were also utilized.
Figure 1-2 shows the block diagram configuration of the Antenna system. A personal
computer with custom mouse-driven software, Utilizing IEEE-488 remote interface was
used to fulfill remote operation requirements (see Figure 1-3). During low level short
distance flight situations an S-band dipole antenna is used to receive flight test data.
Aircraft position data included with the data stream is processed in a mainframe host
computer and used to reposition the main antenna via fiber-optic RS-232 link with the
servo controller.

Figure 1-1. MBB Antenna Assembly



Figure 1-2. Antenna System Block Diagram

Table I
System Performance Data

Characteristic Specification

Measured RF Performance

Frequency 1435 to 2600 MHZ

Polarization RHC

3 dB Beamwidth 5.2 degrees at 1435 MHZ
3.2 degrees at 2600 MHZ

Gain 27.3 dBi at 1435 MHZ
32.0 dBi at 2600 MHZ

Side lobe (relative to peak of main beam) 17.7 dB Max
20.5 dB Typical

Axial Ratio 1.5 dB Max

VSWR 1.5:1 Max



Characteristic Specification

Mechanical

Primary Power 120V ac, 1 phase for each

Drive Type Brushless dc servomotor

Power Gearing Backlash 0.05 deg

Velocity 30 deg/sec

Acceleration 30 deg/sec2

Gear Ratio 1,466:1

Compliance 5 x 10  rad/ft-lb-6

Azimuth Bearing Overturning Moment 4,000 ft-lb
Capacity

System Weight 900 lbs

Orthogonality Tolerance 0.03 deg Max

Reflected Inertia 25 sl-ft2

Delivered Torque 500 ft-lb

Stow Angle Azimuth 0º
Elevation 90º
Alternate positions in 90º increments

Overall System Height 156 in

Environmental

Temperature -20º C to +55º C

Relative Humidity 100% including condensation

Ice Load
Operating 1/8 in
Nonoperating 1/4 in

Wind
Operating 35 mph
Survival 90 mph (stowed)



Characteristic Specification

Altitude
Operating 0 to 10,000 ft
Nonoperating 0 to 50,000 ft

Salt Atmosphere Coastal regions

Sand and Dust Desert regions

Insects and Fungi Tropical regions (MIL-STD-454/4)

Vibration
Pedestal MIL-STD-167 (shipboard) shock typically,

Feed Normal highway (unimproved roads) or air
30G, saw tooth impulse

shipment

Figure 1-3. Control Layout of the MBB Antenna/Receiving System



ESCAN is a patented process of Scientific-Atlanta, Inc.1

ESCAN1

The ESCAN feed, which has been published in two previous papers presented to the ITC,
is a prime focus, electronically scanned tracking feed. This feed provides operation from
1400 MHZ through 2600 MHZ. Target induced modulation is eliminated by the choice of
high fixed, swept, or pseudorandom scan rates. Excellent low side-lobe performance (see
Table I) coupled with digital autotrack demodulation in the servo control unit provide
excellent low elevation angle/high multipath environment tracking capability.

MODULAR PEDESTAL

The Model 13211 Modular Pedestal selected for this application places all servo drive
components on a single diaphragm which is identical for azimuth and elevation.

The turntables are supported by precision four point contact ball bearings which are
retained in stainless steel support rings to better control differential thermal expansion and
thereby reduce friction and bearing stress. The main drive gear is attached directly to the
inside race of the bearing to provide excellent strength and rigidity to the drive train.

A combination brake, tachometer, and high torque servo motor are coupled to a compact
spur gear reducer to drive each aids. These components are provided as one
line-replaceable unit to speed future service requirements. Final drive to the bearing gear is
through a spring biased anti-backlash pinion. The final drive cavity in the module contains
a foam volume reducer to ensure that lubrication remains in the gear contact area further
enhancing reliability.

A rotary joint and slipring were provided to allow continuous azimuth rotation.

COMPUTER CONTROL SYSTEM

The tracking antenna is located on a tower with a control room directly underneath housing
the Scientific-Atlanta Model 3842 Controller, two Model 930B Telemetry Receivers, and
a Model 934 Diversity Combiner. Control of these devices was required from a tempest
control facility locted 300 feet from the antenna tower. The ability to slew the pedestal
with a joystick from both locations was also furnished.

A personal computer using IEEE-488 addressable format along with fiber-optic line
extenders was selected (see Figure 1-3).



Mouse-driven software was written using the familiar icon format to select each device
(see Figure 1-4).

Figure 1-4. Control Entry Screen

Following selection, a full-screen representation of the device is then presented. See
Figures 1-5 through 1-8. All operations are then very similar to front-panel operation.
Mode changes are accomplished by clicking the mouse over the chosen mode key, the key
will change color to yellow indicating the command is in process. The key will then
become green indicating that the mode is active.

A data entry screen was also provided on the Servo Control Unit (Figure 1-6) which
allows the operator to view and change control parameters which are internal to the
controller and not displayed on the front panel. Accessed from the controller screen, each
parameter has a separate box on the display which shows the current value for that
parameter (updated continuously) and which may be selected and changed. Normal
background color for these parameters is gray; when a box is selected the background
color will change to green and the key pad and entry field are activated.

An external joystick was supplied to allow rapid repositioning of the axes. Operating
through a serial input port, the joystick allows axis speeds in proportion to stick deflection. 



Figure 1-5. Servo Controller Remote Screen

Figure 1-6. Data Entry Screen



Figure 1-7. Telemetry Receiver Screen

 Figure 1-8. Diversity Combiner Screen



Depressing a button on the joystick base reduced stick deflection rates by one half to allow
more precise positioning.

The Series 930 Equipment uses a menu-driven logic access to set-up and tuning functions.
This operation method was exactly matched on the computer screen where selection of a
“hard key” or fixed function key provides additional parameters selectable from the “soft
keys” located across the top of the panel. See Figures 1-6 and 1-7.

SERIAL INTERFACE DATA OUTPUT

To provide a constant output of device status, the computer will continuously output the
status of all four devices being controlled via a serial interface to an existing mainframe
computer. The data repeats itself continuously with each device identified with a unique
prefix followed by data represented in HEX-ASCII format for all major device parameters.

CONCLUSION

This system represents a full function, high performance, telemetry tracking system which
meets a broad range of performance requirements. During operation, the system has
proven highly functional in a wide variety of flight regimes as well as during low elevation
angle tracking situations. The ability to switch to a dipole antenna during close-in high
speed situations while simultaneously updating the position of the tracking antenna to
regain track as soon as possible insures constant test data.

The unique computer control system allows operators the ability to control all system
parameters from a remote location using the same basic control logic found on the device
front panel.
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ABSTRACT

A computational system was developed to support data collection for advanced airborne
technology research. Basic research is conducted using a variety of sensing devices for
collection of flight characteristics data from aircraft. To maximize control over as many
variables as possible during research activities, a controlled aircraft tracking environment
is needed to provide reference data for real-time operation and post-mission analysis. The
solution to this requirement is realized with the ACMI Interface System (ACINTS). The
ACINTS extracts real-time tracking data from a closed-loop telemetered tracking array,
reprocesses needed parameters, provides reference data (positioning and control
commands) to the sensor device, and records aircraft kinematics for later correlation with
other collected data.
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INTRODUCTION

Considerable attention has been focused on the collection of aircraft flight characteristics
data in recent years. This recent attention originates from an interest in how aircraft appear



to external sensing devices rather than on how on-board avionics systems characterize the
aircraft. To support high fidelity kinematic measurement studies, an alternate method of
extracting and recording in-flight data must be developed. Further, a method to correlate
collected data with some sort of reference, or truth data is required so that system
throughput is accounted for.

Since the early 1970’s, the Air Combat Maneuvering Range (ACMR), Air Combat
Maneuvering Instrumentation (ACMI), Tactical Aircrew Combat Training Systems
(TACTS), and Measurement and Debriefing Systems (MDS) have proven to be reliable
sources of closed-loop tracking data for maneuvering aircraft.

These closed-loop systems consist of a series of ground-based relay stations and
computational suites working in concert with an Airborne Instrumentation Subsystem
(AIS) package on the aircraft. The systems employ a customized telemetering format for
all ranging, data transfer, and system calibration functions. The closed-loop tracking
function provides state vector outputs from a ten state Kalman filter (X, Y, and Z position;
X, Y, and Z velocity; A, B, C, and D Euler angles) that define the orientation of
AIS-equipped aircraft. The computational suite operates on downlink messages, passed via
the ground-based relay stations, to resolve the aircraft center-of-gravity (CG) kinematics
relative to a tangent plane coordinate system. The tracking function is augmented by
weapons processing functions that are realistic in every aspect, except that weapons
employment is simulated by the computational system.

PROBLEM

This closed-loop tracking system architecture is adequate for its design purpose of aircrew
training or system testing and analysis; however, much of the enormous volume of data
generated by these systems is lost. Although kinematic data are recorded during each event
for later replay and review, tapes are degaussed and reused for later missions.

If retained, these data could be used to support several initiatives. Some major applications
include analysis of airborne vehicles by radars or other devices; collection, categorization,
and cataloging of air vehicle kinematic characteristics; and development of an Artificial
Intelligence (AI) data base for airborne vehicle identification.

A different method must be used to extract and resolve the spatial relationships between
in-flight aircraft and external data collection systems. These external systems, or “Sensor
Suites” may be used to collect data not normally available on the ACMI/TACTS/MDS,
and may also require some assistance in pointing its data acquisition device. Such data
collection systems might be cinetheodolites, laser trackers, and video cameras.



REQUIREMENTS

An interface system that can extract the closed-loop system tracking data from the
ACMI/TACTS/MDS and reconstitute the data into a more suitable format for a given
application is needed to assist sensor suites in the data collection process. Several
requirements must be met. First, the system must be able to physically and logically
interface to each range tracking system. The host processor must be sufficiently fast to
maintain synchronization with the tracking system, and to sustain internal interrupt
handling routines. The user interface must provide dynamic activation, control, calibration,
and shutdown capability. Data recording must capture incoming digital data from on-range
aircraft, or from the tracking system itself. Finally, ACMI, TACTS, and MDS installations
are located throughout the world; therefore, the system must be deployable to any of these
system locations. These requirements can be satisfied with the ACMI Interface System
(ACINTS, pronounced “A-CENTS”).

The first ACINTS was developed by Cyberdynarnics Incorporated under subcontract to
General Dynamics Pomona division, and came on line at the Tyndall Air Force Base
ACMI in 1987. Since that time, Veda has worked in conjunction with the Air Force to
implement system-wide improvements to the ACINTS, and to provide additional growth
capabilities. In particular, the capability to interface to multiple generic sensor suites was
identified as a future requirement. The need to select tracks from a potential list of 36 or
more aircraft was required to support the more advanced RFMDS range, a feature the first
ACINTS was not capable of. Veda solved this requirement with an upgraded
computational suite with room for growth beyond its present capabilities.

The remainder of this paper discusses the Nellis Air Force Base installation, which was
brought on line in March 1992. A second ACINTS derivative which allows networking of
multiple sensor suites via a fiber optic network is planned for installation at the Tyndall Air
Force Base complex in the near future.

ACINTS FUNCTIONAL CHARACTERISTICS

The ACINTS’ computational suite provides relative position information from a fixed
(“Earth stable”) point to an aircraft instrumented with an Airborne Instrumentation
Subsystem (AIS) used on the range complex. Kinematic data are extracted from the range
system, reprocessed by ACINTS, and transmitted to the sensor suite host to control a
secondary pointing device such as a radar or other data acquisition equipment. The
ACINTS interfaces to the other data acquisition/collection systems and to system/user
terminals. The ACINTS host processor suite is capable of communicating with the
RFMDS or ACMI via a customized message protocol. The types of messages sent from
the MDS or ACMI include exercise data, maneuver data, filter output data. and range time



ACINTS System Concept Diagram

messages. At the ACINTS user console, the operator can bring ACINTS on line with the
RFMDS (or ACMI) and receive messages to support pointing and aspect calculations for
the specific data acquisition/collection site and the selected aircraft. The user interface
provides a dynamic target selection method and the capability to observe on-range
activities.



ACINTS ARCHITECTURE

Central (Host) Processor

The ACINTS hardware architecture consists of a VME bus based multiprocessor system
developed by Modular Computer Corporation (MODCOMP), connected to the range
system via custom-built interface components. ACINTS features high performance,
real-time processing power, and high-throughput I/O subsystems. The ACINTS is modular
in design, provides room for future growth, and incorporates hardware interfaces to
accommodate differing range geometries and instrumentation configurations.

A single host processor board with a Motorola 88100 Reduced Instruction Set Computer
(RISC) CPU run the real-time UNIX operating system along with C applications software.
The host CPU board shares the VME system bus with additional processors such as a
Small Computer System Interface (SCSI) controller, Ethernet board, serial I/O data
distribution boards, and custom message traffic handling from the range system. This
configuration allows extremely high speed data transfer without interruption of ACINTS
interface I/O channels by external data collection systems. The memory hierarchy consists
of a local shared memory system with data distributed to shared memory locations that
allow multiple processes to access tracking data at high sampling rates. At the top of the
hierarchy, access to CPU memory by external boards (Ethernet, SCSI) is realized via the
VME system bus. To minimize delays and I/O bottlenecks, unique memory addressing
prevents mishandling data extracted from various boards in the system. Timing critical
functions are executed from local memory and passed to other processor and/or I/O boards
via VME bus transfers.

Software Environment

The ACINTS software environment consists of MODCOMP’s version of real-time UNIX,
REAL/IX. REAL/IX is an AT&T UNIX System V source tree derivative. To keep pace
with the demands of high data rate tracking information, the ACINTS application takes
advantage of the REAL/IX fully preemptive UNIX kernel. This allows any high priority
interrupt (i.e. incoming ranging data, exercise data updates, etc.) to schedule and utilize the
CPU during operation.

All primary application software is written using the MODCOMP General Language
System (GLS) C compiler. GLS C is a full ANSI C X3J11 compliant compiler which
prevents use of non-compliant constructs in modules. ACINTS software functions are
separated into five major functional entities or Computer Software Configuration Items
(CSCIs): 1) ACINTS Control, 2) Range Interface, 3) Sensor Suite Interface, 4) Recording
Handler, and 5) Display/User Interface.



ACINTS Control

Overall ACINTS control is assigned to the portion of the application that oversees
incoming tracking data, recording, aircraft selection, and bus access arbitration via
interfaces to the range, display/user, recording, and sensor suite handing routines. The
control function maintains the ACINTS and sensor suite calibration data via a central
configuration file, which is accessed during system setup, operation, calibration, and
modification. The control function prevents out-of-bounds operations on parameters
passed between the various ACINTS tasks, including erroneous user inputs such as entry
of real numbers into integer fields during calibration, or entering out-of-bounds calibration
data.

Range Interface

The range interface function establishes a communication protocol with the Nellis Range
Support System (NRSS). The NRSS is a link, spur, and hub microwave communication
complex that provides data transfer between Nellis Air Force Base and the Nellis range
complex. Tracking data are passed to the ACINTS via NRSS. Basic tracking data are
displayed on the ACINTS user console as a reference for aircraft selection during data
collection and flight observation. The range interface function performs validity checks on
incoming data to ensure data integrity.

Sensor Suite Interface

The sensor suite interface function oversees the data communication between the ACINTS
and the tracker/controller processor of each sensor suite. Once incoming tracking data are
received, the sensor suite interface function resolves the spatial relationship between the
sensor suite and the on-range aircraft. Pointing data are formatted and passed to the sensor
suite tracker port via an RS-232 interface. The data path is simplex, leaving the sensor
suite processor to further determine the validity of pointing data.

Recording Handler

The recording handier monitors the display/user interface to determine if recording has
been activated. If activated, incoming tracking data (X, Y, Z position/velocity, airspeed,
etc.) are recorded to a high density 8 mm tape cartridge for long term archiving. As old
tracks are deselected and new ones selected, the recording handler writes end of file
markers and updates the general aircraft data (aircraft type, number, mission name, etc.).



ACINTS Data Flow Diagram

The recording function is an extremely important part of the ACINTS usefulness, as
recorded data from both the sensor suites and ACINTS are time correlated and compared
to verify the “correctness” of received data (reports returned to sensor suite data collection
equipment). Time stamping of received inputs serve as editing tools to factor out inherent
system latencies.

Using high density 8mm tape condenses the physical volume of recorded data
considerably. With a single tape capacity of 2.5 GBytes and a record length/frequency of
680 bytes/second, over 1000 hours of flight time can be recorded to a single tape
(factoring out tape blocking overhead).

Display/User Interface

The display/user interface provides the primary window to ACINTS. By employing an
X-terminal/OSF Motif environment, all ACINTS control and monitoring functions are
performed here. A 900 square mile God’s eye view of the range area is generated to
provide a reference to observe on-range aircraft positions relative to the sensor suite. A
series of pulldown menus and dialogue/information boxes provide the user with selection
and control of ACINTS functions. System health checks are performed by the host. Status



changes or error conditions are transmitted across the local area network to the user
terminal for further operator action or acknowledgement.

All essential control functions are executed at the main display. They include system
shutdown, aircraft select/deselect, exercise data display/request, maneuver data (tracking
kinematics) display, system setup, calibration, and recording.

OSF/Motif Provides a Dynamic User Interface

Timing Control and Referencing

Real-time tracking systems typically rely on computationally intensive algorithms to
resolve three dimensional spatial relationships between two or more vehicles. Rotational
translations are performed to resolve aircraft positions and aspects relative to the data
collection system. These computations are highly optimized to keep execution time to an
absolute minimum. One major time cycle for RFMDS is 100 milliseconds. All spatial
relationship calculations must be completed within this period.

Timing and throughput analyses were conducted during ACINTS development. The results
of these tests indicate that all processing and I/O are accomplished well within a 100
millisecond major cycle demarcation. The most time consuming task is data input from the
Modular Instrumentation Package (MIP), an on-range interface between the MDS and



ACINTS. These input functions consume approximately 62% of the required processing
time, leaving 38% of available processing time for rotational translation, pointing angle
and aspect calculation, and sensor suite port I/O.

Establishing Reference Points

Since each sensor suite tracks ACMI/TACTS/RFMDS instrumented aircraft, operation is
predicated on proper orientation in the earth referenced tangent plane coordinate system.
The ACINTS application software accounts for the sensor suite orientation in X, Y, and Z
position as well as pitch, roll, and heading. The pitch, roll and heading terms are included
in the event that rugged terrain is encountered at the deployment site, and leveling of the
pointing device is not possible. This referencing is intended to reduce or eliminate the
effects of absolute system biases, biases that can be controlled with careful sensor suite
placement and calibration.

To initialize the sensor suite orientation, accurate positional measurement is required so
the information can be translated into the local tangent plane system. The most reliable and
expedient method to accomplish this task is via the Global Positioning System (GPS). A
GPS receiver is used to obtain position fixes (latitude, longitude, elevation/altitude) on the
sensor suite. The GPS data are then entered into the range tangent plane system via a
conversion routine supplied from the range central computer. This routine converts the
entered positional data into tangent plane X, Y, and Z values. These values are then
entered into the ACINTS sensor suite configuration file for use during operations.

Monitoring Tracking Quality

Tracking truth data originates from a closed-loop system and is passed to ACINTS for
further processing. While some measure of correction (i.e. smoothing, filtering, etc.) is
possible, excessive data manipulation can degrade system performance due to induced
system throughput. The reference system (ACMI, TACTS, or RFMDS) monitors the
tracking filter performance and reports that performance via the ITRACE indicator.
ITRACE tells the system exactly how well or poorly the tracking filter is performing, thus
providing a measure of quality of the track data being passed to ACINTS. As tracking
quality degrades due to increased Geometric Dilution of Precision (GDOP), loss of
line-of-sight (LOS) to ground stations, and/or reliance on other forms of positioning, it
follows that ACINTS will respond accordingly.

Time Correlation for Data Analysis

System throughput will induce some measure of latency in the tracking data. This is simply
a matter of the physical distances that separate the various subsystems as well as the



required processing time at each subsystem. Therefore, differences between the time that
tracking data are first received and the time that aircraft kinematics are observed are
expected. Two IRIG-B reference clocks, originating from different locations are used,
thereby creating a constant time delta between the two sources. The first timing source
comes from the RFMDS itself, since each packet of tracking data is time stamped just
prior to being transmitted across the NRSS. The second timing source comes from the
sensor suite, which provides IRIG-B time from a local IRIG receiver and time code
generator/translator. The recording function provides a correlation path between these two
times by providing time stamps for both events.

To account for track latency during conduct of a mission profile, a linear time
extrapolation term can be entered at the ACINTS console. This feature benefits system
performance by providing a measure of control over incoming filtered data just prior to
execution of the pointing and aspect algorithms.

The ACINTS obtains reference time via the sensor suite IRIG receiver. When an aircraft
track is selected, and recording is enabled, incoming tracking packets, time stamped with
the RFMDS range time, are time stamped again by ACINTS. The result is a constant delta
time factor captured for later editing. The time difference is between the aircraft
measurement time by RFMDS and the time a report (or radar return) for the selected
aircraft was received by the sensor suite. During post-mission processing, this time delta
can be used to extrapolate out finite errors introduced in resolving the aircraft’s actual state
vector at the time of measurement.

PERFORMANCE CHARACTERISTICS

The ACINTS was installed at the Nellis AFB complex during the period of 24 through 27
March 1992. The first operations were conducted with no data collected on any aircraft.
When ACINTS came on line, aircraft of opportunity were selected and monitoring via
video camera observed. The ACINTS controlled the monitoring process for a single
aircraft through various maneuvers at ranges from inside ten nautical miles to beyond 25
miles range. The system tracking accuracy was estimated to be within plus or minus 0.2
degrees at 25 miles.

Three operational considerations are in order: absolute system biases, RFMDS track
quality, and track latency/time extrapolation.

Absolute System Biases

In comparing the first day tracking exercises against the third day, it can be concluded that
some absolute biases are present based on initial positioning. This can be accounted for in



several ways. First, position calibration is dependent on the accuracy of the surveyed
points used to calibrate the sensor suite position. To complicate the process, the sensor
suite is surveyed in using GPS. Even with the best accuracies, some GPS positioning error
is still present. This was verified by taking several readings for sensor suite GPS position
over the course of the week. Observed offsets were as far as 100 (or more) feet in X and
Y, and upwards of 200 feet in Z. Careful, methodical calibration is required to account for
this error and to insure that position biases are factored out.

RFMDS Track Quality

ACINTS track quality is affected whenever a tracked aircraft executes a high-rate
maneuver. ACINTS relies on RFMDS tracking data, and maintains tracking based on the
RFMDS tracking filter performance. The ITRACE value, a measure of RFMDS track
quality, must be monitored regularly to correlate what is expected during tracking
exercises and what is achievable. The RFMDS is a ground-based closed-loop tracking
system that exhibits a geometric dilution of precision (GDOP) as the number of tracking
closed loops decreases. This occurs on a regular basis at Red Flag due to the fact that
many exercises are conducted at low level flight and high velocities, and lose sight of some
of the on-range tracking stations.

Track Latency/Time Extrapolation

During ACINTS controlled or assisted tracking periods, some latency is observed in the
system’s performance. When the track is proceeding on a generally straight and level
profile, a constant lead or lag is observed in the video display. On the other hand, when the
track moves through a more dynamic maneuver, the lead (or lag) becomes more
exaggerated. This is exacerbated by the RFMDS tracking quality, as mentioned above, but
it is also undetermined whether the ACINTS pointing algorithms induce more latency. In
an attempt to account for this, we recorded flight data for a selected aircraft and then
compared the IRIG time with RFMDS time as recorded to ACINTS tape. The result is that
a data latency of between 120 and 220 milliseconds was observed. Calculating the
arithmetic mean of several samples indicated that a 190 millisecond extrapolation factor
(Delta-T) was needed to account for this latency. When this Delta-T factor was inserted
into ACINTS and aircraft re-tracked, no discernable difference in the tracking behavior
was noted. Further observation/analysis is in order.

CONCLUSION

The ACINTS represents an extension of the reliable ACMI/TACTS/MDS. Using this long
established tracking process, aircraft kinematics can be cataloged for long-term study and
characterization. Ultimately, the knowledge base compiled from these data collection



systems could be used to support classification of aircraft types based on measurements
taken by sensor devices such as optical trackers, and advanced radars. The ACINTS
recording capability prevents the loss of volumes of valuable data that could be applied to
other forms of analyses.
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ABSTRACT

This paper presents the tracking systems currently used at ESA. Two systems are
described: Meteosat Ranging System (MRS), and Multi-Purpose Tracking System
(MPTS).

The MRS is presently in operational use on Meteosat. It has been designed to meet the
need for a simultaneous multi-point ranging in a channel shared with other services. As a
result, a new code ranging technique, based on split-phase-level data formats, has been
designed and developed.

The MPTS (previously Deep Space Tracking System - DSTS) was first developed and
deployed for the Giotto mission. At a later stage, a near-earth capability has been added to
the system, thereby creating a truly multi-purpose tracking system. The ranging signal
employed in the MPTS makes use of the good properties of both the PN code type of
ranging system and the tone ranging system.

The concept, architectural design, capabilities and performance of these systems are
presented in this paper. Finally, insight into the European Data Relay Satellite and Data
Relay User Satellite ranging systems is given.

1. INTRODUCTION

The Meteosat Ranging System (MRS), and the Multi-Purpose Tracking System (MPTS)
are based on very different concepts for very different applications. Both systems however
share the quality of providing accurate range data to the spacecraft orbit-determination
process. Ranging a satellite is performed by measuring the round-trip delay of a signal



between an Earth station and the satellite. There are various ways to generate a ranging
signal but all of them are based on the modulation of a time marker onto the uplink that
will be subsequently detected by the receiver on the downlink. Periodic time markers are
employed in order to accommodate noisy transmission channels.

The MRS is an example of code ranging system. The code in this case serves the purpose
of a time marker. Codes can be pseudo-random or patterns selected in order to fulfill
specific requirements. The MRS code is a pseudo-random code, also called pseudo-noise
code (pn-codes). It offers very good spectral properties and orthogonal codes can be
chosen to enable multiple satellite access.

The MPTS is a hybrid tone-code ranging system. A pure-tone ranging signal consists of a
high frequency ‘major tone’ that is continuously transmitted together with a set of
sub-harmonically related ‘minor’ tones which are sequentially transmitted. The round-trip
propagation time is given by the measured tone phase difference between the uplink and
the downlink. The accuracy of the measurement is given by the highest tone frequency, in
this case, the major tone. The set of minor tones serves the purpose of gradually resolving
range ambiguity. The lowest frequency component defines the limit for range ambiguity
resolution [4].

The MPTS code is essentially a binary representation of the minor tones, multiplied
together: it consists of a series of sub-harmonically related digital codes of increasing
length. The MPTS combines the advantages of both types of ranging systems: fast
acquisition property that characterizes a pure-tone ranging system, with the good
interference properties inherent in code systems.

Another feature of the MPTS is its combined Range-Doppler capability. It allows to
acquire deep space ranging signals that are approximately 30 dB lower (-10 dBHz) than a
conventional pure-tone ranging system can acquire. The MPTS measures the Doppler shift
on the carrier to predict the tone frequency and pre-steer accordingly the tone PLL for tone
acquisition. This technique is referred to as “Doppler pre-steered range-tone tracking
loop” and is further described in section 3.

2. METEOSAT RANGING SYSTEM

The Meteosat Ranging System (MRS) was first designed and used for Meteosat, a series
of meteorological satellites operated by ESA on behalf of Eumetsat under the “Meteosat
Programme”. The Meteosat satellites observe cloud formation across the full Earth disk
and generate various meteorological images and charts such as Weather Facsimile (Wefax)
charts that are transmitted to the ESA ground station and finally to the end-users via
Meteosat. These signals are referred to as “communication signals” as opposed to ranging



signals. Both ranging and communication signals share the same satellite transponder as
described in the next section.

CONCEPT

The system architecture and location have been chosen in order to meet the performance
required on Meteosat, satellite located at around 0º longitude. The MRS is a two-terminal
system: the primary ranging terminal located in the Data Acquisition Tracking and
Telecommand Station (DATTS) in Odenwald, Germany, and the Land-Based Transponder
(LBT) located in Kourou, French Guyana. Figure 1 illustrates the concept: ranging and
communication signals are transmitted simultaneously from the primary station to the
satellite and transponded both to the primary station as well as to the LBT. The LBT
demodulates and retransmits coherently the ranging signal to the primary station via the
satellite. 4-way (DATTS-satellite-LBT-satellite-DATTS) and 2-way (DATTS-satellite-
DATTS) range data are provided by the primary station to the orbit-determination process
carried out in the Operational Control Center (OCC), located in Darmstadt, Germany.
Multiple satellite access among the ranging terminals is achieved by choosing orthogonal
codes [1].

ESA Journal 1988. Vol. 12 Fig. 1: Meteosat multiple-access
ranging concept



The ranging signal is a pn-code that is Split-Phase-Level (SPL) data formatted and directly
phase modulated (BPSK) onto the carrier. It is transmitted at a very low signal level,
approximately 20 dB below the communication signal. The SPL pulse shape offers the
advantage of minimum spectral density around the carrier frequency, thereby minimizing
the mutual interference between ranging and communication signals and enabling
simultaneous access to the satellite [1]. The pn-code is also used as spreading code for a
low rate data stream with bit-duration equal to the code length; this data stream is to
transfer data and control between the primary station and the LBT.

CAPABILITIES

The MRS was designed as a ranging-only system. Doppler measurements are not required
on Meteosat to meet the required performance.

Operational modes

The MRS ranges two types of transponders existing on Meteosat: the Mission
Performance Telecommunications (MPT) transponder, and the Mission Support
Telecommunications (MST) transponder. The MPT transponder is specifically used for
operational satellites and is shared between user services and ranging in a CDMA fashion
as described in the previous section. In this mode, 4-way and 2-way ranging are performed
in order to meet the required accuracy. Hibernated or spare satellites are ranged via
another transponder, the MST transponder, in a 2-way mode only, which provides
sufficient accuracy. Unlike MPT, the MST transponder is not used for user services.

PERFORMANCE

An analysis of the ranging measurement accuracy and of the interference effects on the
simultaneously transmitted communication signal is given in ref. [1]. Link budgets are
given for MPT operations.

MRS ranging data and orbit predictions have been compared: the overall MRS
performance, including noise performance, stability of the path through the station, the
satellite, tropospheric and ionosheric propagation degradation has been measured to be
1.1 m in SPL under nominal link budget conditions.

The ambiguity resolution is given by the code length. In the case of the MRS, it ranges
from 0.1 sec to 0.025 sec (10 to 40 codes per second in SPL), resulting in a maximum
non-ambiguous range of up to 15,000 km. This gives a sufficient ambiguity resolution for
geostationary satellites. Moreover, a synchronization word is coded onto the unspreaded
ranging signal every 2 sec, allowing further resolution of the range ambiguity.



A detailed performance analysis as well as link budget information is in ref.[1].

ARCHITECTURE

Ranging terminals

The MRS primary ranging terminal consists of two RAnging MODulator/Demodulators
(Ramod 1, and Ramod 2), an Automatic Frequency Control Unit (AFCU), a Frequency
and Timing Unit and a central real-time computer as shown in Fig 2. Ramod 1 and 2 are
identical drawers, however only Ramod 1 is used in transmission mode. At the reception,
the 2-way code, code 1, and the 4-way code, code 2, are demodulated by Ramod 1 and
Ramod 2 respectively. In MST mode only Ramod 1 is used. The LBT architecture is very
similar to the primary terminal, except that only one Ramod is implemented and RF and
front-end equipment is included in addition to the ranging drawers (see fig. 2). Minor
operational differences exist at the drawer level such as the LBT Ramod which operates
nominally in a transponed mode, unlike the DATTS Ramods.

APU: Antenna Power Unit
ACU: Antenna Control Unit
HPA: High Power Amplifier
LNA: Low Noise Amplifier

Fig. 2: MRS block diagram



In MPT mode, the MRS architecture is based on the concept of simultaneous transmission
of a ranging signal and a communication signal. The ranging acquisition technique used
here, makes good use of the presence of a communication signal that is 20 dB stronger
than ranging and that is centered around the same frequency as the ranging signal [1]. The
acquisition follows a two-step process: first the AFCU acquires the user center frequency,
and then delivers the ranging signal to both Ramod 1 and Ramod 2. Second, both Ramods
resolve the code phase by means of a sliding correlator [1]. Start pulses and stop pulses,
generated in synchronization with code transmission and code acquisition, are input into a
Time Interval Counter which computes the time difference. Range ambiguity is further
resolved by the MRS computer using the synchronization word modulated onto the
ranging signal every 2 seconds. Further detailed hardware description is best given in [1]
and [3].

Ground Station

Ranging requests are issued remotely by OCC. It can also be done locally from DATTS.
Prior to each ranging, a DATTS configuration or at least a check on station configuration
is carried out by the Station Computer (STC). A simplified block diagram of the primary
ranging station is given in Fig 3. The MRS interfaces with the up- and downlink chains
through an Up-Combiner Switching Unit (UCSU) and a Ranging Downlink Switching Unit
(RDSU) that are controlled by the Station Computer (STC).

Fig. 3: MRS integration in the ODW DATTS station



MRS: PRESENT and FUTURE

The MRS was originally designed to range a single operational satellite in a 4-way mode
using its primary station and its Land-based transponder, and to range hibernated satellites
in a 2-way mode using the primary station only. Since then the requirements have evolved
and the MRS capability has been enhanced in 1991. Today, ranging measurements of up to
4 satellites, either in 2 or 4-way mode, can be performed in an automatic fashion following
a command schedule, thereby creating a truly multi-satellite ranging system (see fig.3). A
detailed system specification is given in ref.[2].

Presently, a second MRS is under production which will provide support to NOAA, the
National Oceanic and Atmospheric Agency. NOAA will purchase through ESA the ground
segment, and lease one Meteosat until the NOAA satellite GOES is launched. The primary
ranging terminal will be installed in a second DATTS, DATTS-2 called “Wallops
Meteosat Ground Station” (WAMEGS), to be deployed in Wallops Island, and the
land-based transponder, LBT-2, will be installed in Kourou. The satellite will be located at
100º West. Essentially there is no functional difference between MRS-1 and MRS-2. Both
stations will be remotely operated from OCC. The system functionality is depicted in
Fig. 4. It is presently foreseen to support the Meteosat program with one operational
satellite, one stand-by satellite and possibly one satellite in hibernation using MRS-1, and
to support NOAA with one operational satellite using MRS-2. MRS-2 will also have the
capability of ranging more than one operational satellite in 4-way mode.

Fig. 4: MRS configuration for Meteosat and NOAA support



3. MULTI-PURPOSE-TRACKING-SYSTEM

The Multi-Purpose Tracking System (MPTS), previously called the Deep Space Tracking
System (DSTS), was first used for Giotto, the ESA’s Comet Halley interceptor.

The MPTS is deployed across the ESA Tracking network in Perth (Australia),
Maspalomas (Canary Island, Spain), Kourou (French Guyana), Kiruna (Sweden),
Odenwald (Germany), and Villafranca (Spain). Two MPTSs are also installed in the DLR
station at Weilheim, Germany. In addition to operational MPTSs, a Test MPTS has been
installed in the reference station at ESOC as well as a test bed at ATNE premises, where
the system was developed. A Doppler-only system has also been developed and was
recently deployed in the previous NASA station in Fairbanks, Alaska, to support the
European Remote Sensing satellite (ERS-1) launch.

CONCEPT

The features that are specific to the MPTS are a hybrid tone-code ranging signal, and a
combined Range-Doppler capability.

Ranging signal

The MPTS code consists of a series of square waves sub-harmonically related to and
phase synchronized to the tone frequency. The square wave codes are of increasing length
and transmitted sequentially, from the shortest code to the longest code, the longest code
containing the lowest frequency component and obviously defining the maximum
non-ambiguous range of the system.

These codes offer properties of flexibility and fast sequential acquisition (from 10 * 0.5 sec
to 1000 seconds for 10 codes). The maximum code length can be selected by the operator.
It defines the number of codes that will be transmitted thereby setting the maximum range
to be unambiguously resolved. A further advantage of this code structure is the easy code
generation [4].

After the transitory stage of tone and code acquisition, the MPTS signal RF spectrum
becomes smoother, however the MPTS code does not present spectral properties as good
as a pn-code. Analysis of the MPTS signal spectrum and of interference and
intermodulation effects on the Telecommand and Telemetry channels is given in ref. [4].



Combined Range-Doppler Capability

The problems of very low signal-to-noise ratios encountered in deep-space missions, and
of high Doppler rates present in near-Earth missions cannot be solved by standard
Phase-Locked-Loops (PLL). To cope with this difficulty, a new strategy has been
implemented in the MPTS. The strategy makes use of the coherent generation of the
downlink carrier in the transponder. It is based on a PLL which uses a prediction of the
received tone frequency derived from carrier Doppler measurements and correlates the
predicted tone frequency with the received ranging signal. A simplified block diagram of
the tone PLL is given in Fig. 5. This technique is called “Doppler pre-steered range-tone
tracking loop”. After frequency acquisition, the tone phase is further adjusted by the PLL,
and the code phase is acquired. The MPTS system computer performs the loop filtering,
derives the tone frequency from the carrier Doppler data, the station frequency plan
including the uplink tone frequency and the transponder turn-ratio, and sets the tone
frequency synthesizer accordingly (the loop VCXO function is performed by a frequency
synthesizer).

Fig. 5: MPTS simplified tone PLL



Also, the combined range-Doppler capability provides to the orbit-determination process
a) integrated-Doppler information that gives sufficient information for near-Earth
spacecraft tracking and gives the main information for Deep Space Navigation and b) data
to cancel out the atmospheric impairment caused by free electrons along the propagation
path, thereby improving system performance. The physical characteristics of this
impairment and its correction are best described in ref. [4].

FUNCTIONS and ARCHITECTURE

Essentially, the sequence of events that take place is transmission of an unmodulated tone
allowing for tone acquisition, followed by code modulation onto the tone for ranging
purpose. At reception, acquisition is started after the expected propagation delay which
can be significant in the case of deep space tracking.

These functions are supported by the MPTS drawers (see MPTS block diagram in Fig. 6):
the ranging modulator for tone and code generation and for tone modulation, the Doppler
drawers for carrier Doppler measurements, the ranging demodulator for tone and code
demodulation, the Time Interval Counter for round-trip delay measurements, the MPTS
system computer, and finally the timing unit for distribution of time and frequency
references to the MPTS drawers.

The Time Interval counter measures the time elapsed between the start and stop pulses.
Start and Stop pulses serve the purpose of time markers. They are generated by the tone
generator and tone demodulator respectively, and synchronized onto code transmission
and code acquisition. For deep space applications, the start pulses are locked onto a highly
stable reference provided by the Time and Frequency Drawer. The carrier modulation and
acquisition are performed by an external modulator and an external receiver respectively
[4]. An overview of the ranging procedure is given in reference [6].

In addition to tracking, the MPTS carries out meteorological measurements using its
Meteo Drawer. During a pass, the Meteo drawer can provide pressure, temperature, and
humidity measurements from sensors that are placed outside the station. The Meteo data
are used by the orbit-determination process in order to model the tropospheric propagation
and to derive the atmospheric corrections to be applied to the tracking data [4].



Fig. 6: MPTS block diagram

CAPABILITIES

Operational Modes

The MPTS can be operated in different operational modes providing different sets of data:
range-only, integrated-Doppler-only, range and integrated-Doppler. Integrated-Doppler-
only mode has been used recently to track ERS-1 during the Launch Early Operational
Phase (LEOP). In each of these operational modes, the Doppler Drawer is necessary, even
in range-only mode, which uses a Doppler pre-steered range-tone tracking loop [6].
Meteorological measurements can also be performed simultaneously with any other
measurement, Ranging or Doppler.



Coherent/non-coherent mode

The MPTS can be operated in coherent or non-coherent mode depending on the satellite
transponder. For deep-space applications, coherent mode has to be used in order to predict
the tone with the required accuracy and to reduce sufficiently the PLL noise bandwidth.
The MPTS has been designed for Giotto, the worst case signal-to-noise density ratio being
-10 dBHz. For Giotto, a PLL bandwidth as narrow as 3 MHz needs to be selected, and
tone acquisition time is 300 sec.

In near-Earth, both coherent and non-coherent modes can be used [4,6].

Tone Acquisition

The tone acquisition procedure depends on whether the satellite link is coherent or not.

In coherent mode, the Doppler effect on the carrier is known and the exact received tone
frequency can be computed and input into the tone PLL (see MPTS concept).

In non-coherent mode, the received tone frequency is known with a frequency uncertainty
caused by the Satellite Downlink Carrier bias. In order to minimize the Doppler effect on
the tone, a lower frequency tone can be first uplinked. At the reception, the PLL will
sweep around the estimated tone frequency until lock is achieved. After acquisition, a
higher frequency tone can be transmitted to achieve a higher measurement accuracy. This
scheme makes good use of two good properties: 1) a reduced acquisition time and 2) a
high range accuracy [6].

Doppler

In coherent mode, the Doppler effect on the tone is proportionally the same as on the
carrier and the received tone frequency is easily derived from the frequency plan and the
Doppler measurements performed on the received carrier [6].

In non-coherent mode, the tone Doppler is a 2-way effect whereas the carrier Doppler
measured on the downlink is a one-way effect. Only an estimation is possible on the
carrier Doppler due to the uncertainty of the satellite downlink carrier bias. Detailed
explanations on Doppler measurements and on computation of the Doppler effects are
given in [6].



Dual Doppler capability

For near-Earth applications, the Doppler effect may be greater than the frequency sweep
range capability of the station receiver. In order to accommodate high Doppler effects
(more than +/- 150 KHz) that are encountered at Ka-band (for example in the case of the
Eureca/Olympus experiment), a Doppler correction is performed on the carrier before the
signal is fed into the station receiver: Doppler data are obtained from the front end
equipment are used to adjust the Local Oscillator frequency of a downconverter, thereby
compensating for the Doppler effect.

Two Doppler Drawers are then required: one to evaluate the first Doppler correction,
another to measure the residual Doppler on the received carrier. Detailed explanation is
given in [6], as well as a station frequency plan and station block diagram.

The dual-Doppler capabibility can also be used to simultaneously measure the Doppler
shift on two carriers for compensation of the ionosphere and interplanetary plasma. But, as
yet, the Agency has not had a satellite with two simultaneous coherent downlinks.

PERFORMANCE

System performance have been analyzed in [4], in particular the probability of incorrect
ambiguity resolution, ranging- and Doppler-measurement accuracy, and interference and
intermodulation effects on the telecommand/telemetry channels.

The requirements in terms of ranging are +/- 0.5 m (or 3 nsec) for all ranges up to a few
billion km [5]. The MPTS tone frequency and the PLL tone loop bandwidth can be set to
accommodate this requirement: tone and code acquisition can be performed down to a
S/No of -10 dBHz. Refer to [4] for theoretical and measured jitter results.

The maximum non-ambiguous range that the MPTS can measure is 1.5 million km. For
deep-space applications, the range ambiguity is further resolved by the orbit-determination
process.

SOFTWARE ARCHITECTURE

The MPTS software has been redesigned in 1989 to include new user requirements, in
particular an advanced user interface. New software features have been introduced giving
higher flexibility and reliability. This new software version is referred to as Mark III. Some
of its features are described below.



MPTS table

Previous sections have given an overview of the MPTS with its functions, capabilities and
operational modes. The operational MPTS set-up is derived by the software from a table
of parameters, which can be edited by a local operator or by the OCC operator at the time
of the operational request.

Some parameters have already been introduced: they are related to the station frequency
plan, the operational modes, coherent/non-coherent mode, dual or single Doppler mode,
Ranging only, Doppler only, Ranging with Doppler measurements. Other parameters
define the uplink tone frequency, the start tone frequency (to be used for non-coherent
acquisition), the tone PLL bandwidth, the expected propagation delay, the maximum code
length. Additional parameters specify the duration of each measurement (Ranging,
Doppler, Meteo), the sampling period to be used for each measurement, the size of the
data sets which collects the measured data [6].

An advanced table management has been designed and implemented. Its features are best
described in [6,7,8].

Data Acquisition Process - Data Set

Data Acquisition Processes (DAP) have been implemented in order to control and monitor
the drawers for signal acquisition, and to collect the data and store them in Data-Sets.

MPTS interfaces

The MPTS interfaces with a Satellite-Dedicated Control System (SDCS) in the OCC and
with the Station Computer (STC).

The SDCS operator sends the DAP requests to the Dap Queue, and receives the Data Sets.
It also receives Configuration reports sent regularly from the MPTS, and can request a
data set catalog, delete data sets, modify and purge the DAP queue.

The STC Interface is mainly to ‘call’ one of the pre-stored tables; individual parameters
can also be changed. Table management is carried out on the MPTS console or on the
console of another MPTS in the network, for example in the reference station.

MPTS : PRESENT and FUTURE

Presently, the MPTS ranges several LEO satellites, such as ERS-1, the first European
Remote Sensing satellite designed to provide images in the microwave spectrum mainly for



oceanographic research, Eureca-1 the ESA scientific payload launched by the shuttle
(EUropean REtrievable CArrier), Hipparcos, an ESA astrometry satellite (HIgh-Precision
PARallax COllecting Satellite). It is also used for LEOP. It will be used for tracking
Giotto, currently retargeted towards Comet Grigg-Skjellerup, for an encounter in July
1992. It is also planned to support other missions such as Cluster.

The MPTS is based on the DSTS Hardware which has been designed in the early 80’s.
ESA is considering a study for the next version of MPTS. More intelligent and
autonomous drawers, more performant acquisition strategies making use of high IF
frequency sampling, direct digital synthesizers NCO, and fully digital tracking loop, and
possibly FFT acquisition techniques are being considered.

4. DATA RELAY SYSTEM

INTRODUCTION

In an effort to support its space program from the mid 1990’s onwards, the Agency has
defined the concept of a Data Relay System (DRS) and is currently developing a
proof-of-concept satellite, called Artemis. Artemis will provide data communication
between user spacecraft in Low Earth Orbit (LEO) and ground-based terminals. It will also
support LEO tracking. Inter-Orbit Communication will be tested at optical frequencies
with the user satellite SPOT-4 (from 1995 onwards), and possibly with Eureca follow-on
missions at Ka-band.

The DRS concept is based on the use of two geostationary DRS satellites (DRSS) to
provide quasi-continuous coverage for LEO spacecraft. Also compatibility with the
American TDRSS and the Japanese DRTSS relay systems is intended, thereby allowing
for European and non-European users. Planned European users are the European Polar
Platform, the European space plane Hermes, and the Columbus Free Flyer module.
Mission, development strategy, technologies and design of the overall Data Relay System
are best described in [9].

The Agency’s long term space program is being revised. Its DRS program is being
questioned. The Agency is definitively seeking international cooperation, and a Data Relay
System is an ideal project to be proposed at the international level, for international
partners could plan a truly global relay satellite system. Such a strategy would benefit the
international community by providing a fully-continuous and worldwide coverage without
any zone of exclusion. The next section deals mainly with the tracking aspects of the DRS
satellites and the DRS user spacecraft studied by the Agency.



TRACKING REQUIREMENTS and SYSTEM ARCHITECTURE

Tracking includes both Doppler and Ranging measurements. Tracking requirements for
user spacecraft, such as Earth observing satellites, the European space plane Hermes, and
the Columbus free flyer module, are analyzed in [10]: in the case of a Ka-band
Inter-Orbit-Link (IOL), the instrumentation accuracy should be 2 m for ranging and 2
mm./sec for Doppler, and in the case of an S-Band IOL it should be 2 m for ranging and 4
mm/sec for Doppler. The overall system errors are slightly larger for they include the
instrumentation errors and other source of errors such as atmospheric/plasma degradation
(see [10]). From the tracking performance requirements on the user spacecraft,
requirements on the DRSS position accuracy are derived. The instrumentation errors
should be less than 1 m in range and 1 mm/sec in Doppler [10].

