
for the data page and if out of limits, it sets up an interrupt. This information is used
when a channel requires immediate attention if out of limits. An example of this
would be a channel that monitors temperature of the unit.

C. PCM Data Post Processing.
After data capturing is complete the raw data has been stored in the 32Mb of memory.
This raw data must then be further compressed and then converted into a user friendly
format. The post processing compression is accomplished by removing unnecessary
special channels. A special channel, typically the last channel of the frame, is utilized
to count the number of captured frames and to record what time that frame occurred.
A special channel is compressed if there is no other data between two consecutive
special channels and the time between these two channels meets certain limits. The
time requirement is to verify there is no data gap present. If these conditions are met
the frame counter is incremented and the second special channel is compressed. This
extra compression is done in seconds and compresses 2 - 3 % more data of the total
data volume.

After the raw data has been post compressed it is then ready to be converted into a
format the user can understand and use in analysis. Five elements comprise this
format: frame number, tag number, data, time, and name of the channel. The data and
tag are already in memory, the name is derived from the tag and the channel
information page. The frame and time are obtained from the compressed special
channels. The time is computed by the following two equations:
If the tag number is less than the special channel:
time = special channel time base+((special channel-(special channel - tag))*word time)
If the tag number is greater that the special tag:
time = special channel time base+((special channel + (special channel - tag))*word time)
where word time = 8.0/(bit rate *1000)

All the raw data is converted to this format and then sent on to the host computer for
analysis.

The event data also has to be converted into a user friendly format. This format
converts the digital time in a seconds reading. The conversion also determines what
event occurred and whether or not it was a rising or failing occurrence. This process
also sends back status information which aids the main computer in analysis.



CONCLUSION

The design of the PCM Data Compressor was extremely successful. The reasons for
this success are cost, maintenance, data compression, and speed.

The cost of the PCM Data Compressor was $26,213. This includes $1500 for each
custom board. The cost of the entire system was $38,213 taking into account the cost
of the commercial decommutator. This price was comparable with the cost of
commercial products. With the extra capability and customizing the cost of the pcm
compressor is justified. Having designed and proved in the custom boards the
expertise exist on site and any needed service is available immediately.

The most important reason for the success of the PCM Data Compressor is the
excellent data compression ratio and speed that was obtained. The hardware achieved
a 95% compression ratio. This was due to the flexibility of the compression methods.
The delta limit method allows the user to compress out channels whose values
fluctuated randomly during testing. The software was able to increase this ratio to
98% by deleting unnecessary special channels. This method was only possible
because of the software running in extended DOS mode and the speed of the CPU.

In conclusion, the problem stated at the beginning showed the need to be able to store
and analyze 1.8 Gb of data. The data compressor was able to reduce this quantity to
under 32Mb. This compression allows the user to test a unit faster and more
accurately than was possible before.
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ABSTRACT

Lossless data compression systems allow an exact replica of the original data to be
reproduced at the receiver. Lossless compression has found a wide range of
applications in such diverse fields as: compression of computer data, still images (e.g.,
medical or graphical images) and video (usually, in the form of entropy coding of the
output of intra/inter-frame lossy schemes). It has been studied for over forty years and
new compression algorithms are still continuously developed. This paper is a survey
of current lossless techniques with results quoted for both sequential data files and
still images.

1 INTRODUCTION

Data compression techniques can be grouped into two broad classes:  a) lossless
techniques, (also known as reversible, noiseless, bit preserving, or information
preserving algorithms) that allow an exact replica of the original data to be reproduced
at the receiver, and b) lossy (irreversible) techniques, that reconstruct an
approximation to the original data, thereby achieving significantly higher
compression. When data compression is motivated by the need to reduce storage
requirements (e.g., in storing data on computer disks or tapes, or, in archiving X-ray
material and other pictorial databases) it is usually important to employ lossless
techniques. On the other hand, in data transmission applications (such as video
transmission, teleconferencing, remote sensing via satellite) emphasis is usually
placed on reducing the amount of transmitted data and the compression technique
need not be information preserving as long as the decompressed data satisfies some
fidelity criterion. Lossy compression is commonly applied to consumer-type still
images and video, and it can be thought of as a filtering operation. However, there are
several image compression applications where certain quality and/or legal
considerations mandate the use of lossless compression (e.g., medical imaging,
compression of graphics, deep space communication of imagery data).



Data compression algorithms can be further classified as one-dimensional schemes
(e.g., for processing of sequential data such as computer programs, text files, numeric
data, digital audio) and multidimensional ones (e.g., for processing of still images or
video signals). Perhaps the best known one-dimensional lossless scheme is Huffman
coding. Originally a two-pass technique (gathering source statistics on the first pass,
and compressing the data according to its own statistics on the second pass), it has
recently been made one-pass and adaptive. It was only in the last ten years that a new
generation of “universal” coding schemes has emerged that are superior in most
respects to Huffman coding. Universal schemes (a.k.a adaptive or dynamic schemes)
have been developed for cases where the input statistics are not a priori known to the
coder. They estimate the source statistics during the coding operation and adapt
themselves thereto in order to maximize compression. Arithmetic codes and the
Lempel-Ziv algorithm are the two most important members of this class of powerful
schemes.

The rest of this paper is organized as follows. Section 2 surveys the two major groups
of sequential algorithms: dictionary and statistical techniques. The subject of lossless
compression of imagery data is briefly introduced in section 3. Several textbooks and
review articles  have extensively surveyed multidimensional lossless techniques[1]-[5]

and compared their performance in the context of various applications. The interested
reader should refer to these surveys for more information. We conclude this work with
examples of practical implementations of lossless algorithms and some simulation
results.

 2 SEQUENTIAL DATA COMPRESSION SCHEMES

The schemes described in this section process data in a sequential manner, input
symbol by input symbol, without special provisions for frame structure, end of line,
etc. However, together with a two dimensional scanning strategy and may be with
some preprocessing, these schemes can be used successfully for compression of 2D
data, e.g., pictures. Sequential compression techniques can be classified as: dictionary
and statistical techniques. Dictionary techniques are generally characterized by some
sort of alphabet extension, viewing a given sequence as a concatenation of fixed- or
variable-length blocks of symbols (subsequences) and encoding such subsequences
with more compact codes. Statistical algorithms encode the original data without any
extension one symbol at a time, exploiting the nonuniform distribution of the symbol
probabilities; unlikely symbols are encoded using long codewords, whereas high
probability symbols are encoded using fewer bits. It is difficult to establish the
superiority of one class of algorithms over the other with regard to the compression
performance. Indisputably, though, dictionary techniques provide the most practical
trade off between flexibility, compression, and speed.  For an overview of both[6]



statistical and dictionary compressors see Lelewer's and Hirschberg's survey  and the[7]

book by Bell et al. [8]

2.1 Dictionary Based Coding Techniques

Dictionary based compression systems (a.k.a textual substitutional codecs) remove
redundancy by detecting and exploiting the presence of repeated patterns in long
strings of symbols, e.g., common English words used in text files or certain keywords
and identifiers found in inventory records. Typically, such compressors replace a long
sequence of symbols in the input data stream with more compact codewords. Each
time a unique string of symbols occurs, it is entered into a “dictionary” and is assigned
a numeric value, a codeword. Subsequent occurrences of dictionary entries are
replaced by their associated codewords. The Lempel-Ziv algorithm and its variations
are good examples of this class. Other schemes that fall in the same class are some
locally adaptive methods  and the recency ranking code of Elias.  Fiala and[9] [10] [11]

Greene,  Storer,  and Williams  discuss textual substitution schemes in great[12] [13] [14]

detail, contain extensive bibliographies and provide extensive comparisons of the
performance of most popular dictionary encoders on large sets of test files.

2.1.1 Lempel-Ziv Coding

Most practical compression programs, including the popular Unix utility compress, are
based on a technique invented by Lempel and Ziv. The Lempel-Ziv (LZ) method - a
string matching and parsing approach to data compression - converts variable length
strings of input symbols into fixed length codes stored in a dictionary. A universal
scheme, the LZ compressor is applicable to a wide variety of data with different types
of redundancy. It does so by “learning” the redundancy of the data “on-the-fly”; no
prescanning of the data is needed. Two realizations of the LZ method exist: the LZ77
and LZ78 schemes.