To meet the accuracy requirements, the Agency has proposed a system architecture based
on three ground-based tracking terminals: a Primary Ranging Terminal (PRT) co-located
with the Tracking and Telecommand (TTC) station at Fucino, Italy, and two Remote
Ranging Terminals (RRTs), RRT1 co-located with the TTC backup station in Villafranca,
Spain, and RRT2 located in Redu, Belgium. The two geostationary DRS Satellites,
DRSS-West and DRSS-East, would be located respectively at 44º West and 59º East, both
visible from Europe, and would relay telemetry, housekeeping, and ranging signals to the
user spacecraft. The tracking of a user spacecraft would be performed from a User Earth
Terminal located at the user’s premises.

DRS RANGING SIGNAL

Two concepts are considered. One is a multiple satellite access ranging system based on
the MRS concept and the other is a 2-way tracking system based on the MPTS.

The MRS type of concept plans to use the RRTs as land-based transponders. The DRSS
would transposed simultaneously up to three pseudo-random ranging codes, code 1,
code 2, and code 3 generated respectively by PRT, RRT1, and RRT2. This system would
provide 2-way (1 set) and 4-way ( 2 sets) ranging data.

The MPTS approach is to perform 2-way measurements only, from each of the three
tracking terminals. The Agency is thinking of using the MPTS. However a more recent
real-time computer will have to be used. A next generation MPTS with enhanced
performance and state-of-the-art design and technology is also being considered.

The Agency has investigated whether the same type of ranging signal could be used for
both DRSS and DRS user spacecraft.



5. SUMMARY

The ESA Multi-Purpose Tracking System has proven its performance in both deep-space
and near-Earth missions since 1986, validating the concepts of hybrid tone-code ranging
signals and of “Doppler pre-steered range-tone tracking loop”, enabling the tracking of
many satellites from the various ESA ground stations. The Agency has also developed and
deployed the Meteosat Ranging System in 1989 allowing simultaneous multi-point ranging
in a channel shared with meteorological services.

Both systems present advantages: the MRS for its very good spectral properties and
multiple-satellite access capability, the MPTS for its high sensitivity to deep-space signals
and high tracking capability in presence of high Doppler rates encountered in Low Earth
Orbit satellites. Both systems have evolved with the user requirements. Today, the Agency
is discussing the European Data Relay System.
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ABSTRACT

This paper presents a simple, cost-effective solution that permits the antenna in a
telemetry/tracking system to be placed at distances even greater than 20 km with virtually
no signal degradation. By using a wideband, microwave fiberoptic link to pass the RF
telemetry and tracking signals directly, the telemetry receivers can all be installed at the
operator’s location. In essence, the only RF equipment that needs to be installed at the
antenna site is the low maintenance fiberoptic transmitter which can be placed in a
ruggedized housing at the pedestal. The actual system described herein uses a hybrid
approach with some telemetry receivers at the antenna site and some remoted over the
fiberoptic link. It is shown that the fiberoptic link used met and exceeded the system
requirements. In addition, the design of the fiberoptic link is discussed and it is shown that
the dynamic range acheivable with this fiberoptic link is considerably higher than the
system requirements in this case.

INTRODUCTION

Since 1987, analog fiberoptic links have been used for remoting microwave antennas.
However, it is only within the last two to three years these links have been available with
dynamic range sufficient for telemetry/tracking systems. Many systems have antennas
placed in somewhat inaccessible places far from the operator. Also, because security is
necessary, government contracts for these systems are requiring fiberoptics for signals to
and from the antenna. So far, all of the fiber links that have been used are low frequency
(< 500 MHZ) or low speed digital. These approaches end up requiring many lines (10 -



20) and they also require that the receivers and other equipment the user would like to
have access to, must be placed remotely at the antenna site. Since these units must be
under operator control they are remotely controlled via a GPIB bus which, in turn, must
receive control data through an interface with the communications link. Finally, all of this
equipment must be placed in an environmentally controlled structure.

With a high dynamic range Ortel fiberoptic link the RF signals can be transmitted directly
over fiber so that the receivers can be moved to the operator’s location and the number of
fibers needed is cut to a minimum. This approach was adopted by Datron for one of their
systems which was recently installed and is described here. The design and performance
capability of the fiberoptic link is also given.

WIDEBAND TELEMETRY/TRACKING ANTENNA SYSTEM

Datron Systems is a manufacturer of telemetry and satellite tracking antenna systems.
During 1991, Datron developed two similar telemetry/tracking antenna systems for the
U.S. Government. These antennas were eight foot, high dynamics trackers capable of
operating at any frequency between 1400 and 2400 MHZ. Equipment provided included
the antenna, dual polarized SCM feeds and LNAs, servo controller, two Antenna Control
Units, and a microwave fiberoptic link.

Total distance from the antenna to the remote control facility was up to eleven miles. The
fiberoptic link had to traverse this distance while operating anywhere in the 1400 to 2400
MHZ range over a 60 dB dynamic range. This dictated that a high performance microwave
fiberoptic link be used.

Figure 1 shows the overall block diagram of the Telemetry/Tracking Antenna System. The
final design concept includes an Ortel DFB laser transmitter and companion photodiode
receiver. This combination gives excellent performance over the 11 mile path, but with a
slightly lower dynamic range than required. A secondary concern was to prevent overdrive
of the laser diode should a target stray too close to the telemetry antenna. The addition of a
wideband AGC amplifier in front of the laser transmitter increased the dynamic range to
over 60 dB while unconditionally protecting the laser transmitter.

Figure 2 shows the block diagram of the signal chain that was used to a analyze the
performance of the system. The AGC amplifier was designed to provide a constant 40 dB
gain for input signals up to -35 dBm. For signals above -35 dBm, the gain is reduced so
that the output is maintained constant at +5 dBm. For weak signals, the AGC amplifier
acts as a simple gain element. The time constant of the AGC was chosen at a moderately
slow 100 msec, which is the longest expected time constant necessary. The AGC time
constant of the telemetry receiver downstream can then be set to a shorter time constant if
desired.





Figure 2.  Telemetry Receiver Analysis Model - 11 mile Link.

Even higher dynamic range is possible with selection of higher performance RF
components and further fine tuning of the gain distribution. The final design used for this
system is an optimum selection which meets the design criteria while using readily
available commercial components.

Figure 3 shows the noise temperature analysis of the link. The analysis shows that the
11 mile fiberoptic link adds only 0.55 dB degradation to the basic antenna and LNA noise
temperature. Actual measured data on the final system showed that this performance was
exceeded. In fact, degradation in noise floor due to the fiber link was practically
unmeasurable. Two tone intermodulation products were measured at better than -30 dBc
over the entire dynamic range of the system. Interestingly, with the particular choice of RF
components, the LNA was the first component to saturate. The result was that the
combination of a high performance fiberoptic transmitter/receiver pair and a wideband
AGC amplifier give excellent bandwidth, high dynamic range and all design criteria were
met at a moderate material cost.



Figure 3. TELEMETRY RECEIVER NOISE TEMPERATURE
ANALYSIS - 11 MILE LINK

NOISE:

ANTENNA NOISE TEMP: 213.6 K
LNA NOISE TEMP: 120 K
AGC AMP: 5 dB = 630 K
FO SYSTEM: 55 dB = 91,700,000 K
POST POST AMP: 4 dB = 440 K
RECEIVERS: 12 dB = 4,400 K

TOTAL RECEIVER SYSTEM GAINS:

AT LNA OUTPUT: 40 dB = 10,000
AT AGC AMP INPUT: 27 dB = 500
AT FO TX INPUT: 67 dB = 5,000,000
AT POST POST AMP INPUT: 13 dB = 20
AT RECEIVER INPUT: 31 dB = 1200

NOISE CONTRIBUTION OF EACH RECEIVER SYSTEM ELEMENT:

ANTENNA: 213.6 K
LNA: 120 K
AGC AMP: 630K/500 = 1.3 K
FO SYSTEM: 91,700,000K/5,000,000 = 18.3 K
POST POST AMP: 440K/20 = 22 K
RECEIVERS: 4,400/1200 = 3.7 K

--------
TOTAL: 378.9 =K 25.78 dBK

TOTAL NOISE OF ANTENNA PLUS LNA: 213.6+120 = 333.6 K = 25.23 dBK 
--------

TOTAL DEGRADATION OF ALL ELEMENTS PAST LNA: 0.55 dB



FIBER LINK DESIGN AND PERFORMANCE

DESIGN

The telemetry/tracking fiberoptic link is depicted in Figures 4 and 5. The transmitter
(Figure 4) has two RF paths, one for RHCP and one for LHCP. The first block consists of
a fixed or tunable bandpass filter. This is necessary to keep out-of-band signals from
mixing with the signal of interest causing in-band distortion products since the fiberoptic
link itself covers the entire 100 MHZ to 5 GHz range. Field tests have confirmed the
benefits of this approach in a busy airspace to prevent degradation of received telemetry.

Figure 4. Fiberoptic transmitter block diagram.

The next block is an automatic gain control unit (AGC). The amplifier is chosen so that the
link meets the sensitivity requirement for the longest link. The AGC may be designed to
respond to the RF power at the laser input or to the telemetry receiver output. The latter
would require a return path from the telemetry receiver to the fiberoptic transmitter at the
antenna pedestal. The locally controlled AGC is simpler and has been found to be more
than adequate. In this case, the AGC reduces its gain when the input RF power to the laser
exceeds some maximum level (+5 to + 15 dBm depending on linearity requirements).



Figure 5. Standard 19" rack mounted microwave fiberoptic receiver.

The entire unit could be mounted in an outdoor enclosure approximately 30"x 24" x 8" and
will run on AC power available at the antenna. This enclosure would then be mounted
inside the antenna pedestal. The fiberoptic receiver would be a standard 19 inch rack
mounted unit and would mount in the rack with the telemetry receivers. This is shown in
Figure 5.

Figure 4 indicates low reflection, FC/APC optical connectors but, if the fiberoptic cable
connection is to be exposed to the weather, the connector used must be a ruggedized,
MIL-spec connector such as the duplex TFOCA (tactical fiberoptic cable assembly)
developed by AT&T. The connector is for a duplex (2 fiber) cable and is based on the
biconic or the ST connector. The optical return loss must be > 35 dB.

PERFORMANCE

The worst case dynamic range for the fiberoptic link is shown in Figure 7. The dynamic
range shown is from the noise floor to a given maximum RF input signal level. For the
Datron system this signal level was +5 dBm. The high performance laser transmitters
available today have input 1 dB compression points that exceed + 15 dBm and input IP3

greater than + 30 dBm. The laser should be protected against RF overdrive as in the
Datron system. The figure shows the worst case performance of the fiberoptic link by itself



and with the AGC and postamplifier included. In both cases, it was assumed that the
maximum input to the laser is +5 dBm. Also shown are some measured values for the
fiberoptic link itself.

Figure 6. Fiberoptic link dynamic range from noise floor to +5 dBm RF input.

The dynamic range will be improved by increasing the input RF signal to the laser. Care
must be taken in choosing the AGC so that the output stage of the amplifier does not
introduce any unwanted nonlinearity. For very long links (> 30 km), it is possible to
maintain good dynamic range by the use of a fiberoptic repeater in the form of two
cascaded fiberoptic links.

 CONCLUSIONS

Using a high performance microwave fiberoptic link to remote the antenna can greatly
increase the simplicity and lower the maintenance of a telemetry/tracking system. Readily
available fiberoptic links add considerably to system design flexibility with virtually no
signal degradation.
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Abstract

This paper presents the method of real time telemetry data systhesis for multi-beams and
multi-receivers system in theory. For the practical implementation, we introduce a
TMS320C25-based data synthesis board. Through a large number of simulating
experiments, the satisfactroy results are obtained, which obviously improve the
performance of telemetry system. Therefore, all those technigues and results have the
value of practical applications.
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Introduction

In some special telemetry system, ground receive system employs multi-beams and
multi-receivers which forms multi-channel wait receive station to accomplish the task of
low altitude testing. In process of the vehicle approaching to the ground, however, the
received telemetry signals in each receive channel will have different signal intensity due
to sharply change in the altitude of the vehicle, and have different interference intensity
due to electro-magnetic interference in space and internal noise in receivers. All those will
cause telemetry data from each receive channel to have various error probability. For
acquiring optimal tememetry data, it is very necessary to synthesize such real time data by
sufficiently ultilizing the characteristic of multi-channels, and to generate a group of high
quality data for telemetry data processing system so that the whole telemetry system
obtains relatively accurate results of the testing.

As for multi-beams and multi-receivers wait receive station, actually, it is a compound
receive system with intercovering space antenna beams. Since transmission signals come
from the same source (the vehicle), all signls from every receive channel can
simultaneously be obtained, which are of better synchroniziation. Hence, it is possible to
synthesize those multi-channel data groups in real time.



The structure of the system

The principle block diagram of the multi-beams and multi-receivers wait receive station is
shown in Fig 1.

From the theory of channel coding, we have known: For the capacity C of the noise
memoryless discrete channel, on condition that the arbitrary information transmission rate
Rt is less than the channel capacity C, there exists such kind of coding whose length is n,
its error probability of transmission information can be expressed as follow [1]

(1)

where, n is the length of the code.
Eb(Rt) is a positive function only determined by the characteristic of the channel
under the condition of Rt<C.

Equation (1) means that the error probability p can arbitrarily be decreased by increasinge

the length n of the code, on condition that the transmission rate is less than channel
capacity C and the bit rate keeps constant. However, lowering the error probability is at
the cost of increasing the code length. increasing the code length means not only that
redundant information will be added to the system and the quantity of useful information
will be decreased but also that the coding and the decoding devices will comparatively
become more complicated. In order to solve the contradiction, we fully ultilize the
characteristic of multi-channels to raise efficency of channel coding and add reduntant
code as less as possible in the transmission system. For this reason, it is quite necessary to
synthesize the received telemetry data in real time in the receive system. During the later
disscussion. we will know that the good results can be obtained with this method.

Data synthesis with the cyclic code

Cyclic code is a important subset of linear code, and have many special algebra structure.
Its coding, decoding, and computation of accompany matrix can easily be implemented
with shift register containing feed-back linker. Therefore, by making use of cyclic code for
telemetry data synthesis, we need only compile simple program and spend less time to
implement the coding and the decoding of the cyclic code. In the vehicle, hence, using
softwere to implement coding can simplify the circuits and contract the volume of the
system. Meanwhile, because cyclic code is capable of error-correcting, the error
probability of synthesized data will obviously be decreased by means of combining
multi-channel data synthesis with decoding of the cyclic code. In consideration of the
requirement of real tune data synthesis, we select short code, (7,4) cyclic code, which
almost corresponds to the word length of the telemetry system and has the capability of 



correcting one bit error and detecting one bit error. The transmission rate of (7,4) cyclic
code is Rt=4/7.

At the first, we analyze the results of two-channel data synthesis. Asumming that the bit
error rates of each channel are p and p , respectively, the probability of right synthesis is1  2

P . According to the criteria of the paper, we can obtainG
[4]

(2)

Asumming that the equivalent hit error rate of synthesized data is p˜  . because wrongec

synthesis is mainly caused by two bit errors in a code, and because (7,4) cyclic code is
able to correct only one bit error, decoder will changes the code with two bit errors to
another code. In this case, the criterion of two channel data synthesis does not identify
such error code. Therefore, the equivalent bit error rate of synthesized data should
approximately be 3/7 times wrong synthesis. The p˜  can be obtainedec

(3)

By the same way, the equivalent bit error rate p˜  of synthesized data from three channelsec

is

(4)

While the number of the channels Mÿ4, the lowest limit of the p˜  isec

(5)

From the results above, we have known that the bit error rate p of the first channel mostly1

affects the synthesis results. In order to improve the performance of data synthesis, it is
demand to determine which channel is better as the first channel for data synthesis with the
method of dynamical statistic in practical application.

Asumming that the bit error rates of every channel are equal, namely, p=p =p = @@@ . we1 2 3

may acquire the comparative curves of data synthesis with various numbers of channels
from the equation (3), (4), (5). As shown in Fig 2.



We have seen that the bit error rate of two-channel synethsized data is obviously lower
than that of one-channel data with direct decoding of the (7,4) cyclic code. Further
improvement, however, is not easy to get by increasing the number of channels for data
synthesis. Because the minimal distance of the (7,4) cyclic code is three, decoder will
consider it as a right code but actually a wrong code when a received code has 3 bit error
or 6 bit error. consequently, such bit error could not be identified and would cause a wrong
sysnthesis.

Data sysnthsis with modulo-M check code

In the preceding section, we introduce the cyclic code into data systhesis. Because the
transmission rate Rt of cyclic code is relatively lower, strictly speaking, there are more
redundent information in the telemetry system, it will obviously decrease the useful
quantity of information, and it couldn’t be tolerated if the whole information system of
telemetry system employs such cyclic code as channel coding. Hence, we, here, discuss
the useful modulo-M check code for data synthesis. Since its transmission rate (Rt=n-1/n)
is comparatively high, it is of certain advantages for the system requiring large amount of
information. In addition that modulo-M check code possesses the characteristic of simple
coding and easy implementation.

Every element of modulo-M check code contains K bit information which forms a
information word. Each word X has 2 posible state. The relations between n-1k

information words and a check word should be content with following equation

(6)

In the receive system, if check sum of the received word group has the relation that

It represents that there are some word errors in the received word group. Although
modulo-M check code only has the capability of error-detecting and no error-correcting,
we may ultilize the characteristic of the multi-channels to draw up some synthesis criteria
and make data synthesis have the capability of error-correcting.

Because the received data of each receive channel come from the same trnasmission
source (the vehicle) and have correlativity, we can synthesize those data with correlative
process on condition that word error rate of each channel is not too high. The concrete
method refers to the paper .[4]



As an example of data synthesis with modulo-M check code for two channels, we asumme
that the word error rate of each channel is P, P , respectively. when different word errors1  2

between the two channels in a check group do not exceed four, the equivalent word error
rate P  of synthesized data can be obtained˜

ew

(7)

Asumming =P2. For different code length n of the modulo-M check code, theP1

comparative curves for data synthesis from the equation (7) can be obtained. as shown in
Fig 3. From the curves, we have seen, the shorter the code length n of the modulo-M check
code, the less the word error rate P  of synthesized data. As for data synthesis for more˜

ew

channels with the modulo-M check code, we can draw up more suitable criteria to further
improve the performance of data synthesis according to the characteristic of easy
error-detecting. Because analyzing data synthesis for more channels with the modulo-M
check code is much complicated, it will not be discussed here.

Data synthesis board with the TMS320C25

For the purpose of practical application, now we concentrate on putting into effect for real
time data synthesis on the background of the telemetry system of pulse code modulation
(PCM). The parameters of PCM system are

bit rate: 102.4kb/s each word: 8 bit frame period: 20ms

The principle block diagram of data synthesis board is shown in Fig 4. The board can
synthesize real time telemetry data of 2 to 4 channels which come from demodulators, and
then transfer the synthesized data to telemetry data processing system for further
processing.

The board mainly consists of the TMS320C25, the program and the data memory, the
mode selection switch, the complex identification circuit of the frame sync and the word
sync, output circuit of the synthesized data, external port decode and control circuit, input
ports of the received data, and display units.

The TMS320C25: master frequency is 40MHZ, that is to say, with a 100-ns instruction
cycle time. its function is to simultaneously receive real time telemetry data of 4 channels
from the demodulators, and synthesize such data at high speed in accordance with the
selected mode which corresponds to the method of channel coding, and then transfer the
synthesized data to the telemetry data processing system.



The program and the data memory: the external progrom memory are selected with two
high speed EPROM 27HC64-45 to form the 8K(16 bits program memory space. the
external data memory is constructed of two static high speed chips 6164C45 to arrange the
8k(16 bits data memory space.

Since the access time of both kinds of chips is only 45ns, the TMS320C25 can run at
full-speed with no wait cycle when the CPU accesses the external memory.

The mode selection switch : it is used for selecting different sorts of synthesizing softwere
to fit the the requirement of channel coding.

The complex identification circuit of the frame sync and the word sync : the circuit is used
for identifying which channel’s frame sync from the demodulators is the most qualification
and then marking the best channel as the first channel for data synthesis so that the effect
of data synthesis is better.

Output circuit of the synthesized data: it is comprised of a 8 bit output port, and output
circuit of sync signal. it sends the synthesized data and corresponding sync signal to
telemetry data processing system in regulation fashion.

The external port decode and control circuit: it coordinates operation between the
TMS320C25 and external port circuit, and also implements the function of port decode
and control for each part of external circuit.

Input ports of the received data: this part consists of four 8 bit ports, and is used for
receiving data of 4 channels which correspond to the frame sync and the word sync sign1s.

Display units : the units are of two 8-segment light-emitting diodes. its function is to
indicate whether the data synthesis board is normal or not and the results of synthesized
data are dynamically displayed.

The operation principle of the data synthesis board are described as follow: When power is
on, the board will do self-check to ensure that it is in the good condition at the first, and
send the results of self check to the display units. Then the data synthesis board is initiated.
After that, the main prograin enters into sub procedure according to the mode selection
switch have been set, and then wait for receiving and synthesizing data. As long as frame
sync signals come, the complex identification circuit distinguishes these frame sync signals
to form a single frame sync signal as frame sync’s interrupt reqest INT0 to the
TMS320C25. Meanwhile, it sends the superior and inferior state codes corresponding to
each channel’s frame sync signal to the TMS320C25. While the TMS320C25 responds the
INT0 interrupt request, the interrupt service program sets the symbol of new frame’s data



so that the data synthesis program process those data according to certain sequency, and
reads the superior and inferior state codes into buffer memory. the control gate
corresponding to the superior frame sync signal will be opened on the basis of the state
codes, and the other control gates corresponding to the inferior’s will be closed. Thus, the
superior word sync signal through the complex circuit of word sync as a INT1 causes the
TMS320C25 to respond the interrupt reqest. In the interrupt service, the program
synchronously reads 4 channel’s data from input ports and store them to assigned buffer
memory for data synthesis. Now, the received data are firstly pre-synthesized by making
use of the state codes. According to the synthesis mode that user have previously selected,
data synthesis program calls relative sub program (such as data synthesis with cyclic code,
modulo-M check code, ie.) to synthesis those real time data, then sends a group of the
optimal synthesis data to telemetry data processing system. This is a basical operation
procedure of the data synthesis board.

In this section, we have described the function of each part and the operation principle on
the data synthesis board. We have used it to actual telemetry system and done a large
number of simulating experiments. The satisfactory results have been obtained, which are
close to the theory results.

Conclusions

In the context, we have introduced only two kinds of channel coding for real time data
synthesis, which are a few aspects of a variety of channel codings. Since the vehicle within
low altitude segement collects a large number of useful telemetry data, and the bit rate of
signal is also very high, it presents many difficult tasks before us. It demands not only to
completely receive high speed data streams of multi-channels but also to rapidly synthesize
such data in real time and to simultaneously transfer to the telemetry data processing
system. Consequently, it is very necessary for us to do further approach about a variety of
channel codings to find out more suitable method of data synthesis for this type of the
receive system so that the much better results of the telemetry can be obtained.
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ABSTRACT

This paper describes a C — band auto — tracking receiving system on shipboard
which is used in sattellite telemetry. The system consists of receiving antenna, wideband
feed, antenna pedestal, telemetry/tracking receiver antenna controller and computer
console. Its characteristics are as follow: Single Channel Single Pulse Tracking Feed,
2. 5m Antenna Diameter, 500MHz BW, LHCP and RHCP Dual—Channel Polarization
Diversity Receiving. The servo system uses rate—gyros as stabilized element being based
on the micro— processor to realize the digital servo control. Computer console performs
the status monitoring and management to the whole system. The system design, the main
system specification and important test results are given.

KEY WORDS
Telemetry, Antenna, Tracking

INTRODUCTION

A small aperture shipboard auto—tracking receiving system may be used in
receiving telemetry signal when launching various satellite. RF band is 3. 7GHz ~
4. 2GHz. The multipath effect of low elevation angle tracking should be considered when
working in the sea. The signal attennuation caused by rocket flame and the polarization
rotation caused by spinning Satellite also should be considered. Therefore, the system is
designed with the diversity receiver. The receivers can receive any polarization wave, and
demodulate the telemetering video signal and track the angular error signal from the
combined intermediate frequenty (IF) signl.

The single channel monopulse (SCM) tracking technique is used for this system and
2. 5m paraboloid is fed by focal point. There are two independent receiving channels in
this system which receive two different frequency signals, and select a better signal for
tracking in order to inhance the reliability. The TV subsystem is used for system
collimation and for monitoring the targets.



SYSTEM CONFIGURATION AND TECHNIQUE FEATURE

The antenna and pedestal are mounted on the deck. The receiving rack, antenna
control rack and control console are all mounted in the working room. The system is
illustrated in figure 1.

The critical specifications included:
antenna gain: 37. 5dB
polarization: simutaneous LHCP/RHCP
tracking accurancy: 0. 1º

The first stage low noise amplifier (LNA) is connected directly with feeder in which
the gain is 50dB, the noise temperature is 80ºk. Since the pedestal azimuth axis can travel
freely, the low frequency collector ring of the 70 routes is designed to transmit the control
signals and data signals, the RF rotation joint of the double routes is designed to transmit
the 3700~4200MHz RF signals.

The down converter receives the RF signals which pass through the 30m low loss
cable from LNA output. It can accomplish the conversions and amplifications of the
signals from 3700MHz ~ 4200MHz to 70MHz. The local oscillator is locked at 5MHz
reference, the step interval is 10KHz. In order to obtain the better image regection, the
second down convertor is designed to convert the 1st IF to 2nd IF 10. 7MHz.

The diversity receiver may be demodulated the PSK, FSK video signals and error
signals at the same time from combining signals.

The antenna tracking equipment on shipboard require a stable system to overcome
the effect of ship—swing. The servo subsystem uses one dual axis high sensible rate gyros
as the feedback device of stable loop. It provides high dynamic servo performance to
compensate for ship motions. Under the control of console, the system has the ability of
automatic tracking, program tracking, slave tracking and searching target, and it can
display, record and print various data on real time. Also the control console provides the
man — machine interface, control functions and self — diagnosis for system too.

WIDE BAND ANTENNA AND FEED

The 2. 5m paraboloid antenna adopted the five element microstrip radiator
feedforward permits best compromise between the sum and the difference. The block
diagram is shown in figure 2. The microstrip integrated device is used by the beam forming
network (BFN) and the SCM convertor. It receives any polarized wave. Finally, it forms
the combining signal of sum and difference, simultaneously output the LHCP and the
RHCP.

Microstrip radiater is designed with two disks as the radiation element, ranging in
two array, adjusting distance and the feeding point to reach the satisfied feature. The
radiator is more better than the horn, helical radiator and orthogonal dipole in integrated
and expanded band.



The radiator is illustrated in figure 3. The distance of the four — disk diamond is
1. 08. The fifth element forms the sum signal, the first and second elements form the
elevation error signal, the third and fourth elements form the azimuth error signal. Each
element is provided two orthogonal components. Then the output of each element is
directly connected with the hybrid. The two orthogonal components are convered in the
same way, going through 90ºhybrid, forming LHCP/RHCP signals. The antenna pattern is
shown in figure 4. It provides a 3dB beamwidth of 1. 8º and sidelobes are 20dB down.

TELEMETERING/TRACKING DIVERSITY RECEIVER

The telemetering/tracking shared channel diversity receiver uses double loop phase
locked technique. The phase negative feedback is designed in the common —mode loop
for anti—sideband. The receiver is illustrated in Figure 5.

The receiver is monitored by Z80 microcomputer and has a RS232C interface.
Receiving channel is designed in 70dB dynamic range. Since the using of surface acoustic
wave (SAW) VCO, the frequency acquisition range has been reached ±300KHz in the
phase locked loop(PLL). The AGC time costant, IF bandwidth, video bandwidth, output
signal level and work parameters are all selected and preset by computers. 70MHz IF
arnplifiering and filtering are designed as a wideband fixed filter. 10. 7MHz IF filters
design the various bandwidthes, controlled and selected by a computer. The input range is
70dB with the fine linearity. Under the control of AGC, the output changing range is less
than 1. 0dB. AGC voltage is also used for weighting control in diversity combiner to
obtain the S/N improvement. In order to acquire signal, the PLL has a scanning circuit.
The scanning rate and range can be selected by computer. The PLL has wide and narrow
bandwidth.

Coherency in the two channels is achieved by implementing a dual loop PLL. An
inner differential—mode loop is closed about phase detector “PD1” which monitor the
difference in phase and frequency between the two input receiver IF signals. An outer
common—mode loop is then closed using an APC signal derived from a demodulator
“PD2” working on the combined IF signal. The common—mode error signal is then
summed with the differential— mode errors to control the VCO. The telemetering video
signal is demodulated from “PD3”, the carried—wave DC component and AM component
are demodulated from “PD4”. The DC component controles the sawtooth scanning voltage
on or off, AM component is uesd in tracking error signal.

The 10. 7MHz input signal from the second IF amplifier enters a high gain limiter
stage which drives one input of “PD2”. The 10. 7MHz reference signal from the synclator
connects to the other input of the “PD2” either directly, or through a phase modulator
circuit. The phase modulator circuit provides a means of linearly modulating the 10. 7MHz
reference. The “PD2” output contains two principal components. One is the DC
component which serves to drive the loop to phase lock. The other component is simply
demodulated data at the applicable data rate. By highpass filter connecting the



demodulated data to the modulation input of the reference phase modulator, a phase
modulated reference signal is obtained for driving the “PD2”. Having paid particular
regard to the sense of the reference phase modulator, we now have achieved negative
feedback in the loop. By modulating the 10. 7MHz reference signal with the demodulated
“PD2” output, the level of modulation on the input signal has been reduced. The reduction
of the modulation level on the input signal with this negative feedback method reduces the
demodulator’s susceptibility to raise lock onto sidebands. At the same time that the
sidebands are reduced, the carrier is also increased in amplitude. This negative feedback
technique, therefore, serves to provide an anti —sideband function.

DIGITAL SERVO SUBSYSTEM

The servo subsystem is composed of rate loop, gyro stable loop and position loop.
The digital control unit (DCU) closes the servo—stable loop, using one dual axis rate gyro
as the feedback devices. It has a fine linearity, large measurement range, high sensitivity
and a good frequency response. The position loop uses digital compensation and
resolver—to— digital converter (RDC). It may change the parameters and bands
automatically. The block diagram is shown in Fig. 6. The center of the servo subsystem is
an antenna control unit, containing a BCM 86 micro computer, I/O boards, A/D, D/A
boards, RDC boards, time boards, hand wheel controllers, display devices and so on. The
software contains the digital compensation , data acquisition, ship — swing compensation,
coordinate tranformation, self —diagnosis and so on.

The drive element uses the torque motor in the servo subsystem. The design of the
azimuth axis and elevation axis is the same. The secant compensation is finished by
software in the azimuth axis. The limited rate, the limited position and the locked devices
are designed here in the elevation axis.

THE CONTROL CONSOLE

The whole system is run by the control console. The master computer is 286
microcomputer with CRT/keyboard , floppy/hard disc, printer and operation keyboard.
The area is set in the center of the monitor for displaying the dynamic angle error light
point.

THE TEST RESULT

The whole equipments are mounted on the shipboard, going through the static tests
and calibrations on land and sea, and also through dynamic feature checks of tracking the
planes and satellites. The functions have been reached the reqirements of the design goal.

The static test results are as follow: the locked sensitivity of the carrier wave is
—129dBm, the telemetering demodulation threshold is — 127dBm, S/N diversity



improvment is 2. 6 dB. In dynamic test, the tests of the bit error probability (BEP) of the
PCM data and the tracking error were made when the signal strength varied or faded.
Fig. 7 and 8 are the AGC curves of the LHCP and RHCP, the ordinate axis is 15dB/V.
Fig. 9 and 10 are the curves of the AZ tracking errors and the EL tracking errors. The tests
have been performed in the sea, the receiving antenna is 20m high above the sea level, the
mean wind speed is 14m/s, the surge is 1~2m, the ship—swing is 2~5º, the highest
elevation is 44º, the lowest is 0. 75º. The quipment is slave tracking at first then the
equipment is tracking automatically. The received signal appears fading randomly. Since
the multipath effects of the low elevation angles (E<5º), the fade depth is up to 20dB. In
the whole test area, the PCM data BEP maintains 10. The tracking error is very small-4

when the elevation angle is greater than 5º. The tracking accurancy is still reach at
*#0. 095º when the elevation angle is less than 5º, even if the multipath effect and the
satellite spin cause the serious fading.

CONCLUSION

This system is designed for polarization diversity receiving and is also used for the
space deversity receiving and the single channel without changing any connection status. It
is very good for using the diversity combining when receiving the radio signals which
transmitted from any movable targets.

Figure 1. System Block Diagram



Figure 2. Feed Blok Diagram Figure 3. Raditor Schematic Diagram

Figure 4. Attenna Pattern



Figure 5. Receiver Block Diagram

Figure 6. Serve Subsystem Block Diagram

Figure 7. LHCP AGC Curve Figure 8. RHCP ACC Curve



Figure 9. Azimuth Errors Figure 10. Elevation Errors
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ABSTRACT

This paper describes a CSC single axis tracking antenna using a single channel monopulse2

antenna which has improved sidelobe performance over conventional single channel
monopulse antennas. Effective sidelobes of the composite pattern, measured at the receiver
input, greater than 22 dB have been achieved. This is due to a unique feed design. The
composite patterns are the true measure of performance for a single channel monopulse
system since this is the input to the tracking receiver. The low effective sidelobes result in
a significant reduction of multi-path problems.

INTRODUCTION

The use of single channel monopulse antennas in automatic tracking systems has been very
popular since its inception in the early 1960’s. The major advantages are no moving parts
resulting in a high degree of reliability and a high scan rate. The major drawback has been
degraded low angle tracking caused by high effective sidelobes of the composite patterns.

A single channel monopulse antenna can be designed with low sidelobes for both the sum
and difference channels. However, in a single channel monopulse system these sidelobes
are not the determining factor in the performance of the system. The antenna’s sum and
difference channels are input to a scan converter. The scan converter vectorially combines
the sum and difference patterns into a composite pattern. The output of the scan converter
is the input to the tracking receiver. The effective sidelobes of the composite patterns
determine the overall performance capability of the single channel monopulse antenna.

A scan converter is a device which receives the sum and difference channel inputs from
the antenna, phase reversal modulates the difference channel, and vectorially combines it
with the sum channel to a single RF output. A block diagram is shown in figure 1. The
difference channel signal is input into a phase reversal modulator and then recombined



with the sum channel in the directional coupler. The phase reversal modulator modulates
the difference channel signal 0º - 180º at the scan rate. The scan converter output is a
modulated RF signal as shown in figure 1.

The 0º and 180º modulation of the difference channel produces the mechanical equivalent
of suppressed carrier amplitude modulation (AM). The addition of the sum signal in the
directional coupler is the reinsertion of the carrier to produce a double sideband AM signal
or the mathematical equivalent to conical scanning in a single plane. Thus, the name scan
converter. The output of the scan converter is the composite crossover pattern. The
composite crossover pattern (0º and 180º position of the switch) is equivalent to the
radiation pattern of a mechanical scanner with the scanner in the two opposite positions.

It is the effective sidelobes of the composite patterns that causes the severe multi-path
problems. The lowest effective sidelobes obtainable with conventional single channel
monopulse systems is 15 dB. Phase and amplitude errors can cause further sidelobe
degradation. The reason for this limit is that the difference pattern peaks occur almost at
the same angle as the sum pattern first null. When the sum and difference patterns are
vectorially combined in the scan converter the difference pattern peak becomes the first
sidelobe of the composite pattern. This sidelobe is typically 15 dB down from the peak of
the crossover pattern .[1]

LOW EFFECTIVE SIDELOBES

In order to achieve multi-path enhancement the composite patterns must have low effective
sidelobes. The single channel monopulse antenna system described herein achieves
effective sidelobe levels greater than 22 dB. The low sidelobe levels are a result of a
unique feed design. The antenna system configuration is shown in figure 2. Figure 3 shows
the sum and difference radiation patterns at 4.4 GHz of the single channel monopulse
antenna. The sidelobes of the sum channel are 23 dB down from the peak.

As shown in figure 3, the difference pattern peaks are no longer aligned with the sum
pattern first nulls. In fact, the difference channel nulls are very close to being
superimposed with the sum channel nulls. Figure 4 shows the difference channel peaks
attenuated 15 dB from the sum channel peak. This is the relative amplitude level
accounting for the directivity of the directional coupler. Figure 4 is the sum and difference
patterns prior to vectorial addition.

The vectorial addition of the sum and difference patterns, for the 0º and 180º phasing,
results in the composite crossover patterns shown in figure 5. The sidelobes are greater
than 22 dB down from the peak. The sidelobes of the crossover patterns are only 1 dB
worse than the original sum pattern sidelobes. Thus, when the sum and difference channel



first nulls are almost superimposed the sidelobe of the composite crossover pattern is only
slightly higher than the sum pattern sidelobe. This antenna performance is a significant
improvement over previous single channel monopulse systems with less than 15 dB
sidelobe levels.

Previously, when low sidelobes were required a single channel monopulse antenna was not
considered as a viable alternative due to its high effective sidelobes. Typically, a conical
scanner antenna was preferred in these situations . This single channel monopulse[2]

antenna, however, has equivalent sidelobe performance to the conical scanner antenna.

ANTENNA DESIGN

The antenna portion of the monopulse system consists of a six foot cosecant squared
reflector, dual waveguide diffraction plate feed, and a broadband waveguide magic tee.
The reflector is a lightweight, yet durable fiberglass design. It is a doubly curved reflector
to produce a CSC radiation pattern in the elevation plane and a pencil beam radiation2

pattern in the azimuth plane.

The feed unit consists of a dual waveguide diffraction plate feed and a magic tee. The
diffraction plate is mounted at the end of the dual WR159 waveguide. The diffraction plate
is designed to provide optimum illumination in order to achieve maximum gain with low
sidelobes. The combination of the diffraction plate and the spacing between the dual
waveguide centers are key to the excellent performance of the antenna. The dual
waveguide is flange mounted onto a magic tee in order to obtain the sum and difference
channels. The magic tee has a circular mounting flange which fastens to the center of the
reflector surface. A hole in the center of the reflector is large enough to allow the magic
tee to pass through when the feed is inserted from the front of the reflector. This mounting
configuration allows for minimal feed blockage and has sufficient rigidity that additional
supports are not necessary. These factors all contribute to the overall performance of the
system.

The magic tee is a TSA custom designed waveguide H-plane folded tee. A waveguide
magic tee was selected due to its relative ease in manufacturing once the design is
complete. It is also a very pure 180º hybrid over a broad frequency range. The magic tee
was designed as an H-plane folded tee due to its small size and excellent packaging
arrangement with the dual waveguide diffraction plate feed. The magic tee by itself has an
operational bandwidth of 4.4 to 5.8 GHz with a VSWR # 1.15:1. This is a bandwidth of
more than 30%. Standard off the shelf units from microwave component manufacturers
have typical bandwidths of 15% or less.



The H-plane folded tee has an output power unbalance less than 0.2 dB from 4.4 to 5.8
GHz. The isolation between the sum and difference ports is greater than 30 dB. In-line
waveguide to coaxial transitions are built into the sum and difference ports of the magic
tee. The in-line transition from waveguide to coaxial line allows for convenient cable
connections to the scan converter.

The complete antenna with feed weighs less than 80 lbs. The polarization is configured for
linear vertical. The H-plane beamwidth is a nominal 2.7º at 4.4 GHz. The E-plane
beamwidth is CSC to approximately 45º. The boresight shift versus frequency was2

measured to be less than 0.08º from 4.4 to 5.1 GHz. The linearity of the error signal is
shown in figure 6. The error signal is the difference between the composite crossover
patterns for 0º and 180º phasing. The figure also shows a tracking capture angle capability
of ±20º from boresight.

CONCLUSION

A single channel monopulse antenna has been presented that has low effective sidelobes.
The low sidelobes are attributable to a unique feed design which results in the sum and
difference patterns having their first nulls almost superimposed. When this occurs, the
sidelobes of the composite crossover pattern are almost as good as the actual sum pattern
sidelobes. The low sidelobes of the crossover pattern significantly reduces multi-path
problems. This single channel monopulse antenna has a simplistic design, optimum
performance characteristics, and extremely high reliability. The system design is applicable
to several other frequency bands, particularly L, S, C, X, and Ku-band devices.
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Figure 1 - Scan converter block diagram

Figure 2 - Single channel monopulse antenna
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Figure 3 - Sum and Difference Patterns
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Figure 4 - Sum and Difference patterns
before vectorial addition
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Figure 5 - Composite crossover pattern
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Figure 6 - Error signal



A DATA ANALYSIS SOFTWARE ARCHITECTURE FOR
PARALLEL AND DISTRIBUTED COMPUTATION

D. M. Brockett
BBN Systems & Technologies

ABSTRACT

Real-time high-volume telemetry data analysts have needs which require access to
ever-increasing amounts of data, which must be processed in a seamless and coherent
manner. BBN has developed a data analysis software architecture for use in
distributed- and parallel-processing environments which is particularly well-suited for
telemetry streams. BBN is currently using this software at two Navy sites to do real-
time data analysis. The architecture provides data-source management, data-stream
fusion, and data extraction all in a modular, scalable framework. Because of the
scalable nature of the software, it can easily accommodate high data rates.

Keywords: Parallel processing, data analysis, real-time analysis, distributed
computing.

INTRODUCTION

Real-time analysis of telemetry data has been an elusive goal. The principal difficulty
in doing such analysis is the computational complexity of reducing telemetry streams
to intuitively useful information on the fly. Formerly, the best analysts could hope for
was to archive all of the data they could, and do a post-run reduction of the data.
Continuing advances in computer processing power, however, have put real-time
telemetry analysis well within reach.

BBN is currently applying parallel and distributed processing technologies to real-
time data reduction at two Navy laboratories. One of these applications is discussed in
here, with particular attention to the hardware and software architectures employed to
provide the users with seamless and coherent access to their data. The purpose of one
of these labs is real-time analysis of interactions between various aircraft subsystems.

Several types of data sources need to be analyzed, including Mil Std 1553 busses,
discrete signals, and special purpose interfaces. Data from each of these sources is
packaged into a standard format to provide data packets which are independent of the



the data source. This use of a standard format allows the front-end analysis tool to be
independent of the origin of the data.

DATA FORMATTING

Many telemetry data sources enter the data reduction system as a raw bit-stream,
whether from a decommutation device, an A/D board or some other interface. This
data must usually be put into a coherent format from which useful data can be
extracted. This frequently means searching through the bit-stream for time-tag codes,
synchronization markers, et cetera in order to compose a data frame. Data frames
from any one data source may have different frame types. Data frames of any given
source and type generally contain a fixed set of variables, in a fixed format, with a
different time for each instance of that frame type. For instance, all frames of type 1
from a given source might contain 3 words of data, representing the values of
variables A,B, and C. Every instance of a type 1 frame would have a different time tag
associated with it, identifying the data as samples of variables A,B, and C at the stated
time. Similarly there might be frames of type 2, from the same source, which contain
data for variables X,Y, and Z. Thus each data frame provides contemporary samples
of several variables in a fixed format. This frame unpacking process of formatting raw
data into frames of a standard format can be both CPU and I/O intensive.

Figure 1. Frame Unpacking. By taking data from the raw bit-stream and packaging it
into data frames with a time-code and ID number, the process of organizing the data at
hand is simplified.

To analyze data in frame format, however, a key is needed to decipher which fields of
which frames correspond to which variables. This key is provided by a data
dictionary. The dictionary is a database which has an entry for every variable,
containing information about the source type, units, scale factor, size, offset, data type, 



Figure 2. Variable Unpacking. Extracting samples of individual variables from
multiple data frames and organizing them into a buffer of samples greatly reduces the
processing required by other processors. A buffer of variable unpacked data can be
used as input to an analysis package, which could display the data with virtually no
computation required.

and bit ordering of the variable, as well as the frame type of the frame in which that 
variable is found.

The variable unpacking process applies the information found in the dictionary to the
proper frame, yielding the value of the desired variable(s) in engineering units. The
variable unpacking process can be a time consuming one, since it is here that bit- and
byte-reversals are made, dependency conditions are evaluated, and E.U. conversions
are performed. The result of variable unpacking is a buffer filled with samples. The
buffer itself has a base time stamp, and each of the samples bears a time code which is
an offset from the base time. This base-time-plus-offset scheme reduces the number of
bytes required to represent the time of each sample, which is useful if the variables are
to be sent across a network.

HARDWARE SYSTEMS

A typical post-run analysis system would archive the raw data during a test run, and
subsequently reformat the data file into data frames to serve as input to a popular
analysis package like DataProbe. DataProbe would read the dictionary and the data
frames and extract the requested variables for display, tabulation or computation.



All of this processing is done on the fly, in a multi-stage process, on a parallel
processing system. Some processors collect raw data and format it into frames, while
other processors extract the requested variables, handle requests for data from
networked computers, and provide “X-Window” displays for a user interface. The key
to coordinating this system is a software library known as the the Data Exchange
(DX). The Data Exchange relies on a shared memory, parallel-processing model to
coordinate senders (sources) and receivers (sinks) of data.

The laboratory real-time analysis system consists of a BBN Advanced Computers
GP1000 parallel processor, several VME front end systems, and a Digital Equipment
Corp. MicroVAX. The GP1000 runs both the Mach (multiprocessor UNIX) operating
system and pSOS (a real-time operating system) concurrently on different processor
nodes. The VME systems run pSOS, while the MicroVAX runs VMS. Both the VAX
and the GP1000 also run the Cronus distributed operating environment, which
provides object-oriented network services. A major function of the Data Exchange is
coordinating the interaction between these computers and their operating systems.

The GP1000 parallel processor at the laboratory is a twenty-processor system. Each
processing node contains a Motorola 68020 CPU with a floating point accelerator, a
memory management unit, and 4 megabytes of RAM. The processing nodes are
interconnected by a Butterfly Switch (a switched network which allows for dynamic
allocation of processor-to-processor connections, and a scalable system bandwidth).
The memory on each processor node is accessible by every other node, enabling
shared memory parallel computing. The GP1000 also has VME system interfaces,
which allow access to memory on a connected VME system as though it were part of
the GP1000’s shared memory.

THE DATA EXCHANGE

The Data Exchange library is a set of routines which manages senders and receivers of
data. Data senders are processes which generate data that may be used by other
processes; for example, a data acquisition process or a real-time monitor might be a
data sender. Data receivers consume data. They are processes like data archives or
display generators. A third type of process is a data transceiver, which acts as both a
sender and a receiver of data. Some common transceivers are unpackers, simulation
processes, and data desamplers.

The Data Exchange library references a shared memory database to keep track of
active senders and receivers. Each sender registers itself with a source type. The
source type identifier is used to distinguish the source of the data that that sender will
provide; for instance, different source types might correspond to different telemetry



channels. When receivers register themselves, they specify the source types of the
data that they wish to receive, and they are matched to senders of those types, if they
exist.

Processes that send data, whether they are frame unpackers, variable unpackers or data
servers, do so on a buffer-by-buffer basis. A Data Exchange library call provides the
address of a global memory buffer into which the data to be sent may be written. The
sender must also fill in the values of a data structure that describe the data to be sent,
including the time, data type, and size of the buffer. When the data buffer and its
corresponding descriptor are completed, another Data Exchange library call publishes
the buffer, making it available to receivers.

Just as senders must fill in the values of a buffer descriptor before they can publish
their data, receivers must fill a similar data structure when they request data.
Receivers must create data selectors that describe the data they wish to receive,
including source types, the buffer types for each of those source types, and the period
of time from which they want data. Once these selectors have been created, a Data
Exchange call requesting a buffer will return the buffer with the earliest time stamp
which matches the selector criterion. By only returning to the receivers the data
actually requested, sometimes only a small fraction of the total data available in the
memory pool, the volume of the data flow can be dramatically reduced as it progresses
through the system.

For a remote system connecting to the shared memory pool, requests to send and
receive data are done by remote procedure call (RPC) through a server process
running on the host on which the shared memory pool resides. Care must be used
when designing a system with remote connections, however, not to exceed the limited
bandwidth of most network media. For example, while a remote host might suffice as
a receiver of tag-data information at several thousand samples per second, it is
inappropriate for high-volume frame unpacking, in which data rates can reach
megabytes per second.

A critical issue in the design of a real-time system is how the system handles data
overflow: In other words, what should happen when data enters the system faster than
it can be processed. The Data Exchange allows for three solutions. A sender can
declare itself to follow any one of these three regimens. The first mode is called
request driven. In request driven mode, the sender will fill up as much of the shared
memory pool as it has been allocated with data, and then wait until some of that data
has been read by a receiver before sending any more data. The receiver gets a chance
to examine as much of the data as it likes before the shared memory area is reused by
the sender. Unfortunately, if the sender is blocked while waiting on a receiver, the



possibility exists that the sender might not be able to send its current data, and
information would be lost.

A second mode in which senders can operate is in the free-running mode. In this
mode, the sender is never blocked, and can recycle regions of shared memory as fast
as it wishes. Any process receiving data from this sender will lose data if it cannot
process its desired data faster than the free-running sender can send it. If this happens,
the receiver is notified that data has been lost, and the earliest available frame
matching the selector criterion is provided. Systems with free-running senders are
most appropriate when the receiver is dealing with a very small subset of the data
sent, when the shared memory allocated to the sender is large, and when the
processing to be performed by the receiver is not extremely complex. In these cases
the receiver can often keep up with the sender. If the receiver is only slightly slower
than the sender, then the system will degrade gracefully, since the number of samples
lost increases in proportion to the disparity in speed.

The final mode of operation is called change-from-under mode. In this mode, the
receiver is given a pointer to the shared memory buffer, with the understanding that
the sender may update that data at the same time that the receiver is reading it. The
receiver is notified if this happens while it is reading the buffer.

THE LABORATORY ENVIRONMENT

The aircraft laboratory generates large volumes of data which require real-time
analysis. The instrumented airframe generates 400 to 600 kilobytes per second of 1553
format data alone. There are also several hundred discrete signals monitored at 600
Hz, and several other data sources which may push the aggregate data rates past 1
megabyte per second. BBN’s approach to meeting these data throughput requirements
is to break down the incoming data by stream. Each of the airframe’s six 1553 busses
is directed to its own GP1000 processor node. A seventh GP1000 processor node
monitors the discrete signals. Each of these seven processors runs under the pSOS
real-time operating system, which offers a very precise control over the allocation of
CPU time on each of the processors. Under pSOS, one can ensure that there will be no
unwanted interruptions to processing, caused by events such as virtual memory page
faults, which are present in other operating systems. This control allows one to limit
process latency in response to events from the airframe. Each of the pSOS processors
declares itself to be the sender of the data stream to which it is assigned. The
processors read in raw data via VME interfaces, frame unpack it and publish the
frames to the data exchange.



Users of the system can request data by issuing commands in DataProbe on the VAX
which cause data collection, such as commands for tabulation or plotting. These
commands issue requests via remote procedure call to the GP1000. The request
specifies the names of the variables required and the VMS dictionary file in which
their descriptions can be found. A server process on the GP1000 relays the VAX’s
requests for variable data to a variable unpacking process which gathers dictionary
information from the VAX via Cronus, through the Data Exchange. The variable
unpacker then checks the dictionary entries, determines which frame types are
required, and requests those data frames from the shared memory pool.

The variable unpacker runs under the Mach operating system. Because each of the
frame unpackers has enough shared memory to buffer several seconds worth of frame
unpacked data, less-than-immediate response from the variable unpacker can be
tolerated; thus, response time is sacrificed for the convenience of running under Mach.
The variable unpacker extracts the variables which have been requested by the user for
display or tabulation. The variables are repacked into buffers, each containing multiple
samples of the requested variables, and sent back into the shared memory pool. The
values of these variables are now in a tag-data format, which consists of a time value,
a data value, and a code identifying the variable. The variable buffers are then
retrieved by the Mach server process, which are then passed over the ethernet to the
VAX, where they are displayed by DataProbe.

Figure 3. A Typical Data Exchange Application. Distributed and parallel
computing require careful design of interprocessor communication, but can offer
substantial benefits in power and flexibility. The data analysis application shown here
uses the Data Exchange library to coordinate the operations of the many processors
involved. The Data Exchange makes use of RPC and Cronus to incorporate remote
hosts into the system.



The data may also be extracted from the shared memory pool in either frame or
variable format and sent to another process, such as a data archiver, or perhaps a Unix-
based analysis application running on the GP1000. The Data Exchange supports
multiple fan-in and fan-out of data; that is, any number of receivers can elect to
receive data from any one sender, and any one receiver can receive data from an
arbitrary number of senders. Each receiver process that accesses Data Exchange data
can run on its own CPU, independently from the other processes. Once data buffers
are in the shared memory pool, the only limitation on the number of processes that can
access that data is that limitation which is set by the memory access bandwidth. One
benefit of this fan-out capability is that the Data Exchange can support multiple
remote analysis workstations. Each workstation can connect to a different variable
unpacking process on the GP1000, which would extract the variables of interest to the
analyst.

To facilitate the use of the Data Exchange, BBN has incorporated an X-Window based
control process for use in the laboratory. This menu driven system helps the novice
user control all of the different processors in the system by automatically spawning
the processes to provide the required data. Because the GP1000 supports the X-
Window standard, adding graphic displays and user interfaces to Data Exchange
applications on the GP1000 is easy.

Figure 4. Applying Processing Power Where It Is Needed. One of the advantages
of parallel processing is the ability to devote large amounts of processing power to the
tasks that need it the most. Here, multiple CPUs are used where the dataflow is the
highest. As the dataflows are reduced, the tasks can be handled by a single processor.



FUTURE DIRECTIONS

Parallel processing clearly offers advantages in real-time telemetry processing over a
serial processing system. The ability to dedicate a processor to managing each data
stream, for instance, yields the benefit of reduced response time with respect to that
stream. The ability to add processors to the parallel machine allows the system to
increase in scale, with respect to both the amount of data which is passed through the
system, and the complexity of the processing which is done on that data.

The Data Exchange software architecture has been designed to take advantage of this
hardware architecture. As a new software module is required, it can simply be added
as a stand alone process, receiving data from one source, and/or sending to another.
For instance, if one wished to have a complex function evaluated in real-time, based
upon the values of incoming data, one would merely have to create a software module
which would post a request to the Data Exchange for that variable. The variable
unpacker would send the requested data, and the function could be computed, and
perhaps that value might, in turn, be passed to yet another process.

Because it is written in an operating system-independent manner, the Data Exchange
operates with nearly uniform functionality across Mach, Unix, VMS, and pSOS.
Furthermore, use of RPC and Cronus facilitates interoperation of disparate operating
systems. Without a tool such as the Data Exchange library, attempting to make a
system such as the one described here analysis system would be nearly impossible
with current technology. The Data Exchange permits full advantage to be taken of the
strengths of different operating systems, while still providing a cohesive system.

Further advances in parallel computing will increase the attractiveness of parallel
computers for real-time data analysis. For instance, the TC2000 computer, the
immediate successor to the GP1000, offers ten times the processing power per node,
as well as ten times the interprocessor bandwidth. A system based upon a TC2000
would be capable of dramatically greater real-time throughput. As the capabilities of
such computers grow, it is important that software architectures such as the Data
Exchange be exploited to the fullest, to ensure that our abilities to do real-time
telemetry processing remain as cost-effective as possible.
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ABSTRACT

Terms like efficiency, quick response, and
interoperability are becoming the bywords of the test and
evaluation (T&E) community as the Defense Department
tightens its corporate belt [1]. These changes mark the end
of an era of manual processes and duplication of effort and
the beginning of an era of cooperation, standards, and Total
Quality Management (TQM). Managing the huge volume of
telemetry information required to support flight test at the
Air Force Flight Test Center (AFFTC) has required new
paradigms and system development strategies. These new ideas
have resulted in the Aircraft Information Management System
(AIMS), a system designed to meet the challenges of a new
era in T&E.

This paper discusses the AIMS design and function as
background for the deeper issue of effective, efficient
management of telemetry setup information. The information
history model used in AIMS is presented and discussed. In
the process of developing standards for the AIMS a
methodology was discovered and successfully implemented for
resolving information management issues in the framework of
system development.
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WHAT WAS THE PROBLEM TO BE SOLVED?

The AIMS was created for two primary reasons. The first
goal was to help mission support personnel at the AFFTC
handle the growing mountain of telemetry data required by
the flight test programs of a new generation of aircraft
more effectively and efficiently. The second goal was to
shorten the time required to set up various systems to
support a flight test. In the beginning, the problems to be
solved by AIMS automation seemed to be clear: lengthy
response time, human input errors and duplication of effort.
However, as we complete the second year of experience with
AIMS, we realize that the task of working smarter, faster,
and cheaper requires a more complete analysis of the
processes involved in the way we do business.

The implementation of AIMS brought immediate help for
the simpler issues, and enabled us to focus on the deeper
concerns. We found that our old methods of dealing with
calibration updates suffered from multiple, nonstandard,
short term solutions, often insupportable in the long run.
Each flight test project had unique processes and paper
trails, creating duplication of effort. Often there was a
loss of control of the vast volumes of data moving between
the various organizations, and the lines of responsibility
were frequently fuzzy or undefined.

WHAT DOES THIS PAPER COVER?

Previous papers have discussed the way in which AIMS
has reduced cost and turnaround time through automation [2,
3]. In this paper we explain how the emphasis on standards
in the implementation of AIMS has improved the management of
the entire telemetry setup process. The payoffs have
included improved efficiency, reduced turnaround time, and
increased interoperability of people and processes as well
as of software and hardware. We will discuss how the lessons
learned from two pilot projects supported by AIMS are
guiding our on-going development efforts. A glossary of
current terminology appears at the end of this paper.

WHAT IS AIMS?

AIMS may be simply described as a program that manages
a three dimensional data base of calibration and telemetry
information via a standard, readable file format [4].
However, AIMS is more than just a piece of software, it is a



way of doing business. The AIMS software design is based on
fundamental principles of software engineering. These
fundamentals have propagated into related working methods,
including automatic interchange of information by predefined
standard formats, historical traceability of changes, and
standardized procedures to ensure consistency between
systems.

The information presently stored in an AIMSfile, (as
the data base itself is named) consists of a number of
parameter names and their associated attributes [4].
Parameter names generally represent measurement data being
telemetered from the aircraft. The attributes are the key
values needed to describe each measurand in enough detail to
let ground systems successfully translate the raw data
stream into meaningful information. The process of breaking
the telemetry stream into raw data for each measurand is
called decommutation. The follow-on process of converting
the raw data into the engineering units initially measured
is called calibration. The AIMSfile serves as a central
source of decommutation and calibration information for both
real-time and postflight systems, and retains a full
historical record of all changes.

One of the key features of the AIMS design is the
keystream, a standard, readable format for input and output
of data and for maintaining a historical record. The
keystream is characterized by its flexible nature, in which
each parameter name is described by a set of keywords and
associated values (Figure 1). The things that need to be
described about a parameter will vary with the source of the
data and with the kind of systems that are expected to
process the data later, so the number and kind of
keyword/value pairs per parameter are completely flexible.
Any data that can be described can have that description
stored in an AIMSfile. The same AIMSfile that holds detailed
decommutation and calibration data can also hold global
information about the project, such as the tail number of
the aircraft and the last date and time information was
added to the file itself [4].

A major requirement the AIMS design had to satisfy was
to provide both an audit trail for changes and a way to
“roll back the clock” to provide accurate recreation of
earlier states of the aircraft. Reprocessing of data from
previous flight tests requires recalling the correct
decommutation and calibration information from a date in the 



PARAMETER = 'XXXXXXXX'
TITLE = 'AOA. CORRECTED'
NWORDS = 2
RAW_FORMAT = '2S_COMP','2S_COMP'
WORD =   105, 106
FRAME =   4, 4
DEPTH =   4, 4
SUPER =    0,  0
LSB =    0,   8
MSB =   11,  11
UNITS = 'DEG
NCOEF =   2
COEFS = 0.00000000E+00, .12345000E-02
RMAX =  .25600000E+03
RMIN = -.25600000E+03
STATUS = 'ACTIVE'

ENDPAR
PARAMETER = 'YYYYYYYY'

TITLE = 'AOA INDICATED'
NWORDS = 2
RAW_FORMAT = 'UNSIGNED_BINARY','UNSIGNED_BINARY'
WORD =   10,  11
FRAME =    8,   8
DEPTH =   16,  16
SUPER =    0,   0
LSB =    0,   8
MSB =   11,  11
UNITS = 'DEG
NCOEF =   2
COEFS = 0.00000000E+00, .100000000E+01
RMAX =  .32767000E+05
RMIN =  .00000000E+00
STATUS = 'INACTIVE'

ENDPAR
PARAMETER = 'YYYYYYYY'

TRACK =  2
TITLE = '16 BIT SWITCH'
NWORDS = 2
RAW_FORMAT = 'UNSIGNED_BINARY','UNSIGNED_BINARY'
WORD =   10,  11
FRAME =    8,   8
DEPTH =   16,  16
SUPER =    0,   0
LSB =    0,   8
MSB =   11,  11
UNITS = 'DEG
NX =   2
TABLE_COUNTS = 0.00000000E+00, .100000000E+01
TABLE_PQ = 0.00000000E+00, .100000000E+01
RMAX =  .32767000E+05
RMIN =  .00000000E+00
STATUS = 'ACTIVE'

ENDPAR
FIGURE 1: EXAMPLE KEYWORD STREAM



past. Moreover, this had to be accomplished without
overwhelming computer system resources. To do this, the
designers worked from an information history management
model.

Every piece of data stored is associated with an
“effective test number” keyed to a particular state of the
aircraft. This test number is also related to the flight
number in the test program. As information for a specific
test number comes in from instrumentation engineers and
other sources, the AIMS program compares the incoming data
to the data for the previous test and stores only the
changes under the new number. Each change is documented in a
report that is automatically generated by AIMS during data
updates. This report provides an audit trail for
configuration control of the AIMSfile. By maintaining the
information history as an initial state of the decommutation
and calibration information and all changes indexed by test
numbers, AIMS allows the user to extract any previous state
of the information desired [4].

Once the function for retaining historical test
information was in place, it still took considerable
experimentation to evolve a standard process to handle
decommutation and calibration changes. The information
needed to update the AIMSfile is received by the Ridley
Mission Control Center via electronic media - on a tape,
diskette or as a file sent over the base network. The format
of the data has been negotiated with the provider, and the
agreement formalized in an Interface Control Document. The
data may arrive all at once, or may come in several
installments from several sources. The data are converted to
a keystream (if not already in keystream format) and a trial
update is performed, generating a change report that details
both the old and the new pieces of information affected.

This change report is in the readable keystream format
and is immediately made available on-line for verification
by the people who provided the data. When verification is
received, the true update is completed, and the new
information is immediately distributed to the various
systems that will need to be set up for the next flight test
mission. This verification performed before the AIMSfile is
changed guarantees that all the downstream systems get the
same correct information.



At the same time the true update is made, other reports
are generated and put on-line, including a status and
tracking bulletin, the full current keystream, and the
change report. This gives all the multiple organizations
that must coordinate to make a flight test mission
successful a common and current source of information. This
information is on-line, accessible to remote locations by
network or modem access to the central scientific computer.

Work is currently under way to extend the AIMS to new
flight test projects and to new domains of knowledge. The
existing process and keystream are flexible enough to work
effectively with all currently forecasted requirements. The
Software Engineering Section of the 6521st Range Squadron is
coordinating the work.

THE STRUGGLE FOR STANDARDS

The handling of aircraft instrumentation information
for a modern flight test program is a complex coordination
task. The aircraft instrumentation can be a unique, airframe
contractor system, an AFFTC provided system, or a hybrid,
which uses components from contractor and AFFTC systems.
Each Combined Test Force (CTF, the basic testing unit at the
AFFTC) has data managers to coordinate the delivery of
instrumentation changes and data product requests, and to
collect and distribute data products as they are produced.
Flight test engineers (FTEs), the end users of this data
collection and processing machine, specify what is to be
telemetered in real-time, what is to be recorded for post-
flight processing, and how measurements are combined into
plots, listings, and data files. Instrumentation engineers
are the interface between the FTEs and the instrumentation
system, programming telemetry streams to meet the FTE’s
requests for measurements. Separate systems and staffs
support real-time and post-flight data processing
activities. Just tracing where data goes and who does what
in this process is difficult. The process by which
information and data flows through the data production
machine can be unique to each project adding to the
confusion created by many players and unique test article
instrumentation systems.

This unrestricted approach to collecting and processing
flight test data has worked when unlimited resources were
available to customize the process to each program’s
requirements. But, today in the world of finite, even scarce



resources, standard processes and procedures are required.
One of the first problems tackled by the AIMS team was the
establishment of a standard way of doing business by
creating standard software and supporting policy
concurrently.

The AIMS keyword stream (keystream) illustrates this
concept. The keystream evolved by observing the type of
information communicated between the players in the test
setup process. it began as a structure with general
information about a telemetry stream at the highest level,
the different measurands at the second level, and the
attributes of those measurands at the lowest level. This
three-level hierarchy was well suited for Pulse Code
Modulation (PCM) telemetry streams, no matter whose
instrumentation system produced them. The keystream also
provided the capability to add or subtract parameter
attributes as required, making it flexible enough to handle
the requirements of many projects.

In addition, the keystream provided an easy way to
incorporate the information management model into the
AIMSfile. As a keystream is processed, each parameter’s
attributes are compared to the previous state of those
attributes. Changes are candidates for new entries in the
AIMSfile once they are validated.

These two features, an appropriate hierarchical
structure with sufficient flexibility and a way to retain
historical information using minimal storage, made the
keystream structure the start of the AFFTC standard for
telemetry decommutation and calibration information
processing. For the keystream standard to succeed, it had to
be supported by a standard process for updating
instrumentation system changes. These processes had to
incorporate concepts of maintainability and interoperability
between projects. Another goal was to avoid the need for
gurus and customized, one-of-a-kind processes. The AIMS
design philosophy dictated that the standard be based on
automated processing concepts that minimized human
intervention. The design had to utilize current networking
capabilities. Considering these goals, the AIMS team with
CTF data managers and test support technical staffs began
inventing and using a standard instrumentation system change
process.



With a standard structure, the next level of
standardization for the AIMS keystream was at the measurand
attribute level. Attributes are described in keyword = value
statements, where the keywords describe the meaning of the
values that follow. The keywords convey the semantics while
the values communicate the data to be used. Sets of keywords
can be used to distinguish different types of parameters.
For example, the keywords NCOEF and COEFS describe a
polynomial calibration (of order NCOEF - 1) while NX,
TABLE_COUNTS, and TABLE_PQ describe a table lookup
calibration. The presence (or absence)of certain keywords
indicates differences in calibration processes. In effect,
the choice of keywords incorporates the instrumentation
engineer’s expert knowledge of how the measurand is
processed into engineering units.

A current effort is in progress to standardize the
keywords (and their definitions) to improve interoperability
of software and personnel across projects. Although several
emerging inter-service and industry standards have been
proposed, none fully satisfied our needs. The proposed Range
Commander’s Council standard [5] uses cryptic keywords which
violate our human readability requirement for a keystream.
The current Loral standard [6] comes closest to the AFFTC
keystream, differing in the volume of information described
(Loral’s contains more information we consider static for
the life of the project).

Once keywords are standardized, projects should be able
to reuse each other’s AIMS software. In spite of differences
in instrumentation systems and personnel, the project’s
keystream should be the universal language that allows the
use of common software. Of even greater benefit is that a
person (instrumentation engineer, FTE, or test support
staff) who understands the standard keywords adapts easily
to other projects. Further, others involved in the project’s
data collection and processing can read a keystream and
understand how the data was processed too.

The future of this keystream with standard keywords
looks bright, provided that the oversight committee gives
appropriate weight to the principles behind the standard
before extending it to include new keywords. Adaptation of
keystreams with standard keywords will maximize reuse of
AIMS software and minimize cross project maintenance effort.
It will form the foundation for the addition of intelligent
error checking of data stored in an AIMSfile. Bridges to



other systems, like the evolving Test Instrumentation
Management System (TIMS), will be simpler to build due to
this standard.

DISTRIBUTED ORGANIZATIONAL RESPONSIBILITIES

Fuzzy and undefined lines of responsibility have been
clarified by AIMS development and operations. For example,
the manual instrumentation calibration change process
blurred the responsibilities between instrumentation
engineers and test support system staffers. Although the
instrumentation engineers made (or were responsible for
making) the calibration change, their responsibility ended
with completion of a calibration change sheet. They were
provided a copy of whatever system specific file format the
staffers produced from the calibration sheet, but these
files varied greatly from system to system so that
validation of changes by instrumentation experts required
inside knowledge of support system specific file formats.
Likewise, staffers had little or no knowledge about which
calibration changes made sense; they lacked the inside
knowledge about instrumentation systems. This lack of
ownership of the vital function of change validation caused
many reprocessing runs due to improper setup of support
systems. No one had responsibility for the whole process
from instrumentation system change through updating the test
support systems. A whole breed of analyst was created to
determine whether an instrumentation change resulting in
incorrect test data was due to an error in recording the
change by the instrumentation engineers, or due to an error
in translating the change into support system setup files by
the support staffers.

With a common language, the AIMS keystream, the lines
of responsibility were clarified. Since the keystream
embodied language common to instrumentation engineers and
support system staffers, it became clear that the engineers
were responsible for the validity of the changes, i.e. the
values changed in specific keywords representing the
recalibration of the instrumentation system. The staffer’s
laborious task of translating these changes into support
system specific files was incorporated into the automation
that AIMS brought to the process. With the removal of human
error, ownership of the calibration change process was
clearly established with the instrumentation engineers. They
learned (a process taking a few minutes) how to validate
their changes by reading the changes AIMS reported during a



trial update and accepted that AIMS would faithfully
propagate their changes among the various support systems.

With the ownership of the calibration change process
firmly established, support staffers became more flexible.
Instead of becoming experts in one support system specific
file format, they could become generalists, supporting all
systems through AIMS. With the translating task automated by
AIMS, they were free to concentrate on other support tasks.
This automated translation increased their productivity two
ways. Automation removed errors from the translation process
thereby reducing data reruns. Further, it eliminated the
time-consuming task of translating changes into system
specific formats.

The development and operation of the AIMS had a
positive impact on interorganizational communications. By
clarifying lines of responsibility, organizations involved
with the calibration change process became less oriented to
fixing blame for mistakes and more open and communicative.
With clear lines of responsibility came clearer
communication because organizations had less to hide from
each other. Also, since process ownership was well defined,
process goals emerged from the previous confusion. These
goals often required interorganizational cooperation where
one process ended and another began. Communication became
critical at these process interfaces and organizations
quickly developed skills to improve their interactions.

This clarification of roles and responsibility is
paving the way toward a more open, interoperable,
distributed environment. Distributed computing is the
paradigm of the future. Current AIMS operations are
distributed in the sense that decommutation and calibration
changes are entered into one system, perhaps a mile or
several miles away, and stored and distributed to test
support systems at another location. The interface between
these two systems is currently a file transfer via nine
track magnetic tape, but when local network links are
complete, network file transfers will be possible. The use
of protocols like network file system (NFS), where two
computer systems share the same disk storage space, will not
be far behind. Plans for future generations of AIMS include
exploring the potential of distributed, object oriented data
base technology.



Clarifying responsibilities and establishing ownership
of complex processes was difficult. In many cases process
definitions and boundaries had never been explored. Things
were done a specific way because that was how they had
always been done. In some instances it was even hard to tell
if all players in a particularly poorly defined process had
been consulted about their role or about changing their
role. Several operational working groups were established,
usually one per project converted to the use of AIMS. These
groups worked out how the new way of doing business would
affect the various players in the current process.
Surprisingly, after only two projects, a standard, automated
process using AIMS is emerging. It appears that the chaos
inherent in the previous way business was conducted was a
consequence of that process and its convoluted, project
specific nature. The underlying process of updating support
systems with instrumentation system changes appears to be
generic across projects. This only became visible when the
development and operation of AIMS forced the people involved
to take a new look at what they do, how they do it, and why.

CONCLUSIONS

The emphasis on standards in the implementation and
operation of AIMS has improved the management of the entire
instrumentation change process. By developing a standard
language, the AIMS keystream, that both instrumentation
engineers and test support system staffers could understand
and use, clear lines of process ownership emerged and
tedious, error prone, manual processes were replaced with
automatic, validated, efficient ones. Beginning a process
automation project by developing a standard, common, domain
specific language is an unconventional approach, however,
the potential payoffs for improved management of the process
under study are enormous. The AIMS team expected to speed up
calibration change updates to test support systems, which
they achieved, but far beyond those initial expected
benefits were clarification of process ownership, increased
interorganizational communication, and a renewed attitude of
cooperation.

The AIMS has achieved its original goal of
interoperable software between AFFTC projects, but more
importantly, AIMS working groups have facilitated
interoperability of personnel between projects and support
systems. By removing a tedious, error prone subprocess,
personnel were released from the burden of project and



system specific operations and had the opportunity to see
the commonality between projects. By exposing the common
ground, the AIMS has led to more efficient workers, saving
time and money in the process.

In the new era of test and evaluation, where
interoperability, efficiency, and effectiveness are
requirements, the AIMS project represents a new paradigm for
success. By careful application of standards at critical
interfaces and by empowering workers to improve processes
and interorganizational cooperation and communication, AIMS
succeeded in redefining and greatly improving a mission
critical process at the AFFTC. The methodologies used by the
AIMS team are portable to other projects. The lessons
learned by the AIMS team represent one path to achieving
goals of the new era.
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GLOSSARY

AFFTC - Air Force Flight Test Center at Edwards Air
Force Base, California.

AIMS - Aircraft Information Management System. AIMS
maintains calibration, decommutation and other
data retrievable by data format, parameter
names and effective test. Input and output are
done in a standard file called a keystream.

AIMSfile - A collection of information stored in a binary
file in AIMS format.

ASCII - American Standard Code for Information
Interchange. Data represented in this format is
said to be “readable” and can be manipulated
with a text editor.

Calibration - The translation process in which a raw
measurement from the aircraft is turned into
a meaningful data value.

CTF - Combined Test Force.

Decommutate - The process by which the incoming telemetry
data are broken into tag/data pairs. The
initial decoding of the signal.

Format - A particular arrangement of measurands in a PCM
data stream, commonly referred to as the PCM
matrix. A project may use multiple formats,
which may differ in either the arrangement of
the matrix or in the parameters within the
matrix, or both.

FTE - Flight Test Engineer.

Keystream - Readable (ASCII) format output used by AIMS and
by programs that interface with AIMS. Contains
data organized by parameters, with keyword/data
value pairs describing the attributes of each
parameter.



Keyword - A name that describes a particular attribute of
a parameter. In a keystream, the portion of a
keyword/data pair to the left of the equals
sign.

Measurand - A numeric or discrete parameter indicating a
value being measured by an instrument in an
aircraft. An entry in a PCM matrix.

Parameter - In telemetry, one item of measured data being
sent in the telemetry stream, a measurand. In
AIMS, a collection of information about a
particular item, in which the item is usually a
parameter in the telemetry sense. In general, a
collection of information about a measurand or
about a data value derived from measurands at
the same logical level.

PCM - Pulse Code Modulation telemetry. This may
represent one of the major schemes by which
telemetry data are organized, or may refer to
an incoming stream of data in that format.

PCM Matrix - A two-dimensional matrix used to visualize
the PCM stream or format. The rows constitute
PCM subframes; the columns represent word
locations within each subframe.
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ABSTRACT

As the repetitive processes in the manufacturing community
are being automated to reduce operating cost, the satellite
tracking station (being for the most part a repetitive
operation) can also reduce operating cost by automation.
A conventional satellite tracking station requires personnel
to setup, monitor, and adjust a variety of equipment,
coordinate data collection, and archive collected data. By
automating, the above duties in addition to managing the
station can be done through a single-point user interface.
This paper presents the methods used to design the
user-interface software including graphical user interface
(GUI) types of hardware I/O for data acquisition and
control, and remote control.

INTRODUCTION

Although there are no shortages of data-acquisition hardware
and software for both multitasking and sequential
(Von-Neumann architecture) computers, this paper discuses
one cost effective approach that has been implemented on
NASA’s Transportable Orbital Tracking Station (TOTS).1

Early design decisions based on programming cost, software
maintenance cost, and operational simplicity, led to the
following system design.(figure #1)

A 80486 PC running at 33mhz with multi serial ports (RS-232)
and multi parallel ports was selected to be the platform
from which the user-interface software would run. This
master or control computer would communicate through the 



 figure #1

serial and parallel ports with the test and operational
equipment and other computers in the tracking system. The
software would be written in “C” using windows and menus to
exercise various station systems and equipment. In addition
a graphics display or GUI for system operational status
would be used to centralize information on station
performance.

Although there are many components that contribute to a user
friendly interface, this paper will concentrate on the
design of the application SHELL program used in the above
configuration.

DESIGN GOALS

The design goals of the user-interface software were to
provide a single point in the entire tracking station where
a user could interface with all equipments and sub-systems.
This point would allow the operator to :

1. Exercise all equipment from a set-up or operational
mode.

2. Monitor all equipment and systems through a GUI
during the operational (tracking) mode.

3. Provide a communications port for other computers in
the system

4. Provide station status to a remote user.



DESIGN

The user-interface software would consist of a user friendly
menu driven main program (SHELL) that would orchestrate both
the RF and data system. In particular it would provide:

1. A mechanism for running all device or equipment
drivers. (figure #2)

2. A method to automatically control prepass, pass, and
postpass operations.

3. A method for viewing system status from a remote
site and remote control.

figure #2

Device drivers are functions or complete programs that
interact with each instrument or piece of equipment
(device). Device drivers can be purchased from the device
manufacture or custom made for each application or device.
These device drivers accomplish too purposes, one is to
control the interface weather it be IEEE-488, RS232, or some



other type. The other function is to provide a method to
setup and receive status from the device.  Even thought2

device drivers are an important part of the user-interface
the emphasis here is how these drivers are integrated into
the shell.

The approach taken was to make all device drivers executable
programs. This would make the driver maintenance less costly
by not being apart of the main program (SHELL) and make the
SHELL more independent by not having to be recompiled it
each time a driver was changed or updated. By using process
control functions such as “spawn” and “system” a child
program (in this case a device driver) can be executed
without terminating the parent (the SHELL). The parent then
resumes execution where it left off before the spawn or
system call was made. The disadvantage to this approach is
memory limitations. But in most cases device drivers are
relativity small (30 to 60K bytes) and if the parent program
is less than 640K bytes minus driver size and DOS overhead,
no extended memory managing programs will be needed. By
using this technique (with arguments) and running all
programs (SHELL and drivers) from virtual disk, multiple
device drivers are accessible by parent/child switching.

Prepass, pass, and postpass operations are handled by both
time based sequences and physical events. By using the
station clock (NASA 36) and time events (received from the
Antenna Control Computer) the time of occurrence and
duration of all operations can be controlled. In addition to
the automatic operation, events can be initiated by the
station operator with all results logged to disk.

During the operational mode the SHELL would provide a
graphics display (GUI) that would be updated by polling all
pertinent parallel and serial lines. (figure #3) The GUI is
displayed in two phases. All background or static
information are displayed first. Then the indicators are
updated as their respective I/O device are polled. To keep
the update or polling sequence efficient (have sufficient
samples) the two slowest operations screen updates and
reading the serial interface are designed such that the
screen indicators are serviced only when a change in status
occurred (i.e. lock to loss or loss to lock) and the 19.2 K
BAUD serial link serviced only when a command is being
received. By using these techniques and filtering the amount
of data that is logged to disk satisfactory performance can
be achieved.



figure #3

Many GUI’s are available but only a few are oriented toward
instrumentation. The GUI’s come with packaged indicators,
such as gages, slide bars annunciators and seven segment
displays. With these functions there is still a fair amount
of special design to create a custom display. All graphics
in figure #3 was done by a fairly low level GUI, meaning all
figures were made from basic geometric figures.

The third major function was to provide a method for viewing
system status off site (a remote location) with the same
detail and control as when operating the station locally.
Several commercial packages are available that provide
remote control and file transfer functions. The one chosen
advertised graphics capability but early testing revealed
that trying to remote the graphics screen (figure #3) at
2400 BAUD (about the best you can expect from commercial
lines) was unacceptable. A second status screen (figure#4)
using character based graphics was designed to do all remote 



figure #4

operations. This method although restrictive to the type of
information that can be put on a screen proved to be
satisfactory allowing a remote operator complete control
without disrupting or interfering with any functions or
operations on site.

CONCLUSION

Although this paper has touched on only a few of the
functions of the user-interface and being this is version
1.0 other functions will be added and or deleted when the
software is beta tested. This being the case due to the
modular construction of the software, upgrades will be a
minor task. On line help menus will be changed to reflect
these updates thus eliminating the need to print new manuals
or errata sheets. The user-interface as it implies is where
users will have the most interaction with the tracking 



system. This one program (the SHELL) will determine,
friendliness, performance and acceptability of the system.
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ABSTRACT

The Boeing Commercial Airplane Group uses a highly computerized Flight Test system.
Everything from test planning to equipment control is handled through a large mainframe
computer. This paper is an introduction to the structures which are necessary to efficiently
run tests on many different airplanes at the same time, with a wide range of test
requirements. This paper discusses the data bases required, the test planning and the
procedures used to run a flight test program. Some data bases are common to all test
programs while others are specific to a particular test program. The test planning begins
with the Instrumentation Requirements estimating process. Then comes selecting
parameters from the common data bases and marking them as required for a particular test
program. New parameters are added to the common data bases as required. Once the
process of identifying parameters to be recorded is started, the computer automatically
generates airplane specific data bases and loads the information from the common data
bases into them so that the other groups can select the specific instrumentation to be used
to measure each parameter. As this planning is accomplished, information is added to the
data bases so that they become more complete as the actual testing approaches, When the
airplane enters it’s testing phase, the data from these data bases is retrieved and provided
to both the on-board data monitor system and the ground station to allow data to be
acquired from the data acquisition system or from tape for data processing. As the testing
is accomplished the computer data is updated to indicate the progress of the testing.

INTRODUCTION

The Boeing Commercial Airplane Group’s Flight Test Operation is organized around a
large mainframe computer. Test planning, data processing, and maintenance of records all
center around information which is stored in this machine. This paper only discusses a
limited subset of the overall system relating to instrumenting an airplane to acquire the
data, with related topics mentioned as required. Even this subset of the total is a major
operation. Not only is it necessary to plan the operation but we must be able to accurately
reconstruct the exact configuration of the system for any test that was conducted as long as



that model airplane is in use with a domestic airline. There are several different data bases
which are maintained on the mainframe computer to allow all of this to be accomplished.
These data bases and their uses are described in the following paragraphs.

INSTRUMENTATION REQUIREMENTS ESTIMATING

Well before a new or modified airplane is built, the planning and estimating for the test
program is begun. To estimate the cost of instrumenting an airplane, a computer program is
used which collects all of the known or likely test requirements and combines them so that
the magnitude of the project can be determined. This process involves each test discipline
making an estimate of the instrumentation required to test their particular area. These
individual estimates are then combined with historical data to produce a projection of the
amount of instrumentation required and how many people will be required to support the
test program. These estimates are then used by management as part of their estimates for
the cost of developing the new or modified product.

MEASUREMENT SPECIFICATION - MEAS SPEC

The measurement specification is a large data base which contains the specifications for
each measurement that we make. Table I lists most of the information that is contained in
the Meas Spec. This data base is a common data base used by all airplanes. Before a
measurement can be requested for a given airplane its measurement specification must be
entered into this data base. When it is entered into this data base an identifying
measurement number and a measurement name are assigned. Historically, the
measurement number has been the label by which this measurement is known for as long
as it is in use. The measurement name is just now coming into use. Measurement
specifications can be edited but once they are in use, they generally are not modified since
any change may affect other airplanes, past or present.

TRANSDUCER CALIBRATION FILE - TC FILE

The transducer calibration file is, as the name implies, a file containing the calibration data
for each transducer in use by Flight Test. When a new calibration is performed on a
transducer, the new data, along with when the calibration was performed, is added to this
file. The old calibration is not removed since it is still valid for tests which were run prior
to the new calibration being performed. Thus, this data base contains a complete history of
each calibration on each transducer used by Flight Test since the file was established. This
data base is also independent of any particular test airplane.



Field Name Function

Measurement Number A unique number used to identify a parameter.

Measurement Nomenclature A unique name used to identify a parameter.

Data Title Text to be displayed with the parameter.

Measurement Text describing the measurement.

Recording medium Description PCM tape, Film, Calibrated Instrument, etc

Minimum Value The lowest expected value.

Maximum Value The highest expected value.

Units The units to be displayed with the parameter.

Frequency/Sample Rate The required data bandwidth or sampling rate.

Filter Characteristics Filter Cutoff frequency.

Comments Three lines of text.

Originator and date The initials of the person creating the specification and
the creation date.

Last person to revise & date Initials of the last person revising this specification and
the date.

Used On Airplane list A list of the airplanes which have used or are using this
measurement.

If ARINC-429 Bus data

Bus Name Title for the Bus

Label Eight bit octal label for parameter.

SDI Source Destination Index

Data Encoding

Bits required from the
word

LSB Resolution

About 15 other parameters.

Table I Measurement Specification Contents



EQUIPMENT MANAGEMENT - FTEM

Flight Test also maintains a data base with the history of each piece of equipment that we
own. When a new piece of equipment is accepted by Flight Test it is given a Flight Test
property number, or FT number, and a record is created for it in the data base. Each time it
moves from one place to another, such as from the store room to an airplane, that
information is entered into the computer. Anytime a unit goes into a laboratory for service
or modification, new entries are made into the data base. This system allows us to
determine which equipment was on a given airplane at a given time and what it’s
configuration was. Transducers are also tracked using this system.

MEASUREMENT LISTS

There are two types of measurement lists that have developed over the years. The Quick
Look Measurement Lists (QLML) were developed for use with the Airborne Data
Analysis and Monitor System (ADAMS) on-board computer system. The quick look
measurement lists are collections of up to twenty parameters identified by their
measurement numbers to be displayed in one list. Since much of the testing on different
airplanes requires the same disciplines, it was decided to maintain these lists on the large
scale computer. Their use today goes beyond specifying a list of parameters for display.
Each different test discipline maintains it’s own QLMLs and uses them to specify what
parameters to record as well. Coded Measurement Tables (CMT) have been developed as
a method of identifying a set of related parameters which need to be specified as a group.
Coded measurement tables are similar to quick took measurement lists except that they can
be longer than twenty parameters and are not used to display data. For example, a CMT
might specify which parameters need to be telemetered to the ground during a particular
test.

TEST ITEM REQUIREMENTS LIST - TIRL

The test item requirements list (TIRL) is the first of the airplane-specific data bases to be
created. It is developed by the analysis engineer as a planning tool to identify all
requirements for testing a particular function on the airplane. Unlike the data bases that
were previously discussed, TIRLs are created for each airplane and they are specific for
that airplane. A TIRL must be created for each type of testing which is to be performed on
a particular airplane. However, they are usually created by copying and then modifying a
TIRL for an earlier airplane. It contains administrative requirements, test requirements and
technical requirements. The administrative requirements include the number of flight and
ground test hours required for the test. The technical requirements include a list of the
QLMLs and CMTs which specify all of the parameters which need to be recorded for this
set of tests. Also, included in the TIRL is a list of all of the application programs which
will be required by the onboard computer system.



Transducer Calibration File

Field Description

Transducer Number Property Number for the transducer

Calibration Date When the calibration was performed

Input units The units for the input variable

Output units The units for the output variable

Transducer Excitation Excitation Voltage used during calibration

Calibration type Form of the calibration. For example Linear - Single
Section or Polynomial - Multiple Section

Percent Deviation The deviation of the transducer output from the published
calibration.

Degree Order of the equation.

Transducer Range The input range of the transducer.

Input Resistance Input resistance of a bridge transducer

Output Resistance Output resistance of a bridge transducer

Shunt Cal Value Resistor value used in shunt calibration

Shunt Cal Output Expected change in output with shunt cal resistor applied.

Delay Input to output delay in the transducer

Slope Slope of the straight line fit of the data.

Intercept Intercept for straight line fit of the data

Number of Sections Number of sections necessary to fit a curve to the
transducer within percent deviation.

Section Limit Upper limit of this section. Lower limit of the next section.

Coefficients Calibration coefficients

Table II Transducer Calibration File



Equipment Management

Field History Description

Identifying Number No The property number for the equipment.

Nomenclature No The name of the Item.

Manufacturer No Manufacturer of the item. (Boeing if modified)

Model or Part Number No Manufacturers model number or Boeing P/N.

Serial Number No Original Manufacturers serial number.

Original Manufacturer No Original Mfgr’s name if modified by Boeing.

Class Category No

Ownership No Program which purchased the item.

Procurement Documentation No Identification of documentation showing how
and why the item was purchased.

Cost No Cost of the item.

Purchase Date No

Range Or Capacity No The range or capacity of the unit if applicable.

Weight No  The weight of the item.

System No The system the item is used in if it is part of a
larger system.

Service Cycle No How often the item needs to receive preventive
maintenance and/or calibration.

Sort Codes No A set of entries used for sorting the data base.

Outstanding Change orders No A list of outstanding change orders for the item.

Latest Planned Part Number No P/N after all outstanding changes are made.

Current Location Yes Where the item is currently.

Location Date Yes Date the item was moved to this location.

Service Due date No Date that PM or calibration is due.

Accumulated Maintenance Hours No Hours spent maintaining the item.

Accumulated Maint Dollars No Cost of parts used to maintain the item.

Table III Equipment Management Data Base



Administrative Attributes

Field Function

Airplane Number Identifies the Applicable airplane

Test Item Code

EWA/Project Control Number Authorization to perform the test

Title Name of the test

Short Title Abbreviated title

Purpose of Test Field to describe the purpose of the test

Documentation Identifiers Several fields used to identify documentation related
to the test.

Personnel Several fields used to identify responsible personnel

Test Readiness Date

Data Required Date

Test Item Completion date

Estimated Flight Test Hours

Estimated Ground Test Hours

Actual Flight Test Hours

Actual Ground Test Hours

Percent of hours Complete

Table IV Test Item Requirements List - Administrative Attributes

INSTRUMENTATION REQUIREMENTS - FTIR

Once one or more TIRLs have been entered, the system creates the instrumentation
requirements file or FTIR. The system collects the information about each parameter called
out in a QLML, CMT or application program in the TIRL from the measurement
specification to create the FTIR. The information content is very similar to the
Measurement Specification as shown in Table I. This file may then be edited as required.
The instrumentation engineers take the requirements for the system from the FTIR and use
them to design and install the data acquisition system for the airplane. Like the TIRL, the
FTIR is for a specific airplane and becomes part of the permanent record for that airplane.



This data base is organized by measurement number with one record for each
measurement required.

MEASUREMENT CONFIGURATION

Once the instrumentation engineer has an FTIR, a measurement configuration file is
created. This file contains records which specify exactly how each parameter is to be
measured. This data base is organized by measurement number with a record for each
individual parameter. The exact hardware to be used, including the specific transducer, is
included. The installation drawings for the transducer are referenced. The signal
conditioning used is identified. The instructions for locating the data within the recorded
data are found in this file. This file becomes part of the permanent record for that airplane.

Technical Requirements

Quick Look Measurement Lists Specifies parameters required for measurement and
display

Coded Measurement Lists Specifies parameters for recording

Application Programs A list of the applications required for the on-board
computer

Key file Tables Function Key setups for On-board computer system

GC Equations Equations to be used with the General Calculations
Program

Plot Descriptors Plot Program set up files

Direct Input Measurements

Telemetered Measurements

Test Outline

Table V Test Item Requirements List - Technical Requirements

PREFLIGHT PLANNING

All of the files discussed so far are used for planning and record keeping purposes. What
happens then, when after all these months of planning, it comes time to actually fly the
airplane?  The test operations engineer will examine all of the test items that need to be
accomplished and select a subset of those, along with some alternatives, and plan a series
of tests for a given flight. Based on the TIRLs for these tests, the instrumentation engineer



will issue a request for instrumentation preflight, or RIP. The RIP processing will examine
all of the TIRLs selected and issue a set of data bases which are used to set up the
on-board data acquisition and data monitoring systems for a particular test. Currently the
RIP does not select which parameters to record but it selects which parameters need to be
preflight tested before the test. Some of these data bases are discussed in the following
paragraphs.

ACQUISITION SYSTEM SETUP FILES

There has been one sub-system in our data acquisition system, the Advanced Digital Data
Acquisition System (ADDAS), which could be readily programmed to select which
parameters to record. ADDAS is used to acquire data from ARINC-429 data buses. Two
new programmable sub-systems are being added to the data acquisition system. The
remote analog/digital multiplexer (RMUX), which is to be used to acquire analog and
discrete parameters outside of the airplane cabin, is one of these new systems. It will
require a setup file to load all of its programmable features including which parameters to
acquire for this specific flight. The other new sub-system is the central multiplexer or
CMUX. The CMUX is the heart of the data acquisition system. It takes data directly from
ARINC-629 and ARINC-429 data buses as well as from ADDAS, the RMUX and our
existing PCM system and combines them into a single stream for recording. The CMUX
will require a setup file to be used to select which parameters to record. All of these setup
files are produced by the large scale computer based on the TIRLs selected for that series
of tests. Once the setup files have been created they are loaded into the on-board computer
system which is used to set up the acquisition system.

MONITOR SYSTEM SETUP FILES

There are a number of files used to set up the on-board monitor system. Perhaps the most
obvious are the programs themselves. The TIRL specify which application programs are
required for the particular series of tests, but it is more common just to load all available
programs as long as disk space is not at a premium. The second set of files are the data
bases which describe the parameters being recorded. Two of these data bases are
discussed here. Information from the Measurement Specification, the TC File and the
Configuration File is combined to form the Measurement Data Table or MDT. The MDT
contains all the information needed to locate, calibrate and display any parameter being
recorded. This file is installed on the system and then run through a compiler. This
generates an expanded MDT which contains the instructions necessary for the
preprocessor in the system to convert a parameter to engineering units. The other major
file is the configuration file. This file contains all of the information about how a particular
measurement is set up on the system. The operator can display this information on the
airborne work-station instead of using a large paper document. Several other small data
bases are used to set up specific areas in the system.



Test Requirements

Test Outline

Testing Prerequisites Tests which must be performed before this test.

Airplane Configuration Comments Specific Airplane Configuration required for this
test.

Instrumentation Comments Special instrumentation requirements for this test.

New Data Reduction Requirements Anything non-standard required for data
acquisition and reduction.