LZ77: The first algorithm introduced by Lempel and Ziv  compresses a data string[16]

by converting it into a sequence of items, each of which can be either a literal item or
a copy item. Literal items consist of the text they represent. Copy items consist of an
offset and a pointer that together point to a substring of the data stream already
transmitted. This scheme is often identified as the “ sliding dictionary method” for data
compression, or data compression using “ finite windows”, for it requires that a finite
number of input symbols be stored in a buffer during the encoding/decoding
processes. This buffer consists of two parts: its initial part contains a finite number
from the past history of the input, while the remaining much smaller part contains the
future symbols to compress (the look-ahead-buffer). At each step during the encoding
process, the look-ahead-buffer is compared to the rest of the window and the longest



string in the window that matches all or a prefix of the look-ahead-buffer is found. If
this matched-string is longer than two input symbols  a copy item is transmitted[12]

informing the decoder that the string occurred earlier and providing it with sufficient
information to locate the substring within the buffer. Otherwise, the first
uncompressed input symbol is transmitted as a literal item. Control bits indicate
whether items are literal or copy items. Compression is achieved by representing long
input strings using copy items. For this scheme, the decompression is extremely fast,
since it only involves some string copying, but the compression is slow, due to the
complexity of the string matching procedure. The algorithm of Storer and
Szymanski,  the A1 and FG schemes of Fiala and Greene,  and the hardware[18] [12]

optimized scheme of Williams  are good examples of the LZ77 method.[19]

LZ78: In an effort to speed up the encoding process, Lempel and Ziv proposed a
second algorithm  in 1978 that converts strings of input symbols into fixed-length[17]

codes stored in a string-translation-table, a dictionary. The LZ78 scheme employs a
greedy parsing algorithm - repeatedly matching the input stream to the words
contained in a dictionary and returning pointers to the locations in the dictionary of the
longest match. The dictionary is initialized with all single symbol strings over the
input alphabet, and contains strings previously encountered in the message being
processed. After every match, the matched string concatenated with the next symbol
of the remaining input stream is added to the dictionary, and a unique identifier (its
code value) is assigned to it. The codeword associated with the matched string is
transmitted to the decompressor. The process continues until the input stream is
exhausted. The decoder rebuilds the same dictionary as the data stream is
reconstructed, so that no extra data is needed to transmit the dictionary. The major
concern in implementation is storing the dictionary. Welch  proposed that each[15]

string be represented by the identifier of its prefix string and the extension symbol, so
that each entry has a fixed length. Such an implementation is possible since the
dictionary growth heuristic implied by the addition of the last parsed word
concatenated with the first unmatched character causes the dictionary to contain every
prefix of every word it holds. The data structure representing such a dictionary with
the “prefix property” is an ordered labeled rooted tree (a trie). Each edge emanating
from a vertex is labeled by a character of the alphabet. A vertex represents the string
obtained by concatenation of all characters along the path from the root to the vertex
(see Figure (1)). Several variations of the LZ algorithm exist that increase
compression performance by sometimes significant amounts . The major difference[20]

between the two LZ schemes is that LZ78 makes no attempt to optimally select strings
for the dictionary. While the LZ77 scheme limits the scope of the search by confining
the string-matching process within a finite-sliding-window over the message being
compressed, the LZ78 scheme limits the search to only a subset of all possible strings
in an infinite input buffer. This suboptimal searching routine leads to very fast



hardware implementations, but typically lowers the number of strings that can be
matched, thereby reducing the achievable compression ratio. The popular Unix utility
compress (based on the Welch's implementation of the LZ78 algorithm ), when[15]

applied to text files, yields compression ratios of up to 60%, depending on the nature
of the text and the size of the dictionary, but has a large memory requirement (450
Kbytes). On the other hand, the FG algorithm (a member of the LZ77 class) requires
less memory (186 Kbytes for encoding and 130 Kbytes for decoding) and achieves
compression that is about 30 percent better than that provided by compress  but runs[12]

at half the speed of the compress routine.

2.2 Statistical Coding

A popular alternative to a dictionary based coding scheme is a statistical scheme.
Statistical coding, often identified as “ entropy” coding, generally refers to the class of
compression schemes which compact the data by reducing statistical redundancy,
having to do with similarities, correlation and predictability of the data. A statistical
compressor may be viewed as consisting of two steps : a) source modeling -[22] [23]

involving the construction of a mathematical model that sufficiently characterizes the
statistical behavior of the input source and accurately predicts the probability of the
individual input symbols, and then b) encoding these symbols with a number of bits
which is close to -log2 of the predicted probabilities (the optimal code length
according to the theory of source coding ). Efficient coding techniques are currently[21]

known. Huffman coding, for example, is quite efficient when the alphabet size is
fairly large. Arithmetic coding investigations in recent years have resulted in a class of
practical schemes which are relatively new with respect to the long-established
Huffman coding.

Given the availability of efficient coding techniques, compression depends on
correctly estimating the local statistics of encoded symbols. Therefore, of overriding
importance to statistical compression is the building of a good source model, which
adapts to the local statistics of the encoded symbols on-the-fly, as the coding
progresses. In order to improve the estimation accuracy, Rissanen and Langdon [23]

conditioned the probability of the coded symbol on a “ context” based on a number of
symbols in the immediate vicinity of the current symbol. Source models that predict
successive input symbols taking into account symbols already processed are generally
referred to as “context models” Markov models are good examples of this type of
modeling; the PPMC  algorithm, the state-of-the-art in context-modeling, is a[8]

variable order Markov model. Context modeling has proved to be the most promising
of current general purpose data compression algorithms. However, while context-
modeling algorithms provide excellent compression, they suffer from the
disadvantages of being slow and requiring large amounts of memory space in which to



execute. Bell et al.  report encoding and decoding speeds of 2000 symbols per second[8]

(sps) for an order-3 context model as compared with 12000 sps for compress and 6000
sps for algorithm FG. Recently, a major research effort has been devoted to the
designing of fast context modeling algorithms. [24]- [29]

2.2.1 Huffman Coding

Huffman coding  (HC) is one of the most popular schemes currently in use. It[30]

translates fixed-size pieces of input data into variable-length symbols whose average
length approaches the normalized entropy of the input source. The general strategy is
to assign codewords of relatively short length to those input symbols with the highest
probability of occurrence. This method is also known as variable word-length coding
(VLC). It can be shown that the HC performs optimally if all symbol probabilities are
negative powers of two. But, its average code length is also constrained to be at least 1
bit per input symbol, regardless of how small the entropy is. Construction of a
Huffman code involves the use of a tree (see Figure (2)). The symbols to be coded are
arranged according to decreasing order of their probabilities. Construction of the tree
proceeds from bottom-up as follows: the two symbols with the lowest probabilities are
combined via a node and their probabilities are added to form the probability of a
“combined symbol”. The new set of symbols is again arranged according to
decreasing order of probabilities and the procedure is repeated. This procedure
continues until all symbols are combined into a single symbol whose probability is
one. The resulting codebook is implemented as a code tree with branches that contain
the codewords.

There are some major drawbacks to Huffman coding in this way: a) the codebook has
to be transmitted as a header of the compressed data stream; b) its efficacy is limited
by the size of the alphabet, since it encodes each symbol independently; and most
important, c) the probabilities of the input symbols must be known before coding can
begin. Gallager  introduced an adaptive version of Huffman coding (further[31]

developed by Knuth ) that alleviates some of the above problems. It is a fairly[32]

complex scheme, though, and it is difficult to implement in real time. In the
meanwhile, a new class of universal statistical codes has emerged that generally
outperform Huffman codes and lead to simple implementations. This class of
powerful codes, collectively known as Arithmetic coding, can be thought of as a
generalization of Huffman coding in which probabilities are not constrained to be
powers of 2 and code lengths need not be integers.



2.2.2 Arithmetic Coding

Arithmetic coding  is a compression method that maps a sequence of symbols to[37] [6]

an interval of real numbers between 0 and 1. Shannon was the first to prove  that if[21]

the mapping is so constructed that the initial interval is divided among all possible
sequences, allocating to each sequence a subinterval that is proportional to its
probability, compression down to the source entropy is reached. Elias  presented a[33]

symbolwise recursive technique that accomplishes such a mapping. In its modern
form, that leads to real-time dynamic implementations, arithmetic coding was
introduced by Rissanen,  Pasco,  and further developed by Rissanen and[34] [35]

Langdon.  General arithmetic coding compresses an m-ary symbol stream , but[36] [6]

simplifies for binary symbols.  The technique of symbol decomposition  provides a[38] [21]

means of converting any nonbinary source using an arbitrary but fixed alphabet size
into an equivalent binary stream that can be coded by a binary code.

The encoding algorithm for arithmetic coding proceeds as follows (see Figure (3)): the
“current interval” is initialized to [0,1), the interval of real numbers between 0
(inclusive) and 1 (exclusive). For each input symbol, the current interval is partitioned
into subintervals, one for each possible alphabet symbol, with sizes proportional to the
relative probability of occurrence of the input symbols, as estimated by the source
model. The new “current coding” interval becomes the subinterval associated with the
symbol that actually occurred in the input stream. This process continues until all
input symbols are exhausted. Then, what is transmitted or stored instead of the
original sequence (i.e., the coded message) is the binary expansion of a real number
that lies in the final current interval. The number of bits in this expansion is so chosen
that permits the decoder to distinguish the final current interval from all other possible
final intervals. The decoding is also done recursively, using the same interval-partition
process as the encoding. Since the code stream always points to a real number in the
current interval, the decoding process is a matter of determining, for each
reconstructed symbol, which subinterval is pointed to by the codestring.