Unique Support Equipment & Any non-standard facilities or support equipment
Facilities required for this test.

Outside Lab Support Any support required from labs other than Flight
Test.

Testing Limitations Any affect on normal Airplane operations. (Flight
envelope limits, Cockpit procedures, etc)

Method of Evaluation & Reporting Requirements for reporting and evaluating the
Requirements data.

Test Success Criteria What is required to successfully complete this
test.

Engineers Comments

Table VI Test Item Requirements List - Test Requirements

 PREFLIGHT

Most testing is done on first shift, but there are people working on the airplane all three
shifts. Second shift is used to troubleshoot problems which were observed on an earlier
test and to install new measurements. Third shift has the responsibility to preflight the
airplane and have it ready for an 8:00 a.m. release for the day’s testing. The data bases
loaded onto the system each night typically contain more parameters than are required for
the day’s testing. A special group of QLMLs are generated by the computer for use by the
instrumentation engineer. These lists group the measurements by category, with each
category having two classes. The categories might be “Left wing strain gages” or “Engine
pressures.” The two classes are “Required for flight” and “Not required for flight.” The
instrumentation engineer uses these lists to check each parameter on the airplane and to
verify that they are working correctly. As each parameter is checked it is marked in the



system to verify that it was checked. It is not necessary to check each parameter which is
taken off of one of the airplane buses. However, at least one parameter from each bus is
checked.

IN FLIGHT

The monitor system is used by both analysis and instrumentation engineers during a test
flight. The analysis engineer is interested in observing the conduct and the results of the
test. The instrumentation engineer is primarily interested in the health of the system. The
analysis engineer may be running up to twenty different programs to analyze what is
happening and to verify that all of the conditions needed for the specific test are met. The
results of this analysis may be used to decide if it is safe to proceed with the next test point
or if the airplane is performing as specified. The instrumentation engineer uses a different
terminal to scan through the parameters being recorded to verify that everything is still
working properly. All of the displays use the data bases generated before the test to
acquire, format and display the data. The parameters for display are specified by
measurement number and the operator does not need to know how the data are being
acquired to be able to display the parameters as long as everything is working properly. If
a problem occurs then the data bases can be accessed to determine the exact configuration
for that parameter.

POST FLIGHT

After the flight the analysis engineer submits data requests while instrumentation is having
the data tapes delivered to the ground-based Tape Data Retrieval System (TDRS). When
the data request is submitted, the mainframe computer identifies the parameters which are
required for that data request. The information about those parameters are collected into an
“Arrangement and Calibration” file which is passed to TDRS along with the times for
which the data are desired. TDRS receives and processes the data requests, extracts the
data from the flight tape, converts it to engineering units and passes the data, on a
computer tape, back to the mainframe computer. The mainframe computer then places this
data into an on-line data store and processes the data as requested in the data request. The
results of this processing are then passed to the analysis engineer, one of the airplane
design groups or a sub-contractor for further analysis or for inclusion into a report.

CONCLUSIONS

The Boeing Commercial Airplane Group’s Flight Test Organization has been using
computers in all aspects of it’s operations for several years now. The computer has proven
to be an indispensable tool. They are used in both data analysis as well as in test planning.
The computers allow data from all airplanes to be acquired efficiently and make it possible
to retrieve data from both present and past airplane test programs. Manual processes
would not be able to keep up with the volume of data involved.
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ABSTRACT

One of the problems in analyzing data is getting the data to the analysis system. The
data can be stored in a variety of ways, from simple disk and tape files to a
sophisticated relational database system. The variety of storage techniques requires
the data analysis system to be aware of the details of how the data may be accessed
(e.g., file formats, SQL statements, BBN/Probe commands, etc.). The problem is
much worse in a network of heterogeneous machines; besides the details of each
storage method, the analysis system must handle the details of network access, and
may have to translate data from one vendor format to another as it moves from
machine to machine.

This paper describes a simple and powerful software interface to telemetry data in a
distributed heterogeneous networking environment, and how that interface is being
used in a diagnostic expert system. In this case, the interface connects the expert
system, running on a Sun UNIX machine, with the data on a VAX/VMS machine. The
interface exists as a small subroutine library that can be linked into a variety of data
analysis systems. The interface insulates the expert system from all details of data
access, providing transparent access to data across the network. A further benefit of
this approach is that the data source itself can be a sophisticated data analysis system
that may perform some processing of the data, again transparently to the user of the
interface. The interface subroutine library can be readily applied to a wide variety of
data analysis applications.



INTRODUCTION

In the past, data analysis was done entirely on a single machine. The data would arrive
on an analog tape, and be digitized and placed on a disk or other storage device on the
machine using specialized hardware and software, resulting in a file of raw data. It
was not unusual for the data to undergo further filtering or reformatting (resulting in
yet another copy of the data) before being analyzed using a tool built just for that
purpose. Given enough time, a whole suite of formatting and analysis tools would
grow up around a particular telemetry stream. This situation has some advantages: the
data is easy to get to, and the tools work. Unfortunately, as the processing demands
increase, things go downhill rapidly. Upgrading to a faster machine is not always
practical, as the specialized hardware and software that evolved over the years may
not be portable to a new platform. Likewise, home-grown analysis tools may not be
able to respond to new demands (new data formats, new report formats, new types of
analysis) without extensive (expensive) modification. The recent proliferation of fast,
cheap hardware coupled with the arrival of many commercially available data analysis
tools seems to offer a way out, but first some new problems must be faced. Figure 1
shows a typical situation.

Figure 1. Accessing Data In A Heterogeneous Network. Digitized telemetry data sets
are typically huge files of a unique and complex format, requiring specialized
conversion routines and data analysis tools. To take advantage of additional
processing power or analysis tools elsewhere in the network, the data must be copied
to the remote system and converted to the appropriate format. However, it is time-
consuming and wasteful to make redundant copies of huge files, especially since the
data required for a particular analysis may represent only a small fraction of the
available data. Likewise, it is difficult to track and manage the data, because many
redundant but slightly different copies of the data are created as it moves from system
to system.

Before the flexible, powerful new analysis tool running on the fast, cheap hardware
can be used, the data must be brought to the right place and massaged into the right



format. Transferring the files is a lot easier than it used to be, thanks to high-speed
networks and (more-or-less) standard file-transfer utilities. Even so, telemetry data
files tend to be huge, and transferring them to another system takes time and
consumes disk space. Once on the other system the file format almost always needs
conversion because data and file formats differ considerably across operating systems
and hardware platforms. Also, the new analysis tool must either be adapted to read the
raw data, or the raw data must be converted to a format acceptable to the tool, creating
yet another copy of the data. This process must be repeated for each different system
and tool to which each different data file is transferred. Copying and translating the
data more than once is undesirable. Redundant copies of data are difficult to manage,
and most analysis procedures require only a small fraction of the available data.

THE DATA ACCESS UNIT

What is needed is some mechanism to bring data and analysis tools together,
regardless of the format of the data or the location of the data and analysis tool in the
network. The mechanism should have a simple, programmatic interface to make it
easy to incorporate into new and existing data analysis tools. We call this mechanism
the Data Access Unit and Figure 2 presents a simplified overview.

Figure 2. Data Access Unit Concept. The Data Access Unit (DAU) provides
transparent access to data regardless of the data format or its location in the network.
The DAU handles all details of locating, accessing, and transferring data across the
network. The Data Analysis Tool (DAT) interfaces to the DAU through a small
subroutine library. The DAT refers to the data set (usually a data file) and signals
(telemetry variables in a given time period) within the data set by operating system
independent names. The result is that only one copy of the data need exist in the system,
and consumers of the data located anywhere in the network get only the data they need
delivered to them in a form convenient for processing.

The principal benefit of the Data Access Unit (DAU) is that it allows the user to take
advantage of all the available resources of the network to process the data. By hiding
the details of locating, accessing, and translating the data behind a uniform
programming interface, the data and the analysis tools can be deployed in the most
advantageous fashion. Notice that Figure 2 shows no network or machine boundaries.
Data entering the network on older systems (with the specialized hardware and



software) is now available to the analysis tools running on fast hardware elsewhere in
the network. The existing investment in hardware and software is preserved, while at
the same time new resources can be integrated into the data analysis environment. The
architecture of the DAU is shown below in Figure 3.

Figure 3. Data Access Unit Architecture. The Data Access Unit (DAU) is actually two
components, a Client and a Server. The Client is a subroutine library linked into the
Data Analysis Tool (DAT). The Server is a separate process that may be located
elsewhere in the network. The Client and Server communicate using a commercial
Distributed Computing Environment (DCE) package that handles all the details of
network access and data translation. The Locator of the Client is responsible for
finding resources (data sets and map files) requested by the Data Analysis Tool. The
Map translates names of signals (variables, functions, and events) into the actual
variable names within the data set. In response to requests for data, the Server may
access the data directly or it may use a Data Access Agent (DAA) to perform the task.
The public interface between the Client and Server and between the Client and DAT
make it possible to replace both Client and Server components without affecting the
DAT.

To hide the details of accessing the data from the data analysis tool (DAT), the DAU
uses the concepts of data sets and signals. All communication between the DAT and
DAU is through a subroutine interface. To the DAT, it appears as if the entire DAU is
merely a subroutine library linked into DAT. In reality, the DAU has two principal
components, a Client (the subroutine library) and a Server. The server exists as a
separate process elsewhere in the network. The various components of the client and
server are discussed below.

Data Sets

The key data structure shared by the Data Analysis Tool and the Data Access Unit is
the data set. A data set is simply a named collection of signal data. The DAT must
first open the data set by name, and receives back a handle to the data set. All
subsequent requests for signal data require a valid data set handle be presented by the



DAT. So that data sets may be protected from unauthorized access, a username and
password must be supplied by the DAT when it first attempts to access a data set.
Finally, the data set must be closed by the DAT at some appropriate point.

Signals

Within a data set, the Data Analysis Tool (DAT) makes requests for data on one or
more signals. Signals correspond to variables encoded in the telemetry stream. Signals
have names that are simply alphanumeric strings. We currently support three types of
signals:

C Variable. An array of timestamp-value pairs defined by the signal name.

C Function. An array of timestamp-value pairs defined by a function of zero or
more signal names.

C Event. An array of timestamps defined by a boolean search condition; the
timestamps represent points where the condition is true.

The DAT may request the signal by specifying a signal name, start and end times, and
a data set. For functions, a function expression must also be specified, and for events a
boolean search condition must also be specified. The response from the Data Access
Unit is the requested data plus some descriptive information about the signal, or an
indication that the request failed. Other signal types can be added later as needed.

Map Component

The Data Analysis Tool requests variables by name, where a name is simply an
alphanumeric string, such as “ALTITUDE”. The variable name usually comes from a
data dictionary, which defines the format of the telemetry data stream to the Data
Access Agent (DAA). Each telemetry stream has its own data dictionary, and there is
typically no way to enforce consistent naming of variables across similar data
dictionaries. Thus, the variable that corresponds to fuel pressure may be “Altitude” in
one data dictionary and “ALT” in another.

To insulate the Data Analysis Tool from having to know many names for what is
actually the same signal, the map component of the Data Access Unit (DAU)
automatically translates the signal name specified by the DAT into the actual variable
name. A map entry indicates that occurrences of some name A must be translated to
another name B. A map consists of zero or more map entries. The map component
translates a variable name if a map entry applies, otherwise the name passes through



unchanged. The simple text substitution provided by mapping is not limited to
mapping one variable name to another. For event and function expressions, it is
possible to map a variable name to an expression, representing a form of macro
expansion.

Maps can be selected and loaded by the Data Analysis Tool depending on the known
characteristics of the current data set. We provide the DAT with the capability to
associate maps with a data set as part of the public interface. The interface hides the
details of the Map component implementation from the DAT, allowing us to enhance
the implementation of this component at a later time.

Locator Component

Locating data sets becomes particularly tricky in a networked environment. Host
names and addresses change as the network is reconfigured, and these changes may
not be readily apparent to the user. Also, it is possible that the network could contain
more than one Data Access Unit Server. The locator component is responsible for
finding data sets and servers in a network environment. The location process is
applied to all requests for data sets and maps, and the operation of the locator is
completely transparent to the Data Analysis Tool. In practice, the DCE component
provides much of the underlying mechanism used to find the data sets and maps.

DCE Component

The Distributed Computing Environment (DCE) component is the core technology
around which the Data Access Unit is built The DCE hides the fact that the Client and
Server may in fact be running on different machines in a large, far-flung network. The
DCE transparently locates the Server, and translates data passed between Client and
Server as necessary. The interface the DCE presents to the Client and Server is a
Remote Procedure Call (RPC) [1] subroutine library. Several commercial DCE
products exist that provide the necessary capabilities, and the DAU architecture is not
tied to a particular product.

The locator component takes advantage of the DCE’s ability to find Servers in the
network to implement the process of locating a named data set. When the DAT opens
a data set, the locator contacts all Servers in the network and asks if they manage the
data set. In the case where more than one instance of the data set is available, the
locator will pick one.



Data Access Agent Component

The Data Access Unit (DAU) Server may either access the raw data directly, or it may
work through an intermediate Data Access Agent (DAA). If the format of the data is
simple (e.g., an ASCII tab-delimited file) then it may be expedient for the Server to
use whatever local operating system interface is available to read the file. However,
most telemetry streams have complex structures that require specialized input routines
to extract selected variables, and data analysis tools often exist that can read the data.
In other cases, the data may not reside in a file at all, but is instead stored in a
relational database. When the DAU Server cannot effectively access the data, it
instead uses the DAA to broker the data. This approach allows the DAU to leverage
the capabilities of existing tools while making the data they manage available to a
wider audience. The interface between the DAA and DAU Server is private, and is
tailored to make the transfer of control information and data to be as efficient as
possible.

A SAMPLE DAU APPLICATION

At the time of this writing, an initial implementation of the Data Access Unit is
underway. The work was undertaken as a component of the Failure Analysis Expert
System (FAES) [2] project. A basic requirement is that FAES be written in portable
Common Lisp and be deployed on a Sun SPARCStation-II (UNIX) platform, while
the data resides on a DEC MICROVAX-II (VAX/VMS) system. The expert system
requires data on several signals, and each signal has between 10,000 and 60,000
samples. (Recall that a sample is a timestamp-value pair, or 8 bytes of information;
60,000 samples is roughly half a megabyte.)

Figure 4 illustrates how the abstract components of the DAU (Figure 3) can be
realized in this instance. The Data Access Agent (DAA) shown here is BBN/Probe, a
commercially available data analysis package. (The fielded version of this system will
use Navy DataProbe, an ancestor of BBN/Probe.) BBN/Probe uses a data dictionary
to name the variables in the telemetry stream and to describe the format of the data.
Two different telemetry streams are analyzed, each with its own data dictionary. The
Map component hides the differences between the names of similar variables in the
data dictionaries.

The interface between BBN/Probe and the DAU Server uses one VAX/VMS mailbox
(a basic interprocess communication service) to send commands to BBN/Probe and a
second mailbox to capture the command output. The output is parsed by the Server to
determine the command result. Potentially large amounts of data are transferred as the
result of each command. To make the transfer of data as fast as possible, we take



advantage of BBN/Probe’s ability to call an external function (a user-written
subroutine) to move the data into shared memory buffers. The interface between
BBN/Probe and DAU Server requires no modification of BBN/Probe.

The Distributed Computing Environment (DCE) component is Cronus [3], which
accomplishes all network access and data translation services transparently to both
Client and Server. Cronus also handles a large portion of the Locator component in
that it automatically locates the DAU Server in the network. Cronus presents a
Remote 

Figure 4. A Data Access Unit Implementation. This diagram shows a sample
implementation of the DAU Architecture shown in Figure 3. The Data Analysis Tool in
this case is a failure analysis expert system written in Common Lisp and running on a
Sun SPARCstation-II. The DAU Client library is written in C, and uses the Cronus
distributed computing environment to communicate with the DAU Server. The Data
Access Agent is (DAA) BBN/Probe, a commercially available data analysis package.
The DAU Server uses VAX/VMS mailboxes to pass control and status information,
while data is transferred as quickly as possible using BBN/Probes’s external function
capability to write directly to shared memory.

Procedure Call (RPC) subroutine library interface to the Client and Server. Both
Client and Server are designed so that other DCE products could be used in place of
Cronus without requiring extensive modifications to either.

The DAU Client Library is is written in portable C, and can run on a variety of
hardware and software platforms. The interface to the DAU Client by FAES (written
in Allegro CL) is through Allegro’s foreign-function package. Data Analysis Tools
written in C and FORTRAN may call the DAU library routines directly.

CONCLUSION

The Data Access Unit (DAU) bridges the gap between data and analysis tools in a
distributed network of heterogeneous machines. Data analysts no longer have to worry



about data format or location to get their work done. Time-to-solution should
decrease, as the analyst does not have to wait for support staff to transfer and translate
the data. Managing the data also becomes easier, as only a single copy is necessary for
all users in the network. The DAU architecture is flexible enough to accommodate a
wide range of applications. Figure 5 illustrates a range of possibilities.

Figure 5. Distributed Data Clients And Servers. With the Data Access Unit (DAU),
machine and network boundaries disappear, as clients of the DAU get transparent
access to data anywhere in the network. The clean separation of data server from data
client allows a wide variety of client and server implementations. Data and the data-
processing capabilities provided by existing data analysis tools (such as BBN/Probe)
and data repositories (like a relational database) can be exported to new applications
by interfacing them to a DAU Server.



Notice that Figure 5 shows a second instance of data sets A through M being served
by a second DAU server. With redundant servers and data, users enjoy more reliable
and faster access, since if one server becomes inaccessible or overloaded the other can
take over. (The choice of which Server to use is handled transparently by the DAU
Client when the data set is initially opened.)

It is becoming more common for users to store their time-series data in commercial
relational database systems. These and other data repositories can export their data
and services across the network by being interfaced to a Data Access Unit Server.
Since any DAU Client can work with any DAU Server, each new Client or Server that
is developed only increases the value of all the data and analysis tools.
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ABSTRACT

An improved ionospheric delay correction model for a transionospheric
electromagnetic pulse (EMP) is used for estimating the total-electron-content (TEC)
profile of the path and accurate ranging of the EMP source. For a known pair of time
of arrival (TOA) measurements at two frequency channels, the ionospheric TEC
information is estimated using a simple numerical technique. This TEC information is
then used for computing ionospheric group delay and pulse broadening effect
correction to determine the free space range. The model prediction is compared with
the experimental test results. The study results show that the model predictions are in
good agreement with the test results.

1. INTRODUCTION

One of the important functions in using satellites is to provide accurate measurements
of the ionospheric total electron content (TEC) and also the range between the source
of the electromagnetic pulse (EMP) and the satellite. Figure 1 represents the
simplified block diagram for three channel sensor/receiver system on board the
satellite. The RF module for each channel consists of a bandpass filter and a amplifier.
The output of the RF section is down-converted using a local oscillator and passed to
the IF section where it is further amplified and filtered. The signal is then passed on to
the detection module which consists of a gaussian filter and a log-video amplifier
(LVA). The output of this detector is passed to the TOA processor for time-tagging
and TOA computation.

The EMP undergoes a group delay t  as they pass through the ionosphere according togd

the first order approximation given by

(1)



where k•134.45 and f = center frequency. An EMP signal is composed of many
frequency components and the highest frequency components are the first to arrive,
followed by successively lower-frequency components. Consequently, the signal
arriving at the satellite is a chirped waveform of microsecond or longer duration. The
TOA for the signal is not defined as the delay of the center frequency but the leading
edge of the dispersed signal is time-tagged for TOA measurement. One of the
important issues concerning the accurate measurement of the ‘true’ TOA, therefore, is
to account for the pulse broadening due to ionospheric dispersion. In the improved
TOA correction model [1], the ionospheric delay of the center frequency component
of the “frequency group” is first computed to account for the ionospheric group delay
and then the pulse broadening effect is compensated resulting the final value of TOA.

The main objective of this paper is to present the numerical technique for estimating
TEC and the range of EMP source using the improved TOA model which takes into
account not only the group delay of the pulse but also the pulse broadening effect due
to pulse dispersion. TOA is a nonlinear algebraic function of TEC for a given set of
frequency and the receiver hardware parameters. Given a pair of TOA’s measured at
the upper and lower frequency channels, an iterative numerical technique is used to
estimate the TEC from the time difference of arrival (TDOA) which is the difference
between the two TOA’s under consideration. This TEC value is then used for
computing the corrected TOA that represents the free-space range.

The TDOA model is presented in Section 2. Two simple numerical techniques are
described and their applications to computing TEC from the nonlinear algebraic
equation of TDOA as a function of TEC arc presented in Section 3. The validity of the
model is tested against the reported test results in Section 4.

2. TOA MODEL

For accurate free space range measurement, the ionospheric delay correction is
required for TOA of a transionospheric EMP. The ionospheric delay correction
involves the group delay and the pulse broadening effect due to ionospheric
dispersion. The group delay is well established [3,4]. The pulse broadening effect,
however, is not very well modeled nor documented as of today. The problem,
therefore, is to extract the information for the pulse broadening due to ionospheric
dispersion from the signal envelope of the receiver output shown in Figure 1. This can
be done using envelope detection approach with Gaussian curve fitting and estimating
the exponent parameters of the Gaussian envelope output [1].

The expression for the pulse broadening )t which represents the projection of the
time-tagging of 1/3 and 2/3 peak threshold of the leading edge of the Gaussian



waveform can be easily deduced from the F-width of the the Gaussian envelope
output. In the satellite receiver system, the peak value of the signal is first detected
and the instantaneous times of 1/3 and 2/3 threshold arc tagged respectively to result
the linearly extrapolated zero-crossing time, )t = 2t  –t  as illustrated in Figure 2.1/3 2/3

The more accurate approach to modeling the TOA, therefore, should include a
correction term that accounts for the pulse broadening effect. The total EMP
propagation time from the source to the satellite therefore should include the pulse
broadening effect in addition to free space delay and the ionospheric group delay as
given by Eq. (2).

(2)

where,

R  = the range from the source to the satellite in meters0

f = center frequency of the pulse in Ghz
c = speed of light in meters,/nsec
k = e /(4B e m)•134.452 2

0

TEC = total electron content in units of 10 eclectrons /m18  2

)t = pulse broadening projection in nano-second
b = one-half SAW filter half-power bandwidth in GHz

It should be noted, however, that the ‘measured’ TOA is not exactly that for the
nominal channel center frequency because the TOA measurement involves the 1/3 and
2/3 level crossing time-tagging of the leading edge of the disposed pulse.

In order to determine the ionospheric delay correction, the value of TEC is first
determined. Two techniques are commonly used to compute the ionospheric delay.
The first technique utilizes the broadcast ionospheric electron distribution profile,
which is derived from empirical data, to compute the ionospheric delay. This approach
is not very practical because the most common world TEC model [3] undergoes day to
day variation. The second technique commonly referred to as dual-frequency method
utilizes the time difference of pulse arrival (TDOA) obtained from the TOA
measurements at the high and low frequency channels.

The times of arrival of an EMP at the upper (TOA ) and lower (TOA ) frequency1    2

channels are,
(3)



where f , f  = center frequencies for upper and lower channels. The TDOA for the1  2

channel-pair is then given by,

(4)

Let

                       (5)

TDOA given by Eq. (5) consists of two terms, the linear term resulting from the
ionospheric group delay and the second term attributable to pulse broadening which is
a nonlinear function of TEC. Two numerical techniques for estimating TEC from this
TDOA model will be presented next.

3. NUMERICAL TECHNIQUES FOR ESTIMATING TEC AND RANGE

TDOA as given by Eq. (5) is a nonlinear algebraic function of TEC for a given set of
frequencies and receiver hardware parameters. After TDOA is obtained from a pair of
high and low channel TOA measurements, the value of TEC can be computed from
Eq. (5). Since Eq. (5) involves a term that is a nonlinear function of TEC, an iterative
numerical technique is used to solve for TEC instead of analytical approach. The
resulting TEC value is then used to correct the ionospheric effect which represents the
group delay as well as the pulse broadening. Once the ionospheric correction is
determined, the free space range can be computed by subtracting the correction from
the raw TOA measurement according to Eq. (3).

Two numerical iterative methods, Interval-Halving and Secant, were used in this study
to solve for TEC from Eq. (5). Both techniques are especially suited for single-valued
functions with one real root.

A. INTERVAL-HALVING METHOD

This is a useful technique because of the ease of programming and its generality for
finding a real root despite of its relatively slow convergence properties. The computer
time for an iteration could be lower than other numerical methods. The convergence
rate could be improved by careful selection of starting interval.

A nonlinear algebraic equation in variable x is represented by f(x) = 0. A real root of
the equation is the value of x for which the function f(x) crosses the horizontal axis.



The method of Interval-Halving applied to our present case is based upon finding an
interval within which the curve TDOA = f(TEC) crosses the horizontal line f(TEC) = C
and then repeatedly dividing by 2 the interval on which the intersection occurs. The
rate of convergence is determined directly from the way in which each new
approximation is made. After k iterations the interval within which the root is located
will be (½)  times the original interval. The k  approximation can have an error of nok      th

more than (½)  times the initial interval on TEC. This approach requires the initialk

TEC interval {TEC , TEC } such that the root lies within this interval, and therefore, a1  2

special attention must be directed to the optimum initial interval of TEC to result the
least number of iterations.

The high TEC(•3.0) case will be assumed as the worst case scenario for estimating
the initial interval. As discussed earlier, TDOA consists of two terms, a linear and a
nonlinear with respect to TEC. For high TEC scenarios, the expression )t given by
Eq. (2b) can be approximated by a linear function of TEC and TDOA can be
represented by two linear terms as given by Eq. (6), each with slopes of m  and m1  2

respectively.

(6)
where,

Figure 3 shows the plots of TDOA  (group delay), TDOA  (the correction term for1   2

pulse broadening effect), and TDOA which is the difference of TDOA  and TDOA .1  2

The plots show the geometric interpretation of estimating the starting interval of
iterations. For a known TDOA value equal to T  an estimate to the lower end of the3

interval can be made by using only the first term in Eq. (6), and this point is
represented by TEC , corresponding to the operating point Q '. As depicted in Figure1       1

3, the upper bound of the interval should be higher than TEC  that corresponds to the3

point Q . The value of TEC  can be computed analytically from Eq. (6) and the upper3     3

limit, TEC , then, should be set somewhat higher than TEC  for the iteration. The2         3

analysis shows that TEC  is about 5.5% higher than the value of TEC  for 149.103         1

MHZ and 138.95 MHZ channel pair, indicating TEC  could be set around 6% higher2

than TEC .1

B. SECANT METHOD

This method is based on approximating the curve in the vicinity of a root by a straight
line. Two starting values of x  and x  are chosen to start the iteration sequence. These1  2



starting values are chosen to lie close to the root if possible for faster convergence.
The method of selecting starting values for Interval-Halving could be applied for
Secant method as well. The superior convergence properties of Secant method
generally make it more attractive than Interval-Halving method.

4. RESULTS

Table 1(A) shows the mean values of TOA’s predicted from the laboratory bench test
[2] for TEC values of 0.1, 0.3, 1.0, and 3.0 10  electrons/m  for high (149.10 MHZ),18 2

medium (138.95 MHZ), and low (128.72 MHZ) channel frequencies. The channel
gaussian filter half-power bandwidth of 2 MHZ is assumed. In the bench test, the
dispersed signals from the Dispersive Signal Generator (DSG) are hardwired to the
receiver RF input terminal to simulate the dispersed EMP arriving at the satellite re-
ceiver under different ionospheric TEC conditions. The signals are time-tagged and
processed for TOA measurements.

A computer program for TDOA model has been set up for estimating TEC values. A
set of raw TOA measurements for a channel pair, High/Medium or High/Low, are
inputs to the program and the program outputs the estimated TEC. Table 1(B)-1(C)
tabulates the TEC values predicted by Interval-Halving and Secant methods
respectively and the number of iterations needed for the desired accuracy. The results
indicate that the model predictions closely approximate the TEC values used in the
laboratory bench test. Since the TOA’s presented in Table 1(A) represent the mean
values of the experimental measurements and the hardware parameters such as the
filter bandwidth and the threshold levels associated with the bench test might have
been different from the exact specifications, the model predictions are not expected to
be exactly equal to the bench test results. The number of iterations needed for each
case is around 10 for Interval-Halving method and 2 for Secant method. The computer
program is also set up to output free space range between the EMP source and the
satellite.

5. CONCLUSION

A new improved TOA correction model is used for predicting the TEC profile and the
range between the EMP source and the satellite. The Interval-Halving and Secant
methods were employed for the study because of its simplicity in programming and its
applicability to the type of function we are concerned. The validity of the TOA model
is tested by generating the TEC values using raw TOA measurements obtained under
different TEC environments. The theoretically predicted TEC values are compared
with the TEC values used in the laboratory bench tests. The study results show that
the model predictions arc in good agreement with the bench test results. A technique



for estimating the starting values for the iterations is discussed. The results show that
much faster convergence can be obtained using Secant method than Interval-Halving
technique.
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ABSTRACT

A new antenna design, which is particularly suited for balloon telemetry applications,
is presented. In the past, simple monopoles have been utilized as transmit antennas on
balloon payloads. The monopole radiation pattern has an inherent null along its axis.
This causes an undesirable loss of signal when the balloon is directly overhead. To
prevent this occurrence, a microstrip antenna patch was incorporated into the
monopole design. This combination, a “monopatch” antenna, provides sufficient
coverage even when the balloon is directly over the ground station. The monopatch
has been successfully flown on high altitude balloon flights.

INTRODUCTION

Monopole antennas are flown on high-altitude balloon flights to telemeter data from
the payload to a ground station. These monopoles are inexpensive and simple to
construct. They are fabricated by soldering a wire to extend the center conductor of an
N-type connector and are mounted to a ground plane, Figure 1. This low-cost solution
has performed well in most situations. However, the monopole antenna has deep nulls
in the vicinity of the z axis, Figure 2. The nulls near 2 = 0º are more than 40 dB deep.
Therefore, if the balloon ascends directly above the ground station, the transmit
antenna on the payload will not provide adequate coverage in the direction of the
ground station. This can cause the link to degrade significantly. In fact, this has
occurred under operational circumstances, the result is telemetry drop outs.

Under normal operating conditions the balloon does not ascend directly above the
ground station. It achieves float and begins to travel downrange. In this instance, only 



Figure 1. Metal Disk Monopole

Figure 2. Typical Monopole Pattern ( œœNN)



nominal coverage is required directly below the payload as it ascends. Maximum gain
is required toward the horizon when the balloon is at maximum range. Thus, except
for the overhead case, the monopole, which provides good coverage at the horizon,
has a very desirable pattern for this application. The objective of this effort was to
develop a low-cost antenna that produces a pattern similar to that of the monopole, but
also provides nominal coverage toward nadir.

MONOPATCH ANTENNA

OPERATION

The monopatch actually consists of two antennas, a driven monopole and a
parasitically excited microstrip patch, Figure 3. This unique combination maintains
the desirable characteristics of the monopole, while sufficiently filling the pattern null
at nadir. This is due to the fact that the predominant radiation from the microstrip
patch is in the direction along the axis of the monopole.

The amount of filling is dependent upon the level of excitation of the microstrip patch.
This is a function of the ratio of the diameter of the hole through the top of the patch
to the diameter of the monopole. To retain the desired characteristics of the monopole,
only a small portion of the power is delivered to the patch antenna; i.e., the primary
radiator is the monopole. The microstrip patch is excited approximately 13 dB down
from the monopole. Thus, only 5 percent of the input power is delivered to the patch.
The resultant pattern shape and polarization of the composite monopatch antenna is
primarily that of the monopole -- the “doughnut” pattern with vertical, or E ,2
polarization. However, in the vicinity of the axis of the monopole, radiation from the
microstrip antenna dominates. The polarization of the energy propogating downward
along the z axis is determined by the polarization radiated by the microstrip patch. In
fact, it can be controlled by modifying the microstrip patch design.

RADIATION PATTERNS AND VSWR

Radiation patterns for this antenna, tuned for operation between 2215 MHZ and 2297
MHZ, are shown in Figure 4. Principle plane patterns were measured at 2225 MHZ;
i.e., N is fixed as 2 varies. Figures 4a and 4b show the patterns in the N = 0º and N =
90º planes to linear, vertical or E , polarization. Figures 4c and 4d represent the same2

pattern cuts measured using a circularly polarized receive antenna. Thus, the first two,
Figures 4a and 4b, are the patterns that would be “seen” by a linearly polarized ground
station, while the second two, Figures 4c and 4d, are those that would be valid for a
circularly polarized ground station. Figure 4a, indicates that the microstrip patch fills
the null with a co-polarized field in the N = 0º plane.

C. L. Buchheit
Figures 4, 4a, 4b, 4c, and 4d were not in the published proceedings and were thus not available for the CD-ROM.



Figure 3. Monopatch Antenna



Figure 4b shows that in the N = 90º plane, the microstrip patch fills the null with a
field orthogonal to that of the monopole. This indicates that there is coverage, but it is
not of the same linear polarization. A circularly polarized ground station would be
able to receive data from the monopatch payload antenna regardless of orientation,
even when the balloon is directly overhead. Potential problems that might occur when
using a linearly polarized ground station, and how to overcome them, are discussed
under operational considerations below.

These results show that the deep null in the monopole patterns of Figure 2 has been
sufficiently “filled.” The nominal dip is now only 12 dB and the worst case is about 16
dB. This is an improvement of 24 dB over the standard monopole. The gain of the
standard monopole was 4 dB , while that of the monopatch was 3 dB .i         i

The radiation patterns presented here are for a linearly polarized microstrip patch.
Antenna versions that also produce circular polarization have been produced;
however, they are more difficult to fabricate and are not considered a viable solution
at this time. The VSWR over the 2.2 - 2.3 GHz band is shown in Figure 5. The center
frequency for the microstrip disk is set for midband, so that the monopatch antenna is
then tuned by simply trimming the monopole. The VSWR is better than 1.5 over the
100 MHZ bandwidth.

Figure 5. VSWR of the Monopatch



POWER HANDLING CAPABILITY

The monopatch antenna was tested to ensure its ability to operate at altitude with an
input power of 15 W. The input VSWR was monitored during testing in a vacuum
chamber. The pressure in the chamber was controlled to simulate a 45-minute balloon
ascent to an altitude of 125,000 ft. For the monopatch depicted in Figure 3, no
breakdown effects were noted during the course of the simulated flight. The tests were
run at ambient temperature, approximately 25ºC. The lower temperatures encountered
at altitude during the flight could increase the power-handling capability by as much
as 20 percent.

OPERATIONAL USE OF THE MONOPATCH ANTENNA

As indicated in Figure 4, the linearly-polarized monopatch antenna provides coverage
at nadir. However, if the balloon rotates about its axis, the polarization state of the
transmitted wave will be changing at the spin rate of the balloon. This is not a problem
if the ground station is circularly polarized. However, in the event that the ground
station is linearly polarized, it should have the capability to rotate the receive antenna
to maintain polarization match. For example, if an azimuth over elevation mount is
utilized, a linearly polarized receive antenna would have to be rotated at the balloon
spin rate to match the polarization transmitted by the balloon. For large spin rates this
is impractical and the best solution to this problem would be to use the version of the
monopatch antenna that employs a circularly-polarized microstrip patch to fill the
monopole null.

FABRICATION

The monopatch is simple to fabricate. It is constructed by inserting a monopole
antenna through a microstrip patch. The microstrip patch is etched in the center of a
piece of teflon-fiberglass dielectric printed circuit board. A rivet is used to provide an
electrical short at the center of microstrip disk. The monopole consists of an SMA
flange-mount connector with extended center conductor and dielectric. The monopole
is then soldered to the patch ground plane. The center conductor is gradually shortened
until the VSWR is minimized over the operating band. To eliminate RF breakdown, a
tip is soldered to the end of the monopole.



CONCLUSIONS

The monopatch antenna is a relatively simple, low-cost solution to the balloon
telemetry antenna problem. It retains the desirable characteristics of the monopole,
from which it is derived, while simultaneously providing nominal coverage at nadir,
so that the telemetry link can be maintained for ascents directly over the ground
station.
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ABSTRACT

The more sophisticated weapons systems become, the more information is required
for thorough system test and evaluation. With the increasing capability in
instrumentation technology, more data is being generated, and this in turn is stressing
the amount of telemetry bandwidth available. In the training community this is even
more serious because of the extremely large training areas and number of players
involved. Total data bandwidth required becomes an insurmountable problem.

When examining the telemetry data requirements for each application, we must
constantly remember that information transfer is the key, not necessarily the transfer
of large amounts of data. This problem can be solved by applying instrumentation
techniques that enable significant information transfer without requiring excessive
data bandwidth of the telemetry system.

The general approach to the solution of this problem has been applied to the U.S.
Government’s SDI Program. Here the total system is modeled in a computer, and a
complete test exercise can be simulated. Only significant information from the vehicle
under test is telemetered periodically to verify the simulation. Another approach has
been postulated by the U.S. Defense Advanced Research Projects Agency (DARPA)
in their SIMNET studies. Here an exercise is simulated both on the ground and in the
test vehicle, and information is transmitted from the test vehicle only when the actual
vehicle performance differs from the simulation. By using techniques of this type,
savings of a factor of 10 or more can be experienced in the required telemetry
bandwidth. This paper examines various techniques that can be used to minimize
required telemetry bandwidth.



THE PROBLEM

Information transfer in test and evaluation and training exercises is a growing
requirement because of the ever more complex platforms, weapons systems, and test
and training scenarios. Advancements in electronics and instrumentation system
technology enable us to acquire vast amounts of data very rapidly. Therefore those
conducting test and training exercises expect vast amounts of data from these
exercises. Severe problems then occur because of the total telemetry bandwidth
required to transfer these large amounts of data. Since the available radio frequency
spectrum is extremely limited, we must carefully select the data to be transmitted,
eliminating all redundant or meaningless data. What we actually require, however, is
not data but information. We must stand back and take a higher level view of the
purpose of the exercise we are trying to instrument. By data, we are referring to
“symbols,” usually binary symbols, or bits, which are sent down on the telemetry link.
By information, however, we mean that the redundancies have been removed, and
each bit represents a true bit in the information theory sense. This requires carefully
planning our tests from the top down, constantly questioning what information is
required, not what data can be made available.

Striving to minimize the required telemetry bandwidth, therefore, we must reduce our
system data requirements to represent true information. The training community has
continued to ask for more and more data as instrumentation capability improves, but
we must now reexamine our real data requirements to provide only information we
really require. Fortunately much work has been accomplished in this area of
bandwidth reduction both by DARPA (Defense Advanced Research Project Agency)
and the SDIO (Strategic Defense Initiative Organization). To illustrate, some real
examples are in order.

EXAMPLES

In the SDI Program the test and evaluation program is centered at the National Test
Facility in Colorado Springs, Colorado. This is a large computer installation where the
performance of various vehicles can be simulated. Let’s take a launch vehicle, for
example, where we want to verify its performance. We can simulate it and obtain only
actual test data to verify the simulation. If we know the state vector of the launch
vehicle, we can easily simulate or compute skin temperatures and pressures, using the
known aerodynamic characteristics of the vehicle. It is not necessary then to transmit
loads of temperature and pressure data if we have an accurate state vector of the
vehicle in flight. Most of the required data can be derived from the simulation, and
only key information needs to be transmitted from the test vehicle. Through 



simulation and verifying key parameters by actual flight test, the transmission of much
redundant data can be eliminated. This, of course, assumes a good model of the
vehicle.

TECHNIQUES

Another fallacy promulgated in our test and training community is the continuing
increased requirement for the decreasing allowable amount of data latency for a
measurement. It is recognized that we must know precisely when an event took place,
but forcing an increase in data sample rate to reduce data latency is not the solution.
With modern capability available, such as GPS, we can know time on the test vehicle
to 100 nanoseconds. Data samples can be easily time-tagged, enabling precise
exercise reconstruction at the data reduction facility. Only in the case of safety of
operation can the real requirement for minimum data latency be justified regardless of
the test or training scenario. By the full application of precision time tagging, the
required data sample rate of many of our test and training data requirements can be
greatly reduced.

In many instances we are interested in when an event happens, such as the firing of a
weapon. In the past we would have sampled trigger position continuously at a
relatively high rate to detect the precise time of trigger pull. By properly implementing
this measurement, we would send only trigger pull information the moment it
occurred or simply transmit a precise trigger pull time after the fact. Techniques such
as this can greatly reduce telemetry data bandwidth requirements.

One of the most useful methods used to reduce required telemetry bandwidth is the
application of dead reckoning models. It has been stated that “dead reckoning is used
to reduce the amount of network data traffic to a manageable level without the need
for high-cost, usually proprietary, transmission medium.”(1) This technique is
commonly used in DARPA SIMNET applications. A dead reckoning model of player
position is carried both in the player and at the ground control site. By using a precise
positioning source, such as GPS, the player can determine its exact state vector and
transmit it to the ground. If the player maintains course and speed, he easily updates
his position by the dead reckoning models both on the vehicle and on the ground,
making continuous transmission of position data unnecessary. Limits are established
on the vehicle dead reckoning model so that whenever the actual position of the
vehicle, as determined by GPS, differs from that computed by the model by more than
1 meter, for example, the model is corrected, and the new position data is also
transmitted to the ground. Position data is therefore transmitted from the vehicle only
when required, not continuously at an artificially high rate. For example, during low
activity such as level flight, position data might be transmitted at a low rate such as



one sample per second, but when the aircraft begins violent maneuvers, the sample
rate would increase to perhaps 30 times a second or more. Then when the aircraft
returns to level flight, the data sample rate would be reduced.

RESULTS

This concept has been studied using actual data taken from violently maneuvering
aircraft. Updating the position and orientation of remote vehicles at extremely high
sample rates to achieve remote vehicle position and orientation accuracies has been
proven unnecessary to achieve fully effective training and engineering applications.
An experiment was conducted using simulator flight test data derived from the F-16
Paris Air Show routine flown in the late 1970s. The maneuvers performed during this
flight routine can be described as approaching the extremes for human-controlled
flight performance. The flightpath was analyzed by a program that implements a first-
order dead reckoning algorithm and counts how many position updates would have
been “sent” over the 5-minute course of the air show routine. The results of this
experiment indicated that 1-meter position accuracy could be maintained with a
sample rate of only 2.5 samples per second during the entire routine. This of course
means that for normal test and training scenarios having lower dynamics, very low
sample rates are permissible, and these rates would have to be increased to only 2.5
samples per second or above in very rare circumstances.

This paper calls attention to our current tendency to increase the quantity of data and
the data sample rates requested simply because the instrumentation capability exists.
The real choke point, whether in test and evaluation or training, is that the available
telemetry bandwidth is always limited, and we increase the available bandwidth at
tremendous expense.

In the past we have simply tended to increase the number of data channels and sample
rates because of vehicle dynamics and data latency requirements without actually
examining the information required in our test and training operations.
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ABSTRACT

The ionosphere is a critical link in the earth’s environment for space-based navigation,
communications and surveillance systems. Signals sent down by the GPS satellites can
provide an excellent means of studying the complex physical and chemical processes that
take place there. GPS uses two frequencies to ascertain signal delays passing through the
ionosphere. These are measured as errors and used to correct position solutions. Since
this process is a means of measuring columns of Total Electron Content (TEC), multiple
top-soundings from the GPS constellation could provide significant detail of the
ionospheric pattern and possibly lead to enhancement of predictions for selectable areas
and sites. This paper addresses transforming the GPS propagation delays (errors) into
TEC and providing TEC contours on a PC-style workstation in real and integrated time
and discusses a worldwide ionospheric network monitoring system.

I.  GPS and the Ionosphere

The NAVSTAR Global Positioning System will become operational in 1993. A user
anywhere on earth will be able to obtain precise position, velocity and time by tracking
four high orbiting satellites. GPS operates on two primary frequencies: L - 1575.421

MHZ and L  - 1227.6 MHZ. At these frequencies the ionosphere can delay the arrival2

time of radio waves which pass through it by over 100 meters on a worst case basis, an
order of magnitude over GPS desired position accuracy. Single frequency GPS users rely
on an ionospheric model developed by John Klobucher of the AF Geophysics Lab, that
corrects only 50 - 70 percent of the ionospheric delay on a statistical sense. (Reference
1). In the absence of selective availability (SA), the ionosphere can be the largest source
of error in GPS position and navigation. By making measurements on two independently
spaced frequencies and combining them, almost all of the ionospheric effect can be
removed. It is for this reason that GPS satellites transmit signals on two carrier



frequencies. Fortunately, since differential time delay or range delay is developed from
this process, it becomes a convenient and accurate means to evaluate the ionospheric
total electron content since TEC is directly proportional to range delay. Benefits of
knowing the pattern of the TEC around the world is crucial to both military and
commercial users and is important to all communication, navigation and surveillance
systems that use radio waves. The Weather 2000 Study (Reference 2) conducted for the
Electronic System Division of the Air Force surveyed a broad set of mission areas across
the military services and identified major deficiencies in data (observations), processing
and dissemination. One of the major deficiencies as shown in Figure 1, was in the
knowledge of the Electron density of the ionosphere for Air Force Strategic defense and
other missions and support. This paper addresses transforming propagation delays
(errors) from the GPS dual frequency measurement into TEC and providing TEC
contours on a PC style workstation in real and integrated time and discusses a worldwide
ionospheric network monitoring system.

Figure 1. Weather 2000 Study Projected Deficiencies



C Scintillation
C Polarization Rotation
C Group Delay (Propagation Delay)
C Absorption
C Refraction
C Dispersion
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II Ionospheric Characteristics

The ionosphere is a dynamically changing medium which consists of several electrically
charged layers of very rarified air in the upper atmosphere (50 to 1000 km) whose
free-electron densities vary significantly from layer to layer. The Various layers in the
ionosphere designated D, E, F, act as reflectors or absorbers to radio waves at
frequencies below about 30 MHZ. As the frequency is increased, the reflective properties
of the E and F layers are reduced and the signal will propagate through. Ionospheric
effects tend to become less significant as the frequency of the wave increases and at
about 3 GHz the ionosphere is essentially transparent to communication. A sinusoidal
signal traversing through space has its carrier phase advance due to the ionosphere (phase
path increase). On the other hand, the code signal modulating the carrier is delayed due
to the ionosphere (group delay). The magnitude of the group delay is identical to the
magnitude of the phase advance, just the opposite sign. Both techniques or a combination
thereof can be used to measure the ionospheric TEC, with the group delay being more
accurate. Propagation effects caused by the ionosphere are illustrated in Table 1.

 Table 1. Ionospheric Propagation Effects

All elements of Table 1 are related to electron density and total electron content. The
true measure of the TEC of the ionosphere above the earth’s surface has been difficult to
accurately determine due to the variability of many factors such as time of day, season of
the year, viewing direction, geographic position, solar activity and the state of the earth’s
magnetic field. The utility of defining the TEC is that soundings of the ionosphere at
reference locations can establish the emperical value of the vertical electron content or
the TEC can be obtained as a physical measurement using dual frequency, Faraday
rotation or ionosonde signals. In the past two primary techniques have been used;
Faraday rotation and differential Doppler (Reference 3). The Faraday rotation technique
uses VHF signals from geostationary communication and weather satellites. This
technique will be difficult to apply in the future because of the new generation of
geostationary satellites which use higher frequencies and are not suitable for ionospheric
monitoring. The differential Doppler technique uses the Navy Transit Satellite to



C Data Available Worldwide
C Highly Accurate Time Delay Measurement Between Dual

Frequencies
C Precise Site Locations
C Data is Repeatable
C Data Available in Any Weather Condition and at Any Time
C Current Space Based Systems Used to Measure the

Ionosphere will be Phased Out
C Provides for Calibration of the Ionosphere for Single

Frequency GPS Users

measure change in TEC during a satellite pass. This technique cannot be used in the
future since GPS will be replacing Transit. GPS will thus become the only space based
technique to measure the ionosphere. Advantages of using the GPS dual frequency
method to measure TEC are illustrated in Table 2.