 In the encoding process, the length of the final subinterval is equal to the product of
the probabilities of the individual symbols, which is the probability p of the particular
sequence of input symbols. It can be shown that the number of bits in the binary
expansion of the real number that distinguishes the final subinterval from all other
possible subintervals is within one bit from -logp, the source entropy. Thus, arithmetic
coding is optimal without the need for blocking the data. This method is also adaptive
and does not need the probabilities of the symbols in the input in advance. These
probabilities could be dynamically updated as the input is read and mapped into the
interval. The system works as long as the encoder and the decoder have prior
agreement about the precise way of estimating the probabilities. Furthermore, since



the encoding/decoding processes involve binary fraction arithmetic rather than
concatenation of integer codewords, the more probable symbols can often be coded at
a cost of much less than one bit per symbol. In all these respects, arithmetic coding is
superior to the Huffman coding method. Arithmetic coding investigations in recent
years have resulted in several practical coders.  In particular, the state-of-the-art in[6] [38]

binary adaptive arithmetic coding is presented by the Q-coder. [39] [40]

3 TWO-DIMENSIONAL LOSSLESS CODING SCHEMES

New developments in the desktop computer market (visualization, multimedia, color
printers, high resolution monitors, digital video editing), and in the consumer
electronic market (digital cameras, color facsimile, video games) are creating a
tremendous need for high quality image compression systems. Lossless image
compression poses a unique set of challenges. Images are highly correlated with
respect to spatial, temporal, and chromatic variables. Sequential compression
schemes, of the types described above, while fairly adept at exploiting the redundancy
in repetitive symbol patterns, are less capable of removing correlations between pixel
values in adjacent lines and frames of raster scanned images. High order context
models are needed to capture the multidimensional structure of imagery data.
Moreover, string matching algorithms do not usually perform well on picture data
because, long repetitive patterns are only rarely found in pictures. A new class of
codes is required for the efficient compression of imagery data. Several textbooks and
review papers have been devoted to the subject of image compression.  In[1]- [5]

particular, run-length coding, contour coding, bit-plane coding, and block-coding are
among those schemes that have been considered for use in image compression.
Furthermore, recent developments in the area of sequential compression have led to a
new generation of practical schemes which first compress the image using a highly
efficient lossy algorithm, and then, encode the noisy residual with a lossless sequential
coder.

3.1 Run-Length Coding

Run-length coding  (RLC is one of the most extensively studied and simplest[41] [42]

methods among the image coding schemes. With RLC sequences of identical input
symbols (a run) are encoded as a count field (run-length) plus an identifier of the input
symbol. It has extensively been applied to the compression of facsimile images. One-
and two-dimensional versions of run-length encoding are part of both the Group 3 and
the Group 4 CCITT standards  for the compression of bilevel facsimile images as[43] [44]

well as the STANAG 5000 standard for tactical digital facsimile equipment. In
general, RLC is most practical for images with few gray scales (e.g., graphical
images) and it does not perform well on halftone images.



3.2 Contour Encoding

A contour-encoder functions by splitting an image into distinct objects; an object
being a region within which all pixels have a constant grey-level. The image may then
be represented by the boundaries or contours of the grey levels in each object. Each
contour is uniquely encoded by specifying its grey level, the location of one point on
its boundary, and a sequence of directionals which give the chain-code of the outer
boundary of the object as it is traced in a clockwise direction. Each chain-code is
composed of line segments connecting adjacent pixels in a horizontal, vertical, or
diagonal direction.  The basic premise of contour encoding as a means of data[45] [46]

compression is that an image (especially, graphical images) will contain a relatively
small number of contours compared to its total number of pixels.  The efficiency[47] [48]

of a contour-encoding scheme can be increased by further encoding the boundary
information with a standard sequential scheme, like the LZ algorithm or an arithmetic
coder.  Contour coding is a rather complex process, however, and suited only for[49]

relatively low picture transmission rates (e.g, video games, cartoon movies, etc.).

 3.3 Bit-plane Coding

Constant wordlength PCM image coding can be conceptually organized into bit planes
corresponding to the pixels' positions with the most significant bits occupying the
lower plane. In most natural images the lower plane bits seldom change, while the
upper plane bits fluctuate almost randomly. Standard bilevel image coding algorithms
can be used to compress the individual bit planes. These algorithms can be designed
separately to match the statistics of each bit plane. In order to increase the coherence
of the bit planes, i.e., to create large uniform areas of 1's and 0's, the binary pixel
values are usually converted into Gray coded  values prior to compression.[50] [2]

Common bit-plane encoding algorithms involve the use of run-lengths of the 1's and
0's, or 2 D variable-block coding . The most powerful approach, though, to[2]

compressing bilevel images has proved to be the arithmetic scheme of Langdon and
Rissanen.  This scheme conditions the probability of a pixel's being black on a[23]

template of pixels surrounding it. Two different models have been used (shown in the
following figure), wherein each binary pel is encoded based on the context of a set of
7 and 10 neighboring pels, respectively, selected from those above and to the left of
the current one (the shaded circle marks the position of the pixel about to be coded).
Each pixel's polarity is then coded arithmetically according to this probability. The
application of the resulting binary adaptive arithmetic coder to raw bit plane data is
straightforward.  Several investigations have explored the usefulness of conditional [49]



modeling schemes for bilevel images  as well as bit plane data. A similar approach[51] [2] 

has been used in the emerging JBIG standard as the coding scheme for compressing
facsimile images. [52]

Another grey-scale image compression technique similar in principle to bit plane
coding has been introduced by Rice.  Rice's scheme functions by removing the least[53]

significant k bits (k varying between 1, and 10 bits for a 16-bit input symbol) from the
binary representation of the input symbol and coding the remaining bits with a
variable length entropy coder. The removed k least significant bits are transmitted
uncompressed along with the selected code word for the most significant part of the
input symbol. This scheme has been employed by the Voyager 2 spacecraft for the
transmission of imagery information, and it has been recommended by CCSDS for use
as a basis for developing a standard data compression scheme for the transmission of
telemetry data.  A VLSI implementation of Rice's scheme has recently appeared in[54]

the form of a chip set. [55]

3.4 Block Coding

Block coding was first developed for bilevel facsimile images. However, at the
expense of some increase in complexity, it can be made adaptive and generalized to
multilevel picture coding.  Block coding groups contiguous pixels in blocks of[4] [56] [57]

size nxm, where n and m are the number of pixels in the horizontal and vertical
directions, respectively. These blocks are then encoded by an entropy coder according
to their probabilities of occurrence.

3.5 Lossy Plus Residual Techniques

Several data compression algorithms have been devised which reduce image
redundancy by first decreasing the amount of correlation in the imagery data through
the use of an efficient lossy scheme and then encoding the residual data (the
differential between the original image and the reconstructed lossy replica) via a
lossless coder to achieve distortionless reconstruction. Such compression algorithms
are generally known as “ lossy plus residual” techniques. The most commonly used
decorrelation methods can be grouped in three classes: predictive, transform, and
hierarchical (multiresolution) decorrelation.  One of the advantages of those[1] [3] [65] [67]

techniques is that they lead themselves nicely to progressive transmission,  i.e.,[65] [66]



sending a sequence of low-resolution component images that produces, in stages. an
increasingly accurate representation of the original image. The motivation for
progressive coding is: I) low bit rate transmissions (e.g., videoconferencing over
telephone lines, where one wants to send a rough sketch of the image first with details
following), ii) browsing through remotely stored pictures, iii) creation of pictorial
indices for large databases, iv) the ability of adapting the amount of data compression
and image quality to the particular needs of different users or to the variable resolution
components of a large communication network, and, v) sending images from a
transmitter threatened with imminent destruction.

3.5.1 Predictive Decorrelation

Among the various compression methods, predictive techniques have the special
advantage of relatively simple implementation. Predictive schemes exploit the fact
that adjacent pixel values from a raster image are highly correlated. With a DPCM
codec, the transmitter (and receiver) predict the value of the current pixel on the basis
of the pixels which have already been transmitted (received). Then, only the
prediction error needs to be transmitted. If a good predictor is used, the distribution of
prediction error is concentrated near zero and the error image has a significantly lower
entropy compared to the original image. The number of pixels used in the predictor
(its order), and their locations with respect to the pixel to be coded have a direct
bearing on the predictor performance.  Extensive studies with a variety of data[58][59][60]

have shown that a third order linear predictor is adequate for most applications.  The[1]

prediction-error sequence can be efficiently compressed by a lossless sequential
scheme (such as: the LZ algorithm,  the modified Huffman coding,  and Arithmetic[49] [1]

coders ) to achieve distortionless reconstruction. The Lossless function of the now[61]

emerging ISO/CCITT Joint Photographic Experts Group (JPEG) standard for
continuous-tone still image compression comprises a two-dimensional, second-order
predictor, and an entropy encoding scheme (either Huffman or Arithmetic coding) for
compressing the error-signal. [62]

3.5.2 Transform Decorrelation

The Discrete Cosine Transform  (DCT), the Walsh-Hadamard transform (WHt) and[1]

the Subband Coding  are three of the most widely used transform methods. These[68] [69]

techniques can be used as “lossy plus residual” codes with an entropy coding scheme
encoding the residual signal.  The DCT coder is part of the JPEG standard for[3] [67]

compression of still images,  the MPEG video codec  as well as the CCITT H.261[62] [64]

visual telephony standard.  In particular, the JPEG scheme can be made progressive,[63]

and lossless. Transform coding schemes are particularly fit for progressive
transmission since they can be easily arranged to send low spatial-frequency



components of the image (corresponding to low resolution representation of the
image) in early stages of the transmission with higher spatial-frequency components
following.