Table 2. Advantages of Using Dual Frequency to Measure TEC

III. Pseudorange Error and Algorithm Development

A generic GPS receiver is illustrated in Figure 2. The two frequencies received at a user
receiver are L  and L . The L  carrier signal is modulated by either the encrypted Y-code1  2   1

and coarse acquisition C/A-code or the Y-code and precise P-code. The L carrier2

frequency is modulated by the P-code. The code tracking loop extracts pseudorange and
the carrier tracking loop extracts pseudorange rate. Pseudorange in true range between a
satellite and user corrupted by errors due to multipath, receiver noise, ionospheric group
delay and user clock bias. Taking differences of pseudorange on L and L  for the Y or P1  2

code can provide an accurate measure of TEC as illustrated by the following.

The effect of the earth’s atmosphere produces both a curvature in the propagation path
and a decrease in propagation velocity along the path as well, so that line-of-sight range
measurements are significantly greater than the true geometric range between emitter and
transmitter. Thus, total range error caused by the ionosphere is )R = )R  + )R .C  V

where,

)R = total range error
)R  = range error caused by bendingC

)R  = range error caused by velocity decreaseV



 Figure 2. Generic GPS Receiver

The bending error is an order of magnitude smaller than the error caused by the velocity
decreases and is considered negligible. The ionospheric range error due to velocity
decreases is related to total number of electrons along a slant path from user to satellite
by

(1-1)

where,

f is the frequency in Hertz.
N(S) = density function along the ray path in electrons/m3

The Is N(S) ds is defined as (TEC) - the total electron content along the slant path ins

electrons/m . What is desired is the vertical total electron content. This is defined by2

(TEC)  C Q = (TEC) (1-2)V    S

where,
Q = Obliquity factor (correction from slant to vertical column which is a function
of satellite elevation angle which can vary from 1 to 3 as the satellite moves from
Zenith to the horizon

thus,

(1-3)



but,
(1-4)

(1-5)

thus,

(1-6)

Jack Klobucher (Reference 4) has shown that the overall dual frequency ionospheric time
delay correction is within 2 meters rms for residual error after correction. It should be
noted that to maintain this level of accuracy it is important to have a GPS antenna that
provides low multipath and that satellite and receiver differential delays have been
accounted for through calibration.

IV.   Worldwide Ionospheric Network

Using the GPS dual frequency technique, total electron content at selectable areas and
sites can be defined as a function of time. The algorithm developed above can be
implemented on a PC workstation to provide TEC contours and predict hour to hour
trends at specific geographic locations as provided by GPS. An implementation of this is
shown in Figure 3.

Information from the GPS receiver would be sent across an RS-232 type link to the PC
workstation. This information would consist of the selected satellite, pseudorange
measurements to the satellite for L  and , satellite elevation and position and system1  2

time. The data would be processed in the PC and using the algorithm described above
provide TEC contours in real and integrated time. As an extension of the above, a
worldwide ionospheric network monitoring system can be implemented as illustrated in
Figure 4. A system of three geosynchronous ionosat satellites with a complement of 5
ground stations 

is proposed. A ground station in CONUS and four distributed stations to provide
worldwide coverage. Realtime TEC data over an RS-232 link from the PC workstation
would be transmitted at UHF or SHF through the ionosat transponder to the ionosat
central processing station in CONUS. This would allow for worldwide, realtime
ionospheric data monitoring. In addition, data from the central station could be
distributed to other users within CONUS such as NOAA, NASA, Department of



Figure 3. Implementation for TEC Data

 Figure 4. Worldwide Ionospheric Monitoring

Commerce, etc. over a terrestrial communication network (TCN). This data would be of
immense value to navigation, communication, surveillance and surveying communities.

V. Conclusions

1. A system is proposed combining GPS and a PC workstation that can provide TEC
contours in real and integrated time for selectable areas and sites benefiting both



the military and commercial areas for navigation, communication, surveillance and
surveying.

2. In the near future, GPS will be the only space based system that will be able to
determine electron density of the ionosphere.

3 In order to get accurate differential pseudorange, careful consideration must be
given to satellite and receiver differential delays and multipath.

4. A worldwide ionospheric network monitoring system is proposed consisting of
three geosynchronous ionosat satellites and 5 ground stations. Realtime data from
a central station would be distributed to a number of users via a terrestrial
communication network.

5. A worldwide ionospheric monitoring network would aid single frequency GPS
users to improve their accuracy by removing a large part of the ionospheric error.
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ABSTRACT

Research and development testing of rotating machinery has always been limited in the
number of measurements because slip ring assemblies have a limited number of conductors
available for signals to pass from rotating to non rotating sections. Such testing has been
impeded because relatively long wires are needed to pass low level analog signals.
Because of the line resistance and capacitance and their susceptibility to stray fields, much
effort is dedicated to the investigation of line loss and protection from EMI. The solution
in recent years is to use current drivers or to digitize these signals as close to the
transducers as possible or to employ painstaking procedures for correction of data in
software.

At NASA’s Ames Research Center, recent research requirements have approached the
limit of practical slip ring assemblies. Line lengths needed for wind tunnel tests can be 300
feet. The solution provides for an increase of channels by an order of magnitude, improved
data quality, elimination of all efforts to correct data for line loss, a simple and quick
installation, real time monitoring with extensive graphics capability and a manageable
method for data storage. The system is called the Rotor Mounted Data Acquisition System
(RMDAS) and has been acquired through a U.S. Government contract with Aydin Vector
Division in Newtown, Pennsylvania.

This is a high density, high speed, signal conditioning and multiplexing system which
mounts on the rotating hub of full scale rotorcraft and transmits PCM, NRZ-L bit streams
to a fixed end data system. The system is 512 channel capable at 20 KSPS/channel when
configured for maximum channel capacity. The channel sampling capability for a single
channel or for a group of channels is 177 KSPS. The individual channel sample rate can be
changed by reprogramming the number of channels per segment. Various other
configurations exist but always with an aggregate rate of 17 Mbps, including overhead 



words, per serial bit stream. This system utilizes 12-bit digitizers to provide high accuracy
over the operating temperature range.

OVERVIEW

The RMDAS consists of three subsystems shown in figure 1:

1. The Rotor Mounted Subsystem (RMS 800).
2. The Telemetry Monitoring Subsystem (TMS 3000), and
3. The Aydin Telemetry Subsystem (ATS 2000).

RMS 800

The RMS 800 consists of 9 circular circuit boards. There is one board dedicated to
overhead functions and could be considered a motherboard in conventional systems. There
are eight boards that are 64 channel signal conditioner, amplifier/filter and digitizer boards.
The 64 channel boards, hereafter referred to as “platters”, are identical and can be used
independently. This means that a test with less than 64 channels would only require one
platter and the overhead board. The boards are 24 inches in diameter and stack on top of
each other. The outer housing is incremental and exists as pieces or slices which are
integral parts of each platter. There is a top and bottom cover plate and each board and
cover is separated by an “O” ring seal so that the entire assembly mounts via a ten inch
diameter bolt pattern to the hub or hub adapter of the rotorcraft test stand. The electrical
connections to the TMS 3000 are via a single circular multipin connector at the center and
bottom of the overhead board. A cable then attaches to this connector and runs through the
shaft of the hub to the slip ring assembly. Transducer I/O connections are made via “D”
type connectors at the circumference of each platter, screwed to the outer housing. To
prevent warping, stretching and therefore cracking of each board they are divided into
three pieces and secured to an aluminum frame. The RMS 800 with all 9 boards weighs 95
pounds. It is designed to withstand a frontal aerodynamic load of 262 Pounds per Square
Foot (PSF). It rotates at speeds up to 550 RPM and can withstand start/stop acceleration
levels of 3g’s and shock acceleration levels to 20g’s. Figure 2 is an exploded view of the
entire assembly.

TMS 3000

The TMS 3000 subsystem is a rack mounted decommutation system which is placed as
close to the test stand as possible to a maximum of 200 feet. In our case it is below the
floor of the wind tunnel test section. It is used for setup of individual signal conditioning
parameters such as shunt resistance calibration and amplifier gain selection. It is also used
for monitoring signal voltages. It consists of a buffer box which receives 8 PCM streams 
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from the RMS 800 (one per platter) and transmits these to the ATS 2000 and one at a time
to an Aydin Monitor 3440 PCM Format Synchronizer. The 3440 performs frame and
subframe (ID) synchronization on a serial PCM telemetry data stream and outputs
decommutated parallel data to a PC/XT/AT host computer. There is a selectable single
channel analog output available for monitoring. The TMS 3000 is equipped with a digital
volt meter and oscilloscope for troubleshooting. Accompanied with this equipment are the
transducer excitation, CMOS and TTL power supplies. The TMS 3000 transmits and
receives commands to and from the other two subsystems via an RS 422 interface.

ATS 2000

This subsystem is the data gathering processor and operation workstation. The three main
sublevels of this system are a Motorola RISC based workstation, a 10 Gigabyte disk farm
for intermediate storage of data and a high speed parallel bus which distributes the data
and handles communication between peripherals. The subsystem is operated with a local
X-Windows terminal. It is used for setup of individual signal conditioner parameters,
overall system operation parameters such as the data acquisition rates, data point initiation
and storage and communications commands. The workstation/X-Windows terminal can be
used to display real time graphics and post run data reduction but will not be used in that
capacity by Ames in this application. The primary use in this application is to initiate data
points and to send data transfer commands. Other workstations will be added to the bus in
the future for real time monitoring and a DEC 5500 is used for post run reduction. The
subsystem communicates to the DEC machine via an Ethernet interface.

RMS 800 Signal Conditioner/Digitizers

The 64 Channel digitizer boards or platters are complete signal conditioning, amplifier and
digitizers/multiplexers in the conventional sense. Hybrid technology has allowed these
functions to be achieved with very little real estate. The platters are partitioned into 8
slices each containing circuitry for 8 channels or groups (See figure 3). Each group
interfaces with the transducers via a “D” type connector at the edge of the platter, secured
to the outer housing. Four excitation levels are available and selected with jumpers on the
platter. Transducers can be 1/4, ½, or full bridges since bridge completion jumpers also
exist on the platter. Low level transducer signals are routed to hybridized, high-impedance
instrumentation amplifier/filters. Low pass cutoff frequencies are selected with the use of
plug-in, Single-in-line Packages (SIPs). Bridge balance is achieved through measurement
of parasitic offsets through software control, and subtracting these error sources from the
data signal of interest. An RS 422 command initiates sensing of the hybrid output and adds
or subtracts voltage at the input until the output level reaches zero volts. Shunt resistance
calibration is available and initiated and terminated via the RS 422 control interface. Shunt
resistance values are selectable as plug-in resistors. It is important to maintain the platters’ 





center of gravity within a known tolerance, so unused channel groups must contain shunt
resistors and single in-line packages as ballast. Usually if the entire 64 channels are not
used, the user will equally space the used and unused channels around the board.

Each of the eight segments has its own sample and hold amplifier and a 12 bit A to D
converter. Eight digitizers are used in each platter. The output of these digitizers are
multiplexed at the rate of 177 KWPS under command of the platter overhead (See
figure 4).

System overhead is designed to accept 2048 constant pulses per revolution. 1024 or 2048
pulses per revolution is selected based on EEPROM programming information. If no
pulses are detected, the system will fall back to 200 RPM default using 1024 or 2048
sample per revolution (pulses per revolution) according to preprogrammed information.

In order to verify correct mode of operation, a discrete signal is transmitted to TMS3000
indicating optical or electrical operation (external or internal). A buffered continuous 17
MHZ clock is distributed among all 8 platters overhead (See figure 5). This clock will
ensure synchronous operation among all platters.

The second part of the overhead provides three separate functions. Programming function,
programmable format and calibration control circuitry, and buffered burst synchronous
PCM data with clock (See figure 6).

Programming section receives programming information from the setup and checkout
subsystem (TMS3000) or the control room subsystem (ATS 2000) over the RS232/422
lines. This section contains the microprocessor and the firmware residing in the EEPROM.
Set up information is loaded into EEPROM in each conditioning platter’s overhead. This
information includes each individual channels offset and gain.

Format and calibration control circuit contains calibration and format select information for
each platter.

Burst synchronous PCM data and clock provide driving capability to drive 200 feet of
cable at a burst rate of 17 MHZ for each output pair (data and clock). A total of sixteen
independent circuits (8 data and 8 clocks) are provided for simultaneous monitoring
capability for future system upgrade and expansion.









Telemetry Monitoring System (TMS-3000)

The TMS-3000 accepts up to 8 serial bit streams from the RMS 800 and retransmits to the
ATS 2000. It also serves as a workstation for technicians and engineers. It could serve as a
real time alarm station if all real time parameters are on one platter. Remember it
decommutates only one bit stream at a time for display on the PC. All DC power to the
RMS 800 originates from this subsystem.

Ames Research Center may from time to time use the PC as a real time monitoring tool but
we have difficulties with our present building architecture. Ames full scale wind tunnels
are constructed such that struts protrude from the tunnel test section floor to support the
aircraft. These struts extend through the floor to a scale system which measures the various
aerodynamic forces on the model. Below the floor in addition to the scales there exists
various model utilities such as cooling air, high pressure air, hydraulics, fuel etc. The TMS
3000 will be mounted just below the tunnel floor in this area called the balance house. This
is not a comfortable place to work much less a safe place when tests are in progress.
Personnel are not allowed in this area during test runs for safety considerations. We are
looking into remoting the PC to facilitate real-time monitoring, but this is still under
consideration. This is an ideal monitoring location during test set-up and troubleshooting
procedures. It is close to the model where another technician would be stationed during
end to end checks. Typically technicians would excite transducers by various means such
as hanging weights from helicopter blades to check strain gages or applying pressures to
pressure transducers. Meanwhile another technician or engineer would operate the PC to
gather the data. A serial port is available for a printer so hand recording data is not
necessary. During runs the instrumentation technician would like to look at his data as it
comes in. The ATS 2000 is not a possibility since the data points are tying this machine
up. If the TMS 3000 PC is being used for real time safety monitoring then the technician
cannot interrupt this either. We, then, would like to reserve this station for troubleshooting
and test set-up. This ideally will be the technicians personal tool, off limits to researchers
and programmers except under certain conditions.

Future Expansion

During the initial phase, the workstation is limited to allow for monitoring only one stream
at any given time. However, system capability exists to allow the ATS-2000 to monitor all
of the eight data stream simultaneously when the system is upgraded to include additional
frame sync modules. These upgrades are currently being considered.



ATS 2000

The ATS2000 is configured to meet the current specifications while maintaining sufficient
growth capabilities to support future upgrades of the Control Room Subsystem. The
ATS2000 is based on Aydin’s highly successful Series 2000 Telemetry Preprocessing
System (to be described in further detail in later paragraphs). Systems may be configured
in minimum configurations to meet initial requirements and may be expanded in the field
by adding additional functional modules. The Control and Display Subsystem has the
capability of accepting the data from up to 8 platters (8 streams); the configuration of the
subsystem will support requirements beyond those outlined in the initial statement of work
by expanding the ATS2000 system with additional functional modules and data archiving
and storage capabilities.

The main features of this system are:

a. A separate IRIG PCM data stream has been allocated to each data group from the
rotating subsystem.

b. The 8 NRZ-L PCM data streams will be input to an 8 to 1 data stream multiplexer/
selector, which is expandable to support requirements in excess of those listed in the
original procurement.

c. The output of the multiplexer along with a bit rate clock is applied to the ATS2000
decommutator (FSC011 module). Additional data streams, (up to eight at the full
PCM rate of 17 MBPS) may be supported by adding FSC011 modules).

d. Data is archived to the disk farm in real-time.

e. Dynamic pre-defined group format changes will be accomplished by software running
on the ATS2000 workstation.

f. The Disk Farm is capable of storing the data for at least 50 test points.

g. Data will be transferred from the Disk Farm to the VAX through an Ethernet interface
in a post-test mode.

h. The System as supplied, offers a throughput rate capability of 6 MWPS. This offers
better operational margins for current requirements and greater expansion capability
for the future.

I. The maximum data archive storage capability provided will be 10.3 Gigabyte Byte.



Control and Display System Characteristics.  The control and display subsystem consists
of an ATS2000 Telemetry System, a Motorola MPC-100 RISC-based workstation with a
color X-Windows Terminal, and a Storage Concepts disk farm.

The ATS2000 can accommodate up to 32 PCM input streams. The ATS2000 is controlled
by a RISC-based VME workstation running UNIX system V. The ATS2000 hosts Aydin’s
standards-based ATS setup control and display software which utilizes commercially
available databases, development environments and graphic display packages.

A Storage Concepts 51 disk farm has been selected for a number of reasons; it is capable
of archiving data in real time, and so removes the requirement for any intermediate storage
media. There are many other benefits to this approach; the system will be available for
immediate use following any test point without the users having to download data. The
standard ATS2000 hardware will not need modifying as the system is upgraded (except for
adding an additional frame sync card). The data will be stored in real time, and it will
never be subject to loss through operator error or power failure after it has been collected.
The system architecture including the Setup/Checkout Subsystem and the Control Room
subsystem is presented in Figure 7.

The Control Room Subsystem is based on the ATS2000 Aydin Telemetry System. PCM
data streams generated by the acquisition system (RMS800) are transferred to a data
stream multiplexer/selector function. The system is capable of selecting 1 of eight inputs to
be delivered to the ATS2000 PCM Format Synchronizer (FSC011). Additional capability
to select any 4 groups from the 8 input subgroups may easily be added to the Group
Multiplexer Module. All four streams may be processed in the ATS2000 simply by adding
more FSC011 Format Synchronizer modules.

Expansion slots are allocated in the initial configuration to accommodate additional
FSC011 modules. Due to the unique, expandable architecture of the Aydin Series 2000
Telemetry Preprocessor, the ATS2000 system may be expanded simply by adding modules
to the basic system. Backplane interconnects and I/O in the ATS2000 is accomplished by
the use of transition modules which require no additional wiring be added to the system.
Expansion is simply a matter of selecting a card slot in the chassis (all are identical),
installing the functional module from the front of the rack by sliding it into the card cage,
and installing the I/O transition module by sliding it into the card cage on the rear of the
system.





Other Series 2000 modules are included in the ATS2000 system to provide the capability
to ingest IRIG time (TCT003), interface and the Run and Point signals (SSM002), perform
the real time EUP’s and FFT’s (DSP001), interface to the Storage Concepts 51 Disk Farm
(ICM002), and interface to the Motorola MPC-100 RISC-Based Workstation (CPI006),
(IOC006).

A Motorola MPC-100 RISC-based Workstation is utilized as the system master
controller/filer server. This provides user-transparent control of the Series 2000
preprocessor through Aydin’s ATS software. The ATS software is composed of the UNIX
operating system, 3rd party layered software packages (i.e. Dataviews, SOL relational
database), and Aydin developed software.
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A BIOTELEMETRY UNIT FOR MONITORING
NOCTURNAL BRUXISM

S.S. Hirsh

ABSTRACT

This paper describes a biotelemetric application whereby information of tooth contact
pressure from within the mouth of a human subject is transmitted to a bedside receiver
where it is processed and used in the biofeedback treatment of nocturnal bruxism
(grinding of the teeth). Bruxing information is encoded on a pulse width modulated
313 MHZ carrier. Issues that are addressed include miniaturization of the transmitter,
minimization of power requirements, stabilization of carrier frequency, receiver
selection, and the various problems associated with getting a radio frequency signal
out of the mouth. Key words: Bruxism, biotelemetry, oral telemetry, biofeedback,
pulse width modulation.

INTRODUCTION

Bruxism is the nonfunctional clenching or grinding of the teeth. Bruxism has been
shown to cause or to contribute to occlusal tooth wear, increased tooth mobility, tooth
loss, muscle pain and spasm, headaches and temporomandibular joint (TMJ)
dysfunction [1]. Nocturnal bruxism is particularly serious and is difficult to treat since
the sufferer is asleep and unaware of grinding behavior. This paper describes a
radiotelemetry unit for use in a bruxism treatment apparatus. Bite pressure is encoded
and telemetered out of the mouth to a bedside receiver unit. The bedside unit records
bite pressure information and can turn on an alarm as part of a biofeedback treatment.
Similar biofeedback approaches that have used electromyographic (EMG) monitoring
of the masseter muscle instead of telemetry have proven successful in a clinical
setting [2]. The advantage to the telemetric approach is the absence of wires attached
to the patient.

The use of telemetry for transmitting biological data is well known (see [3],[4],[5] and
the references therein) but most of these applications have addressed radio tagging or
implanted biotelemetry units which generally have a quarter wave transmitting
antenna and are not required to transmit continuously. Implanted units are generally
surrounded by a stable environment. The application discussed in this paper has
severe restrictions imposed on the transmitter with respect to size, power, and



operation since it must be placed in the mouth. Because the tongue is a sensitive
tactile organ, the transmitter must be smooth and compact. The tongue also affects
transmitter performance because changes in its position and orientation cause shifts in
the carrier frequency.

 TRANSMITTER DESIGN

For this application a pressure transducer and radio transmitter are imbedded into a
removable acrylic splint (night guard) which is worn by the patient during the night.
Since a bruxing episode may be as short as 2 seconds, pressure information must be
continually transmitted. The design requirements for the transmitter are the following,
several of which are mutually conflicting:

1. must be small and nest into palate of a maxillary (upper) splint without
compromising user comfort;

2. must work continuously for ten hours on a single rechargeable button cell;

3. must continuously encode bruxing information onto radio frequency carrier
wave;

4. carrier wave must have sufficient signal strength to reliably transmit to a
receiver located 1.5 meters away,

5. the carrier wave must have sufficient stability for reliable receiver lock.

In order to meet comfort requirements, the transmitter, including battery, must be
small. Our first step in carrying out the transmitter design was to determine an
acceptable power source. Although primary cells can provide a greater power density,
the cell must be encapsulated into the splint and this does not allow for easy
replacement. Accordingly, rechargeable cells were considered from a number of
vendors. In the final analysis, the type ML1220 rechargeable lithium dioxide cell from
Sanyo was chosen because of the higher voltage (3 volts) and higher energy density it
provided. These cells measure 1.2 cm in diameter and 2 mm in thickness and have a
rated capacity of 12 mA-hr. Although the lithium dioxide cell has a higher energy
density, this type of cell cannot be deep cycled. This limits the usable storage for
repeated charging/discharging to about 6 milliampere-hours with a life expectancy of
about 200 cycles. For a ten hour discharge, the average current drain must be limited
to 600 microamperes. To provide a margin of safety for a short charging time and long
discharging time, our design was based on a 400 µA average. The recharging method
was via two exposed terminals. An LED was added in series with one of these



terminals to prevent external discharge. Also, since the acrylic splint is clear, the
presence of an LED in the circuit allows the display of charging condition.

THE BRUXISM SENSOR/TRANSDUCER

The transducer used to detect bruxing force is a force sensing resistor manufactured by
Interlink Electronics, Inc. of Santa Barbara, California and portrayed in Figure 1. This
sensor is less than .15 millimeters thick and is positioned on top of the splint surface
and then covered with a thin layer of acrylic monomer. The acrylic encapsulation
serves to distribute tooth contact force to the sensor while at the same time protecting
the sensor from damage.

Figure 1 - The Bruxism Sensor

By electrically shorting the outside terminals of the bruxism sensor, both halves of the
sensor are paralleled. The resistance between the center terminal and the shorted
terminals is observed to decrease with increasing pressure. With no pressure, the
resistance is greater than 1 MS. As pressure increases, the resistance of the sensor
decreases to a minimum of about 1 KS. The relationship is not linear and when the
sensor is encapsulated in an acrylic splint, the loading of the acrylic generally brings
the baseline resistance down to about 20 - 30 KS. Hard to moderate clenches of the
teeth will result in resistances in the range of 1.5 - 5 KS. The low resistance of the
bruxism sensor led to some difficulty in encoding bruxing information into a telemetry
signal since we had stringent limitations on power, requiring the use of high
impedance circuits. We addressed this by using the modulator shown in Figure 2.

 THE MODULATOR

The modulator is not only responsible for encoding the data but also performs the
function of energy management and keying the transmitter. All of these functions are
accomplished using a single package CMOS dual comparator. One comparator is used
to generate a stable timebase of 10 Hz with a 50% duty cycle as observed at test point



TP1. Using high valued resistors and a relatively small capacitor keeps the physical
size of the components small. Additionally, the high-ohmic value resistors also help
minimize quiescent current. Unlike a conventional square-wave oscillator using a
comparator, this circuit uses a 

Figure 2 - Transmitter Assembly

minimum of hysteresis of approximately 4% of V . This means that the peak-to-peakDD

amplitude across the integrating capacitor is only about 4% Of V . In doing this, twoDD

problems are solved. First, the waveform across the integrating capacitor is less
concave and is more like the desired triangular linear charge/discharge ramp. Second,
this small scale is used to measure the relatively low impedance of the pressure
transducer as mentioned above.

The second comparator measures the small ratiometric change in a resistor-divider
network due to the bruxism transducer, and changes state each time the voltage across
the integrating capacitor swings through this point. This allows a linear change in duty
cycle to be made without affecting the basic frequency. The output phase which is
used to key the transmitter can be selected simply by swapping the inputs to the
second comparator. By selecting a low duty-cycle during non-bruxing and a higher
duty-cycle for bruxing events, minimal energy consumption is achieved.

THE TRANSMITTER

The choice of carrier frequency was made based upon considerations of interference
from other sources and efficiency in getting a signal out of the mouth without
exceeding our energy budget. Antenna limitations severely impact radiation efficiency
since in the mouth there is very little space for a conventional antenna. Although at
very high frequencies, strip or slot antennas can be used, tissue absorption increases
with frequency and therefore such antennas are out of the question. Furthermore, the



moist conductive tissue in the mouth functions somewhat like a Faraday cage. The
various carrier frequency options that we considered were 49.86 MHZ, 183 MHZ and
313 MHZ. The 49.86 MHZ design had the advantage of being crystal controlled but
because of antenna limitations, was too inefficient in transmission. The 183 MHZ
design put us in the middle of VHF channel 8, a 6 MHZ band which is unallocated in
the El Paso area (where this design work was done) and in the Pittsburgh area (where
clinical trials on the bruxism treatment device were to take place). Although the 183
MHZ transmitter’s radiated power was much higher than for the 49.86 MHZ design,
our LC tank oscillator exhibited too much frequency drift for a narrow band receiver.
This led us to a 313 MHZ design which had the advantage of higher antenna
efficiency with a acceptable tissue absorption loss.

In order to achieve good efficiency, a single transistor oscillator/transmitter was
designed. A single transistor design has the advantage that it minimizes the energy
lost in transistor biasing but has the limitation that the oscillator cannot be isolated
from the load presented by the antenna (commercially available surface mount
inductors are too thick and thus chokes were not used in the transmitter). In the oral
application under consideration, movements of the tongue in the vicinity of the
oscillator cause a shift in frequency due to changes in load capacitance [5]. By layout
geometry, proper biasing and feedback, this shift was limited to approximately 3 MHZ
at a carrier frequency of 313 MHZ.

The transmitter oscillator (Figure 2) is a common-base LC oscillator with emitter
feedback provided by C . The base is biased to a DC potential using R  and C 2           6

together with R  through the emitter-base junction. The power supply is bypassed by10

C  to have a low AC impedance. The frequency is determined by the LC network in5

the collector but is not isolated from either the feedback capacitance or from the
internal capacitance of the transistor’s reverse biased base-collector junction.
Consequently, changes in bias voltage due to load or fluctuations in power supply
voltage also change the frequency.

The transmitted signal is directly radiated by the tank inductor with no requirement for
an additional antenna. The PC board was fabricated using copper coated kapton and is
very thin with all electronic components surface mounted. By fabricating the inductor
on the PC board the entire module is held to less than 2 mm in thickness. By
component selection, the carrier frequency was deliberately set to be in the range of
290 MHZ to 305 MHZ. The frequency was then “fine tuned” by introducing a piece of
insulated copper on top of the inductor and shifting its position until the desired carrier
frequency was obtained. In doing this, the copper functioned as a paramagnetic slug
which reduced the inductance and thus increased frequency.



Figure 3 - Fabrication Details of the Telemetry Transmitter

THE RECEIVER

The receiver is a superregenerative direct-conversion unit with a bandwidth of about
6 MHZ. Employing this wide band receiver sidesteps problems with drift in the
transmitter carrier frequency without requiring crystal control on the transmitter [6].
This receiver is shown in Figure 4.

The heart of the receiver is the oscillator tank formed by C  in parallel with a tunable12

inductor. As Q  oscillates, its bias and loading is sensed through R  and amplified by2         4

the detector circuit using a dual op amp. This signal is then amplified by U1A and the
resulting signal is squared up by the peak mean detector comprised of D  and U1B to1

yield a binary output. C  serves to hold the mean and provides the time constant for9

the detector. Because of RF quenching, this circuit has noise for output when no signal
is received or when signal is being received after the time constant. This is due to the
fact that after the time constant, a new mean is established and only a shift from this
mean can be detected. This is why the circuit is excellent for picking up pulsed
carriers but is not suitable for continuous wave. As long as transitions occur within the
time constant of the detector, the logical transitions at the output will be clean and free
of noise. A more detailed discussion of superregenerative receivers may be found in
references [6] and [7].



Figure 4 - The Receiver

Through tuning of the single adjustable coil, the receiver can be adjusted from about
280 MHZ to as high as 330 MHZ. The design is simple but a price is paid for this
simplicity. Since the receivers are actually oscillators, they radiate RF energy around
the receiving frequency. This means that if two or more units are operated in tandem,
they must either be tuned to frequencies at least ten MHZ apart or they must be
physically separated by about 5 meters. Otherwise they will interfere with each other.

USE OF TELEMETRY IN BIOFEEDBACK

The telemetry transmitter/receiver described in this paper is but one part of an overall
treatment apparatus currently in use in a pilot study at the University of Pittsburgh
School of Dental Medicine. In the test set-up, dental patients are fitted with a dental
splint into which a transmitter, battery and bruxism sensor is encapsulated. The
telemetry receiver unit is attached to the headboard of the patient’s bed at home. A
three conductor cable connects the receiver to a data processing/logging module which
is located remotely. The three wires connecting the two units represent power, ground
and digital pulse width information. The data processing/logging module is built
around an IBM XT compatible motherboard with real time clock and 720K floppy
disk drive for program and data storage. The disk drive is internal and is not accessible
to the patient. When the module is turned on, it automatically downloads a program
that governs operation. The module monitors the signal line from the receiver and
filters it for noise. The resulting signal is then converted to a decimal level that is 



proportional to force as derived from duty cycle. The levels range from 00 (no force)
to 99 (high force).

The data processing/logging unit is programmed once by the dentist at the time that
the patient is fitted with a splint. The only variable that needs to be programmed is the
force threshold corresponding to a bruxing event. This must be programmed by the
dentist for each individual because the way that the sensor is built into the splint
affects the amount of force that the sensor detects. In addition, all patients are different
and their biting habits and forces will vary.

For each minute during the night, the receiver unit will record the maximum pressure
from the bruxism sensor that occurred during that minute. At any time that a biting
pressure in excess of the predetermined threshold is sensed, the alarm is set off. The
alarm consists of a blinking yellow strobe light in combination with a shrieking audio
piezoalarm. This combination of audio/visual stimulus is designed to be obnoxious
since the purpose of the alarm is to awaken the patient as soon as possible.
Preliminary studies with patients at the University of Pittsburgh suggest that the splint
with transmitter will be well tolerated and the entire apparatus will be user friendly
and enjoys good patient acceptance and compliance. The pilot study on efficacy in
treating bruxism is still in progress.

CONCLUSION

This paper described a telemetry unit for use in studies on the biofeedback treatment
of nocturnal bruxism. The apparatus developed is designed not only for a clinical and
diagnostic setting but as a first step toward a commercially available treatment device
designed for home use. Transmitting and receiving a signal from inside the mouth
presented a number of challenges. The telemetry unit that was designed is small and
low power and accurately encodes and transmits information on bruxing force to a
receiver located 1.5 meters away for more than ten hours on a single battery charge.
The transmitter design is easily assembled and exhibits consistent performance from
unit to unit. The receiver is wideband and can tolerate up to 6 MHZ of drift in the
carrier (solving the carrier drift problem at the transmitter due to tongue movement).
Signal conditioning is performed on the received signal by a computer controlled unit
so that filtering can be implemented and false triggering avoided. The telemetry unit
described in this paper is not limited to the monitoring of bruxism but could be easily
modified to log data on any measurable variable within the mouth such as pH and
temperature.
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Abstract

In a PCM/FM+FM/FM system, the PCM data is added to the subcarriers at
baseband and the composite signal is modulated onto the carrier. When the subcarrier
messages are demodulated, part of the PCM signal’s spectrum falls within the
bandwidth of the subcarrier bandpass filters. This causes interference with the
subcarrier messages, particularly those of the lower subcarrier frequencies. When
designing a PCM/FM+FM/FM system, one is concerned with the placement of the
subcarrier frequencies and the interference suffered by the subcarriers due to the PCM
signal. This paper develops a relationship between the lowest frequency subcarrier,
PCM bit rate and the resulting interference. The design procedure allows a bit rate or
lowest frequency subcarrier to be selected for a specified interference ratio. The
expression of the ratio is a complex integral which is reduced to a simple equation
involving the system parameters.

Introduction

The PCM/FM+FM/FM system involves a bit stream of nonreturn to zero format
(Figure 1). The system sums an input bit stream with n modulated subcarriers, then 



FM modulates the sum onto the carrier. After carrier demodulation on the receiver
end, the PCM/FM+FM/FM signal’s power spectrum is similar to the one in Figure 2.

Figure 1. PCM Bit Stream, NRZ-L Format

Figure 2. Power Spectral Density after Carrier Demodulation

The n subcarrier messages are filtered by n bandpass filters, where the nth filter
is set to pass the nth modulated subcarrier prior to demodulation. The dashed lines in
Figure 2 show that the bandpass filters also pass a portion of the bit stream’s power
spectrum. The presence of the bit stream’s power will affect the subcarrier message,
particularly the lowest frequency subcarrier, but the designer of the PCM/FM+FM/FM
system may choose a bit rate and subcarrier placement that lessens the interference.

Design  Procedure

This design procedure assumes a random distribution in the bit stream. Also, the
lowest frequency subcarrier message is the most affected. This procedure will adjust
the interference of this message. The other subcarrier messages’ interference will be
as good as or better than the design interference, assuming the subcarrier bandpass
filters are IRIG constant bandwidth.



The bit stream will interfere with the lowest subcarrier message because a
portion of the PCM spectrum falls in the bandwidth of the message’s bandpass filter.
The interference power in watts is

(1)

f --peak deviation of bit stream by carrierd

T --period of bit streamb

Sinc (fT )--power spectral density of the PCM2
b

signal before filtering
H (f)--frequency response of bit stream’spm

premodulation filter
H (f)--frequency response of nth bandpass filterbp

f -f --bandwidth of first bandpass filter2 1

(f <f <f )1 sc1 2

Note that this expression of the power is the integration of the power spectral
density of the bit stream, after it is filtered, modulated and demodulated, over the
bandwidth of the nth subcarrier bandpass filter. It is multiplied by 2 to capture both
sides of the spectral density.

The power of the message on the lowest frequency subcarrier is

(2)

where f  is the peak deviation of the message by the lowest frequency subcarrier. Theds1

ratio of these powers is the interference power to carrier power ratio which will affect
the demodulation of the subcarrier. This ratio, in dB, is

(3)

The design procedure uses this ratio expressed as a sum of terms that are now
developed. Recalling that T  = 1 / R  and grouping the peak deviations together givesb    b



(4)

(5)

Design Approximation
The second term of Equation 5 is of interest. If the placement of f  correspondssc1

with a part of the spectrum of the bit stream that does not vary greatly with frequency
and if the bandwidth of the subcarrier bandpass filter is narrow compared to the PCM
bit rate, the integration of f Sinc (fT ) over the bandwidth of the filter will bed b

2

approximately equal to f Sinc (fT ) evaluated at f=f  and multiplied by the filter’sd b    sc1
2

bandwidth (See Figure 3).

(6)

Figure 3. Approximation of Integration over Filter Bandwidth BW bp

This approximation of the integration over the message signal’s bandpass filter
bandwidth (f -f ) is valid for f  and its bandwidth chosen anywhere outside ± 6% of2 1     sc1

the zero crossing of the bit stream. It has been determined by numerical integration of
(6) that this result is within 1 dB of the actual value if the filter bandwidth is outside of
the region marked in Figure 4.



Figure 4. Region over which approximation is not valid (f =Rb)z1

The same approach simplifies the integration of the premodulation filter (H (f)) andpm

the subcarrier bandpass filter (H (f)). The once complicated second term of (5) is nowbp

(6)

Then the interference power ratio can be expressed as

(7)

The design procedure is to use Equation 7 to determine the interference power ratio
for a given bit rate. If R is too large, the bit rate may be reduced. If R is not significant,
the bit rate may be increased as desired.

Design Example

Consider the following specifications for a PCM/FM+FM/FM system.

A = 1 volt
f  = .41 Rd   b

f  = 17.065x10ds1
3

f  = 56kHzsc1



The premodulation filter is a six-pole Bessel filter with T =2B(0.7)R . The lowesto b

frequency subcarrier’s bandpass filter will be considered ideal (*H (f)*=1) with abp

fixed bandwidth of ± 2kHz centered on f . It is desired to have an interference powersc1

ratio of -35 dB. The rate of the bit stream is the variable in the design. Choosing R  =b

40kHz puts the lowest frequency subcarrier in the first sidelobe of the bit stream
power spectrum (see Figure 5a), and 56kHz is outside the ±6% of the bit stream zero
crossing at 40kHz. Then the approximation is valid, and the interference power ratio
(Equation 7) is

This bit rate is too high to meet the desired R. Lowering the bit rate to 35kHz keeps
the subcarrier in the first sidelobe and the approximation is still valid (see Figure 5b).
The ratio is now

which is better than the required R of -35 dB. Figure 5 is a sketch of the power
spectrum of the bit stream with the premodulation filter taken into account. It shows
the placement of the subcarrier relative to the zero crossings of the spectrum with the
two bit rates in effect.

Conclusions

The relationships between the bit rate, subcarrier frequencies, and interference
power ratio were developed. A complex integral necessary to calculate the
interference of the bit stream with respect to a subcarrier channel was simplified by an
approximation. This approximation and the developed relationships were used to
develop a simplified design process that allows the PCM/FM+FM/FM system to be
designed with the interference below a specified level.



Figure 5. Comparison of the effect of different bit rates
on the interference power ratio.
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ABSTRACT:

This paper describes a multiplexer-demultiplexer for high speed digital recorders.

The multiplexer-demultiplexer enables a single-channel recorder (for example,
MIL-STD-2179 recorders) to be used with up to eight asynchronous data
channels, each channel being analog or digital.

Time correlation between the different channels is preserved.
The multiplexer and the demultiplexer are modular products and can be used
under different environments (ships, aircraft, laboratory, ...).

I - Objectives of the multiplexer-demultiplexer

The equipment presented in this paper is an interface for high speed digital
recorders.

It enables the record/reproduce function for several asynchronous data channels
(analog or digital) on a digital recorder with a single channel. It also performs
several functions which are necessary for data storage and acquisition like
recorders control, IRIG time code translation, data buffer, computer interface,
etc...

II - Technical description

The equipment consists of two products : a multiplexer or, - recording interface
and a demultiplexer, - or reproduce interface.



The multiplexer can be used under severe environments (aircraft, ships, ...) or in
the laboratory.

Each product is modular. They are based on a high speed bus on which a various
number of input/output modules for different channel types are connected. Other
modules for time code translation, computer interface, data buffer etc ... may be
inserted or not depending on the users requirements.

II.1 Multiplexer

The multiplexer converts each input signal into a digital format and multiplexes all
the input data into a single frame which is sent to the recorder.

It consists of :

- a various number of input modules (up to eight)
- a multiplexer module

All these modules are connected to the same high speed bus. Analog input
modules digitize the input signal. Digital input modules convert the input data
which may be ECL, TTL, serial parallel, etc... into the same internal format.

The multiplexer module takes the data from each input module and generates a
fixed length frame. This frame consists of a synchronization word, a header, and
for each input channel, a header and the data block. When the aggregate rate is
lower than the recording rate, filler is inserted at the end of the frame.

The headers contain all the information necessary for demultiplexing. The header
of each data block contains the size of the data block. This size depends on the
rate of the channels.

II.2 Demultiplexer

The demultiplexer demultiplexes the different channels and reconstructs the users
data with the format and the rate they had when recorded.

It consists of :

- a demultiplexer module
- a various number of output modules (up to eight)



- optional modules for :
- recorder control
- time code translation
- data buffer
- computer interface

The demultiplexer module is connected to the recorder. It performs frame
synchronization and sends each data block to the corresponding output module.
In each output module data are converted to their original format (analog, digital,
serial, parallel, ...) and the channel’s rate is computed. Data are supplied at a
continuous rate. To compute the output rate the output module uses the size of
data block in the successive frames and the number of data words stored in it’s
internal memory.

II.3 Computer interface

When reproducing, the data can also be sent to a computer through a DMA link to
any other high speed link. In this case the demultiplexer includes a computer
interface module. This module is connected on the high speed bus. It receives the
data from the demultiplexer module and sends them to the computer.

II.4 Recorder’s control

The demultiplexer has the capability to control one or several recorders. When the
demultiplexer is used with a recorder, the user does not have to control these two
equipments separately. For each function to perform (reproduce, speed selection,
time searching, etc ... ) the demultiplexer sends the appropriate commands to the
recorder. For example for time searching, the demultiplexer performs the time
code translation and controls the recorder until the required time is found. In this
case a time code translator is inserted in the demultiplexer. IRIG time is recorded
on the linear auxiliary track of the recorder.

II.5 Data buffer

A buffer module may be inserted in the interface. It enables record and reproduce
of data which is slower than the minimum recorder’s rate (when data are sent to a
computer for example).

For recording, the buffer module is inserted between the multiplexer module and
the recorder. For reproduce, the buffer module is inserted between the recorder
and the demultiplexer module. The interface sends the start or stop commands to
the recorder depending on the amount of data in the buffer.



II.6 Physical description

The groundstation demultiplexer and the multiplexer are each constructed in a
single box which can be rackmounted. Its height is 7 U or 3U depending upon the
required module count, and its width 19". Set up may be done with through high
level menus, on a keyboard and a screen connected to the demultiplexer, or
through a serial line or IEEE interface.

The on-board multiplexer is a single ruggedized 1-ATR box. Set up is done
through a serial line and the configuration is stored in non-volatile memory.
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Abstract

In this paper we describe the flight software for the SETS (Shuttle Electrodynamic
Tethered System) experiment. The SETS experiment will fly as part of the TSS-1
(Tethered Satellite System) experiment on STS-46 currently scheduled for July 1992.

The software consists of two major components: the SETSOS (SETS Operating
System) and the SETS Application. The SETSOS is a UNIX-like operating system
developed especially for realtime data acquisition, instrument control and command
processing. The SETSOS, like all operating systems, provides resource management
for application programs. It is UNIX-like in that access to resources is provided
through a standard set of UNIX system calls. The SETSOS also implements the
standard UNIX I/O model and a hierarchical file system. In addition to providing
access to physical devices, the SETSOS provides support for two virtual devices: a
packet-based data device and a command device. The packet-based data device is
used by applications to place data into the telemetry stream. The command device is
used to manage commands from the command uplink as well as other sources
including other applications and other processors.

The SETS Application is the primary program which runs under the SETSOS to
handle data acquisition, instrument control and command processing. It executes as 5
separate processes, each performing a special task. The tasks include housekeeping
data acquisition, limit checking, timeline management, and command processing. The
processes communicate via shared memory. Time critical processing is coordinated by
using signals and interrupts.

In addition to a description of the software, we will discuss the relative merits and
tradeoffs of using such a system design for command processing and data acquisition.



1  Introduction

Computer hardware and software for space flight experiments, satellites and other
similar systems have traditionally remained as simple as possible in order to maintain
a high degree of reliability and fault tolerance. The primary problem with this
approach is that much effort goes into the design and development of a single use
system. Some tools are developed that can be used in the development of multiple
systems, however, for the most part, as each new system is constructed for the special
needs of its mission, new effort must be expended and resources used to properly test
and verify the system.

With the availability of space qualified microprocessors and other space qualified
hardware such as coprocessors comes the ability to use more complex and flexible
software that can be easily used for many systems. A key component of this software
is the operating system. A flexible and robust operating system can provide a platform
for the development of software for a large variety of mission objectives.

Traditional systems have not included what most would call an operating system.
Of course there is software to provide resource management, however, this software
takes the form of low-level library routines and such. Operating systems have not been
used primarily due to their complexity and the overhead introduced by them. In
addition, there has been no great need for the functions provided by an operating
system. More recently, as the cost of software has out paced the cost of hardware, it is
more efficient to use an operating system in order to reduce the recurring cost of
development. In addition, the resources and flexibility provided by an operating
system can greatly add to the ability to debug and test software and therefore make the
software design cycle shorter and more efficient and the final system more reliable.

A key reason to use an operating system is the ability to have a constant platform
on which to develop mission software as well as test software and diagnostic software.
A key point in deciding on which operating system to use is its ability to operate on
multiple platforms and the availability of development tools that can be used with it.
The primary reason for this is simply cost. It is much more expensive to do
development on flight hardware than on less expensive off-the-shelf systems. This
also allows for parallel development effort.

We chose to develop a UNIX-like operating system for three basic reasons. The
first is that we like it and in particular, features such as signals, character-based I/O
and a hierarchical filesystem. The second reason is compatibility. There are many
UNIX systems around that can be used as platforms to test and debug software. The
third reason is familiarity. Most of the programmers on the project and most at
Stanford know UNIX quite well since it is the primary operating system used on
workstations and other research computers on campus. Knowledge of UNIX would
alleviate the time and effort to train personnel to code for a new operating system.

Of course, there are some inherent drawbacks to UNIX, primarily its lack of



realtime support, its size, and its availability for an 80186 processor, the target
processor for our computer. Given these reasons, we decided to write our own version
of UNIX. Our version of UNIX was written, not to be totally compatible with AT&T
UNIX or BSD, but to be system call and library call compatible. In addition, our
UNIX is small enough to fit in 64k and uses 20k of RAM for data and stack space. No
previously written source code was used and was not necessary since only the
functionality of UNIX was desired, not its specific implementation.

2  SETSOS

It is accurate to state that the SETSOS is a UNIX-like operating system. From an
applications viewpoint, the following aspects of the SETSOS are very similar to that
of UNIX:

C I/O model.

C Hierarchical filesystem.

C Signal facilities.

C Process control

From an operating system viewpoint, the functionality provided is implemented in
different ways given the constraints under which the the OS was developed. The
following constraints are the primary factors which guided the design and
implementation of the SETSOS:

1. 64k bytes eprom for the kernel. 64k bytes eprom for mission specific data
including application code.

2. Kernel must execute from eprom and require <64k bytes for data.

3. Realtime response to hardware interrupts at the process level.

4. Support for interprocess communication.

5. Support for multiple processors.

The target platform for the SETSOS is an 80186-based computer. Because of the
lack of supervisor mode and memory management, many protections customarily
provided by OS are not provided. This could be easily remedied in a future version for



a more advanced processor. In addition, due to the lack of suitable secondary storage
and adequate hardware support, no virtual memory facilities have been implemented.