3.5.3 Hierarchical Decorrelation

Hierarchical decorrelation functions by generating a sequence of different resolution
representations of the image. This allows progressive image transmission and
reconstruction: first the lowest resolution image is received, after which the higher
levels of the image structure add finer detail. The S-transform,  the Laplacian[70] [72]

Pyramid  and the Hierarchical Interpolation scheme  (HINT) are the three[71] [3]

representative examples of hierarchical methods. With the HINT method an image is
transmitted progressively starting from the lowest resolution pixels and followed by
higher and higher resolution pixels. Once the pixels at any particular resolution level
have been transmitted, the pixels at the immediately higher level are decorrelated
through interpolation of the already transmitted values and encoded via a Huffman
code. Several investigations  have shown that the HINT method is the most[3] [70]

efficient scheme among the class of “lossy plus residual” techniques.

4 APPLICATIONS - HARDWARE SOLUTIONS

The Lempel-Ziv algorithm has been accepted for use in a variety of lossless data
compression standards: the QIC-122 standard for data recorded on Quarter-Inch-
Cartridges (also submitted to the ANSIX3B5 committee for consideration as an ANSI
standard), the CCITI V.42/V.42bis standard for dial-up modems, the ACR-NEMA [72]

standard for the compression of medical images. As we have mentioned before, with
the LZ77 scheme decompression is quick and easy, but the compression is slow.
Because of the difference between compression and decompression speeds, LZ77 is
appropriate and desirable for applications which are compressed once and
decompressed often, such as CD-ROM  or on-line dictionaries, etc. The LZ78[75]

algorithm leads to much faster implementations by sacrificing some compression
performance. Fast systolic array implementations of LZ algorithms have been
investigated,  and several single-chip implementations of the LZ algorithm are[73]

already available on the market. Stack Inc., provides a chip operating at 750 Kbits/s
and implementing a proprietary scheme based upon the LZ77 processor. Recently,
InfoChips Systems Inc., introduced the IC-105 chip operating at up to 1.5 MBytes/s
compression and 3.5 MBytes/s decompression rates, which implements another
proprietary scheme similar to LZ77 and is designed to be used with all types of mass
storage devices. Hewlett-Packard, Co., which uses an LZ78 algorithm in its
tapedrives,  has recently announced a single-chip implementation of this algorithm[77]

operating at 2.5 Mbytes/s. This algorithm is expected to become the second standard



for the QIC industry. It will first appear in Digital Data Storage (DDS) and Digital
Audio Tape (DAT) systems manufactured by HP and Ardat. A number of other
suppliers  have also announced their intent to ship DAT drives with data[76]

compression. What is more important though, is that the data compression technology
is no longer limited to tape, but is finding its place in random access disk as well. [74]

Disk compression is available today in a software version or with add-in coprocessor
cards. Engineers are still faced with the challenging task of developing a single-chip
data compressor that could be effectively applied to Winchester drives and other
random access devices.

From the class of statistical compression schemes, Huffman coding has gained
universal acceptance. It appears in all compression standards requiring some form of
entropy coding. However, the class of Arithmetic codes is constantly gaining in
popularity. An adaptive arithmetic scheme has been accepted by the JBIG committee
for the now evolving standard for the compression of bilevel facsimile images.
Arithmetic coding has also been part of the JPEG standard as an alternative option to
Huffman coding. However, hardware implementations of Arithmetic coders have yet
to become readily available. All available compressors conforming to the JPEG
standard (e.g., the CL550 chip by C-Cube Inc., or the STI140 codec by SGS-
Thompson) implement only the baseline function, employing the Huffman coding. So
far, the only arithmetic coder that has been realized in hardware (as a single HCMOS
chip ) is the IBM's bit-serial adaptive arithmetic coder (the Q-coder), designed for[39]

the compression of bilevel and grey-scale images. This chip achieves a throughput of
approximately 1 Mbyte/s when applied to typical facsimile images. In general, the
throughput rate of this algorithm varies with the compression ratio.

5 SIMULATION RESULTS - CONCLUSION

The performance of several of the algorithms described above is tested on a set of
sample files. Table 1 is a comparison of compression performance of five of the
sequential algorithms: 1) two-pass HC, 2) the LZ78 scheme, 3) the multisymbol
arithmetic coding scheme of Witten, Neal and Cleary  (WNC) using a fixed[6]

distribution of probabilities for the input symbols based on typical english text, 4) the
WNC scheme with an adaptive model, and 5) a statistical scheme employing a full
first order Markov model, the tree decomposition technique for binarizing the input
symbols and the binary Q-coder  for encoding the binary decisions. The files[39]

represent a variety of types and sizes; an on-line dictionary, unformatted english text,
an engineering manual and a report formatted by a word processing package, a pin list
from an engineering design, the c source code for the Unix utility compress, and the
executable code for the Unix editor vi. All files consist of eight-bit input symbols. As
a benchmark, with have also included in table 1 the zero-order (single symbol count)



entropy averages of the test files expressed in bits per symbol (bps). The HC
approximated these entropy numbers within a few percent. (The entries in tables 1,2,
denote the “effective number of bits per symbol” in the compressed data stream). Note
that adaptive schemes performed better than the entropy measure, which is partially
due to the fact that these schemes adapt to the local statistics of the source. As
expected, the fixed WNC scheme failed to compress files with statistics drastically
different from that of english text. But, even in the case of english text, adaptive
models outperformed the fixed scheme. The Markov/Q-coder scheme achieved the
best average performance, but the LZ78 scheme did better on two files and achieved a
very good average performance. Note that the LZ78 scheme runs at about an order of
magnitude faster than the Markov/Q-coder scheme. Table 1 compares the performance
of lossless schemes on picture files. Both sequential (HC, LZ78, WNC/adaptive,
Markov/NQ-coder) and two-dimensional schemes are tested. The two-dimensional
schemes are: 1) a first-order, line-by-line predictive differential coding scheme
followed by the sequential LZ78 encoder, and 2) the Independent function of the
JPEG standard for lossless compression (two-dimensional, second-order lossless
DPCM concatenated with a binary adaptive Arithmetic coder). The corpus of test files
used consists of a set of six transverse head MR (Magnetic-Resonance) medical
images with a 256x256x8-bit format. The JPEG scheme clearly outperformed all
tested algorithms. Note that, even in this case of imagery data, the sequential schemes
were able to perform better than the zero-order entropy measure.

In general the task of choosing the “best” compression algorithm for a specific
application is quite complicated. In addition to the compression ratio there is a number
of other factors that a system designer has to take into consideration when selecting
the scheme that best fits into a given system. For example, the issues of
implementation complexity, buffering requirements, encoder/decoder asymmetry,
overall system compatibility are some important parameters in choosing a
compression system.
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 Figure (1)  The Lempel-Ziv coding scheme (LZ78): principle of operation.
Both the encoder and the decoder maintain a copy of the dictionary that
changes in lock-step.

Figure (2) The Huffman compression/decompression process applied to a sample
input sequence of three-bit symbols.



 Figure (3)  Binary Arithmetic Coding: An illustrative example.
(Fixed probability distribution: pr(0) = .25, pr(l) = .75)

Table 1     Lossless compression of sequential (byte-stream, 8 bit/byte) files



Table 2     Lossless compression of raster-scan images (MR medical images)
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Abstract

An FM television system using a baseband color TV signal with a 100
kB/s PCM data FM subcarrier is described. Techniques used are based more
like those for satellite transmission of TV images than those used for
telemetry or broadcast TV. Discussion of optimization of transmission
bandwidth, deviation, and subcarrier injection levels are discussed, along with
the philosopy and application of such designs in instrumentation systems.

1 Introduction

Recent progress in manufacture of miniature, all solid-state television cameras make
possible transmission of video from platforms not previously accessible. While tube-type
cameras suffered from microphonics and other unpleasant effects not encountered in a TV
studio, cameras are now available in packages as small as a cigarette pack or a cocktail
weenie—including the lens and often including no-moving-parts electronic shutter to
freeze fast action and adjust light levels more quickly than a mechanical iris. Telemetry
transmitters have long been available in the small package sizes needed for airborne
applications, and can be (and have been) used for transmission of television images in
some TV-based weapons systems over the last twenty years or so. These older systems
were always black-and-white, and many used nonstandard video formats beholden only to
a limited number of monitors and often no videotape recorders at all. The smaller size,
higher reliability, and lower costs of solid-state cameras make transmission of black-and-
white or color TV signals for things like miss distance measurement, bomb release,
parachute systems, etc., practical where they really werent previously. For those systems
that previously had, or would benefit from, a telemetry link as well, it is generally
appropriate to combine those functions on a single RF link.



Actual selection of 7.5 MHZ as the subcarrier frequency was somewhat arbitrary,1

determined by the commercial discriminators used in the first experiment.

A broadcast NTSC color picture is limited to a bandwidth of about 4.2 MHZ; a typical2

VHS, Beta, or U-Matic recorder is limited to about 2.5 MHZ.