As was stated in the introduction, a primary reason for developing a UNIX-like
operating system is the desire to carry out flight software development on other
hardware platforms and then perform final testing and tuning on the flight hardware.
In addition, many people know UNIX and and therefore can develop code without
having to learn a new operating system. With this in mind, it was evident that the
SETSOS must, from an application programmers viewpoint, behave exactly like
UNIX and offer the same functionality. This functionality was achieved by writing the
core of the OS with the implementation of a suite of UNIX system calls as an end
goal.

In addition to programming functionality, the user interface to the SETSOS is
fairly important. A simple shell program similar to the Bourne and C-shells is
available for users. The shell provides a command line interface and supports I/O
redirection and job control. The shell also supports scripts, however, it does not
support many other features common to shells found on most UNIX systems due to a
lack of memory.

Given the availability of a large body of information on UNIX, we continue the
discussion of the SETSOS by pointing out its differences from UNIX and in particular
those features which make it suitable for data acquisition and control in a realtime
environment.

2.1  Process scheduling

Process scheduling is first priority-based and then round robin and it is preemptive. In
addition, the scheduler is not fair to lower priority processes, i.e., a process with a high
priority will starve a process with lower priority. Processes with equal priority get
equal access to the CPU. The scheduling interval is 32ms. This is rather short,
however, the process switching overhead is small and we have found that this interval
works fairly well given our normal process load.

In contrast to our scheduler, most embedded realtime systems use task oriented
schedulers that may be preemptive. We use a preemptive scheduler for several reasons
but primarily because it is like the UNIX process model. This process model better
suits our application architecture than does a task oriented model. In particular, task
creation and destruction overhead is far greater than the overhead for context
switching and process suspension. Also, the UNIX process model makes it easier to
add more processes or tasks to the system and still be assured adequate performance
of time critical tasks since additional processes/tasks are automatically relegated to
background processing. A UNIX-like process model is essential for a multiuser
system and support of application development. And finally, long-lived processes are 



This name is historical and is based on the name given to a section of the SETS1

telemetry page called the burstmode section.

convenient mechanism for storing state information during the lifetime of an
application.

2.2  Realtime signal delivery

In the SETSOS we differentiate between software signals and hardware signals.
Software signals are treated in a manner similar to conventional UNIX, i.e., a signal
stack is maintained for a process and when the process is ready to execute, pending
signals are serviced. Hardware signals are handled in a more immediate fashion. If a
process receives a hardware signal interrupt, the currently running process will be
suspended and the signal handler for the process that received the signal will be
invoked. Higher priority signals, however, will preempt this process and the
appropriate signal handler will be invoked. Upon completion of the interrupt
handler(s), the suspended process will be restarted.

This method of dealing with interrupts is similar to the way a conventional
embedded system may do so. The overhead incurred to deliver hardware interrupts to
a process is relatively small. A small vector table is maintained for each hardware
signal. A kernel signal handler first gets the signal and then routes it to upto two
processes that have registered handlers for the signal. The overhead incurred is
essentially that necessary to perform a context switch. It is up to the programmer to
ensure that the signal handler is short in order not to starve out waiting processes. The
handler is executed with interrupts enabled and it may be preempted by a higher
priority interrupt, however, the handler will not be preempted by the process
scheduler.

2.3  Special devices

Two special devices have been created for the SETSOS. The first is used to support
command processing, interprocess and interprocessor communication and is called the
command device. The second device is used to support telemetry acquisition and
processing in a multiprocess environment and is called the burstmode  device.1

In our system with two cpus, there are three command devices per cpu, one for
each cpu (/dev/cmda, /dev/cmdb) and one that is for the home cpu
(/dev/cmd) (see figure 1). For each cpu, there is a single command queue that is
accessible via these devices. The cpu specific devices are write-only while the generic
cpu device is both readable and writable. The data to be written to the devices is
structured so that standard input and standard output cannot be redirected to the
command device. The data read and written to the command device consists of 4



 Figure 1: Command device

header bytes and a zero terminated string with a maximum length of 64 bytes. The
device queues are stored in shared memory and access is arbitrated via semaphores in
the shared memory.

If no process has opened the command device for reading, the kernel checks it once
during each pass through the scheduler. If a command is present, the kernel attempts
to execute it with the standard input and output set to the kernel’s default input and
output devices. If a process has opened the command device for reading, it is
responsible for processing any commands that are written to the device. As is implied
by its name, the command device is used for command processing and in particular it
is the mechanism used to direct commands from the ground and from other processes
to a master command process.

The burstmode device is accessed as /dev/bm. The burstmode devices on each
cpu are separate and not shared by cpus. The device is only readable by a single
process but is writable by many processes. There is only a single burstmode device
file, however, there are upto 8 virtual burstmode devices that are writable. When a
process opens the device for writing, it is assigned to one of the virtual devices and
assigned a default id. The process may then set the id via an ioctl call. The burstmode
device accepts a character stream as input therefore allowing the device to be used as
standard output for a process.

Reading the burstmode device is rather different. When a process reads from the
device, the read returns a structure (packet) of the desired read size. The packet
contains the id of the burstmode write, the sequence number and data. Each read from
the burstmode device returns a packet from one of the burstmode write devices.
Packets are tagged with a sequence number in order to reconstruct a burstmode input
stream at the output. The sequence number is added by the device driver. Multiple
processes may write to the same burstmode device in which case the data from these
processes is interleaved.

Both the command and burstmode device are unique in that they allow multiple
writers and a single reader. The devices act as “funnels” for data and commands and
we have found them to be extremely useful for our application. These devices are the



primary means of information exchange between processes for the SETS application.

2.4  EPROM/EEPROM/RAM filesystems

The memory that is not used by the kernel for code and data space is structured into a
hierarchical filesystem, figure 2. RAM on the cpu board is accessed both through the
filesystem (/local) and directly by processes for code, data and stack space. Half
the EPROM, that not used to store the kernel, and the EEPROM bank are structured as

Figure 2: Filesystem structure

a read-only filesystems named /sprom and /eeprom. The dynamic and static RAM
banks are configured as read-write filesystems, /ram0 and /ram1, respectively.

The EPROM filesystem and the files in it are created and built on the development
system and burned into EPROM along with the kernel. Although the EEPROM is a
read-only filesystem, the filesystem can be modified, e.g., files added and removed,
with a special application program. The filesystem is read-only in order to prevent
erroneous modification of the filesystem and also since a special device driver would
be required to write to EEPROM because of its physical characteristics. The local
RAM filesystem is created at kernel boot time while the other RAM filesystems are
user created and configured with the mkfs program.

The memory in the system is configured as filesystems in order to make the
management of these resources very easy from a users viewpoint. Given the memory
management structure of the 80186, much of this memory cannot be conveniently
mapped for use as code, data or stack space and therefore using it as a filesystem is
the easiest way to manage this resource. Given that writing and reading from solid
state memory is quite fast, RAM files can be used to buffer data for a process and
accessed with little overhead. In addition, since the data is accessed through the
filesystem device drivers, the memory mapping problem is handled by the operating
system and not the application. Use of files also allows us to store data and exchange 



data conveniently between multiple applications and processes and multiple
processors.

2.5  Runtime libraries

In order to reduce application program storage requirements, runtime libraries are
used by all programs. The runtime libraries are stored with the kernel in EPROM and
are used by the kernel too. The primary difficulty this causes is that whenever the
kernel is recompiled and relocated, the address of the procedures in the runtime library
change and therefore the programs must be relinked to the libraries and then reloaded
into the system.

2.6  Procedural system calls

In contrast to most operating systems, procedure calls are accessed procedurally and
not through traps. This is done primarily for speed since a trap has much more
additional overhead than a procedure call. Also since the 80186 does not have
supervisor mode, it is not necessary to suspend the process in order to change from
user mode to supervisor mode before starting the system call. In our kernel, the mode
of the system is controlled by a kernel variable which is set before the work in a
system call is begun. When this mode variable is set, process switching is disabled so
that system calls may run to completion without the process being suspended.
Hardware signal interrupts may, however, interrupt a system call. Most parts of a
system call are interruptible without a problem and in critical sections interrupts are
disabled. Access to slow devices is handled with special process wait states.

2.7  Shared memory support

Shared memory between processes is supported by the availability of a “shared
memory” fork system call. This fork is similar to the standard fork except that the
process data area is shared by the child and parent process. Since there is no memory
management in the 80186 system, processes may also share memory if the address of
that memory is known. The shared memory fork, however, will also work in an
environment with memory management.

2.8  Multiprocessor support

Support for multiple processors is very basic and is limited to device arbitration and
interprocessor communication via the command device. Each cpu is identified by a
hostid identifier that is stored in EPROM or may be assigned at runtime. In our system
with two cpus, the EPROMS for both cpus are exactly the same except for the hostid.



Command in boot scripts which are used to configure the cpus at powerup may
contain an hostid prefix in order to direct that command to one or all cpus. This allows
cpus to share boot files and still be be brought up into different configurations.

3  SETS Application

The SETS application is written to make maximum use of the facilities provided by
the SETSOS. The SETS application is a single program which creates upto five
subprocesses. After creating the subprocesses, the parent process waits for their death
or conversely, when it is killed, all the subprocesses die too. The subprocesses
perform the following tasks:

1. Command processing and timeline management.

2. Housekeeping data collection.

3. Limit checking.

4. Time management.

5. Data archiving

During nominal operation, the last process, data archiving, is not created since there is
no room for data archival during the mission. Instead the process is used as a
debugging tool to verify proper functioning of the other processes independent of the
communications channel and therefore also to help verify proper operation of the
communications channel.

When the SETS application is started, the main process sets its standard output to a
burstmode device with an id of 10, therefore all standard output from the process and
its children is automatically placed into the telemetry. This output includes all error
messages. The limit checking process, after it is created, sets the id of its standard
output burstmode device to 11 therefore allowing the ground to easily distinguish out-
of-limits fault messages from other messages. Similarly, status information for the
limit table, logical table, etc. is output to a burstmode device with different ids
therefore making this information easy to extract from the flow of other messages.

In flight configuration, a SETS application is run on each of the two cpus, one as
master and one as a slave. See figures 3, 4, and 5 for an illustration of how the
different processes interact with each other and the SETSOS.



Figure 3: Command processing

Figure 4: Telemetry Processing

Figure 5: Burstmode Processing



3.1  Command Processing

The first process is responsible for reading commands from the virtual command
device and executing them. In addition, it also checks commands in the internal
timeline and executes them when they are ready. Commands which may take long
time to execute, for example, a command to transmit a data file, are executed by a
separate process that is created when such a command is received. This strategy
allows the processing of new commands to continue as the other command is
processed in the background at a lower priority.

Both the slave and master SETS applications receive all ground commands. A
command prefix may be specified which directs the command to a particular cpu or
both cpus. By default, commands are only executed by the master application. The
cpus are addressed by their host ids.

Sequences of commands may be stored in EPROM, EEPROM or RAM files. Once
a sequence is initiated, the command process checks the command device before
executing each sequence command so that an external command will be processed
immediately. Sequences are processed similar to shell scripts and likewise may be
given arguments which can be accessed by commands in the sequence.

An command timeline is implemented to allow the queuing of commands at
specific times. The following operations are allowed on the timeline: adding new
entries, delete entries, hold entries, hold the timeline, clear the timeline, and restart the
timeline. Entries can be added to the timeline by delta time, GMT or MET. The
timeline is very useful for implementing command loops. For example, a sequence
can be written that places itself in the timeline at its completion to be rerun.

Commands not specific to the SETS application are assumed to be programs and
are executed as such. Their standard output is inherited from the command process so
that their output is put into the telemetry through the burstmode device. By using the
SETSOS shell program, the input and output of an application program may be
changed to different file or other device.

3.2  Housekeeping Data

A separate process is used to sample housekeeping data at a rate of once per second.
Because the sampling process is synchronized to the transmission of telemetry, the
housekeeping process is signaled by the telemetry signal interrupt handler to collect
data. After receiving a signal from the telemetry interrupt handler (see figure 4), the
housekeeping process samples the housekeeping data and then reads a packet from the
burstmode device, if data is available, into the telemetry buffer. The housekeeping
process also ensures that if the telemetry acquisition signal is lost, the burstmode
device is emptied to prevent the blocking of processes.



3.3  Limit Checking

Limit checking is implemented by a separate process. A limit table contains pointers
to telemetry data, low limits, high limits and commands to execute upon an out-of-
limits conditions. Commands are available to modify the limits, the action command
and which limits should be checked. The limit process wakes up once a second
processes the entries in the limit table. On an out-of-limits condition, a the
corresponding command is written to the local command device and a fault message is
placed in the telemetry through the burstmode device. The limit checker is used as a
watchdog for both software and hardware.

3.4  Time management

Management of time related variables is handled by a process that wakes up once a
second and modifies time variables in the shared telemetry buffer. The time
management process has a low priority so that it does not interfere during periods of
heavy commanding. If the GMT signal is lost during the mission, the time
management process begins incrementing the GMT based on the clock maintained by
the operating system.

3.5  Highrate Science

Highrate science, data sampled at 10Mhz, well above the telemetry downlink
bandwidth, must be buffered and then transmitted slowly. This is done by first storing
the data in RAM files and then starting a process to write the contents of the file to a
burstmode device. This process operates at a low priority therefore not interfering
with other operations, but allowing the data to transmit down at a reasonable rate. In
operation, the process gets enough cpu time to keep the burstmode buffers full and
therefore no telemetry bandwidth is wasted.

3.6  Telemetry processing

Telemetry and other state information is stored in a buffer that is accessible to all
processes. Once a second, the telemetry buffer is read into a transmission buffer by the
telemetry interrupt handler and then sent to the ground via a highspeed I/O channel.
This setup allows all processes to access current telemetry, e.g., the limit and time
management processes, and for these processes to easily modify telemetry items as
well.



4  Discussion

Once the operating system was debugged and well tested, we had great confidence
that any observed errors were due to application software and not a result of system
level problems. In addition, hardware problems would be first detected and reported
by the operating system.

We found the SETSOS and the capabilities it provided very useful for debugging
and verification of the flight software. It was very convenient to be able to quickly
write small programs to verify an external interface, for example, or to use extra print
statements in the flight code to automatically get diagnostics into the telemetry.
During testing of the SETS application, it was simple to make and test modifications
since new code could be loaded into an EEPROM file and then executed.

We feel that the use of a preemptive scheduler based on priority is much simpler to
use for programmers. In any realtime system, care must be given to the amount of
time a process (task) takes and the programmer must be sure that task collisions do not
occur. A certain amount of planning must be used to organize the timing of processes
and interrupt handlers. In general, hardware interrupts have highest priority and then
process priorities are ordered according to function. The programmer must ensure that
a high priority process does not take all the cpu time, however, there are cases where it
is more important for a process to continue then to be preempted by another process.
There are situations where this process model does not allow certain operations to
occur at the desired time when collisions arise between high priority processes. Such
situations are best avoided, however, the process model performs adequately in such
situations and gives cpu time to the higher priority process.

By using the burstmode device for the standard output of all programs, it has been
very easy to keep the SETS application small in favor of using separate programs for
diagnostics and miscellaneous tasks. Since the overhead to execute a program is
relatively small, it takes only a little extra time to use a separate program, however,
the memory savings is significant. And more significant is the simplicity of the model.
The command device makes is just as simple to have other applications and processes
submit commands to the SETS application command process.

It is a challenge in any realtime embedded system to get the timing of processes
correct. Hardware interrupts are often used as timing signals when precision and
accuracy are required. The ability to have process level hardware interrupts is
essential to meeting the timing requirements without writing special operating system
level code. Process level interrupt handlers are a very important feature in the
SETSOS since slow and nondeterministic responses to external signals are often a
criticism for using UNIX systems in realtime applications.



5  Summary

We have presented the design of a flexible realtime embedded system using a UNIX-
like operating system. The operating system provides special facilities for operation in
a realtime data acquisition and commanding environment. We have used this
operating system to implement an application that will control the SETS experiment
on STS-46. At the current time, we have gained a year and a half of experience with
this system during experiment testing at Stanford University, Utah State University,
Marshall Space Flight Center and Kennedy Space Center. As we approach the
mission, we are confident that the system will perform correctly and more importantly
that we will be able to respond to situations in the mission we cannot as yet anticipate
and therefore make the most of the mission.
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INTRODUCTION

The Global Positioning System has achieved a maturity
whereby a large marketplace of users have developed. This
marketplace has been flooded with many types of receivers
from a large number of manufacturers. The broad acceptance
of the system among military as well as commercial users has
created this market, and receiver availability due to
planned mass production has precipitated substantial price
reduction for GPS receivers. OEM receivers are presently
available on the market at such a low cost that their
incorporation into flight test systems should be seriously
considered. The data produced by the system has a reasonable
and usable accuracy for platform position, flight vectors
and time. These are suitable in most range applications and
can either augment or replace present tracking methods such
as multilateration or triangulation for vehicle position.
The advantages of eliminating the need for tracking
functions in ground control stations are obvious especially
in multi-vehicle operations such as in air-to-air weaponry
testing and range training missions. The simplification of
operation in position determination becomes especially
desirable for over-the-horizon platforms. In this case,
ground or airborne relays must be employed which complicates
the location task by orders of magnitude.

SYSTEM OVERVIEW/STATUS

Upon completion of launching all Block II satellites, the
Global Positioning System will provide users continuous,



accurate, all-weather, three-dimensional positioning,
velocity, and time parameters in a common navigation grid.
The complete baseline constellation of 24 satellites, 21
plus 3 operational spares, will operate in 12-hour orbits at
an altitude of 20,183 km. This will provide a visibility of
5 to 11 satellites, five degrees or more above the horizon,
to users located anywhere in the world 24 hours per day. At
present, only 18 satellites of the total constellation of 24
have been deployed. This number of satellites will allow a 2
dimensional solution (latitude and longitude), 24 hours a
day over the entire globe and a 3 dimension (altitude
inclusive) determination for 16 hours a day. Signals are
transmitted from the satellites at two L-band frequencies.
The Ll frequency if 1575.42 MHz and carries “Precision Code”
(P code) and “Course Acquisition Code” (C/A code). The L2
frequency is 1227.MHz and carries P-code only. Nonmilitary
GPS receivers will only have access to the Ll C/A code. The
differences between the C/A and P modes are the resultant
computed position accuracies.

The United States Department of Defense (DOD) has formally
implemented Selective Availability (SA) as a method of
denying unauthorized, nonmilitary, GPS users high position
accuracy. However, the Selective Availability Policy will be
renewed annually in an effort to increase the accuracy
availability as conditions allow. The inherent accuracy of
the C/A mode, which is 25 meters is purposely degraded to
100 meters when the Selective Availability (of the P Mode)
is invoked. The pseudo-range measurement of the receiver is
derived from a comparison between satellite and receiver
clocks. Selective Availability introduces errors by slowly
varying the components into the pseudo-ranges by
manipulating the satellite clock. Therefore, pseudo-range
errors are mapped directly into user position errors.

Selective Availability also alters the satellite position
data contained within the ephemeris data message. Deliberate
introduction of errors into the satellite orbital
information are uploaded to the satellite which leads to a
degradation of accuracy in the computed orbital position.
The orbital errors introduced vary at a slow rate and will
cause user computed position errors. According to DOD
Selective Availability Policy, the nominal position accuracy
for horizontal coordinates (latitude and longitude) in the
C/A Mode is 100 meters at a probability level of 95 percent.
The corresponding accuracy for elevation is 156 meters at 95
percent. These nominal values will be relevant when the full



satellite constellation of Block II satellites are
operational with a dilution of precision (DOP) factor
ranging from three to five. Until the satellite
constellation is complete, current GPS users should be aware
that accuracy may, at times, be worse. Accuracies are
dependent on sufficient satellites being visible and
reasonably well above the horizon.

Units capable of P code reception, even without SA being
invoked are slightly more accurate than the C/A Mode at 25
meters Spherical Error Probability (SEP) and have greater
resolution in position determination (due to the 10X rep.
rate of the ranging correlation code). As an example, the
accuracy of the Miniature Airborne GPS Receiver (MAGR), a P
Mode capable receiver that will be discussed later is 16
meters SEP. The dual frequency Ll and L2 permits correction
of the ranging errors due to the effects of the ionosphere
and troposphere conditions. Ranging errors that are caused
by variations of the propagation and refraction can be
computed from use of the dual frequencies and hence
compensated due to the dual frequency capability of the P
Mode receiver.

An approximation of the major errors are:
Ranging measurement - 3.6 meters
Receivers (noise etc.) - 1.2 meters
Ephemeric - 0.6 meters

Other errors are of lower significance and since this is not
meant to be a GPS tutorial, they are not discussed here.

The additional accuracies achievable with P Mode capability
may not warrant the additional costs involved until some
time in the future when the selective availability (S/A) is
invoked. A large number of commercial and civilians are
presently enjoying use of the single frequency C/A Mode and
as their number increases the DOD is less likely to invoke
the SA unless national security is at stake. In summary, the
largest contributor of position accuracies are a function of
the system operation i.e., SA or not, rather than the type
or price of the receiver.

Notable variations of performance from receiver to receiver
are in the time to first fix (TTFF) and accuracies during
platform motion dynamics. This variation directly relates to
the number of parallel receiver channels. The number of
channels may be a mute point at this time in that



technology, has permitted miniaturization of circuitry,
developed expressly for use in GPS Receivers, has provided
multi-channel capability in receivers from most
manufacturers. Multichannel capability enables acquisition
of several satellites simultaneously, each channel devoted
to a satellite. Acquisition must be obtained with 4
satellites for a 3 dimension position determination. With 5
or 6 channels (already available from several
manufacturers), the extra channels perform tasks such as
updating the almanac and ephemeric data, and/or searching
for satellite coming into better viewing relationships. A
single acquisition requires matching the pseudo-random pulse
code position transmission (correlation) of each of the
acquirable satellites. A unique code is associated with each
in order to maintain individual identity. Extra (spare
channels) therefore avoid the time lost to re-acquire
satellites with which acquisition is lost. Initialization in
the event of a cold start where a receiver has no
Initializing inputs as to its location is also performed
quicker. The multichannel capability has enhanced the
systems useability to a very large extent. Acquired
satellites are easily lost during high dynamic maneuvers and
time is required to establish acquisition. The temporary
position location loss can be supplanted when GPS is
combined with inexpensive strap-down inertial measurement
units and the two outputs combined by a Kalman filter
process.

Time To First Fix (TTFF)

The TTFF is primarily a function of the receiver
initialization upon turn on and secondarily the type of
receiver. Acquisition of 4 satellites must be accomplished
in order to perform the position computation. A typical TTFF
for a 5-parallel channel receiver, as excerpted from the
NAVCOR V (an OEM GPS Receiver) Operators Manual is shown in
the following table.



Signal Acquisition Performance

Maximum Age
Time-To-First-Fix Initial Error Almanac Ephemeris

Uncertainties (3 sigma)

Typical 90% Position Velocity Time (weeks) (hours)
(min.) Probable (km) (m/s) (sec)

(min.)

0.4 0.6 100 75 1 1 4

1.5 1.9 100 75 1 1 U/A

15.0 15.0 100 75 U/A 1 U/A

35.0 35.0 U/A U/A U/A U/A U/A

U/A - Unavailable in real time to the unit.

As can be seen, the TTFF increases dramatically with
uncertainties of initial time, position, velocity, almanac
and ephemeris. Under worse case, i.e., none of the
initialization parameters available (U/A), the acquisition
is 35 minutes and is referred to as a “Cold Start”. Hold up
batteries reduce the time dramatically as would entering the
initializing data after receiver power turn-on. The addition
of a hold up battery retains the last known values in memory
and thereby reduces the TTFF accordingly provided the
receiver has not been moved to a new and distant location.
Almanac data is transmitted from all satellites which
provides a course location of any satellite at a specific
time. From a cold start an almanac must first be obtained in
order to determine which satellites are in view at that time
in order to establish signal acquisition. The satellite
ephemeris of the in view satellites can then be obtained and
position computation begun. The largest contributor to the
TTFF is acquiring the almanac which in itself requires 12.5
minutes. This is so regardless of the receiver type.

A candidate system using an embedded receiver should include
a small memory back-up battery thus reducing the TTFF,
provided the receiver has not been moved to a new location
while power was off.

Receiver Characteristics Comparison

Information has been gathered from several manufactures and
three of the receivers have the same basic position



accuracies and are only capable of the C/A Mode. The fourth
one, the RI MAGRS, is presently in development for military
aircraft retrofitting. Due to different numbers of parallel
channels employed they provide substantially different
TTFF’s. The major characteristics have been put into a
matrix and are shown the enclosed table.

The primary advantages of these OEM modules is their size
and unit prices. Many manufacturers have invested
substantial sums in order to compete for the commercial and
private markets where the numbers of units and volume of
business is overwhelming. Units are presently available in
the C/A modes for slightly more than $2,000 as complete
stand-alone receivers including antenna, display and
keyboard and less than $500 in OEM equipments. Of course the
P mode units are substantially more expensive.

The disadvantages of the C/A low cost units are the
limitation of maximum velocity and acceleration of the
platform. It can be speculated that their performance will
accommodate most target and relay vehicles provided they are
subsonic and performing only moderate maneuvering. This
approach may not be suitable where supersonic velocities and
high maneuvering dynamics may be encountered. In this case
the RI MAGRS GPS Receiver may be more suitable.

The most promising receiver, as a separate LRU rather than
an OEM, is Rockwell’s Miniature Airborne GPS Receiver
(MAGR). The unit has been under development for several
years at Rockwell Collins as a derivative and evolution of
prior military receivers. The government funded MAGR program
was begun late 1990 and is intended to be a multi-service
unit retrofitting all F-15, F-16, F/A 18 and AV8B Aircraft.
A MAGR-JPO has been established at Los Angeles AFB. Some of
the specialized and custom circuits used in Rockwell
Collins’ NAVCOR V are an outgrowth of the MAGR and earlier
GPS Receiver developments.

Characteristics shown for the MAGR receiver were prepared
from information gathered by telecons with various personnel
at the MAGR JPO, Los Angeles AFB, the Rockwell/Collins
Government Avionics Division, Cedar Rapids, IA and from an
unreleased classified military specification for the
Miniature Airborne GPS Receiver (MAGR), CI-MAGR-300. This
receiver is presently in development at Collins. As such,
the information obtained is subject to change as the program
equipment is developed. This is expected to be minimal due



to the extensive background and experience of Rockwell
Collins in Airborne military GPS Receivers.

The MAGR is a P-Mode capable receiver and in addition
provides an extensive number of aircraft guidance and
navigation related outputs. The major characteristics of the
receiver have also been included in the receiver comparison
matrix. It is a selective availability (P-Mode) type and can
also provide anti-spoofing.

Most characteristics shown in the enclosed comparison matrix
have been taken from available suppliers information. A few
of the characteristics have been derived from similarities
among them, most notably in the environmental capabilities
area. This extrapolation was done in order to present a
comparable set of characteristics. Due to the preliminary
status of the MAGR specification and the classified portions
several of its characteristics were not available at the
time of this study. These are denoted as N/A (not
available). The only accuracies that were available are
those indicated In a marketing bulletin and its unclassified
peripheral features were acquired from the preliminary
specification.

Accuracies shown for all receivers are for the maximum
vehicle dynamics specified. Errors are stipulated in many
different ways and it is generally considered that Spherical
Error of Probabilities (SEP) Is the most useful from an
overall point of view. More detailed breakdowns of
accuracies are not applicable here since they would depend
on the ultimate usage and missions of the host vehicle.

Altitude hold is available on all the receivers
investigated. This feature is a fall-back mode whereby the
position computation is performed using only 3 satellites
(should one of the 4 become obscured). The last known
altitude, is used instead, thereby providing updates to
lat/lon and time only. As a fourth satellite Is reacquired
normal operation is restored.

Altitude hold is available on all the receivers
investigated. This feature Is a fall-back mode whereby the
position computation is performed sing only 3 satellites
(should one of the 4 become obscured). The last known
altitude, is used instead, thereby providing updates to
lat/lon and time only. As a fourth satellite is reacquired
normal operation is restored.



DIFFERENTIAL GPS

One method of significant accuracy improvement is use of a
differential GPS. When operations are contained within a
limited geographic area, such as on a test or training
range, this approach becomes most attractive.

Accuracies can be brought down to the 4-5 meter range and
all that is necessary is to employ a ground GPS receiver
whose precise location in the grid is known. The ground
receiver’s computed position is compared to its known
position and thus acquire a position error. For this method
of operation the ground receiver must be accessing the same
four satellites as the airborne receiver whose computed
position is to be corrected. With proper telemetry links the
determined error can be subtracted from the airborne
computed position either in the range ground equipments or
in the airborne units. Should the DOD make the P-Mode a
selective availability (SA) then this type of operation will
have an advantage for both the military and civilian users
of the system. The C/A mode receivers would then have an
accuracy of 25 meters as it is presently without SA invoked.

In those cases where large geographical areas are required
then more than a single ground receiver is needed. The
ground receivers can be placed at those areas where the
differential methods need be applied to achieve the better
accuracies. This differential GPS somewhat defeats the SA
mode in that the accuracies available without the SA mode
invoked are nearly again achieved i.e., 25 meters.

Some testing has been performed to determine the
applicability of Differential GPS for precision instrument
landing approaches. Present accuracy for Cat III landings
are ±18 ft. horizontal and ±2.2 ft. vertical. The best a
fully enhanced Differential GPS could do is ±30 ft.
horizontal and ±30 ft. vertical. Tests were performed by
NASA/Honeywell over 131 landings and during 22 hours of
flight testing to establish these results. Therefore, unless
some new innovation to improve accuracies become available
the best GPS is not usable for precision instrument
landings. A second problem associated with GPS is its
reliability during critical situations in landing aircraft.
Any satellite that has been acquired and is transmitting
erroneous landing information during an instrument landing
cannot be detected, turned-off and the pilot alerted in a
rapid enough sequence. Both problems are being studied and
enhancements proposed to eliminate them and further advance
use of the GPS.



RECEIVER COMPARISON MATRIX

ATTRIBUTES RI NAVCORE V MAGELLAN MOTOROLA RI MAGRS REMARKS

A. ACCURACIES

1-Position(SEP Meters) 25 (CEP) 25 25 16 Error of Prob.

2-Vertical(2dRMS Meters) 78 SEP Spherical

3-Velocity(Meters/sec) 0.5 0.15 N/A 0.1

4-Time (msec) 1 1 1 0.0001

CEP Circular

Error of Prob.

B. OPERATIONS

1-Posn. Update Rate 1 1 1 1 MAGRS
(per sec)

2-Time To First Fix(sec) 25 180 28 N/A

3-Max.Velocity (MPH) 2200 500 670 N/A

4-Max. Accel. (gs) 4 0.5 4 N/A

5-Alt. Hold Mode yes yes yes yes

USN=2/sec for

C. RECEIVER TYPE 5 Ch Parallel 1Ch Fast Seq. 6 Ch Parallel 6 Ch Parallel

-Mode Capability C/A C/A C/A  P

D. PHYSICAL

1-Size-(inches)
L- 4.0 7.4 3.94 12.0
W- 2.6 3.12 2.72 3.13
H- 0.7 1.14 1.14 6.78

2-Weight-(oz) 4 7 4 192

3-Package Type Single PC Card 2 Stacked PC PC Card Module LRU
Cards

E. POWER

1-A.C. ---- ----- ---- 115V, 400HZ MIL-STD-704

2-D.C. +/-5 +12 VDC +5 ----

3-Watts 1.6 3 1.5 28W

4-Keep Alive Battery-(mA) 0.2 0.5 0.5 0.5



RECEIVER COMPARISON MATRIX

ATTRIBUTES RI NAVCORE V MAGELLAN MOTOROLA RI MAGRS REMARKS

F. OUTPUT DATA AVAIL.

1-Time and Date yes yes yes yes

2-Posn.and Alt. yes yes yes yes

3-Velocity yes yes yes yes

4-Ground Course no yes (SW option) no yes

5-Error Estimate yes yes yes

6-Satellite yes yes yes

yes

yes (SW option)

G. INTERFACE AVAIL.

1-RS 232 yes yes yes yes Magellan-one

2-RS 422 no yes no yes

3-1553 no no no yes

4-NEMA 0183 no yes no no

5-ARINC 429 no no no yes

type output  only

H.  WAYPOINTS AVAIL. none 30 (SW option) none 200

I. ENVIRONMENTAL

1-Operating Temp. (ºC) -40,+85 -20,+60 -30,+80 -40,+85

2-Storage Temp. (ºC) -40,+85 -40,+71 -40,+85 -55,+125

3-Altitude-(FT) -1000, +40,000 -1000, +40,000 -1000, +40,000 -1000, +60,000

4-Vibration SAE Stds MIL-STD-810 MIL-STD-810 MIL-STD-810

5-Shock SAE Stds MIL-STD-810 MIL-STD-810 MIL-STD-810

J. PRICES APPROX

1-Receiver ($s) 500 500 1000 Inc. Ant 25,000 W.O.

2-Antenna ($s) 500 500 ---- ----

Ant.

K. DELIVERY PREDICTED Dec 91 Mar 92 Mar 92 Oct 93

NOTE: N/A = Not Available - See Text



AN OPEN SOFTWARE ARCHITECTURE FOR UNIX BASED
DATA ACQUISITION/TELEMETRY SYSTEMS

DANIEL DAWSON - VEDA SYSTEMS INCORPORATED

ABSTRACT

Veda Systems Incorporated has recently completed the development of a completely open
architecture, UNIX-based software environment for standard telemetry and more generic
data acquisition applications. The new software environment operates on many state-of-
the-art high-end workstations and provides a workstation independent, multiuse platform
for front-end system configuration, database management, real-time graphic data display
and data, logging.
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INTRODUCTION

This paper addresses the software design from an operator’s perspective and demonstrates
how extremely complicated databases containing more than 100,000 parameters are
maintained and utilized in real-time with complete flexibility. The paper also presents
arguments in favor of standards-based system design and examples of existing state-of-the-
art implementations.

Omega System Overview

The Omega system architecture is divided into two distinct categories -- front-end
processing and workstation processing. The front-end processing is based on the proven
ITAS/ISA card set with an optional expansion integrating VME.

The Omega system hardware architecture is based on a dual-bus, distributed-processor
design in the front-end, supported by a network of distributed workstations which can set
up the front-end modules as well as act as monitor and command stations. The dual-bus



design allows the provision of a completely separate environment for system control and
display duties from the high speed data pathway. The high speed bus may be implemented
in either VME P2 or a separate global memory interface bus for ISA backplane
configurations. All system hardware modules are interfaced with the Control Bus (VME
P1 or ISA) to allow independent load, run, and control operations. Any module that
requires access to the data bus also has a data bus interface.

The design supports multiple front-ends as well as multiple workstations networked on a
single Ethernet (or FDDI) backbone. Each component is identified by its network address,
and the network as a whole is configured by maintaining the appropriate hosts file.

As with the existing line of ITAS products, the Omega system remains project-oriented.
By networking the front-end and workstation resources, the Omega can be configured as
needed to support concurrent project development and execution. An Omega workstation
allocates front-end resources as needed, enabling multiple projects to be run
simultaneously. For example, with an Omega configuration of multiple front-ends and
workstations, Workstations 2 and 3 could load and run Project A using Front-ends 1 and 2,
while Workstation 1 could load and run Project B on Front-end 3 simultaneously. This
capability makes the ITAS Omega an extremely flexible and powerful system.

The Omega system incorporates the standards based, X-windows and OSF/Motif layers as
the graphical user interface (GUI). This allows us to offer customers any level of
workstation capability from low cost X-terminals to full, special-purpose graphic
workstations. In addition, our customers can fully utilize their existing computer assets and
operate them under the X standard on, a system network. This enables the Omega to
maintain compatibility with a large base of installed systems and peripherals, as well as
provide almost unlimited expansion potential.

Software Design

The heart of the Omega is its software suite based on a POSIX compliant version of
AT&T System V UNIX. This real-time, multi-tasking operating system is the key to the
system’s power and versatility. The core of the new distributed architecture is network
“daemons”, or monitor processes, that reside on each front-end and workstation. These
processes are responsible for the inter-process communications (IPC) across the network.
They communicate by transferring Ethernet packets that conform to an Omega-specific
command and data protocol. The front-end daemon is initially in an idle mode waiting for
requests from the workstations to download a telemetry format, process and distribute
additional parameters, etc. The workstation daemon will monitor the LAN for messages
and commands from the front-ends and master workstations, maintain a list of active
front-ends, and load data into local current value tables (CVTs).



The Omega workstation processing is based upon a new software architecture that mirrors
the UNIX operating system on which it is built. A central Task Dispatcher module controls
the activation of specific Task Modules based upon the user’s requests. The Task Modules
are small and easily maintained and provide specific functions to meet various telemetry
processing requirements. A wide variety of Task Modules have been developed that,
together, provide full setup, control, display, and command processing environment.

The use of an evolutionary List-Based architecture, based on layered lists to allow simple
access to data elements, is a key design feature of Omega. The use of this system can best
be shown by an example of a system that has independent data streams from a test vehicle.
The Omega accepts multiple data sources from any combination of telemetry, bus, discrete
and analog inputs, and time orders all parameters on the system data bus. The full list of all
raw, bit and word combined, EU and Derived parameters within the system is called the
Global List. From this, Data Groups may then be formed; For example:

The avionics test engineer, engine performance engineer, or safety engineer can develop
separate data lists that only contain the parameters in which they are interested for any
given test scenario. This will provide these two groups with effectively separate telemetry
systems. Combined data can be archived at the same time and to the same device. since it
may be merged on the data bus or separation may be maintained for data security.

This innovative list-based architecture has an additional advantage in that in some systems
the Global List may become extremely large. Engineers may find it difficult to locate the
parameter that they require from 6,000 or more different entries contained in a single flat
file. (One of our aerospace customers has over 25,000 real-time parameters in, their active
Global List, and the definition up to 65,000 parameters is supported). The use of the List
System allows each project and user to limit the parameters in the lists used to only those
that are required. This list-based technique can also be used to limit bandwidth to selected
devices by creating sublists for specific archives processing, and display duties.

The system design also incorporates the idea of “minimal processing.” This means that
only those parameters that are being used by the active applications at any given time are
actually being processed by the front-end (when EU processing is being done on the
front-end). As a logical extension to this, only the data required by the superset of running
applications will be packetized and broadcast on the network.

To add to the robustness of this system, a series of “health checks” are performed at
pre-defined intervals. When a project is downloaded and running, the master workstation
daemon will periodically request an “I’m OK” status message to each of the allocated
front-ends.



General Operating Principles

The Omega System varies significantly from most telemetry and data acquisition systems
in the manner by which a data stream is handled. For example, a typical PCM stream
consists of a bit sync and decom pair and a set of processes required for the stream. In
multi-stream systems, multiple bit sync/decom pairs are supported, but the processing and
associated measurements reside in a single, format-parameter-list data base. The entire
project is treated as a whole, rather than mini data bases for each processing unit.

In addition to PCM modules, a variety of bus monitor and data acquisition modules are
also supported. For instance, MIL-STD 1553 streams may be merged with PCM or output
from commercial buses such as ARINC 429/629. A/D modules may be used to input data
from FM/FM systems. Omega encompasses a much wider range than the typical telemetry
ground station affords, and each new capability is integrated within the same project-
oriented data structure and man-machine interface environment.

Each project is made up of streams, parameters, and lists. Projects are created by first
executing the Project Editor, and then adding components to the project with the Stream
Editor, Parameter Editor, and List Editor. Projects are referred to as either Global or Local
Projects. The project currently being executed for telemetry analysis is referred to as the
Global Project. Only one Global Project at a time can be loaded and executed per
workstation. Many projects, however, can be simultaneously active as project engineers
work with their data for analysis or preparing for future tests.

Selection of measurements for archive and display is accomplished by defining a “list” of
measurements. The list contains a set of limits for the data. values, a title, and a
description. A complete graphically-oriented list editor is provided. A list provides an easy
way to prepare a test. All measurements of interest can be stored into a data base for easy
retrieval during run-time. All archive and display tasks are list-driven; the list is sorted
alphanumerically and can be edited during run-time, which adds increased system
flexibility.

Method of Operation

A workstation can be configured to run in two basic modes -- as a “master” workstation
that allocates front-end resources, controls downloads, and maintains the active application
user list, or as an “application,” workstation that runs any of the various analysis and
display applications. The system is project-oriented. By adding front-end ID field to the
stream definition, a project definition completely defines what front-end resources are
required.



Any workstation with authority can request to download a project (i.e. to become the
master workstation for that project). The project loader would send a download request to
each of the front-ends used by the project. Each of the polled daemons would respond by
sending its current status (whether or not it is available). If the front-end has not been
allocated to another project, it will allocate itself to the requesting master workstation and
send the master its current hardware configuration. If all of the required front-end
resources are available, then the master downloads the appropriate telemetry setup
information to the front-ends. It then initializes the active user list for the project and tells
the front-ends to start sending data (initially this is just IRIG time). The requested project
download can fail if the required files are not present, if the requested front-ends are not
available, etc. The project loader must send an unload request to any front-ends that were
allocated.

Any workstation can request to be an “application” or “user” workstation for a project.
When the user invokes the appropriate command, the workstation polls each front-end to
get its current status. The user is then provided with a list of the projects that are currently
running. (For example, “Project F-18 loaded at 09:43:25 by ITASWS2 on ITASFE1.”)
The user selects the appropriate project from the active list, and the user workstation then
sends an “Add User” request to the master workstation and invokes the “Copy Project
from Workstation” utility. This file transfer routine will download the required project data
base files from the master to the user. These files are required to ensure that the local CVT
uses the same vectors as the front-ends. The user is given the option to download the
Derived Data Base, the List Data Base, and the Autoload Data Base from the master.

Derived Parameter Processing

Derived parameters are an important capability, as often the units or format of the
computed measurements are inadequate. In Omega, the processing of real-time derived
parameter data and external system commanding is accomplished in three distinct and
increasing capability levels. These levels are the operation level, the system level, and the
application level.

The operation level of derived parameter and commanding is limited to processing
descriptions entered by the user via a simple Fortran-like algebraic syntax-based
description. At this level, real-time users can create new parameters which are functions of
other real-time data parameters (or previously defined derived parameters) and constants.
No programming knowledge is required to utilize this feature. The resulting derived
parameters are available for display or data logging. This level of processing is not data
driven. Rather, the iteration rate is set by the user and will be synchronous to the incoming
data. The following example shows how a new parameter, ALT, can be calculated from
two other real-time data parameters - P1 and P2.



ALT = (P1 - P2) ** 2.345967

Once identified, defined parameters may be merged and further processed similar to any
parameter and can be further combined in sequential, operation-level calculations.

At the system level, a user with basic C programming experience can easily create
functions which can then be called by the operation-level user. For example, if a particular
test necessitates that Omega output a RS-232 message when, a derived data value exceeds
a certain value, the system level programmer needs only to create a simple command
output function as shown below.

int send_msg (val, limit)
float val;
float limit;

{
if (val < limit)

write_to_port(“Altitude is too low!”)
else

write_to_port(“Altitude is nominal”);
}

Then the operation-level user can create the following derived parameter:

ALT = (P1 - P2) ** 2.345967
send_msg (ALT,10000)

The lowest level of programmability is the applications level. Here the processing
philosophy moves the location of the processing from the UNIX CPU to a front-end,
high-speed dedicated processor. In addition to moving the location of the processing, the
processing methodology changes from synchronous, fixed iteration rates to data-driven
processing. Naturally, all parameters generated from the front-end processor are fully
integrated into the previous processing levels.

As described below, the front-end processors available within the Omega environment
provide performance currently unapproachable by the competition. These include
advanced i860-based processor cards which, provide equivalent performance to several
mini-computers on a single card.

With this processing architecture, most simple derived-parameter processing does not
require the cost of dedicated front-end processors; however, with the addition of one or 



more data-driven front-end processors, the system is capable of processing the most
demanding real-time data streams.

Man-Machine Interface

The Omega man-machine interface is an X-window, OSF/Motif-compliant graphical user
interface (GUI). In addition to the ability to create custom displays, standard features
include a menu bar, a header window, a command line entry window, and a status
window. These functions are grouped together in a Manager window to centralize the
software control and status information. The Manager window also displays the currently
selected Local and Global Project. Additional “background” Omega operating system
routines include a hardware status task and a software workload task. These background
tasks can be brought up as needed but are more for optimizing the system than constant
display.

The user interacts with the Omega system primarily through the menu bar and command
window. The two perform very similar functions, but the command window is primarily
used by more experienced users to enter “shorthand” commands for system execution. The
menu bar controls the same functions as the command line, but with easy-to-use point and
click interaction.

The Omega system is set up by editing the various components of the telemetry data base.
For PCM streams, once the bit sync parameters are defined and the decom format is
programmed, the user defines the various syllable collection, format conversion, EU
conversion, and user-defined measurement processing. Omega supports over 15
pre-defined data conversion formats, including exotic types such as poly-multi-sectional
fits and the more mundane first through n’th order fits. Omega also supports advanced
telemetry syllable encoding features: up to 32 syllables per measurement. The simulator
and front-end hardware can then be “loaded.” Loading the front-end actually programs the
bit sync(s) and decom(s) and downloads the i860 EU conversion software. All of this is
accomplished via drop-down menus from the menu bar or directly through the command
window. Pointing and clicking with the integral mouse is easiest, but, for experienced
users, a direct command line entry is often faster.

Once the front-end is loaded, the Omega system is processing the telemetry stream(s) and
is ready to archive and display data as chosen by the user. To support the repetitive test
points often found in telemetry applications, Omega provides the capability to pause the
display and archive tasks while outside of test point limits. This helps save valuable
computer disk storage space and wear and tear on the system printer.



To support off-line analyses, Omega includes an integrated set of utilities for off-loading
data onto removable media, in both MS-DOS and UNIX formats. These utilities will
enable certain users, depending on customer system specifications, to copy their data bases
onto the system for conversion to ITAS format. Screen dumps, window dumps, and file
prints are also available as utility options.

For display, Omega supports a Quick-Look window and a variety of other graphic display
options. Quick-Look displays the measurements in a tabular format, including not only the
measurement name and current value, but the description, units, limits, and optional time
and raw data display. See figure 2-2. The measurement can be raw data, collected
syllables, processed syllables, or the engineering unit value. The output format is
selectable; the measurement name is identical throughout. This task includes an integrated
control page which enables the user to dynamically change the list, iteration rate, font size,
and format. As with all Omega application tasks, multiple Quick-Look routines can be
activated and positioned anywhere on the display screen.

Omega Set-Up

For telemetry applications, the Omega system, is set up by editing the various components
of the telemetry data base. Once the bit sync parameters are defined and the decom format
is programmed, the user sets about defining the various syllable collection, format
conversion, EU conversion, and user-defined measurement processing. Omega supports
over 15 pre-defined data conversion formats, including unusual types such as poly-multi-
sectional fits and the more typical first through n’th order fits. Omega also supports
advanced telemetry syllable encoding features; up to thirty two (32) syllables per
measurement with user-defined bit selection from each syllable can be programmed.
Utilities may also be provided to input data from existing customer data bases into the
Omega parameter data structure.

Once defined, the data base is expanded, or compiled, into an executable format suitable
for the front-end hardware. This process assigns vectors into the current value table and
defines how syllables are collected and converted and with which coefficients. The
simulator and front-end hardware can then be loaded using the stream definition.
Parameter definition may also be accomplished through utilities that allow importing data
from existing host data bases.

Loading the front-end actually programs the front-end bit synchronizers, decommutators,
and processors. All of this is accomplished via drop-down menus from the menu bar or
directly via the command window. Pointing and clicking with the integral mouse is easiest,
but for power computer users, a direct command line may be faster. Cost on utilities may
even be provided to program competitor’s equipment from within the Omega environment.

Figure 2-2 did not appear in the proceedings and was thus not available for the CD-ROM.



Defining a telemetry stream is typically the most difficult process, encountered when
programming a telemetry pre-processing system. Omega eases this effort by treating the
telemetry stream as a whole, which enables the user to enter the stream definition
information in a graphical user environment. The process involves defining the bit stream
pattern that must be captured, defining the format of the data stream(s), and defining what
data conversions should be executed on the raw data stream.
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ABSTRACT

This paper addresses the distributed systems implementation techniques used in the
development of the EMR O/S90 Open Systems Telemetry System. Specifically, it presents
the integration, networked load-balancing, and remote control aspects of the telemetry
system which allow it to adapt to differing configurations and availability of resources.

INTRODUCTION

Loral Data Systems has recently developed a workstation-based multi-purpose data
acquisition and display system based on Open Systems concepts, standards, and networks.
This framework implies an openness of both the applications software and the system
architecture. Standards such as POSIX, OSF Motif, SQL, and X Windows, combined with
de facto standards such as NFS, TCP/IP, and ANSI C, increase the portability of
applications from vendor to vendor and aid with the installation of software onto various
platforms. These standards, however, address only the applications software aspect and do
nothing to ease the problems of systems integration, system enhancement, load balancing,
and remote control that are associated with an integrated networked system. A unique
perspective has been applied to these problems to create a system architecture which will
allow it to grow, transform, and reallocate its resources with little or no impact on the
underlying applications software which combine to create the system as a whole.

This paper addresses specific system architecture designs and implementations which
allow the system to resolve problems associated with load balancing, remote control, and
systems enhancement and integration. These approaches are centered around the Resource
Manager control software. The Resource Manager allows the telemetry system to
reallocate and redistribute processing tasks around the network without impacting the
software itself. This allows each system to be load-balanced uniquely and independently
according to its computing resources. Also, the command-driven nature of the Resource



Manager allows for remote control and batch-oriented processing of virtually any
telemetry system feature normally accessed interactively. The entire system can be
controlled via commands from remote command lines or remotely located software
applications. This allows for the inclusion of the entire telemetry system (or any parts
thereof) as a feature (or features) of an existing processing system already in place. Finally,
the Resource Manager serves to simplify enhancement and modification of the system.
Applications can be added with no impact to the underlying control system, allowing new
user interfaces and new applications to be added to the system quickly and easily. These
aspects allow the telemetry system to adapt to different processing needs and unique
processing environments quickly and efficiently as the telemetry environment evolves.

BACKGROUND

In 1990 Loral Data Systems (LDS) decided to move into the next generation of telemetry
acquisition and processing systems. The primary goal of the new system was to shift away
from the proprietary world of VAX/VMS and enter into the new forum of standards and
Open Systems concepts. In order to accomplish this, the system would be designed to
utilize such standards as:

! POSIX-compliant operating systems

! X-Window graphics

! OSF Motif menu presentations

! ANSI C compliant source code

! NFS file management

! TCP/IP network communication

! SQL database queries

Adherence to these standards would open the system to the rest of the computing world
and increase portability of the system from vendor to vendor. Although the Open Systems
concept was the primary goal of the new architecture and the most visible departure from
the past, new design concepts in other areas also merited consideration. Prior experience
had shown ways to improve systems integration, enhancement, and customization, while
the networked capabilities of Open Systems brought many new factors into play. The new
architecture needed to address all of these issues with a cohesive and controlled approach,
and a new perspective was needed for the system design to achieve this.



When LDS developed the 8385 Display Station in 1985, networked systems were in their
infancy and interoperability among vendors was virtually non-existent. The 8385 was an
ASCII-terminal based VAX/VMS telemetry acquisition and display system which allowed
for multiple users to access the system via one central computer. Due to the compatibilities
of VMS on the various VAX platforms, this computer could range in size from a
mainframe to a MicroVAX without affecting system software. However, this approach
presented many restrictions. Though the system provided a baseline from which to
customize and enhance new systems, the process was tedious and cumbersome due to the
architectural design. While attempting to maintain modularity using a “building block”
approach, in actuality all of the packages were closely intertwined, creating an
entanglement of features which rippled throughout the system when modified. Few
graphics were available, and no network capabilities existed. To operate the system, one
had to be at an ASCII terminal connected directly to the computer. Portability was
restricted to only the various sized DEC VAX computers.

With the advent of System 90 in 1988, graphics and networks made their way into the
LDS offerings. System 90 was a single-server, many-client architecture and presented
DEC UIS graphics on the workstations. This allowed for some distributed processing, but
bottlenecks on the single server still developed. The graphics and the workstations also
limited the availability to one person per workstation. To improve system enhancement
and customization, an attempt was made to control the entire system as one “wholly
contained” entity, rather than as a collection of unrelated packages. While this aided in
system installation and integration, it did not alleviate the basic problem of
interrelationships between the various software functions. Each function still borrowed
from and depended upon other functions, once again causing ripples throughout the system
when enhancements or modifications were made. And as before, the system was solely
VAX/VMS and, while portable among the various DEC VAX platforms, was completely
closed to other vendors.

As work on the latest generation, the new Open Telemetry System (O/S90), began in
1990, a number of design goals were identified. The primary goal was to adhere to the
Open Systems concepts and support multiple vendors for the workstation platforms. By
following the previously mentioned standards and modularizing those areas which were
not covered by standards, this goal could be realized. Other design goals, while not as
visible, were just as important. A system architecture had to be developed that would
correct some of the inadequacies of past systems, while at the same time allowing the
system to address the new capabilities introduced by the Open Systems networking
concepts. The architecture of the new system needed to support easy systems integration
and customization. Interrelated functions which formed the bedrock of the previous
systems had to be disengaged from each other without complicating systems integration. 



To resolve the potential bottleneck of a single server system, the design needed to include
configurable distribution and reallocation of telemetry functions.

The availability of networks such as Internet at customer sites created another
consideration. People not directly located at the range or launch site could benefit from the
use of the telemetry system if such access was available. These users may not have
X-Window access to the system, or interactive access may not be feasible due to distance
and network traffic constraints. Remote controlled access to telemetry system functions
would be necessary to address these needs. It was concluded that the three major areas to
be addressed by the system architecture design would be:

! Ease of systems integration and customization

! Distributed processing and load balancing

! Remote command and control of telemetry features

All of these factors needed to be addressed in a reasonable manner without unduly
straining the system to manage them. As the issues were debated, a common approach to
each of these goals formed. The Resource Manager would serve as a distributed, unified,
command-driven kernel and address all of these issues together.

RESOURCE MANAGER DESIGN

INTEGRATION AND CUSTOMIZATION

Originally, the driving force behind the Resource Manager was systems integration and
customization. Both the 8385 and System 90 had encountered difficulties with
customization of the standard software kernel. Interrelationships between software
modules and packages could cause severe problems when enhancing a system with
customer-specific modifications. Although every system was derived from the same
kernel, each customer had unique and specialized requirements. These difficulties were
especially evident in the area of User Interfaces. Menu interfaces which gathered input
information were often integral components of the telemetry applications they were
feeding. Since each customer had different preferences for User Interfaces, modifications
often affected major areas of the telemetry sub-system. Faced with the onslaught of
X-Windows in the new system, this was a major area of contention. The core functions of
the telemetry system needed to be divorced from the User Interfaces. In this way,
X-Window interfaces could be modified, or even discarded and written anew, without
affecting the kernel system.



COMMAND = load_bitsync # Unique command for telemetry
# function.

APPLICATION = /usr/local/bin/bitsync_loader # Pathname of telemetry function
# executable.

NODE = workstation1 # Target node telemetry function
# is to be executed on.

To accommodate these concerns, the O/S90 telemetry kernel system is designed to operate
in a command-driven manner, with the Resource Manager serving as a command-driven
“process broker”. Telemetry kernel functions are standalone processes initiated by
commands from User Interface applications, rather than being an integral component of the
applications. The mechanism that serves as the commanding gateway between these two
functional components is the Resource Manager. Figure 1 illustrates the basic data flow in
the process of initiating a telemetry kernel function.

Figure 1. Basic Commanding Data Flow

The Resource Manager is initiated at bootup time and begins by reading an ASCII
command vs. application file that has been created by the system integrator. This Resource
Manager Configuration File uniquely maps each command in the system to an executable
image or script file using the pathname of the application or script file. Each major
telemetry function of the kernel system is represented in the Configuration File. Each
Configuration File entry contains a unique ASCII command for the telemetry function, the
pathname of the telemetry function executable or script file, and the target node on which
the telemetry function is to be executed. This latter entry will be discussed in detail in the
Distributed Processing section of this paper. A sample entry in the Configuration file is
shown in Table 1.

Table 1. Resource Manager Configuration File



At this point, the Resource Manager enters a hibernate state, waiting for commands to
arrive from User Interface applications to initiate the various telemetry kernel functions.
The User Interface formulates its user input into arguments for the intended telemetry
application. The subsequent data flow is detailed below and illustrated by Figure 2:

1. The appropriate command is sent to the Resource Manager in the form of a
point-to-point TCP/IP communication, passing along the arguments for the telemetry
application.

2. The Resource Manager, upon receipt of this command, looks up the command in its
internal table to identify the associated telemetry application.

3. Using the POSIX “fork” and “exec” calls, the Resource Manager then spawns a
child process which initiates the telemetry application.

4. When the child process terminates, a signal handler retrieves the exit status of the
telemetry application and returns this status to the originating User Interface
application.

Figure 2. Resource Manager Data Flow



A subroutine library (RSC_SUBS) and a UNIX command-line interface (RSC_RUN)
serve as the mechanism by which user interface programs and other processes
communicate with the Resource Manager. Using this command-driven approach gives
each telemetry function greater independence. One can separate the function of a process
from the interface that acquires the inputs. A user interface can be completely replaced
with a new interface without rippling through the telemetry kernel. Once the new interface
is written (or the old one modified), the proper command is issued to the Resource
Manager, and the telemetry function can be initiated without its being aware of the new
interface.

For customization, if special processing is required for a given function, the standard
kernel telemetry application need not be modified. By modifying the Configuration File to
remap the existing command to a new script file or new application, new processing can be
inserted as a separate application without affecting either the user interface or the existing
telemetry kernel. This script file or new application can then initiate the original telemetry
kernel application (via the associated Resource Manager command) after the specialized
processing has finished (See Figure 3).

Figure 3. Remap Command to Insert Custom Processing

This functional independence need not apply strictly between the user interfaces and the
core telemetry functions. Since the commanding interface to the Resource Manager is
implemented via a subroutine library, this modularization can occur at any level in the
telemetry kernel function. The farther down the functional hierarchy one carries
modularity, the more autonomous each telemetry function becomes. For integration
purposes, menu options can be remapped to new telemetry functions by changing the
command-to-application mapping in the Configuration File. New software applications can
be added to the telemetry kernel system as easily as editing the Configuration File and
adding a new command and pathname. These applications need not be related to the



telemetry kernel system, such as third party report generation software or analysis
packages. Given the greater autonomy of each software function, additions can be made
with little effect on the standard telemetry core system.

LOAD BALANCING AND DISTRIBUTED PROCESSING

The basic command-driven design addresses system integration and customization, but the
new Open Systems concepts present additional areas which need to be addressed.
Primarily these issues are in the networking and distributed processing areas. Because of
the proliferation of multi-workstation systems and the wide range of networking software
such as NFS, TCP/IP, OSI and networked SQL databases, the issues of networking and
distributed processing are essential to design of any new telemetry system. Today,
networked SQL and off-the-shelf databases allow the database to be distributed across
many workstations or servers, NFS allows transparent access from many nodes to
networked files, and X-Windows allows networked access of graphics information. In a
truly distributed system, the concept of a “single-server many- workstation” architecture
becomes constrictive. The single server may become a bottleneck, rather than an
offloading point. With increasing workstation horsepower, expanding networks, and
advances in database and communications software, load distribution is a necessary
capability of a telemetry system (See Figure 4). The telemetry system should be able to
distribute traditional “server” functions across the spectrum of resources available in the
system, and to reallocate them quickly and painlessly.

In order to utilize these features and allow flexibility of system architectures, the Resource
Manager allows for distribution of each of the telemetry functions across any of the
resources available on a system. No single node need be designated as a “server”. On any
given system “server” functions may be partitioned and allocated to any of the nodes in the
system, dependent upon the resources available. This allows the system integrators to
utilize features such as NFS and networked SQL, but does not demand dependency upon
them. As an example, NFS will allow each workstation to mount a common disk and share
the information on that disk without the applications software being aware of where that
information physically resides. This can be extremely useful. However, a common error is
to become dependent upon NFS. When this happens, networked files can be misused, and
a network overload is induced.

The Resource Manager allows system integrators to optimize features such as NFS and
networked SQL when applicable, and to distribute and isolate the same processing on
other systems which may have different configurations. This success depends largely upon
the knowledge and decisions of the system integrator. Offloading processes properly and
allocating resources efficiently is often a judgment call, but the quickness and ease with
which the system can be restructured using the Resource Manager allows for trial and
error testing during system integration without jeopardizing schedules.



Figure 4. Single Server vs. Distributed Architecture



To support distributed processing, the Resource Manager’s original design was enhanced
and expanded. Rather than using UNIX-domain IPC as the command path, TCP/IP is
utilized to provide the commanding interface. Also, rather than having one Resource
Manager on a centralized server, each node in the telemetry system supports a resident
Resource Manager. Since the Resource Manager spends the majority of its time
hibernating, virtually no overhead is introduced by installing it on each workstation.
Applications send commands to their local Resource Manager, who in turn forwards the
commands to the Resource Manager on the target node as dictated by the Configuration
File (See Figure 5.)

Figure 5. Forwarding Commands to Target Nodes

With this system in place, reconfiguring a system and testing for optimum load-balancing
across the telemetry system becomes a relatively pain-free process. Each telemetry
function can be reallocated by modifying the Resource Manager Configuration File using
any ASCII text editor. Some restrictions apply to specific telemetry functions based on
physical resource considerations. A program that loads an external telemetry device via a
parallel interface, for example, needs direct access to the parallel interface, restricting the
nodes on which it can execute. A data archiving process needs access to the archival disk
and a physical interface to the incoming data. These instances are limited, however. By
utilizing NFS effectively to allow access to common data files from various nodes, and by
using networked SQL to access relational databases, the majority of telemetry functions
can be allocated in a myriad of configurations. This integration process allows each
system, although maintaining the same basic architecture and functionality, to be
load-balanced in accordance with each customer’s resources before it leaves the
integration floor.



REMOTE PROGRAMMATIC CONTROL

The Resource Manager also allows remote control of the complete range of telemetry
system functions. Remote control is needed because of:

! Access to systems via networks such as Internet

! Decreased efficiency of X-Window applications across long networks

! Batch-oriented data analysis at remote sites

! Real-time programmatic control by user software running on customer network
backbones

Due to the increasing access of networks such as Internet, people who require access to
and derive benefit from the telemetry system may not be in the immediate proximity of the
telemetry system. This distance may hinder efficient use of an X-Window menu system, or
may dictate remote login access restrictions. Such cases include analysts at remote sites
who use data analysis report features of the telemetry system, but wish to work in a
batch-oriented mode. These analysts may wish to automatically initiate the data analysis
reports late at night during the minimum load hours of system use.

Another interesting trend is the incorporation of telemetry systems into larger customer
systems as peripherals on the customer network backbone. In such arenas, customer
written software running on the customer network backbone may command and manage
the telemetry system functions under program control. Timed execution or programmed
responses to data conditions may be the impetus for execution of various telemetry kernel
functions. Examples of this would be dynamically loading the Telemetry Preprocessor to
incorporate a new data stream at a certain point in a missile test, or turning off processing
of a sensor that has become stuck in an out of limits state. While these operations may be
accomplished by an operator at a workstation, it may be more desirable to initiate the
actions under program control.

One of the factors that allows the O/S90 to accommodate these requirements is in the
architecture of the system software itself. As mentioned before, the link between user
interface software and telemetry kernel software is the Resource Manager. This
independence allows each of the core telemetry kernel functions to be executed without a
user interface. Taking this a step further, since each of these functions maps to a unique
command in the Configuration File, any program can initiate them via the Resource
Manager, not just the User Interface processes. Any software task that wishes to initiate a 



telemetry kernel function without the User Interface can use the subroutine library
(RSC_SUBS) interface to the Resource Manager to access the kernel function directly.

For software not running on an O/S90 telemetry system node, RSC_SUBS allows for
control of telemetry functions without requiring a resident Resource Manager. By
explicitly specifying the target node of the requested application when using the
RSC_SUBS library, the Configuration File node specification can be overridden. When
this feature is invoked, a direct connection is made to the Resource Manager on the target
node from the calling program, bypassing the need for a Resource Manager on the local
node. The command is then sent, and the process invoked by the Resource Manager on the
target node. The decision to make all communication with the Resource Manager
network-domain communication rather than use UNIX-domain IPC for local connections
was based on this functionality. Since all communication is network- domain TCP/IP, a
Resource Manager process does not know nor care whether this request originated locally
or from a network source. The processing path remains unchanged.

The command line interface (RSC_RUN), which utilizes RSC_SUBS, allows analysts at
remote sites to initiate O/S90 tasks from UNIX command lines or script files in the same
manner. These interfaces give analysts and software complete control of the telemetry
kernel system without interactive or remote login constraints (See Figure 6). While the
main purpose of this capability is for non-interactive control of the system, programmatic
control of X-Window applications is also available. This may be useful when an existing
processing system would like to include the O/S90 menu system, or parts of the O/S90
menu system, as an option off of the existing system’s main menu. If a customer has an
existing data processing system based on X-Window interfaces, the RSC_SUBS interface
can be used to hook O/S90 menus into the existing system menus using subroutine calls or
script file entries.

CONCLUSION

With the influx of new networking technologies creating more diverse systems scenarios
and integration schemes, problems associated with these areas are destined to grow. The
Resource Manager gives telemetry systems the ability to cope with these areas in a
coherent manner, while maintaining maximum flexibility in resource utilization and
allocation. Standard telemetry functions can be controlled and integrated easily, interfaces
can be expanded, and special processing can be introduced throughout the chain with a
minimum impact on standard system software. Networking capabilities allow each system
to be load-balanced according to its processing resources without locking the standard
system into any one resource allocation architecture. Finally, analysts can initiate batch
oriented processing at their discretion, or manipulate the telemetry system as a peripheral
tool from their own networks and software, allowing real-time processing to be controlled
and modified based on exterior data analysis and processing subsystems.



Figure 6. Remote Commanding of Telemetry System
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ABSTRACT

The GPS Satellite System provides precise determination of time, space, and position of
aerospace (airborne) vehicles during flight and flight test situations. The cost of “GPS”
equipment has been decreasing dramatically -- a phenomenon similar to that which was
experienced with “hand held” calculators 20 years or so ago. By the use of a multigain
(and beam) antenna and GPS, a very low cost single axis system can be utilized for
reception of telemetry and at the same time to provide accurate position, velocity, and
acceleration information concerning the airborne vehicle.

INTRODUCTION

In the early days of telemetry, tracking was not required since the frequency allocation for
telemetry was in the P-Band frequency range. Space attenuation was low enough and
bandwidths narrow enough so that omnidirectional antennas could be used to complete a
datalink. How simple life was for the engineer in those days!

In the early 1960s the Government moved the frequency allocation for telemetry into the
L- & S-Band frequency ranges. With the increased space attenuation and higher
bandwidths required for the data, automatic tracking systems were required for the
majority of flight testing of airborne vehicles. By the end of the 1960s the majority of



antenna ranges in the United States were equipped with very expensive two axis telemetry
tracking antenna systems. Early in the 1970s it was evident that a need existed for a small,
self-contained, single axis tracking system which would fit in a small vehicle for
transportation and, most importantly, fit the limited budgets that existed for many of the
testing requirements. A simple single axis tracking antenna consisting of a fan-beam,
four-dipole array was developed and the first two systems were purchased by Patuxent
River for flight testing. These systems sold for $25,000 each including a bandpass filter
and a tunnel-diode preamplifier. Because of cost and versatility, these systems described
by Sullivan (1) became very popular on many of the flight test ranges around the world in
addition to their ideal suitability for shipboard missile tracking.

By the late 1970s, the majority of requirements, except for shipboard missile tracking,
required more gain than was practically achievable with the dipole array type single axis
tracking system. Several companies began producing six-foot reflector type, single axis
tracking systems in order to satisfy these gain requirements. In order to achieve higher
elevation angles, a cosecant squared antenna system was used to broaden the elevation
beamwidth. The disadvantage of the beam shaping was an overall gain reduction of
approximately 3 dB. This disadvantage was eliminated by the use of a dual beam single
axis tracking antenna; Sullivan (2). With the dual beam approach, it was easy to cover a
large percentage of the tracking requirements with a lower cost single axis system. The
dual beam antenna usually afforded adequate elevation coverage for antennas as large as 6
feet in diameter. Since the low gain and high gain antennas were required to autotrack,
there was an additional expense using the dual beam approach. This increase, however,
was far outweighed by the elimination of the elevation axis. To increase the gain by going
to a multibeam (more than two beams) system the cost of tracking increased enough so
that it was not much more expensive to go to a two axis system. Throughout the 1980s
many of the ranges were using the dual beam, single axis tracking antenna approach as an
economical measure to fulfill their testing requirements.

By the late 1980s, the Global Positioning System (GPS) was coming of age and affording
low cost position data. The basic GPS approach, in comparison with other positional
systems, was described by Hoefener, Beech and Wartenberg (3). The integration of the
GPS data with telemetry data has been described by Wells (4).

With the beginning of the 1990s, GPS is indeed here to stay. GPS low cost receivers are
available for less than $1,000 and offer position accuracies of less than 100 meters. It is
now a simple matter for a ground station to receive position, time, velocity, and
acceleration data from airborne vehicles. The space positioning data can be combined with
the telemetry for flight testing as discussed by Wells (4). It would also be a simple matter
to take the space position data and transmit it on a voice system between the airborne
vehicle and the ground station by way of omnidirectional antennas. The time is now to



combine GPS with multimode single axis antenna systems. The reduced budgets which
will be experienced throughout the next few years necessitate the use of this technique
wherever possible. Since most of the existing two axis tracking systems are of the order of
8 to 10 feet in diameter, this technique could be used for the majority of tracking
requirements. When it is not possible to use a GPS receiver in the tracked vehicle, as in the
case of missile tracking, a GPS translator can be used. The use of translated GPS has been
discussed by Wells (5).

SYSTEM DESCRIPTION

There are many types of autotracking systems used today for tracking airborne vehicles for
the reception of telemetry data. For tracking geo-stationary satellites in an inclined orbit,
step track and program track are used for cost effectiveness. Program track is really a
misnomer since the system is being positioned from a priori ephemeris data. The system
outlined herein will be called GPS-Trak. This name is a little more appropriate since the
positioning is done by the use of real time rather than a priori positioning data.

Figure 1 is a block diagram of a GPS-Trak system. The antenna system consists of a two
or three beam single axis antenna mounted on an azimuth rotator. The RF signal from the
antenna is amplified and fed to the receiver. The TM output of the receiver (which
contains the GPS derived target coordinate data) is fed to the data processing sub system.
The target coordinate data is fed to the personal computer (PC). The coordinates of the
ground receiving antenna system are stored in the PC. The PC calculates the azimuth angle
and range of the target. The azimuth servo command is fed to the ground receiving
antenna. Based on the computed range the beam switching command is fed to the ground
receiving antenna system. Azimuth data is fed back to the PC.

For target acquisition the broad beam of the dual antenna system or the intermediate beam
of the tri antenna system is used. The system is scanned in azimuth at maximum velocity
until the signal from the target is detected. Immediately upon detection of the signal the
antenna system is switched to the appropriate beam and azimuth track is accomplished by
positioning commands from the PC. If the signal were lost during a mission, the system
would continue to move in azimuth at the rate of track when the signal was lost. If the
signal was not reacquired in a predetermined time (usually 5 to 10 seconds), the system
would automatically revert to the target acquisition mode.

There are three major cost drivers in conventional two axis telemetry tracking systems: the
pedestal, the antenna control unit (ACU), and the tracking feed. With the GPS-Trak
approach the pedestal cost, which is usually the largest cost of any component in a
tracking system, is reduced by a factor of two (or more). This reduction is of the order of
$20,000 to $100,000 based on system size. With GPS-Trak the expensive microprocessor 



Figure 1: GPS-Trak Block Diagram

ACU is replaced with a simple low cost PC. This is a reduction in the cost of the control
system by a factor of at least 3, resulting in a cost saving of approximately $20,000. While
the lowest cost driver is the tracking feed, the difference between a two axis tracking and a
nontracking feed is a factor of approximately 100. The nontracking approach would easily
save $20,000 in the feed cost.

Two examples will be used to show the versatility and performance which can be achieved
from the GPS-Trak approach. Although there is no such thing as a typical mission,
assumptions will be made for these examples which should cover a broad range of
requirements. A frequency of 2300 MHZ will be assumed. Since this is at the high end of
the telemetry band, it is the worst-case condition for high altitude tracking with a single
axis system. The broader beamwidths at the lower frequencies decrease the problem. It is
assumed the system will be used for aircraft tracking. An effective isotropic radiated
power (EIRP) of 10 watts is assumed. To allow for maximum versatility, a 10 MHZ IF
bandwidth is assumed. Again to keep system cost down, a polarization loss of 3 dB is
assumed. This way the linearly polarized aircraft antenna will be tracked using circular
polarization on the ground thereby eliminating the additional cost of polarization diversity.
For versatility a fade margin of 3 dB is assumed. This would correspond to flight testing
over a relatively rough terrain or a terrain with considerable vegetation. For tracking over
water or smooth land, detailed multipath effects would have to be taken into consideration;
Chandler (6). The increased multipath would only decrease the low angle range capability.
An antenna height of 60 feet is used which would be required for long ranges because of
line of sight considerations. All the assumptions used are listed in Table I.



Table I

Assumptions for Examples of
GPS-Trak

Frequency 2300 MHz

EIRP (Aircraft Tracking) 10 Watts

IF Bandwidth (Worst-case) 10 MHz

Polarization 3 dB

C/N Ratio 13 dB

Fade Margin 3 dB

Antenna Height 60 Feet

The first example is for a 6-foot dual mode single axis GPS-Trak antenna. (Figure 2
illustrates the range and elevation performance of the high gain and low gain antenna.) The
6-foot high gain antenna is tipped 3º in elevation to afford higher altitude coverage. A
3-element cup dipole array is used as a low gain antenna. The 3-element was used to
increase the maximum altitude capability of the system. This plot shows that for the
assumed conditions tracking to ranges of 150 miles and at altitudes of 40,000 feet can
easily be achieved. One can easily envision that the high gain antenna could be tipped less
with some sacrifice in altitude coverage but yielding a large increase in range. The 6-foot
GPS-Trak system would yield comparable performance to a two axis system at a
considerable cost reduction. The system could also output space positioning data to a high
degree of accuracy. Range radars would not be required for flight testing with the use of
GPS-Trak and differential GPS. An heuristic evaluation of reliability indicates an
improvement of an order of magnitude with a corresponding increase in maintainability.

Figure 3 is a similar example of a GPS-Trak system configured for long range operation.
The system uses a tri mode antenna. The high gain antenna is a 10-foot newtonian-fed
reflector illuminated by a single crossed dipole. The intermediate antenna is a
newtonian-fed one meter antenna; and the low gain antenna is a single cupped dipole
element. Figure 3 is a plot of the range versus altitude of the tri mode GPS antenna. For the
assumptions made the antenna has a range of 350 miles at altitudes in excess of 40,000
feet. Initial acquisition would be accomplished with the one meter antenna. After
acquisition the antenna would be switched in accordance with the range of the tracked
vehicle. For ranges of greater than 125 miles, the high gain antenna would be used. For
ranges between 25-125 miles, the intermediate gain antenna would be used. And for
in-close operation and overhead passes, the low gain antenna would be used. Switching
would be performed automatically by the PC ACU based on the range of the airborne
vehicle.



Figure 2: Range and Altitude of Dual Mode Antenna

Figure 3: Range and Altitude of Tri Mode Antenna



CONCLUSIONS

With the advent of worldwide operational GPS, a low cost, highly reliable alternate to
conventional two axis telemetry autotracking systems is available. GPS-Trak is the
ultimate in simplicity and the lowest cost system available for tracking airborne vehicles.

Cost is 30% to 40% of the cost of a conventional two axis autotracking system. Reliability
is increased by an order of magnitude. Real time space positioning data is an added bonus.
By the use of more sophisticated GPS techniques such as differential GPS, a low cost,
highly portable test range is now achievable at a savings of millions of dollars (radars and
optical trackers can be eliminated). The per year maintenance costs of a system is reduced
drastically.
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ABSTRACT

MIL-STD-1553 multiplex data buses are commonly used to link complex software-
controlled systems in modern aircraft. The software in these aircraft is routinely
updated; each update requires flight testing. Also, sophisticated weapons and
electronic warfare systems which are integrated into operationally-ready aircraft must
be routinely evaluated. The simplest way to perform the required evaluation is to
record all the data from the multiplex data buses during an operational flight; these
data can then be replayed and examined after the flight.

Traditionally, some operational systems had to be disabled or removed from an
aircraft to allow installation of a data acquisition system. This paper discusses a MIL-
STD-1553 multiplex bus Record-All Small Data Acquisition System (RASDAS)
installed in a McDonnell Douglas CF-188 fighter aircraft to record all data from two
1553 multiplex data buses without displacing any operational equipment. The specific
requirements and constraints associated with evaluating the integrated systems of a
CF-188 aircraft are examined; further, RASDAS implementation in this aircraft type
is discussed from planning to flight evaluation.
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INTRODUCTION

BACKGROUND

A typical modern military aircraft is integrated via networks of complex computerized
avionics systems. The overall effectiveness of a given aircraft type depends not only
on how well each system operates by itself, but also how well the systems work
together; that is, how well they are integrated.

Software Upgrades

The operational program within an aircraft’s bus controller defines how various
systems, linked by a data bus, communicate with each other. Routinely, operators’
requirements change, systems are removed or upgraded and new systems are added to
the bus. The bus controller’s software is upgraded to match these changes. Flight
testing must be carried out to verify correct operation.

Systems Integration

A typical system that might be integrated into a military aircraft is one associated with
electronic warfare (EW). The EW system itself can be an integration of various EW
components. The components, likely from different manufacturers, must work as a
system integrated with the EW bus controller. The EW system must then be installed
in an aircraft and, in turn, its bus controller must be integrated with the buses linking
existing onboard systems. This integration of data buses must then undergo flight
testing to verify the overall operation.

Armament Systems Effectiveness

A military aircraft, as a weapon, must be routinely examined for systems
effectiveness. Only through recording data while actually deploying or firing the
aircraft’s armament, and later interpreting that data, can the effectiveness be totally
evaluated. The deployment of sophisticated guided missiles involves the use of a
specialized armament telemetry range and remotely-controlled targets, or drones.
Considering the loss of the missile and possibly the drone, plus the cost of range time,
such endeavours are extremely expensive and are carried out sparingly. As much
flight data as possible are required to be recorded during these rare opportunities.



Anomalies

Apart from the aforementioned scheduled evaluations, aircraft integrated systems
should be monitored on a day-to-day basis during routine operations so that subtle
system anomalies can be detected and the associated data captured.

PURPOSE

This paper deals with satisfying the aforementioned testing requirements as applied to
the McDonnell Douglas CF-188 fighter aircraft flown by the Canadian Forces.
Specific requirements to accomplish CF-188 testing will be presented. Then, a data
acquisition system, the record-all small data acquisition system (RASDAS), that
allows those requirements to be met will be discussed, including: description, aircraft
integration, operation, ground and flight test, and an evaluation of the system versus
the stated requirements.

REQUIREMENTS

AIRBORNE SYSTEM

The requirements of an airborne data acquisition system to be used for avionics
integration test programmes on the CF-188 aircraft follow:

a. acquire data from two independent MIL-STD-1553 multiplex (mux) data buses;
b.  time-tag recorded data to allow correlation with ground instrumentation;
c. acquire data for at least a one-hour period;
d. utilize a convenient storage medium;
e. withstand the environment when flown in a high performance jet aircraft;
f. replace, displace or disable no operational equipment that is required during

testing;
g. necessitate no modifications to the aircraft;
h. be installed in, and removed from, a production aircraft quickly and easily;
I. be easily maintained and require minimal technical support on deployment;
j. be comprised of off-the-shelf equipment to the maximum extent possible; and
k.  be relatively inexpensive.

GROUND SYSTEM

The requirements for the data reproduction system follow:

a. reproduce data in a form compatible with standard decommutation equipment;



b. reproduce data immediately after a flight from a convenient storage medium;
c. deploy to the location of testing;
d. provide limited data analysis;
e. use off-the-shelf components; and
f. be relatively inexpensive.

MEETING THE REQUIREMENTS

EXISTING RESOURCES

Airborne

The Aerospace Engineering Test Establishment (AETE) currently maintains two
extensively instrumented CF-188 aircraft, as well as a versatile data acquisition
system for installation in unmodified production CF-188 aircraft. The two
instrumented aircraft are not available for deployment to distant test ranges, and the
versatile data acquisition system is large and replaces the aircraft’s cannon. Thus, the
requirements of the airborne system could not be met with existing resources. A new
type of data acquisition system was therefore required.

Ground

Existing data reproduction facilities at AETE include inter-range instrumentation
group (IRIG) standard equipment, 1553 data acquisition and analysis equipment and
pulse code modulation (PCM) video-encoded replay equipment. The equipment is
either large, part of dedicated equipment, or has inadequate bandwidth. Equipment
compatible with a new airborne system was required.

VIDEO ENCODING AND RECORDING APPROACH

PCM ENCODING

The biggest step toward meeting the aforementioned airborne system requirements
came a few years ago when PCM data was successfully encoded into a standard video
format for recording by a video cassette recorder. This approach used the convenient
video cassette storage medium and allowed PCM recording for up to an hour. As well,
the cost was reasonable.



1553 ENCODING

In October 1991, AETE evaluated a Merlin Engineering/TEAC MIL-STD-1553 mux
bus data acquisition and reproduction system. After successful evaluation in the lab,
using a mux bus simulator/analyser, the system was interfaced to the 1553 mux buses
of two different aircraft types (CF-188 and CF-116 fighter aircraft). Aircraft bus
traffic was successfully reproduced from the replayed cassettes with a negligible
number of errors. Because the components were relatively small and ruggedized, were
virtually off-the-shelf items, and used consumer HI-8 video technology with 60 or 120
minute cassettes, most of the requirements of the new data acquisition system were
now within reach.

AIRBORNE SYSTEM

COMPONENTS

The RASDAS airborne system is made up of six major components:

a. power control unit;
b. power distribution and status unit;
c. mux bus to video encoder;
d. video cassette recorder;
e. time code generator; and
f. doubler for the ammunition loading door 6 window.

Locations

The Power Control Unit (PCU) mounts in a fuselage electronics bay; the power
distribution and status unit, encoder and recorder, mount on a shock-mounted tray of
the RASDAS data acquisition unit which attaches inside the ammunition loading door
6 of the gun bay. The window doubler replaces a blanking plate that would obscure
the view through the door 6 window. Figure 1 shows the locations of RASDAS items.

Power Control Unit

The PCU consists of a relay on a box that mounts in a tray reserved for an optional
production item not currently used in the CF-188 aircraft. The PCU relay is activated
by pressing a switch mounted on the left throttle. This switch is normally used to
activate a night identification light used during air intercept missions. With RASDAS
installed, the identification light cannot be installed because RASDAS uses the light’s
mounting points inside the ammunition loading door; thus the light’s control circuitry



is available to be used to control RASDAS. Power reserved for an optional system
called the airborne instrumentation subsystem - internal (AISI), installed during air
combat manoeuvring training, is used for RASDAS. The AISI uses the same
mounting points as the identification light and RASDAS; thus, it can not be installed
when RASDAS is installed. Two power lines run from a circuit breaker panel near the
power control unit to the AISI location near the ammunition loading door of the gun
bay (see Figures 1 and 2a). The two AISI power wires are used as follows: one for
switched 28VDC (via the power control unit) and one for unswitched 28VDC
(bypassing the power control unit). Thus, unswitched 28VDC and the 28VDC
controlled by the light switch are available in the gun bay. To simplify installation,
two breakout harnesses connect to the aircraft wiring and carry all production wiring
through while splitting out the AISI 28VDC power and access to the identification
light switch. The breakouts install easily between existing production connectors, thus
leaving aircraft wiring intact.

Power Distribution and Status Unit

The power distribution and status unit is a box containing circuit breakers,
electromagnetic interference (EMI) low pass filters, light emitting diode (LED) status
indicators, a switch, a relay, and connectors. The unit attaches to the data acquisition
unit inside the ammunition loading door.

The unswitched and switched 28VDC from the power control unit (see Figure 2a) are
distributed, via circuit breakers and EMI filters in the power distribution and status
unit, to the encoder and recorder. The unswitched 28VDC goes directly to the recorder
to allow its internal heater to operate in low temperature situations. The switched
28VDC (controlled by the night identification light switch) activates a relay which in
turn puts the recorder into record mode. For routine ground maintenance, a switch on
the power distribution and status unit is available to disable remote operation and
allow the recorder to be operated using its front panel selector switch.

The LEDs indicate the operational status of the encoder and recorder. Of particular
importance are the “record”, “end-of-tape” and “local/remote” LEDs as these indicate
at a glance whether RASDAS is serviceable. These three indicators are visible
through the identification light window on the ammunition loading door.

Mux Bus Encoder

A Merlin ME-981-1553R mux bus encoder accepts two independent MIL-STD-1553
buses (avionics buses 1 and 2); each of those 1553 buses is made up of a pair of buses
(X and Y), one of which is redundant: either bus X or bus Y, not both, is active at any



given time. The bus encoder ORs buses 1X, 1Y into one data stream, and 2X, 2Y into
a second data stream (as shown in Figure 2b). The two data streams are then merged
and encoded into one video stream. A third aircraft bus, the EW bus, could be
connected to the bus encoder in place of either avionics bus. The data are encoded
such that error correction can be done during decoding [1]. The encoder is built to
withstand the shock, vibration and temperature extremes experienced in a high
performance aircraft.

Video Recorder

A wide bandwidth video recorder, either S-VHS or HI-8, can be used to record the
video signal. RASDAS incorporates a TEAC V-80AB-F HI-8 mm video cassette
recorder. Maxell P6-120XR-M120 tape cassettes were used. The V-80AB-F, though
ruggedized, is installed on a shock-mounted tray. A voice track is available on the V-
80AB-F recorder to record an IRIG B time code signal.

Time Code Generator

A time code generator could provide IRIG B time code to be recorded on the voice
track of the video recorder, enabling correlation of mux bus data with off-aircraft
facilities such as a telemetry range. A time code generator was not incorporated into
the prototype RASDAS.

GROUND SYSTEM

COMPONENTS

The RASDAS ground reproduce system is made up of the following components:

a. consumer quality HI-8 mm video cassette replay unit;
b.  video to mux bus decoder;
c. time regenerator and display (not required for prototype RASDAS); and
d.  mux bus data processor.

A bus reproduction block diagram is shown in Figure 3.

Video Cassette Replay Unit

Video cassettes from the airborne system can be replayed on any consumer HI-8 mm
video cassette recorder (VCR). The prototype RASDAS uses a Sony EV-S900 VCR.



Mux Bus Decoder

A Merlin ME-991-1553R mux bus decoder accepts the replayed video data stream and
converts it to two independent MIL-STD-1553 mux bus data streams. Currently, bus
1X is ORd with 1Y and 2X with 2Y in the front end of the airborne encoder. The
decoder reproduces 1X or 1Y at one output and 2X or 2Y at the other output. The
timing between the messages for each independent bus is replicated: reproduced bus
words appear, in time, just as they originally occurred on the aircraft bus. Between
independent buses, a constant time shift exists. For example, if a data word appears at
a given time on avionics bus 1X or 1Y and another data word appears on bus 2X or
2Y at the exact same time, those two data words, when decoded, will be separated in
time by a small and definable amount.

Time Code Generator

The ground-based time code generator complements the airborne time generator.
Being portable, the ground-based time code generator can be taken to the flight line to
synchronize the aircraft’s time code generator to IRIG B time of day. The ground
generator is also used as a time display when replaying and editing data and to
regenerate the IRIG B time signal for use by the mux bus processor. The ground-based
unit was not used during initial testing.

Mux Bus Processor

The fundamental use of the mux bus processor is to decommutate selected messages
and words from the reproduced MIL-STD-1553 buses. With that capability available
when travelling to remote range facilities, the correct operation of RASDAS can be
verified. Depending on the type of testing, the mux bus processor should be able to
provide a quick look at critical data points between flights. As well, the mux bus
processor should provide an interface between the bus decoder and more powerful
data processing equipment.

For the prototype testing, a LORAL SBA-100F was used to verify that valid mux bus
messages were being reproduced and to count bus errors. Also, to capture time
histories of specific reproduced data words, a LORAL System 500 was used; the
System 500 was interfaced to AETE’s computing facilities and plots of standard flight
parameters were provided for a number of manoeuvres.

An attractive implementation of a mux bus processor might be a small personal
computer with a 1553 bus interface. Such a computer could perform the basic
functions of the bus processor, could have special purpose software to implement



some data reduction, and, because of commonality with other personal computers at
deployed locations, could use borrowed peripherals and interfaces for data storage,
plotting or more sophisticated processing.

INSTALLATION AND OPERATION

The PCU is installed inside door 13L and connected to aircraft wiring via two
breakout cables. The data acquisition unit is installed inside door 6 and connected to
the AISI connectors.

Prior to flight, a technician installs a cassette and performs a time synchronization (if a
time code generator is installed). Door 6, on the left side of the airplane, is closed; the
pilot starts the right hand engine, then turns on the night identification light switch; the
technician looks into the door 6 window and observes the three critical indicator
LEDs; if the “record” light is on and the two trouble lights are off, the technician
signals to the pilot that RASDAS is operational. The assistance of the technician in
observing the status lights prior to flight is important because the pilot receives no
other feedback that RASDAS is recording. Given that most flights are shorter than
two hours, and 120 minute cassettes can be used, RASDAS need not be turned off
until after landing.

DATA EVALUATION

LAB TEST

Procedure

Once the RASDAS data acquisition components were assembled into a system,
including aircraft wiring harnesses, it was powered up in the lab and bus traffic was
connected to the bus cables. The SBA-100F was used to simulate one independent
MIL-STD-1553 bus consisting of a primary and secondary bus. The SBA-100F
primary and secondary buses were applied to the 1X, 1Y inputs. A known series of
mux bus messages were transmitted, encoded and recorded. Then the simulated mux
bus traffic was applied to the 2X, 2Y RASDAS inputs. Bus traffic was again recorded.
The voice track of the recorder was used to record comments before and after the test.
To simulate the redundancy of 1553 traffic, the SBA-100F was directed to switch its
output from primary (input X) to secondary (input Y) during recording.

Specifically, twenty-five messages, each consisting of one command word, one status
word and 32 data words, were transmitted by the SBA-100F to the bus 1 inputs of
RASDAS for approximately 30 minutes. One of the messages was transmitted as a



bus 1Y message; the other 24 were bus 1X messages. Each message was transmitted
17,446 times. The total number of words transmitted (at 34 words per message 17,446
transmissions of each message and 25 messages) was 1.48 x 10  words. The data were7

recorded on a previously unused Maxell P6-120XR-M120 tape. Then the SBA-100F
was connected to the RASDAS bus 2 inputs and data were recorded for about 30
minutes. The total number of words transmitted (at 34 words per message, 16,732
transmissions of each message and 25 messages) was 1.42 x 10  words.7

Upon completion of recording, the tape was played back into the bus decoder and the
bus decoder number one output (producing stream 1X or 1Y was connected to the
SBA-100B which was now used in its bus analyser mode. The tape was replayed and
the resulting bus error tally was recorded. Next, the second half of the tape was
replayed into the decoder and the number two decoder output (stream 2X or 2Y) was
analysed by the SBA-100F. Bus errors were tallied.

Results

Twelve erroneous words were detected during the bus 1X, 1Y replay and five during
the bus 2X, 2Y replay. The total result was approximately 17 erroneous words in 2.9 x
10  transmitted words or a word error rate of 5 in 10 . Another way of expressing the7           7

error rate is 17 errors for two buses in 30 minutes, or 0.3 erroneous words per minute
per bus.

A recording on previously used, but degaussed, Sony P6-60HMPX tape resulted in a
word error rate of approximately 164 in 10 . The relatively poor result was attributed7

to poor tape quality resulting from previous use.

AIRCRAFT GROUND TEST

Procedure

RASDAS was connected to a CF-188 aircraft’s AISI bus connector to acquire buses
1X, 1Y and 2X, 2Y. An SBA-100F mux bus analyser was connected to a
conveniently-located aircraft bus 1X, 1Y port. When RASDAS recording was started,
the SBA-100F was reset. For 10 minutes RASDAS recorded bus traffic while the
SBA-100F recorded the types of bus errors. Because the protocol of the CF-188
aircraft’s mux buses deviates from that of MIL-STD-1553A and B for certain data
transfers, the SBA-100F output a list of what it considered to be errors on the
aircraft’s buses. All errors indicated by the SBA-100F during the time RASDAS was
recording were noted. After 10 minutes, the SBA-100F was switched to monitor the
aircraft bus 2X, 2Y port and a second 10 minute RASDAS recording was made. The



video recorder’s voice track was used to record voice comments as testing progressed.
A Maxell 6-120XR M120 tape cassette was used.

Upon completion of the two tests, the cassette was taken to the lab where it was
replayed on the III-8 VCR, through the bus decoder and into the SBA-100F. For the
first test, the bus 1 decoder output reproduced CF-188 mux bus 1X or 1Y for 20
minutes total. Then, after rewinding the tape, mux bus 2X or 2Y from the bus 2
decoder output was reproduced. For each test, the types and numbers of errors were
noted. Those errors indicated by the SBA-100F both during recording and during
playback were discarded as they were due to bus protocol differences and not caused
by RASDAS.

Results

Those error types showing up during replay, but not seen during recording, were
considered to be actual errors. The tally provided by the SBA-100F for each error type
was taken as the number of erroneous words for that error type. For 20 minutes of data
for two buses, a total of 47 word errors were indicated, resulting in an average error
rate of 1.2 erroneous words per minute per bus. At first glance, that rate seems much
higher than the lab result of 0.3 erroneous words per minute; however, the buses on
the airplane were much more active (more commands and hence an increased
likelihood of error) than those simulated in the lab.

FLIGHT TEST

Procedure

With RASDAS recording, various test points were flown so that RASDAS operation
under various specific environmental conditions could be evaluated. Maxell
P6-120XR-M120 tape cassettes were used. Conditions achieved included:

a. high and low ambient pressure (3000 to 35000 ft;
b.  high and low temperature (high speed at low altitude and low speed at high

altitude;
c. moderate turbulence (low altitude);
d. high sustained positive normal acceleration (7.3g for 20 seconds);
e. negative sustained normal acceleration (-1.9g for 5 seconds); and
f. high buffet (high altitude, very slow).

Several seconds of data were acquired during each test point; a time history plot was
prepared from reproduced data for specific measurands at each test point.