2 RF System Considerations

The system described in this paper is a standard color TV signal with telemetry data sent
as an FM subcarrier carrying a pulse-code modulated [PCM] digital signal. Transmitting a
video signal with an auxiliary subcarrier isn’t new—while early commercial TV system
designs had a separate transmitter for sound and video, newer designs transmit the audio
as a subcarrier 4½ MHZ above the AM video carrier. The receiver doesn’t care—it treats
the received audio carrier as a subcarrier in either case, at least if the receiver was
manufactured after about 1950. The commercial sound subcarrier is FM, and uses a
deviation for the normal audio of ±25 kHz. The broadcast audio subcarrier may contain
other services such as stereo, second-language programming, intercom service for remotes,
and telemetry for the TV transmitter, all on subcarriers of the audio track. One common
form of satellite transmission involves sending the baseband video and one or more FM
audio tracks together on an FM transponder. In such a system, the audio subcarriers are
spaced at a greater distance above the video baseband than in commercial AM
transmission, at reasonably standard frequencies of 5.5, 6.2, 6.8, 7.5, and 8.2 MHZ. Even
when the audio related to the picture transmitted is sent through other means (such as
subscription TV services are now transmitted), as many as a few dozen FM subcarriers
may be present.

3 Implementation

The system described in this paper resembles more closely the system used for satellite TV
transmission than that used for standard TV broadcast in that the carrier is FM and the
subcarrier center frequency is 7.5 MHZ.  An FM system is used not for its bandwidth1

efficiency (it isn’t the most compact), but for its relative insensitivity to rapid and slow
fades that are often present in telemetry signals sent from moving vehicles. The baseband
video signal is a standard NTSC composite color signal, whose bandwidth is a mixture of
a typical black-and-white (“luminance”) signal and a color subcarrier signal centered about
3.58 MHZ. Because of the limitations caused by the scanning system, the luminance signal
can contain no important information nor spectral energy beyond about 6 MHZ, much of
which is lost in the receiving and recording process.  As a consequence of this frequency2

limitation, significant sideband energy in the data subcarrier can extend as far down as 6
MHZ, as long as no intermodulation products create other frequencies within the video
passband; any energy below 6 MHZ may be visible in the television picture. If an FM
subcarrier is used (as we do here), a symmetrical signal would thus extend from 6 to 9



The actual appearance of interference in a television picture depends in large measure on3

the harmonic relationship between the energy and harmonics of the horizontal repetition rate and
to a lesser extent the color subcarrier frequency. The number used here is based on a worst-case
assumption.

On the PAE transmitter used, the transmitter is capable of ±6 MHZ deviation, which can4

accommodate the video signal and several subcarriers.

The original customer request (for the Naval Research Laboratories, White Oak, MD)5

was for a multiplexer bit rate of at least 19 kB/s. The Altera chip used in this implementation has
been tested at rates in excess of 100 kB/s, and will be used at 50 kB/s in this particular
application.

MHZ. A “noiseless” television picture needs a signal-to-noise ratio of 46 dB or so.  The3

sideband energy limitation determines the envelope shape of the subcarrier and the
maximum injection that can be used. The minimum injection level for the data subcarrier is
determined by other factors that well examine shortly, as is the total carrier deviation for
the video-plus-subcarrier composite.

4 RF Bandwidth

RF bandwidth can be defined in several ways, so it’s necessary to define terms first. The
RF bandwidth that is to be optimized (not necessarily minimized) is that bandwidth which
is necessary in the IF section(s) of the receiver to allow reception of the signal without
significant distortion. For an FM signal, as is the one here, the bandwidth has a minimum
of twice the bandwidth of the modulation, so with an unmodulated subcarrier, the
bandwidth required would be at least 15 MHZ, and with the assumption that the subcarrier
contains modulation, that bandwidth would be more like 17-18 MHZ. The actual
bandwidth will be somewhat larger than these numbers, though, because these estimates
assume zero carrier deviation of the actual FM composite carrier, but will never be as great
as the result predicted from Carson’s rule (bandwidth is approximately twice the sum of
peak devition and the modulation bandwidth). In satellite transmission, signals of the type
under consideration here are sent in a 40 MHZ passband transponder, and normally
detected with a receiver bandwidth of 20-28 MHZ. In the system described here, a 141-
IRE television signal feeding a transmitter with a sensitivity of 4 MHZ per peak volt
produces approximately 4 MHZ of overall deviation. Since the system is AC coupled to
the asymmetrical video, the average center frequency varies with picture content. 4

5 Data Subcarrier

The data subcarrier center frequency is selected to be 7.5 MHZ, somewhat arbitarily
because of available equipment, as mentioned earlier. The data to be sent is a binarydigital
code, with a bit rate of 100 kilobits per second.  Theoretically, a subcarrier with a5



The BIM code was selected for convenient use with existing equipment. Future designs6

using higher bit rates will use randomized NRZ, and bit rates greater than a few hundred kHz will
by synchronized to multiples of the television horizontal rate (. 15, 734 kHz) to minimize picture
interference.

bandwidth of 3 MHZ could carry a binary NRZ signal at bit rates of up to 3 Mb/sec,
although some filtering of sideband energy would no doubt be necessary to reduce picture
interference. The bit rate used thus comes nowhere close to straining the capability of the
bandwidth available on the system baseband, even when using the less spectrally-efficient
BIM code used for the first tests.  Deviation of the 7.5 MHZ carrier is set at ±75 to ±806

kHz for the 100 kB/s data rate; deviation would be set at 0.35-0.4 times the clock rate for
NRZ and twice that for BIM. Subcarrier injection level is set at ±750 kHz; if more than
one subcarrier is used, the lower subcarrier is set for ±500 kHz injection and the higher
ones tapered in accordance with their relative frequencies and data bandwidths. The
subcarrier could also be used for high-fidelity audio transmission, again not unlike standard
broadcast or satellite TV.

6 Signal Path

The digital signal to be transmitted is from an RS422 source external to the telemetry unit.
“Multiplexing” thus consists at the transmitting end of converting the two-wire balanced
source to a single-ended TTL signal, lowpass (premodulation) filtering, and feeding the
signal to a properly-scaled voltage-controlled oscillator, as shown in Figure 1, for mixing
with the video signal for transmission.

Figure 1: Block Diagram, Sending End

The lowpass filter in the video line isn’t absolutely necessary, but when used assures that
the video signal produces no interference to the FM subcarrier spectrum space. The
lowpass filter would definitely be necessary if an AM subcarrier were used.

On the receiving end, the process is reversed—the composite signal is fed to a lowpass
filter to allow the television signal to be displayed on a standard NTSC monitor, recorded,
and/or rebroadcast as a standard NTSC television signal, and fed as well to a discriminator



which recovers the analog version of the data signal. A comparator is used to resquare the
signal and a translator is used to reproduce the desired output signal, as shown in Figure 2.

Figure 2: Block Diagram, Receiving End

At the receiving end, a lowpass filter is needed if the bandwidth of the monitor, VCR,
microwave system, etc., is great enough that the subcarrier energy might interfere with the
picture (it would appear as a fine herringbone pattern). The highpass filter for the
discriminator may not be necessary in any case. The TTL output produced by the system is
normally fed to a bit synchronizer/signal conditioner [BSSC] to recover the data clock and
convert logic levels as required; in some cases the comparator function is provided by the
BSSC. If the recovered data is fed to a computer, the comparator output may be ±12 V dc

for RS-232 compatibility, etc., as determined by the use and the user.

7 Packaging

A transmitter with integral subcarrier VCO is shown in Figure 3. Size of the package is
less than 4" x 4" x 12" inches, dictated by the user, in this case a parachute recovery
project.

8 System Power

The transmitting system is powered by a 28-volt NiCd battery pack, which allows an
operating time of around 20 minutes for the 5-watt transmitter shown. A two-watt system
runs about twice as long on the same battery package. In use, the system is turned on at
takeoff time, and the battery need not last longer than the maximum amount of time that
the airplane can fly on a single tank of fuel, but this assumption can backfire if the aircraft
doesn’t take off immediately after the power is turned on. Depending on the use, a system
such as this could be operated by thermal batteries or power “stolen” from the host, or a
pin enabling the on-board batteries can be pulled by the launching sequence. Actual curent
draw at 28 volts is around 2 amperes, or 56 watts, mainly due to the efficiency (or more
accurately, inefficiency of the transmitter.



Figure 3: Television-Telemetry Transmitting System

9 Transmitting Antenna

The transmitting antenna used for this application was a blade type, which produces a
linearly-polarized signal with a gain of essentially zero dB over isotropic. The advantages
of a blade antenna include low cost and broad bandwidth (the latter essential if different
frequencies are provided on a frequency-agile transmitter); disadvantages include a very
un-omnidirectional pattern and being relatively easily broken off. If a different type of
antenna is used, the antenna bandwidth must be sufficient to pass the wideband signal,
which means at least a 2% bandwidth, not always attainable with wraparound units.

10 Receiver Package

A receiver system made for field use is shown in Figure 4. Satisfactory results have been
obtained with a UHF spiral antenna attached to a gunstock in the parachute recovery
system.

The receiver package can also be attached to any tracking antenna system available at the
test facility. Ground stations may also already have the capability of receiving and
demodulating a signal of this type, but that is not assured.



Figure 4: Television-Telemetry Receiving System

11 Ground Station Considerations

Ground stations at most test ranges have antennas and receivers that operate in the
frequency ranges used for the television-telemetry system. A typical telemetry receiver has
adjustable IF and baseband bandwidths, but many ground station receivers may not be
adjustable enough to allow the required bandwidths for this purpose. Many telemetry
receivers also do not use the 160- and 70 MHZ IF frequencies common in television
systems, and thus cannot be used as a downconverter feeding external equipment.
Receivers capable of these bandwidths can be obtained from several manufacturers,
however, and retrofit kits for modification of some existing telemetry receivers are
available.