The reproduced bus traffic from the entire tape was played back into the SBA-100F.
Disregarding those types of errors attributed, during ground tests, to differences
between the CF-188 bus traffic and MIL-STD-1553, the RASDAS errors were
counted. Because the Merlin encoding and decoding process performs error
correction, and thus might potentially alter the data in attempting to correct it, error
types were not recorded.

Results

The first test flight lasted one hour and included the test points listed above under
Procedure. The indicated error rate was approximately 1.8 erroneous words per minute
per bus.

For the second test flight, the recorder was turned on while airborne during a low to
moderate turbulence test point. The average error rate (over only one minute, 40
seconds) was 0.3 erroneous words per minute per bus.

Examination of time histories of selected measurands using the 1553 interface and
display capabilities of a LORAL System 500 connected to replayed bus traffic showed
no data dropouts.

RASDAS CAPABILITIES VERSUS REQUIREMENTS

AIRBORNE SYSTEM

Ratings of RASDAS capabilities against the previously stated airborne system
requirements follow:

a. Two MIL-STD-1553 mux buses, including redundancy, can be encoded,
recorded and reproduced reliably and accurately.

b. The prototype RASDAS did not include a time code generator, although the
recorder was capable of recording IRIG B time code. The ground-based VCR
was capable of replaying IRIG B into any suitable time code regenerator.

c. Using a 120 minute HI-8 cassette, data could be recorded for up to two hours.

d. The HI-8 cassette, being available on the consumer market, is a very convenient
storage medium; within a few minutes of landing, the airborne video cassette
can be removed and checked.



e. The airborne encoder and recorder can operate in high performance aircraft.
They are ruggedized and shock mounted to allow operation in a high shock and
vibration environment; also, the recorder has a built-in heater to allow operation
at low temperatures.

f. With RASDAS installed, neither the air intercept night identification light nor
the air combat training AISI can be installed. Neither system is actively
connected with the complex avionics systems of the CF-188 aircraft and thus is
not required during systems integration testing.

g. Existing mounting provisions, system control and wiring are used; thus, no
aircraft modifications are needed.

h. The PCU slides into a location normally occupied by a power supply; but
because that power supply is not currently used, the space is available. The data
acquisition unit mounts as quickly and easily as the identification light or AISI.

I. Once RASDAS is installed, only pre-flight operation checks and tape changes
are required (with the addition of a time code generator, pre-flight time
synchronization would be required).

j. The encoder and recorder currently have delivery times of a few months after
receipt of order. Wiring harnesses, the power distribution and status unit and the
PCU use readily available components and can be built by a basic mechanical
and electrical workshop facility.

k. The cost of parts is reasonable.

GROUND SYSTEM

Ratings of RASDAS capabilities against the previously stated ground system
requirements follow:

a. Standard off-the-shelf MIL-STD-1553 mux bus decommutation equipment is
available.

b. Using HI-8 mm technology and a 1553 decommutator, data can be observed
within minutes of the completion of a flight.

c. Ground equipment can be carried as luggage on a commercial air carrier or
borrowed at the deployed site.



d. Data analysis depends on the mux bus processor used.

e. Consumer video equipment is used and available off-the-shelf; the bus decoder
delivery time could be a few months, and the delivery of the bus processor
depends on its complexity.

f.  The cost of the parts is reasonable.

[1] Jensen, P. “Data to Video Encoding and Decoding System” ITC 92 San Diego,
CA, 26 to 29 October 1992
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ABSTRACT

The MicroDAS-1000 is an airborne Data Acquisition System
(DAS) designed to meet the growing needs of airframe
manufacturers for extensive test data accumulation,
processing and evaluation. As such, the system has been
designed with emphasis on modularity, miniaturization and
ease of operator usage and expansion. The MicroDAS product
line includes a series of components used as building blocks
to configure systems of virtually any size. The modular
design of these components allows considerable latitude to
the instrumentation engineer in configuring systems for
simple or complex applications. The modular concept has been
extended to the design of plug-in modules for different
functional requirements and system applications. All units
are under software control to allow rapid reconfiguration
and setup as requirements for instrumentation and data
gathering change.
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INTRODUCTION

The requirements of aircraft flight test programs have
evolved dramatically over the last 30 years. A modern test
program must employ instrumentation to process more data
while occupying less space on the vehicle. This has forced
the need for more compact instrumentation systems.

At the same time that there are pressures for reduced size
and weight, there are requirements for more sophisticated



systems. Not only are the number of data channels
increasing, but a vast variety of types of data must be
addressed. Traditional analog measurements must still be
made in approximately the same numbers as before, but there
has been an increase in the number of on board avionics and
computer buses with information that must be collected and
processed. A flight test instrumentation system must be able
to deal with all these data types and must be flexible
enough to meet new demands as they occur.

Due to the recent trend of reducing defense related
spending, the increased sophistication of flight test
programs has not been accompanied by greater financial
resources to accomplish the mission. Just the opposite is
true. There is pressure to decrease budgets on almost all
programs. This means that instrumentation systems must be
made cost effective. To accomplish this goal, not only must
the hardware be economical to procure but it must be
reliable, flexible, and easy to learn and use.

The MicroDAS-1000 Data Acquisition System has been developed
to address all of these factors. It is a miniaturized,
modular system that is easily reconfigurable. Virtually all
manual operator adjustments have been eliminated by the
incorporation of computer programmability for all system
parameters. The bus architecture has been designed to be
forward compatible with any new data types that may be
encountered in the future.

MicroDAS-1000 SYSTEM OVERVIEW

The MicroDAS-1000 consists of a series of system components
that can be configured to form a complete data acquisition
system. The major elements are the RMU-1000 Remote
Multiplexing Unit (RMU), DCU-1000 Data Combiner (DCU), and
the GSC-1000 Ground Support Computer (GSC). The RMU provides
the functions of a data collector and PCM Encoder. It
contains sixteen (16) slots to accept any Signal
Conditioning or Bus Monitor Module in the system. Multiple
RMU’s may be combined to form an Airborne Data Acquisition
Multiplexer (ADAM). The Data Combiner accepts inputs from
RMU’s and selectively sends the data to transmitters, tape
recorders or computers. The GSC-1000 is used for all setup
and verification of the system.



RMU-1000 Remote Multiplexer Unit Overview

The RMU-1000 and its respective input function cards provide
the main platform to which all MicroDAS data inputs are
applied. An RMU-1000 is capable of accepting up to sixteen
(16) plug-in input modules. The input modules are divided
into analog and digital functions and can occupy multiple
card slot locations.

The RMU set-up information is downloaded from the system GSC
via an RS-232 communication channel. The RS-232
communication architecture is defined by the Microcom
proprietary Data Acquisition System Management (MicroDASM)
application software. The downloaded data contains all
appropriate input and program variable information.

The RMU is designed to be a fully programmable signal
conditioning encoder. It conditions signals from various
types of aircraft transducers, converts the analog signal
voltages into digital representations, and then formats the
digital data into an IRIG standard serial Pulse Code
Modulation (PCM) data stream.

The MicroDAS RMU is designed to be configured either as a
Master or a Slave encoder. As a Master, the RMU can operate
“stand alone”, formatting data from 16 plug-in Signal
Conditioning cards into a standard PCM data stream with no
other hardware attached. If channel expansion is required,
the RMU’s can be chained together in a Master and Slave
configuration to increase the number of channels in an
encoder system. Up to 31 RMU’s can be slaved to a Master
RMU. The interface between the Master and slave RMU is
designed as a serial address/data bus with RS-485 level
signals to allow for communication over large distances
(100-500 ft. depending on bit rate) between the Master and
Slave units. The result is a distributed PCM encoder
architecture where the encoder unit can be located in
proximity to the sensors.

Larger systems can be configured by connecting the Master
RMU’s to a DCU-1000, MicroDAS Data Combiner Unit. The
MicroDAS DCU accepts up to eight (8) MicroDAS ADAM’s, each
containing up to 32 RMU’s, as inputs.

A block diagram of a MicroDAS-1000 is shown in Figure 1.
This diagram shows a Master/Slave RMU configuration with
typical system inputs and outputs.



FIGURE 1
MICRODAS-1000 SYSTEM



Signal Conditioner Cards. The Signal Conditioner modules
provide all necessary excitation, amplification, offset, and
filtering of analog transducers. After being “conditioned”,
analog signals are converted into digital signals for
conversion into PCM format. A central feature of the
MicroDAS RMU-1000 is that Signal Conditioner modules are
fully computer programmable. The need to physically access
the Signal Conditioning modules and change components or
jumper connections is eliminated.

A standard set of MicroDAS Signal Conditioning function
cards has been developed satisfying the majority of
analog/digital input requirements encountered. Additional
functions can be easily implemented as new signal
conditioning types. The following list represents the
standard set of input conditioning cards.

o MSC-1000-001, Dual Channel Wheatstone Bridge
o MSC-1000-002, Dual Channel Resistor Temperature Detector

(RTD)
o MSC-1000-003, Dual Channel Piezo-Accelerometer
o MSC-1000-004, Dual Channel Accumulator
o MSC-1000-005, Dual Channel Synchro to Digital
o MSC-1000-006, 16 Channel Voltage Source Multiplexer
o MSC-1000-007, 36 Bit Discrete/Time Code
o MSC-1000-008, Dual Channel Frequency to Digital
o MSC-1000-009, Dual Voltage Source
o MSC-1000-010, Quad Charge Amplifier
o MSC-1000-011, Customer Specified Signal Conditioner
o MSC-1000-012, MIL-STD 1553 Bus Monitor
o MSC-1000-013, ARINC 429 Bus Monitor
o MSC-1000-014, RS-232 Data Decoder
o MSC-1000-015, Asynchronous PCM Input

RMU-1000 Technical Description

The RMU PCM Encoder Unit (Figure 2) is designed for data
acquisition from avionic bus inputs and/or analog transducer
inputs. Each RMU contains a Power Supply card, Formatter
card, and a sixteen (16) card slot backplane. A signal
conditioning card can plug into any available card slot in
the RMU backplane. The Backplane, Power Supply, and
Formatter cards are built into the base of the unit. Salient
features of the RMU-1000 include.

o Simultaneous S/H, all system channels
o A/D conversions, per channel or card basis





o One power supply per housing
o Internal Microprocessor Control
o Master and Slave interface circuitry in each unit
o Serial communication circuitry
o EEPROM for program setup information storage
o Power watchdog circuit. Resets RMU after power loss
o Alternate or External Clock for RMU Synchronization

Programmed values from the Ground Support Computer are
stored in EEPROM on the RMU Formatter card and are loaded
into the Signal Conditioning channel cards upon power-up or
reset.

The following paragraphs describe the operation and
characteristics of the Signal Conditioning modules used in
the RMU.

MSC-1000-001, Dual Wheatstone Bridge Conditioner. The
Wheatstone Bridge Signal Conditioner Module is a two (2)
channel, fully programmable module designed to interface
between Wheatstone Bridges (between 120 and 5 Kohms) and a
data bus. A block diagram of the Signal Conditioner is shown
in Figure 3.

The following are the salient programmable features:

o Excitation, 0 to 1OVDC, 12 bit, current limited.
o Gains in range of 1 to 1000, 12 gains per channel.
o Offset, 13 bits resolution, (balance) and adjustable

±10V.
o 6-Pole Pre-Sample Filter, 5Hz-3000Hz, 16 cut offs per

chan.
o Responds to system S/H command.
o Zero, Voltage and Shunt calibration capability.

MSC-1000-002, Dual Channel RTD Conditioner. The RTD Signal
Conditioner is a 2 channel fully programmable module
designed to interface between RTD sensors (of between 40 and
3K ohms) and a data bus.

The following are the salient programmable features:

o Excitation, 1 to 16 ma, 12 bits.
o Gains in range of 1 to 1000, 12 gains per chan.
o Offset, 13 bits resolution, (balance), range through

±10V.





o 6-Pole Pre-Sample Filter, 5Hz - 3000 Hz, 16 cut offs per
chan.

o Responds to system S/H command.
o Zero and Voltage calibration capability.

MSC-1000-003, Dual Piezo-Accelerometer Conditioner. The
Piezo Accelerometer Signal Conditioner Module is a 2 channel
fully programmable module design to interface between Piezo
Accelerometers and a data bus.

The following are the salient programmable features:

o High Pass Filter Input, 10% cutoff at 5 Hz
o Excitation, 1 to 16 ma, 12 bits compliance voltage of

2OVDC
o Gains in range of 1 to 1000, 12 gains per chan.
o Offset, 13 bits resolution, (balance), range through

±10V
o 6-Pole Pre-Sample Filter, 5 Hz - 3000 Hz, 16 cut offs

per chan.
o Responds to system S/H command
o Zero, Voltage and shunt calibration capability

MSC-1000-004, Dual Accumulator Conditioner. The Accumulator
Signal Conditioner Module is a two (2) channel fully
programmable module designed to interface between discrete
input occurrences and a data bus.

The Signal conditioner is designed to operate in one (1) of
four (4) modes.

o Accumulator - A 32 bit counter maintains a running count
of conditioned input data.

o Frequency Measurement - The data input is fed to the
counter while the on-board time base is fed to a
register.

o Period Counter - The data is fed to a latch while a high
speed clock is fed to the counter.

o Special Functions - Special functions can be implemented
for various totalizer, timer functions, and presently
undefined functions via firmware changes.

MSC-1000-005 Dual Channel Synchro to Digital Conditioner.
The Synchro to Digital Conversion Signal Conditioner Module
is a fully programmable 2-channel module designed to
interface between various synchro angular position
transducers and a data bus.



The Signal Conditioning Module is designed to accept an 11.8
Vrms or input signal from 360 to 440 Hz.

The Synchro Input line-to-line input impedance is 100 Kohms
minimum. The Reference Input line-to-line input impedance is
250 Kohms minimum and operates in two ranges. Low range is
defined as 26 Vrms, and high range is defined as 115 Vrms.

Static accuracy is 5 arc-minutes maximum, over the specified
input voltage, frequency and temperature ranges.

MSC-1000-006, 16 Channel Voltage Source Mux Conditioner. The
16 Channel Analog Multiplexer Signal Conditioner module is a
fully programmable module designed to interface with voltage
signals of up to 100 Vpeak and a data bus. The Signal
Conditioner Module contains four (4) excitation sources
+28Vdc, +15Vdc, -15Vdc, and +5Vdc which are short circuit
protected.

The following are the salient programmable features:

o Gain, 12 per channel over a range of 1 to 1000.
o Offset, 13 bits resolution (balance), range through

±10V.
o Zero and Voltage Calibration Capability.

MSC-1000-007, 36 Bit Discrete/ Time Code Conditioner. The
Discrete Signal Conditioner Module is a fully programmable
module designed to interface between digital transducers and
a data bus. Input logic “Hi” ranges from 2.7 to 32 volts,
input logic “Lo” ranges from 0 to 1.5 volts. Floating inputs
are designated as logic “Hi”. Provisions are included to
interface the discrete inputs to a Time Code Generator.

MSC-1000-008, Dual-Frequency to Digital Conditioner. The
Frequency to Digital Signal Conditioner Module is a fully
programmable module designed to interface between rotary
tachometer signals and fluid flowmeters and a data bus. The
operation and optional configurations are similar to the
Accumulator Signal Conditioner Module.

MSC-1000-009, Dual Voltage Source Conditioner. The 2 Channel
Voltage Source Conditioner Module is a fully programmable
module designed to interface between differential voltage
signals of less than 5V peak and a data bus. The Module
provides excitation of 0 to 10V which is short circuit
protected.



The following are the salient programmable features:

o Gain, 7 per channel, over a range of 1 to 1000.
o Offset 12 bits resolution (balance), range through ±5.
o Filter 8 selections per channel, 10 to 3000 Hz.
o Balance VCAL and ZCAL.
o Responds to system S/H command.

The output of each channel is an analog 0 to 5 volt signal,
converted into 12 parallel data bits upon receipt of the S/H
command. One A to D converter is allocated to each channel.

MSC-1000-010, Quad Charge Amplifier Conditioner. The Charge
Amplifier Signal Conditioning Module is a 4-Channel fully
programmable module designed to interface between
piezoelectric or charge output accelerometers and a data
bus.

The following are the salient programmable features:

o Filter, 16 selections per channel, 5 to 3000 Hz.
o Gain, selectable per channel 0.5,1,2,4, for input charge

ranges from 0 to 20k pCp-p.
o Zero and Voltage Calibration Capability.

MSC-1000-012, MIL-STD 1553 Bus Monitor Conditioner. The 1553
Bus Monitor has the capability to recognize and capture up
to 256 message blocks from a dual redundant 1553 bus. In
addition, time tag information and data status words, which
indicate overflow or underflow conditions are generated on
the bus monitor and are available. Any data word within this
block can be selected to be inserted into the PCM data
stream via menu driven software. 1553 data can be included
along with analog and other digital data in a PCM stream.

MSC-1000-013, ARINC 429 Bus Monitor Conditioner. The 429 Bus
Monitor can recognize and capture up to 256 data words
associated with selected labels from two 429 buses. Each 32
bit data word can be parsed and inserted into the PCM data
stream. Data status words are generated for inclusion into
the data stream to signal overflow and underflow conditions.

MSC-1000-014, RS-232 Date Decoder Conditioner. Asynchronous
serial data can be inserted into the PCM stream via the
RS-232 Bus Monitor. This card accepts any eight bit data
with a start bit and at least one stop bit. It is
programmable for baud rates from 300 to 19,200 bits per



second. Message blocks of up to 8192 data characters can be
accommodated by the system.

MSC-1000-015, Asynchronous PCM Input Conditioner. The PCM
Input Conditioner allows the insertion of other PCM data
into the output PCM stream. The conditioner requires only
NRZ-L PCM data and a clock. Frame synchronization is
detected on the card and a buffer is sequentially filled
from that location. That data can be inserted into the PCM
stream by the same means as the RS-232 Data Decoder card.

DCU-1000 DATA COMBINER UNIT OVERVIEW

The DCU-1000 performs the function of gathering all the data
from up to eight (8) ADAM’s and selectively routing the data
to various devices for recording, analysis and transmission.
It also acts as a single point of communication between all
the data systems and the Ground Support Computer.

The DCU-1000 can supply four simultaneous outputs, each one
containing all or some submultiple of the incoming data. All
data can be output by running the bit rate at X number of
times each input bit rate, where X is the number of ADAM’s
in the system.

Each output is programmed independently to contain its
desired data words, with the only restriction being that the
amount of time necessary to transmit the data is equal to
the time for a frame of data on the input. Since there is a
total frame of valid data in the buffer being accessed, word
assignment in the output frame does not have to follow the
sequence of the incoming frame.

Although the synchronous merge system adds a certain amount
of complexity to the setup of the individual frames, it
increases system performance in several ways. It increases
the system sample rate beyond what is possible in a single
PCM Encoder of this type available today. This is possible
because the A/D converters for the analog channels operate
at the rates of the individual ADAM’s and not at the output
system rate.

Compared to asynchronous methods of merging data, where data
samples are input to a “current value” table, or in a
command/response system, the synchronous method optimizes
the use of bandwidth for analog channels while maintaining
the rules of the Sampling Theorem. No oversampling of



channels is necessary because each sample correlates to a
specific time interval in the output data. This time
interval is also a constant, so no error is produced due to
time differences in sample rates. All other techniques
either require extra data samples to be taken or do not
guarantee a constant time interval between samples.

GSC-1000 GROUND SUPPORT COMPUTER OVERVIEW

The Ground Support Computer (GSC) is a ruggedized, portable,
PC compatible and is designed to perform system
configuration and diagnostics on the flight line. It
consists of an 80386 based PC, an internal Bit Synchronizer
and PCM Decommutator, and MicroDASM software. All
communications with the MicroDAS System is done via one
RS-232 or RS-422 link and a PCM output stream from the
system.

MicroDASM software forms the core of the GSC’s capability.
This software performs the following system functions:

1. Allows full configuration of a MicroDAS system via user
friendly, pulldown menus. This includes all channel and
gain parameters.

2. Loads setup files into the airborne MicroDAS System
either from the Ground Station or from the GSC itself.

3. Performs end-to-end system tests and diagnostics
utilizing the built in Bit Synchronizer and
Decommutator, and reports any out of tolerance
conditions.

CONCLUSION

By taking full advantage of the capabilities of computer
integration, the MicroDAS-1000 system offers many desirable
features to a Flight Test Engineer. There is no longer a
need to physically access the hardware to make adjustments
or change settings. Software can run pre-flight calibration
and report results back to an operator. Data necessary to
program the MicroDAS-1000 system can be integrated into the
ground system data base to allow the systems integrator to
play an active role in the Flight Test Program.

The MicroDAS-1000 system has been developed to serve the
needs of the Flight Test Community. By providing a flexible,



expandable platform and combining it with the latest in
computer and software technologies, this system is
positioned to not only accommodate the needs of today but to
grow with the requirements of tomorrow.
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ABSTRACT

Within the Aerospace industry, the operational community is facing staff reductions,
reduced skill levels, and greater complexity of space assets and space missions. This
combination requires that techniques be developed that more efficiently interface a
human operator with a complex computer system. Operational support of complex
space systems will be greatly facilitated by better presentation of information. The
presentation and distribution of complex data must evolve towards formats that are
easily and naturally embraced by our sensory systems. Some of the information
technologies/techniques that facilitate the presentation of complex dynamic graphical
data fall into a category called integrated media.

The cost of implementing integrated media (IM) architectures has decreased
substantially within in the past five years. While implementation costs continue to
recede, the quality and value of information that can be presented using IM
technologies continues to improve. Today’s IM architect can select a variety of
components including digital interactive video, 3D Navigable Worlds, Multimedia
Authoring Systems, standardized compressors for IM data, low cost high volume
storage systems, and operating system extensions for temporal data management.
Together, these components form a solid foundation for the development of a variety
of compelling IM architectures.

Existing satellite support and mission data processing architectures typically present
tabular data for assessment. Some “advanced” systems include 2D graphical
projections of the data. System experts are generally trained to correlate relationships



between tabular data items. The training required to “learn” these complex
relationships is tedious and time consuming. This complexity impedes productivity
and as space systems increase in sophistication, these techniques for data assessment
are quickly becoming antiquated. The development of a prototype decision support
system explores the utility of an integrated media documentation system as part of a
full-featured decision support architecture for satellite operations.

Background

The application of advanced information processing technologies as part of an
improved architecture for satellite control has been vigorously pursued over the past
several years (see [1] - [5]). Initial work concentrated on the application of expert
systems towards anomaly resolution in attitude control systems on DSCS and GPS
[1]. The utility of the data inferencing/display tools was improved when they were
migrated from special-purpose Lisp processors to general purpose workstations [1].
This migration provided an opportunity to explore a general design for decision
support architectures used in satellite control. Testing prototypes in an operational
environment was essential in distilling the salient components of a decision support
system for satellite control. One of these components has been identified as the
information navigator (iN) [2], [3]. This component provides an advanced point &
click interface to system documentation as well as a host interface for tools that do not
require direct access to spacecraft telemetry data [3].

Goals

To improve the presentation and navigation of information it was clear that the iN had
to provide a compelling and engaging format for interaction. The traditional layout of
linear text documents when translated into electronic form would add little value to
the established paradigm for linear text browsing. The users would be better off with a
paper text document and its accompanying pictures because of its inherit portability.
Through the course of its development the primary goal of the iN has been to provide
the user with a richly connected collage of text, graphics, sound, and video. This
document, with its network of connections could be browsed/read in a standard linear
fashion, but it would encourage (by its very format) the non-linear navigation of
“related concepts.” In complex technical documentation, the added value of the
hypermedia links between related subject items becomes at least as great as the
original information.



A Decision Support Architecture

The iN is a part of the ASW II (Advanced Satellite Workstation II) decision support
architecture prototype developed for the UHF Follow-on Satellite Program. The
primary components of this decision support architecture are a data server, knowledge
server, display manager, and the iN. The block architecture of these primary
components is shown in Figure-1.

A PCM telemetry stream and an IRIG-B time signal are fed into the data server.
Within the data server, the PCM data stream is frame synced, time-tagged and stored.
The stored data and/or real-time stream is made available to the Telemetry Analysis
Workstation (TAW) for engineering unit conversion, data inferencing by the
knowledge server, and presentation by the display manager. The graphical display of
time-valued data on the TAW is complemented by supporting documentation
available on the iN. A provision exists for auto-orienting the iN to match supporting
documentation within the context of the telemetry measurands being inspected on the
TAW.

The Information Navigator

The iN is a substantially enhanced electronic version of traditional support
documentation. The traditional format for support documentation is paper. A large
complement of paper documentation is delivered as reference material for those
charged with managing the performance of a satellite system throughout it’s lifecycle.
As a reference, this documentation provides satellite operators an owners manual of
procedures, schematics, system descriptions, etc, that address maintainence and
configuration of the satellite. A primary part of this supporting documentation is
referred to as an Orbit Operations Handbook (OOH). In ASW II, the iN was
developed from electronic versions of the OOH (and other supporting documents)
received from the satellite prime contractor.

Electronic versions of the text were transferred to “containers” within the iN display
environment. Initially, an attempt is made to keep the same basic structure as the
original document when transferring the material to a navigational format. All
diagrams and figures in the electronic documentation are separated and stored
according to their reference title in the original documentation. Once a majority of the
documentation has been transferred to visual containers within a hypermedia-style
display environment, it is formatted to approximate the original document style. After
the initial formatting is complete, a variety of hypertext links, and custom hypermedia
document browsers are constructed to facilitate navigation through the documentation.
When the specialized document browsers are complete, custom menu systems are
built as an additional method for document reference.



Information Navigator Hardware

This iN is hosted on an Apple Macintosh IIci computer with 32Mbytes of RAM and a
high performance 1.3Gbyte magnetic disk. In addition, the iN includes a CD-ROM
drive to support delivery of high-volume information in the future. The display system
for the iN is a 19 inch monitor with a 75Hz scan rate and a screen resolution of 24
bits/pixel for full color imagery. ASW I included a video disc player for display of as-
built pictures and video material [3]. Commercial extensions to the iN software
environment made it possible to access digital movies and high-resolution images as
in ASW I, but without the need for specialized video disc players.

Information Navigator Software

The primary interface environment for the iN is HyperCard . All of the electronic™

versions of contractor generated support documentation (OOH, operator training
workbooks, program overview documents, etc ... ) were migrated into the HyperCard
environment. All schematic diagrams, and other still graphic material was saved in a
native Macintosh object-based drawing format to retain scaleable and editable
qualities. Motion-based graphics including animations and video sequences were
formulated using several applications on the Macintosh. Swivel 3D™ was used to
formulate a 3D model of the spacecraft (based on simple drawings in the contractor
documentation). 3D model animation of spacecraft deployments (solar array, antenna,
etc.) were exported to temporary files. These temporary files were later converted to
“movie” file formats. An operating system extension for the Macintosh
(QuickTime™) provides a method for display of digital movies by synchronizing
temporal data.

Information Navigator User Interface

The point-and-click paradigm was maintained throughout the iN. Even a “table of
contents” (shown in Figure 2) has an enhanced value when point-and-click operations
from a computer keyboard and mouse can bring the referenced section of the
document to the foreground of the users viewscreen. Navigation through most all
information is done by “pointing-and-clicking” on the word/phrase/diagram
component of interest [3]. When a word in text references other text, animation,
pictures, or video, it is identified by a grey underline and a bold type style. These
references provide a hypermedia link between related material. Several examples of
hypermedia links from referenced text to diagrams and full-motion video sequences
are shown in figures 3 through 5. Schematic diagrams can also reference text, other
diagrams, or digital video. To access these references, the user points to and clicks on
the area of interest within the schematic diagram. The supporting material is called to
the front of the users viewscreen in direct response to the point and click operation.



Point and click is not the only way to navigate information contained within the iN.
To complement the hypertext links within the table of contents and other parts of the
iN, a set of menu commands were developed to help the user navigate through the
major sections contained within the iN. The primary menu items associated with the
iN are shown in Figure 6. Each of the menus in Figure 6 provide either quick access to
major sections in the documentation, or additional tools for navigation of the on-line
documentation. The workbook menu (shown) and the OOH menu (not shown) can be
added/deleted from the menu bar by selecting the menu items “OOH” and
“Workbook” from the General menu.

The “auto orienting” feature of the iN referred to earlier incorporates a generalized
message passing scheme. This message processor can parse a message of the form:
“system, subsystem, unit, component.” Parsing this message generates a list of all
sections in the documentation where this sequence is referenced. This list is used as a
set of pointers to the referenced sections. Parsing operations take place in the search
window shown in figure 7.

When any item in the list is “clicked on” the referenced documentation is displayed.
The same communications mechanism supporting the auto orienting function of the iN
makes it possible to configure displays on the telemetry analysis workstation (TAW).
Configuration of the telemetry displays is initiated by a message sent from the iN to
the TAW. Once received, the message on the TAW can be enabled. When enabled,
the message will configure the TAW displays to match the context of the
documentation reference. An example might me a documentation reference to battery
reconditioning procedures. The TAW displays would be configured to show a set of
expected voltage and temperature curves that correspond to a nominal battery
reconditioning activity.

An additional feature of the iN is a flexible search capability. One of the shortcomings
of the ASW I system was its inability to list all references to a specific text search.
This left the operators with a vague feeling about whether they had “seen” all there
was to see on a specific subject [1]. The iN contains a hierarchically structured search
utility. Figure 7 shows the search utility window, the spacecraft attitude control
documentation window, and a referenced diagram.

The search utility window was developed to efficiently reference all documentation
that corresponds to a specific keyword string. Upon entering the keyword string, the
user initiates the search. The search utility returns a list of “systems/chapters” within
the documentation where the keyword string is referenced. By clicking on any of these
system references, the search utility returns a list of subsystems/sections in the center
window. Selection of any of the subsystems calls up a list of elements/subsections in



the right window of the search utility. At this point you have a direct reference to a
specific point in the documentation and clicking on the element of choice calls up the
documentation text window or diagram or video that is being referenced.

The arrangement of system, subsystem, and element corresponds to the three-tiered
structure of the implementation environment (HyperCard). Within this structure
system corresponds to “stack”, subsystem corresponds to “background in a stack” and
element corresponds to “a card within a specific background.” Adding additional
levels to this object hierarchy would be desirable and hopefully supported by user-
defined object hierarchies in future implementation environments.

Certain elements of the on-line documentation maintained by the iN are presented in a
format that allows user modifications. This “living” format allows the documentation
to reflect the current system state and accommodate the typical “notes in the sidebars”
style annotation that traditional paper documents receive.

In addition to IM documentation, the iN contained an interactive graphical editor for
orbit activity planning called Timeliner. The Timeliner program was developed and
integrated into the same HyperCard environment as the other portions of the iN.
Timeliner provides a visually intuitive projection of time-valued activities. The start
times and durations of these activities can be manipulated through the graphical
display. These “point, click, and drag” manipulations modify the on-line
documentation for each activity. The Timeliner will be used to provide an on-line
view of the mission events timeline for the launch and early orbit checkout of the
satellite. Ground station visibility data and satellite position data is read from an
external file. Mission activities are also read from an external file. The Timeliner
application provides a high-level graphical display and edit facility for these textual
data files. A portion of the Timeliner screen is shown in Figure 8.

Perspective & Future Directions

Integrated media development tools have improved within the last year. An earlier
implementation of an iN [4] used a video disc player, with video imagery displayed on
a separate monitor. This technology was effective, but required the production of
video discs. In addition, workspace in an operational environment is often at a
premium, making the second monitor undesirable. The present implementation of the
iN was able to make use of modern digital interactive video playing from a standard
digital medium (magnetic disc, CD-ROM, optical disc) on the standard display
medium (the computer monitor).



Perhaps the most exciting aspects of this implementation relate to the “average”
nature of the delivery platform. Aside from having a large disk drive and a healthy
portion of RAM, there is no special-purpose hardware required to support the wide
variety of media formats (text, audio, hi-resolution diagrams/pictures, and video) on
this platform. The technology for delivery of systems of this variety is ready today and
should be embraced by the community.

We are all witness to a surge of technical advances within the computer industry that
will leverage integrated media developments. Platforms for multimedia applications
exist from a variety of vendors including but not limited to: Apple, Commodore, DEC,
HP, IBM, and NeXT. The technical advances in hardware and systems software from
our workstation vendors are making it easier to substantially enhance paper
documentation as it migrates towards a computerized format.

Rather than follow “yet another implementation” of this proven technology, our future
plans call for the introduction of several high-payoff emerging technologies for
information navigation. These emerging technologies include: voice recognition, and
virtual world data representations. Together with techniques such as those reported on
in the present work, we expect these emerging technologies to further improve
operator effectiveness in managing increasingly complex space systems.
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Figure-1: ASW II Block Architecture

Figure-2: Information Navigator Table of Contents Window



Figure-3: Hypertext Diagram Access



Figure-4: Hypertext Diagram Access



Figure-5: Hypertext Interactive Video Access

Figure-6: Information Navigator Menus



Figure-7: Information Navigator Search Utility



Figure-8: Timeliner Application Window



A HIGH PERFORMANCE MIL-STD-1773 DATA BUS

Li Zheng

Department of Electronic Engineering
Beijing University of Aeronautics and Astronautics

100083 Beijing, P.R. China

Ni Yu-De

Department of Electronic Engineering
Civil Aviation Institute of China

300300 Tianjin, P.R. China

Zhang Jian-Guo

University of Parma
Strade Felice Cavallotti N.51

43100 Parma, Italy

KEY WORDS

Fiber Optic Data Bus, Avionics

ABSTRACT

This paper gives detailed ideas and methods about the design and development of high
performance MIL-STD-1773 airborne fiber optic data bus. To reject impulsive interference
efficaciously, the large core and large numerical aperture fiber optics are adopted, as well
as high- emitted power LEDs and a low noise optical receiver structure to get high
signal-to-noise ratio at decision time. Two new modulation technique----digital frequency
shift keying and partial tri- level Manchester are recommended, which are very attractive
in the disign of modern optical bus. Meanwhile, VLSI chips COM1553B are used to
construct bus control interface unit, thus many advantages have been brought out.



INTRODUCTION

MIL-STD-1553B, a military standard for a 1Mb/s serial data bus released as an official
document on September 21, 1978 by SAE-A2K, is gaining acceptance in the military
aerospace community. However, the integration of increasingly complex avionic systems
and the transmission of data at higher and higher rate pose many new problems for the
aircraft manufacturers, most of which focus on the questions of electromagnetic
compatibility (EMC) and the spread of channel bandwidth capacity. Moreover, to reduce
the weight of aircraft is a very important aspect by a new kind of medium. It is difficult to
settle these questions in MIL-STD-1553B data buses, where shielded twisted copper pair
is used. As a transmission medium for avionic multiplexed data bus applications, optical
fibers have many advantages over cables, which include the immunity of electromagnetic
interference (EMI), radio frequency interference (RFI) and electromagnetic pulse ( EMP);
high reliability; enormous bandwidth; good secrecy; lightness and thinness; and the
potential cost reduction. In May 1976, a Fiber Optic Task Group was formed under the
purview of SAE-A2K to develop a fiber optic multiplexing standard compatible with
MIL-STD-1553B, and MIL-STD-1773, which is an optical version of MIL-STD-1553B
wire bus, was promulgated by the Department of Defense of U.S. in May 1988 [1]. The
document in MIL-STD-1773 for data bus protocol, bit assignment and related bus traffic
management is designed to correspond exactly with MIL-STD-1553B, and optical fibers
are only provided as the transmission medium for hardware terminals developed according
to MIL-STD-1553B. MIL-STD-1773 anticipates the advantages offered by optical fibers
will lead to the replacement of MIL-STD-1553B with fiber optic channels in the new
generation of airborne data buses

For airborne optical data bus systems, the reliability is one of the most important factors,
which mainly relys on the design of hardware and software in data buses. The principles
improving system reliability are studied thoroughly and effective measures are adopted,
which include increasing received average optical signal power to reject impulsive noise,
and adopting a good modulation, and using VLSI chips to construct bus control interface
unit, thus the optical network gets high reliability in practice.

SYSTEM ARCHITECTURE

The block diagram of this airborne MIL-STD-1773 optical bus is shown in Figure 1,

The transmissive star (8-port) optic data bus configuration is adopted in this high
performance optical network. Eight remote terminals (RTs)are linked with the bus, and the
distance between RTs can be a long as 60 meters, and each RT consists of a
microprocessor (INTEL 8086) card, a bus control interface unit (BCIU) card and an
optical transceiver card. The signals of the air data computer (ADC) are transmitted to 



Fig. 1 The Block Diagram of MIL-STD-1773 Data Bus

MIL-STD-1773 data bus and other information returned to ADC by ARINC-429 data bus.
Other airborne equipments such as inertial navigation systems (INS) and Doppler
navigation systems (DNS) can also be linked with the optical bus. All inter-terminal
communication is conducted under the control of a dedicated bus controller (BC), which
initiates all data transfers and monitors their success or failure. In this optical bus, BC and
RT are designed as an organic whole.

FIBER OPTIC DATA BUS CONFIGURATION

Five fundamental fiber optic data bus configurations are given in MIL- STD-1773, which 
are reflective star coupled bus, transmissive star coupled bus, bi- directional T- coupled
bus, uni-directional T-coupled bus and bi-directional hybrid coupled bus [1]. Of the basic
optical bus configurations, the bi-directional T-coupled configuration is closest in form to
the MIL-STD-1553B wire bus. Actually, the optical bus configurations are flexible, and a
reunited hybrid configuration can be adopted according to practical requirements. A
reflective or a transmissive star coupled bus possesses the characteristics of minimal
optical transmissive losses and optical signal range (OSR), and the harm of optical fibers
in a terminal can not affect other terminals’ functions, so a star network must be prior
considered in a small terminal-network, although the needs for optical fibers are not the
least in this configuration, the defect only appears in a large terminal-network.

However, in an aircraft, it is found that RTs are substantially grouped into a few physically
distant zones, for example aircraft cockpit, aft avionics bay, and engine bay. In this
situation a signal star coupler based interconnect, with a fiber, or pair of fibers, running
from each RT to the star coupler, becomes unacceptably unwieldy, expensive and
vulnerable. In response t o these major limitations, a flexible and elegant full passive
multi-star fiber network topology----locoal star bus can be adopted [2], which is therefore 



efficient in terms of fiber cabling and versatile while being well tailored to typical aircraft
requirements, but large OSR is required in optical receivers.

REJECTION OF IMPULSIVE INTERFERENCE

The impulsive noise appears in the form of burst or cluster and usually leads to burst errors
or error group and has very great effect on airborn MIL-STD-1773 data buses. Although
MIL-STD-1773 optical systems completely eliminates the possibility introducing
impulsive interference by transmission medium, impulsive noise may be brought in through
power lines due to very strong electromagnetic interference (EMI) sources existed in
aircraft. Bad ground, all kinds of radiation to optical receivers whose shelters may be not
the best, and metal cable with various uses in optical fiber cable can also introduce
implusive interference into systems [3]. A kind of impulsive noise with representative
amplitude distribution----double exponential distribution is studied, which can
comparatively coincide in practice. When 1Mb/s Manchester II code is transmitted in
MIL-STD-1773 data buses, the relation between signal-to-noise ratio (SNR) at decision
time and bit error rate (BER) is shown in Figure 2.

Fig. 2 BER Versus SNR for MIL-STD-1773 Data Bus

In optical buses where impulsive noise and Gaussian noise exist together, Gaussian noise
is main factor of bit error when SNR lower, whereas impulse noise will play a main role in
causing errors when SNR higher. For MIL-STD-1773 data bus, the BER should not be
greater than 10  at 1Mb/s, so the optical network requires high SNR (above 50dB) which-9

is usually ensured by system design, and the burst error is actually caused by impulsive
interference. Figure 2 shows that impulsive noise is a primary source of interference and a
principal performance-limiting factor in high SNR MIL-STD-1773 systems. The way of
improving the interference rejection can be divided into two aspects, one can utilize all



kinds of methods based on principles of EMC, the other can adopt advanced technique
such as error-correcting codes, good modulation- demodulation and detection and so on.
One of principal aspects is to pursue the improvement of SNR at decision time. For simple
direct optic-electronic device-fiber coupling, the coupling efficiency is approximately
proportional to the square of optical fiber numerical aperture (NA) as well as core
diameter, so the large core and large NA fiber optics should be adopted, as well as high
quality and high-emitted power LEDs, PINs with high responsibility and low noise, and a
low noise optical receiver structure to get high SNR at decision time, therefore, not only
can errors caused by Gaussian noise be eliminated basically, but also the impulse
interference can be rejected effectively.

This airborne optical bus operates at a wavelength of 850 nm, the LEDs are pigtailed to a
fiber whose core diameter is 140 µm (NA= 0.32), the average output power (50% duty
cycle) of LEDs measured at the end of 1 meter long fiber is above 400µW at 100 mA
when operated at 1 Mb/s. The model of PINs is RCA C30957, and a dynamic range of a
optical receiver is 12dB.

OPTICAL MODULATION SCHEMES

The optical modulation technique is a very important topic which heavily affects the
reliability and complexity of airborne buses. Whether a modulation scheme is adopted or
not mainly depends on whether Three Electrical Output States are directly gotten at an
optical receiver. If this design goal is accomplished, less response time is needed, and
retrofit of wire receivers with optical receivers will be possible at the protocol interface.
Moreover, the communication-quality must be kept excellent, the interface must be simple,
and a job must not be miscellaneous when this modulation adopted.

Figure 3 shows the four optical data modulation schemes proposed by SAE-A2K Fiber
Optic Task Group, which are bi-level full width Manchester code, pulse position
Manchester code, tri-level Manchester code, and frequency shift keying (FSK).

Fig. 3 Optical Modulation Schemes



Manchester II bi-phase level code is proposed by MIL-STD-1773 because it has the
greatest compatibility with MIL-STD-1553B modulation protocol, but it is not easy to
provided Three Electrical Output States in an optical receiver which correspond to
‘positive pulse’, ‘zero level’, and ‘data bus quietness’. Unlike the electrical signals in
MIL-STD-1553B where three signal levels (I. e. ; +V, -V, and Zero Level) are contained,
in optical fiber transmission systems with intensity modulation, there are only two
states ---- power-ON and power-OFF, negative optical power does not exist, so the optical
input signals to a receiver have only two states, therefore, the electrical output signals have
only two states, and two states ---- ‘data bus quietness ( power- OFF)’ and ‘zero level
(power-OFF)’ can not be distinguished. When a message ends and a response is expected,
there is a 0.5 µ s difference in the length of the message, measured to encompass the start
and end ON-times of the message and depending on whether the last message bit is a ‘1’
or a ‘0’, the former may result in the shorter Message the 0.5 µ s. In order to solve the
problem related to three states output, the more complicated data processing technique
should be used at optical receivers, but it results in longer processing time which may not
be acceptable to MIL-STD-1773 (I. e. , 4.0 to 12.0 µ s response time). Therefore, we think
the bi-level full width Manchester modulation is not a good scheme in a successful avionic
optical buses. Pulse position Manchester code uses narrow pulses (duty cycle is much less
than 0.5) to mitigate the average value problem, but great system -band-width and complex
optical receivers and transmitters and high-required LED-PINs are in use, and it can not
give three electrical output states in an optical receiver. FSK, with one frequency
established at about 20MHz during half of an information bit or sync code time and a
second frequency set at about 19MHz during the other half, mitigates the average value
problem and existence of a signal in both halves of the information bit or sync code makes
it possible to distinguish the data bus quitness state from the power- OFF state during a
message, which is impossible using bi-level Manchester II code, so FSK is constantly
adopted in optical network. But a miscellaneous job must be done, greater bandwidth
LEDs are required. We pursue high- emitted power of LEDs in this optical bus, leading to
the 20MHz LEDs bandwidth, thus FSK can not be adopted in this optical network. With
tri-level optical Manchester modulation, the baseline drift caused by band-pass
characteristic of fiber optic receivers is eliminated because the optical power level is
continuously ON at the average of the peak and OFF values when no message is being
transmitted, and three electrical output states of optical receivers can be gotten directly.
However, there is a fatal weakness always existing direct optical power Pn/2 ( Pn is the
peak optical power output of one optical transmitter when message is ‘1’) when no
message. In a single 32-port star coupler network, the signal amplitude Pn/64 much less
than Pn/2 overlaps on direct optic power Pn/2 when message exists, thus average life-span
of LED-PINs is reduce and large random noise and coherent noise are caused, making
tri-level Manchester code unattractive in a many -terminal situation.



We recommend two optical data modulations----digital frequency shift keying (DFSK) and
partial tri -level Manchester code, which are very helpful in the design of modern airborne
fiber optic data buses. The modulations are shown in Figure 4.

Fig. 4 DFSK Encoding and Partial Tri-level Manchester Modulation

In DFSK modulation, electrical data bus signals ‘1’ are coded as one frequncy (1MHz),
‘0’ are coded as a second frequency (2MHz), and when the electrical bus would be quiet
the optical bus is also quiet. Three electrical output states of optical receivers can be
offered in DFSK scheme, simply finishing coding and decoding of DFSK by digital
circuits, the highest bit rate of DFSK is only 2MHz, and better immunity to the various
second order effects. DFSK scheme is adopted in this optical network.

Actually, partial tri-level Manchester is a modulation scheme based on tri-level
Manchester. We can make optical transmitters nolight when bus quiet and modulated by
tri-level Manchester when bus transmitting making use of the strobe gate provided by
BCIU. The fatal weakness that a direct power Pn/2 exists when no message is eliminated,
the advantages tri- level Manchester possesses are maintained.

BCIU CONSTRUCTED BY VLSI CHIP

Protocols for MIL-STD-1773 are so complex that two to three circuit boards packed with
discrete devices and many SSI/MSI circuits have been required to interface equipment
subsystems and the physical bus. Many famous corporations such as Circuit Technology,



Inc. ( CTI). Grumman, Hamilton Standard/Mostek, Harris Semiconductor, Standard
Microsystems, and Rockwell International are devoted to the development of VLSI chips
which are used to construct the BCIU in MIL-STD-1773, and many VLSI chips
supporting MIL-STD-1773 are put into commercial use. The VLSI chips----COM1553B
produced by Standard Microsystems Corporation are used to construct BCIU in this
optical bus, thus greatly simplifying the interface between microprocessor and
MIL-STD-1773 data bus, with the reduction of system volume, improvement of the design
of BC/RT as an organic whole, and of data bus reliability.

The BCIU block diagram is shown in Figure 5.

Fig. 5 BCIU Block Diagram

The BCIU lay between the optical transceiver (including DFSK coding and decoding
circuits) and microprocessor (INTEL 8086) has main function converting the data from a
serial to a parallel format (when receiving) or from a parallel to a serial format (when
transmitting). The BCIU and the microprocessor make the subsystems linked with RTs
communicate each othor according to MIL-STD-1773 protocols. The RT contained BCIU,
microprocessor and optical transceiver is key part in data bus system, it decides the data
bus ability to exchange and process information and tolerate errors. The VLSI chip
COM1553B is linked with microprocessor by DMA mode due to high efficiency of DMA.
DMA controller is used to manage communication between COM1553B and
micro-processor.

CONCLUSION

The optical data bus has been carried out test in practice and operates very well for a long
time according to MIL-STD-1773 protocols. The effective measures adopted above ensure
the optical network to have high reliability in all kinds of extremely complicated and



adverse circumstances of EMI. However, it is important to note that this application does
not utilize the enormous bandwidth potential offered by fiber optics, optical fibers are only
transmission medium for the equipments developed by MIL-STD-1553B, and the
characteristic of very great bandwidth of fiber optics will be fully utilized when
MIL-STD-1773 is upgraded in the new generation of high performance aircraft (the next
generation airborne data bus should work at ~ 50Mb/s or higher).
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