12 Conclusion

Television pictures produced by miniature cameras are a cost-effective replacement or
supplement to methods currently in use. If a picture is worth a thousand words, producing
the proper pictures can be very verbose indeed.
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ABSTRACT

The use of embedded asynchronous data streams is becoming a popular means of
expanding existing telemetry systems and acquiring subsystem data. In such systems,
synchronization between the primary and secondary system(s) clocks is usually
considered a prerequisite. The Phillips Laboratory has developed a software/hardware
approach to the problem of decommutating an embedded asynchronous data stream
without primary and secondary frame and clock synchronization. The methodology
employed is easily implemented and adapted to many system configurations, and
represents a low-cost option in the acquisition of subsystem data. More importantly,
the use of such a system greatly reduces the amount of systems integration effort
required to incorporate multiple subsystems into a host telemetry system.

INTRODUCTION

Two-phase (liquid/vapor) flow thermal management systems are more efficient than
single phase systems, and are therefore of great interest to the space community as a
means of reducing spacecraft mass (Best et al 1988, Mahefky 1982). The Air Force's
Phillips Laboratory has embarked on an experimental program to investigate the
operational performance of a small two-phase flow loop during a seven minute
sounding rocket flight. As the first-ever pumped two-phase loop flown in space, the
experiment is designed to demonstrate the feasibility of using a liquid/vapor mixture
for the cooling of spacecraft components. A similar boiling and condensing thermal
management system has been baselined by NASA to provide thermal control on the
space station Freedom, and other spacecraft designers are also investigating the
advantages (reduced launch mass, increased payload delivery to orbit, greater
operational flexibility, etc.) achieved by using this technology.



The Two-Phase Flow in Microgravity Experiment will piggyback into space on a
booster provided by Sandia National Laboratories. The experiment will be launched
into a suborbital trajectory from the Kauai Test Facility in Hawaii onboard the first
STARS booster in the fall of 1991. Although the experiment is the primary payload on
the flight, the main objective of the mission is to demonstrate the successful launch
and flight of the booster. The Phillips Laboratory was granted free access to the
payload volume by the mission organizers, and few restrictions were placed on the
utilization of that volume and on the nature of the experiment to be carried into space.
In addition, the payload was allocated ten words in the main Pulse Code Modulation
(PCM) telemetry stream controlled by the third stage of the booster. Due to the loss of
the payload upon reentry into the atmosphere, the experiment relies solely on the
booster's telemetry system for all data transmission to the ground station.

The experiment controller inserts the payload data into the designated words in the
telemetry stream, each sampled approximately 256 times per second. In order to make
accurate measurements of the experiment's performance, Phillips Lab researchers
require continuous readings from a minimum of 32 instruments. The temperature,
pressure and flow fluctuations being monitored in the experimental loop occur
primarily in the 0-10 Hz frequency regime. A hardware and/or software data
acquisition system was required to match the unique data requirements of the
experiment with the payload's allotted space in the Primary Data Stream.

 INTERFACE DESCRIPTION

The high reliance of the payload on the booster telemetry system mandated strict
adherence to all payload/booster interface specifications. The actual interface
consisted of 10 data words located at various points in the 512 word Primary Data
Stream as seen in Figure 1. The telemetry system samples these data words 256 times
per second and digitizes the analog (0-5 volt) signal present at the input into an 8 bit
digital signal. These 8 bits are then converted to NRZ-L format and transmitted to the
ground site.

An embedded asynchronous data stream (EADS) format was employed to condense
the 32 instruments into the ten data words dedicated to the experiment. Properly
defined, an EADS is a secondary stream which has major frame characteristics and is
inserted into a host major frame in a manner which does not allow the prediction of
the location of the embedded synchronization information based only on the host
format timing (IRIG Standard 106-86 Telemetry Standards, 1987). Specific word
positions in the host minor frame are dedicated to the embedded asynchronous format;
the subsystem then multiplexes the secondary data stream, along with frame



 
Figure 1. Payload Word Locations In the Primary Data Stream

synchronization information, into those specific word positions. Implicit in the
standard use of EADS formats is the understanding that the subsystem knows when its
allocated words in the main PCM stream are being sampled. With this knowledge, the
subsystem can index through the data words in its secondary stream while that stream
is not being sampled by the host telemetry system. Synchronization between the
subsystem and the host ensures that only steady, accurate data is sampled and
transmitted through the primary PCM stream. Without clock synchronization, data
loss will inevitably occur whenever the host telemetry system samples the secondary
data stream as it is changing state.



In this specific application, clock synchronization between the payload and the third
stage was impossible due to a number of interface design considerations. The impact
of data loss due to the lack of access to the Primary Data Stream's clock is significant.
No embedded asynchronous data stream will be immune to data loss periods as long
as it remains truly asynchronous with the primary stream. The data acquisition boards
used to multiplex the instrument data have a settling time of 12 µs. If the multiplexing
frequency of the boards is set at 256 Hz (as it was in this application), the plateaus in
the multiplexed stream where good data is available will last approximately 3900 µs.
With those constraints, there exists a 0.31% probability that a sample of the
multiplexed stream will occur during the 12 µs transition period, and the sample will
therefore contain erroneous data. Figure 2 gives a pictorial description of just how that
data loss occurs. There is absolutely no way to distinguish a good data point from one
that is bad within a multiplexed stream of 16 instruments, all of which may exhibit
normal fluctuations around their nominal values. Furthermore, the data blackout
period, or data discontinuity (i.e., that word in the primary stream which is being
sampled as the payload data stream is indexing between two consecutive points) will
move through the Primary Data Stream's major frame at a rate dependent on the
difference in the two systems' encoding frequencies. Every time the data discontinuity
reaches one of the ten words allocated to the payload, incorrect data will be
transmitted through the telemetry system.

Figure 2. Lack of Synchronization Between Primary and
Secondary Data Clocks Leads to Data Loss

The use of an embedded asynchronous format without access to the host telemetry
system's clock presented a significant obstacle to the design of the experiment data
acquisition system. The challenge was to design a data acquisition system which
would mitigate the negative effects of a truly asynchronous embedded data stream.



DESIGN METHODOLOGY

To solve this unique data acquisition problem, a system was designed that determines
the validity of the sampled data point by locating and tracking the position of the data
discontinuity. This process does not require the use of any synchronization bits within
the secondary stream, nor does it require subframe synchronization with the primary
telemetry frame. Hardware was employed to minimize the occurrence of data loss
regions due to the lack of synchronization between the two clocks. A software system
was used to identify and remove those data points in the embedded stream which
represented transition values in the multiplexed stream, and not actual instrument data.

The design of the data acquisition system alternates embedded asynchronous data
streams (EADS) and data tag words containing information about the EADS into the
primary telemetry frame to retrieve the embedded data. The specific EADS is placed
in a given word with data tags placed in the two closest surrounding data words. The
information placed in the data tags indicates to which instrument the data currently
being read belongs. The data tag signals are obtained from a completely independent
secondary data clock which is utilized to produce a binary counter which cycles from
0 to 15. The four signals constituting the binary counter are used on the experiment for
two purposes: First, they are used to multiplex the 16 instrument channels (numbered
0-15) into a single data stream. Second, after conversion to analog signals, they
indicate which channel is currently at the output of the digital acquisition board and
being multiplexed into the telemetry stream. By monitoring the voltage of the
surrounding data tags, the validity of any given data point can be determined. If the
voltage values before and after the data point are identical, then the channel selected
remained constant over the sample time and the data is valid and belongs to the
channel indicated. If the voltage values before and after the data point differ, then the
multiplexed data stream has changed state somewhere within the sample time. In this
case, the origin and identity of the received data is not immediately clear. The data
tags allow the data discontinuity to be located and tracked quite readily throughout the
frame. Once the relative speed of the data discontinuity has been determined, accurate
predictions can be made of exactly when and for exactly how long the data
discontinuity will cause erroneous data to be transmitted as part of the payload's data
streams.

SYSTEM ARCHITECTURE TRADE STUDIES

This design methodology described above was combined with the analysis of
expected data streams and data rates to design a system that achieves a high degree of
data resolution. Many factors played roles in the determination of the system's final
design.



The first system architecture trade study centered around the number of data tags to be
used given the total allocation of ten words in the Primary Data Stream. The ability to
track and verify the position of the data discontinuity is determined by the number of
tag words used. The use of additional tag-words improves the system's ability to
ensure accurate tracking of the data discontinuity at the expense of reducing those
words dedicated to transmitting data. If only one tag word is used, the location of the
discontinuity can be verified only when it crosses the chosen tag word. With two or
more tag words, the location of the discontinuity can be maintained within bounds at
all times; however, the discontinuity's location can only be verified when it crosses
one of the tag words. With the given location of the experiment's words in the Primary
Data Stream and the possible instability of the system clocks (which can cause
measurement and tracking errors), the decision was made to use four tag words to
track the location of the discontinuity. The use of four words provides a reasonable
balance between the desire to track the data discontinuity as much as possible and the
need to transmit the experiment's data at die same time. In this configuration, six
words are left dedicated to the experiment's data.

The use of the six data words was the subject of the second design study. The
experiment's 32 instruments are multiplexed by two commercial data acquisition
boards into parallel streams of 16 instruments each. In addition, those same 32
instruments are also routed to an entirely redundant set of multiplexing boards,
providing four embedded asynchronous data streams in all. This parallel redundancy
provides two key advantages: first, the failure of a single board during the mission
will not lead to the loss of data on that board's instruments because of the existence of
the backup board; second, and more importantly, the effect of the data discontinuity
can be minimized with two words transmitting the same data throughout the flight.
Although the data within one word may be discarded for a certain length of time, the
same data is successfully retrieved at the same time from the redundant word in the
telemetry system's major frame. There are no data blackout periods; only periods of
time when data is collected at a reduced frequency because one of the two streams had
to be omitted due to the presence of the data discontinuity. The remaining two data
words are dedicated to the experiment's two most critical instruments. The signals
from these two instruments are fed directly into the telemetry system, and are
transmitted without the induced disturbance and inherent complexity of an EADS
format.

The third system architecture trade study involved the placement of the tag words,
multiplexed data streams, and steady instrument channels into the ten data words. The
sampling intervals between consecutive words varied greatly because of the random
nature of the location of the words in the Primary Data Stream. The desired objective
was to alternate multiplexed data streams and data tags, minimizing the amount of



space within a single tag/data stream/tag group. The sampling intervals between all
possible three word groups were calculated, and the eight tags and EADS words were
carefully placed into those words in such a way as to enhance the ability of the system
to ascertain the validity of the data. The position of the steady instrument channels
was far less important because of the ability to identify the data discontinuity merely
by inspection of the steady, non-multiplexed stream. The remaining two words were
therefore used to transmit the steady channels.

The choice of the frequency at which to encode the secondary data streams was the
topic of the fourth system trade study. The knowledge of the primary telemetry clock
frequency and the ability to select the frequency of the secondary data clock allowed
the rate at which the data discontinuity moves to be established by the system
designers. By selecting the primary and secondary frequencies very nearly the same,
the region can be made to move very slowly and very predictably through the
telemetry frame. In fact, if the secondary frequency is chosen such that the primary
clock rate is an integer multiple of the secondary frequency, the data discontinuity
becomes much easier to track. If the secondary clock rate is chosen to vary widely
from the frequency of the primary clock, the data discontinuity will move great
distances in consecutive frames and become more difficult to track. The direction of
movement of the data discontinuity is likewise easily set. If the frequency of the
payload's clock is slower than the telemetry system's clock, as it was in this
application, the discontinuity appears to move forward through the data stream at a
rate relative to the difference in frequencies. To minimize any tracking problems, the
frequency of the secondary clock was chosen to be within .03 Hz of the primary
frequency.

The last major system design trade study was the determination of the optimal format
of the secondary data stream. The redundant nature of the embedded asynchronous
data streams permitted a twofold increase in the achievable sampling rate of all the
instruments. Because a single set of digital counter lines are used to select channels on
all data acquisition boards simultaneously, all instruments on the same channel on
different boards are fed to the telemetry system at the same time. By placing
redundant instrument signals on different data acquisition boards 180 degrees out of
phase, the sampling rate of each instrument is effectively doubled, with minimal
added system complexity. For example, the water flowmeter signal was placed on
data acquisition board 1 channel 0 and on data acquisition board 3 channel 8. Each
instrument is therefore read twice during each cycle of the 16 channels, once on board
1 and once on board 3 a half cycle later. The result is that each instrument is sampled
at 32 Hz instead of 16 Hz, which would have been the maximum achievable sampling
rate of 16 instruments with a clock frequency of 256 Hz. The placement of
consecutive instruments was a carefully thought out complementary design decision.



By placing instruments typically generating higher voltages next to those generating
low voltages, the ability to discriminate signal sources is enhanced. The instrument
signals were arranged on each data acquisition board such that dissimilar values were
placed on consecutive channels. Minor modifications to the format of the embedded
data streams were thus responsible for doubling the sample rate of each instrument
and eliminating any ambiguity which would have been caused by the collocation of
instruments with similar values.

Figure 3. Hardware System Schematic

These system trade studies were performed in order to arrive at the most efficient
design given the existing hardware systems and interface requirements. Figure 3
provides a description of the final hardware design used in this application,
emphasizing the built-in redundancy provided at the data acquisition boards and the
simultaneous, parallel creation of the data tags. The large amount of flexibility in the
design parameters requires a good deal of thought to arrive at an optimal configuration
for a specific application. On the other hand, it also makes the design method and
approach inherently easy to adapt to systems with different requirements and
constraints.

SOFTWARE DESIGN AND IMPLEMENTATION

The performance capabilities of this design rely primarily on the system's ability to
locate and track the data discontinuity. Software algorithms have been developed to
perform the locating and tracking processes. A standard telemetry decommutation
system is used to lock onto the Primary Data Stream and extract the ten words
allocated to the experiment. To reiterate, eight of the ten words are embedded



asynchronous streams: four contain raw experiment data in a 16 word pattern, and four
contain the data tags necessary to successfully decommutate the embedded data
streams. The remaining two words are dedicated to the two most important
instruments on the experiment and do not use an embedded asynchronous data stream
format. An overview of the entire software algorithm structure is given in Figure 4.

Figure 4. Software Algorithm and Logic Structure



The four tag words are routed directly to the Frame Alignment algorithm. The primary
function of the Frame Alignment algorithm is to artificially establish an initial
condition between the primary and the secondary streams such that both streams
appear to begin multiplexing at the same time. Because the encoding frequencies of
both streams are so similar (the secondary stream multiplexes at a rate which is less
than 0.03 Hz different from the rate at which the primary stream samples each word),
the payload controller essentially places a different data point into each of the ten
words in the primary frame every time those data words are sampled. The lack of
clock synchronization between the two systems prevents any prediction of the initial
location of the data discontinuity. The Frame Alignment algorithm locates the starting
position of the data discontinuity and subsequently refers to that position as the first
word in the Primary Data Stream. The algorithm creates a repeatable initial condition,
simplifying the interface with the remaining algorithms.

The Data Discontinuity Locator and Tracker algorithm is designed to identify every
time any of the data streams in the ten payload words may be compromised due to the
proximity of the data discontinuity. The algorithm uses the four tag words to locate,
track, and monitor the progression of the data discontinuity. Once the data
discontinuity has been successfully tracked through the tag words for the entire
mission, the periods of time when the data discontinuity affects actual data channels
can be calculated. The Data Discontinuity Locator and Tracker algorithm outputs six
files, each of which contains the times for each data word during which the data
should be discarded.

The six filter algorithms accept the time files outputted by the previous algorithm and
use them to discard raw data which may have been affected by the data discontinuity.
The algorithms include a buffer with a length of one word on each side of the specific
data word in question. The one word buffer length is a factor of safety to ensure that
no questionable data is passed through and labeled as accurate. The output of the filter
algorithms is a stream of data which can be labeled as valid with a high degree of
certainty.

The final algorithm decommutates the embedded asynchronous data streams which
have been verified as accurate. Using the tag files and the outputs of the filter
algorithms, the Software Decommutation algorithm can identify individual pieces of
data and write them to specific instrument files. In addition, the embedded stream
redundancy (EADS 1 contains the same information as EADS 3, and EADS 2
contains the same information as EADS 4) is dealt with as the program is designed to
take data points from both streams and write them to an individual instrument output
file.



SYSTEM TESTING AND RESULTS

The intense interest in verifying this unique data acquisition system design resulted in
extensive validation testing of the telemetry system. A great deal of subsystem and
system bench testing was augmented and verified by three complete and distinct
system tests. The data collected during the system tests was analyzed and
decommutated by the software algorithms exactly in the manner to be used for the
actual flight data.

The first and second system tests used the same test set-up to establish whether or not
the system design would function as expected. In preparation for the first system test,
the necessity of fixing some of the input variables to facilitate the validation of system
performance was apparent. Steady voltage values (0, 1, 2, 3, 4, and 5 Vdc) replaced
the experiment's instruments on the data acquisition boards and created a distinctive,
repeatable pattern when multiplexed. The software decommutation of a distinctive,
steady pattern as opposed to actual fluctuating instrument signals was projected to be
significantly easier to work with and to troubleshoot. Unfortunately, the first system
test was cut short by an unforeseen electronics problem. Low input impedance on the
D/A converter, which creates the data tags so crucial to the system design, resulted in
an over-loading of the D/A output signals during the first system test. Certain output
voltages were drawn down resulting in inaccurately low voltage readings and
inaccurately tagged data. This impedance mismatch was corrected by the addition of
an operational amplifier to the output of the D/A electronics. The function of the
corrected electronics system was verified at the second system test, and the complete
telemetry data stream was recorded. The software data acquisition routines were
successfully able to identify the regions of data loss caused by the data discontinuity
and extract the experiment's secondary embedded asynchronous data stream.
Complete verification of the data acquisition system was achieved during the second
system test, and a better understanding of the system's characteristics was gained.

After review and validation of the results of the second system test, a complete system
qualification test was conducted with the booster. During this third system test, the
experiment was connected to the booster telemetry system and a complete mission
profile was simulated. The entire telemetry data stream (this time containing actual
instrument signals) was recorded and processed through the software decommutation
routines. The data discontinuity was easily located and successfully tracked by
looking for its distinctive pattern. Figure 5 is an example of how a data tag stream is
affected when the data discontinuity moves through its position. The steady, staircase-
like pattern is briefly interrupted as the Primary Data Stream attempts to sample the
tag stream just as the tag stream is indexing between consecutive values. The stream
returns to normal within 250 ms.



Figure 5. Impact of the data discontinuity on a data tag-stream

Actual flight hardware and software was used at all phases of the telemetry test
program with the minor exception of the simulated instrument signals used during the
first and second system tests. These three extensive tests verified the performance of
the data acquisition system design and greatly increased the confidence in the system's
ability to successfully retrieve the experiment's data from the secondary data stream
embedded within the host major frame.

A large amount of effort was also placed into quantifying the performance of the
system as achieved during the third system test. The data discontinuity was measured
to move forward through the primary major frame at a rate of 11.57 words/second, for
a dwell time on each word of .086 seconds. At that rate, it takes the data discontinuity
about 45 seconds to traverse the entire 512 word frame. The amount of data lost on
any one embedded stream is easily calculated. In any given 45 second period, the data
discontinuity will move through each of the ten words a single time. The software
uses a one word buffer on either side of the words containing embedded asynchronous
data streams, for a total data loss period of 0.259 seconds. A 45 second stream of data
will therefore have a 0.259 second gap due to the data discontinuity, meaning over
99.4% of the data on any single stream is retrieved successfully at 16 Hz. By
combining the parallel redundant streams which have their instrument positions and
respective data loss regions out of phase, data can be collected at 32 Hz approximately
98.8% of the time, with the balance of data collected at 16 Hz. This last figure is
especially important. Given the number of instruments within each stream, the number
of streams used, and the primary encoding frequency (256 Hz), 32 Hz is the
theoretical and practical limit for any system which employs an embedded data stream
format. The rate at which the embedded data is encoded can never be faster than the



primary data rate, or data will be lost continuously (Smith et al 1986). The fact that
this practical limit is very nearly achieved without the benefit of primary and
secondary clock synchronization is noteworthy. The more general result of this effort
is the development of a data acquisition system that utilizes an embedded
asynchronous data stream without primary and secondary frame synchronization to
retrieve all experimental data without modification to the existing telemetry system.

ADVANTAGES

Extracting valid data from a truly asynchronous embedded data stream is no simple
task. The methodology employed here presents a number of attractive advantages for
future telemetry system designers. First, the system does not require any primary
frame-to-frame dependence; all the information necessary to extract valid data is
contained within one frame's grouping of the ten words allocated to the payload. The
ability to track and record the position of the data discontinuity throughout the flight
(as was accomplished in this application) does increase the amount of valid data able
to be extracted from the raw data stream. However, the system can work quite
effectively without looking forwards or backwards through the Primary Data Stream.
An embedded data stream structure which may extend over several primary frames
and rely on synchronization bits transmitted far back in the Primary Data Stream is
inherently susceptible to loss of synchronization during dropout periods in that stream.
Indeed, those dropout periods may be extended as the decommutation system attempts
to reestablish synchronization with the embedded stream. If the system presented is
given only one primary frame of data, it can extract embedded asynchronous payload
data in a straightforward manner.

Second, the hardware/software system described can be adapted for many different
applications. Differences in primary telemetry system characteristics, payload data
requirements, payload/rocket interface issues, and secondary data stream format can
all be tolerated using this methodology. A number of trade studies will have to be
performed to determine optimal system configuration, but the general approach
remains the same. In the future, requirements for real-time extraction of the data from
the embedded asynchronous data streams can even be supported with a hardware
implementation of the software algorithms described above.

Most importantly, though, the use of such a system drastically reduces the system's
interface issues and systems integration effort required prior to final payload mating
with the booster. The limited access to space currently provided microgravity
researchers in the United States has forced the space test community to search for
innovative and cost-effective means of placing their payloads in orbit. Small
experiments may very well be given more “piggyback” rides into space if they can



limit the systems integration impact on the host booster. By developing a low cost,
low impact expansion to a standard telemetry system, the Phillips Laboratory was able
to gain access to space without impacting the STARS rocket program in a major way.
The Phillips Laboratory payload requires no synchronization signals from the rocket's
telemetry system in order to successfully transmit the data from the experiment. All
the payload requires, and all that future small payloads may require of a host system,
is a number of spare words in the Primary Data Stream into which they may place
truly asynchronous embedded data and data tag streams.

CONCLUSION

Methods for reducing the complexity, integration effort, and cost of designing and
producing space qualified hardware are major considerations of any space system
engineering effort. Described is a method for acquiring spacecraft subsystem data that
requires low systems overhead, minimal integration effort, and can be adapted to
support a large range of systems. The design incorporates the use of embedded
asynchronous data streams to obtain subsystem data without synchronization of the
primary and secondary data streams. The system, designed to integrate the Two-Phase
Flow in Microgravity Experiment with the STARS rocket, can be adapted to interface
a wide variety of other data formats to standard telemetry systems without requiring
multiple redesigns.
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IMAGE DATA COMPRESSION (USING DPCM)
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ABSTRACT : Advances in computer technology and mass storage have paved the way for
implementing advanced data compression techniques to improve the efficiency of
transmission and storage of images. The present paper deals on the development of a data
compression algorithm suitable for images received from satellites. The compression ratio
of 1.91:1 is achieved with the proposed technique. The technique used is 1-D DPCM
Coding. Hardware-relevant to coder has also been proposed.

INTRODUCTION : This paper is devoted to the new algorithm developed using 1-D
DPCM for satellite images. It could be extended to 2-D images. Comparision with other
coding techniques which are used for the same images are also given.

Satellites which are in orbit for remote sensing are LANDSAT, SPOT, IRS-1A and
MOS-1. The successful launching and operationalisation of IRS-1A spacecraft has
established the value of satellite based earth’s resources observation. Image data
compression is necessary for satellites for speedy data transmission, effective image
processing to extract the desired information and easy interaction between the user and a
distant archive. SPOT an European satellite has used 1-D DPCM for image data
compression but could achieve a compression ratio of 1.33:1 (3) ISRO - Bangalore is
working image data compressor for IRS-lA. In this connection they tried with Hadmard
Coding and got 2:1 compression ratio. Now they are trying with different transform coding
techniques to achieve a compression ratio of 10:1. The ability of compressor is based on
data compressing ability, minimum reconstruction error and easy implementation. Based
on these considerations 1-D DPCM Coding for IRS-1A images is designed. Further the
advantages of both DPCM and transform coding can be used to design hybrid coders.
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PREDICTIVE CODING : The technique exploits the redundancy in the data. Predictive
Coding is best suited for the real time on line transmission because of the ease and the
economy with which they can be implemented. A common data compression method
utilizing predictive coding is DPCM (Differential Pulse Coded Modulation). Predictors
based on recent waveform history and time variant predictor coefficients lead to a class of
coders which constitutes an example of low-to-medium complexity designs. These
predictor gives high quality digitization at bit rates in the order of 3 or 4 bits/sample. By
representing a correlated video signal in terms of difference samples or prediction error
samples one can achieve an increased SNR at a given bit rate or reduction of bit rate for a
given requirement of SNR. The DPCM coder consists of predictors and quantizers. The
linear 1-D predictor uses previous elements in the same line. The overall system of 1-D
DPCM Coder-decoder is shown in Fig. 1.

The quantizer input in a DPCM coder is prediction error or a difference signal, given
by :

By using feedback prediction the transmitter and receiver estimate could be made identical
and hence reconstruction error accumulation could be minimised.

DESIGN OF PREDICTORS : If we assume a linear predictor using previous samples X ,1

X , ... X  to predict sample X  then prediction is given by :2   n    o

Predictor coefficients are nothing but auto correlation functions which quantifies the
closeness of the 2 samples as a function of their time or space separation. It is a function
that tells how close and similar samples X(n) and X(n+k) are on average.



  For non zero mean sigmal R (k) can be calculated as follows :xx

7    =   mean of the signal

The quantity A  has the value in the range of (-l, +1).k

ORDER OF PREDICTORS : Variation of prediction error as a function of N = 1, 2, 3 is
described. For analytical simplicity prediction based on past unquantized samples are
taken.

First Order Predictor : Uses one previous sample of the same line for rediction

Optimum value of H 1 is calculated by minimizing variance of the prediction difference

H 1 - opt - A 1

Second Order Predictor : Uses 2 previous samples on the same line for prediction.

Considering the mutual correlations between the samples optimum values for H 1 and H 2
are calculated as follows :

 Third Order Predictor : Uses 3 previous samples on the same line for prediction,

SOFTWARE REALIZATION : The simulation flow chart for 1-D DPCM coder and
decoder is given in Fig. 2. The image of 512 x 512 is divided into block of 16 x 16 pixels.
For 1-D purpose lx16 pixels are taken. Autocorrelation coefficient for each line is
calculated and averaged for 512 lines. For many images auto correlation coefficient is



calculated and by using the design optimum values of auto correlation functions are
calculated.

Thus ACF for First and Second Order Predictor are 0.875 and 0.5. The algorithm
for first and second order is

given below :

The quantisation process is simply a floating point to integer round off conversion. To fix
up the quantisation levels, the histogram for DPCM errors have been developed, from
which limits for quantisation level for each DPCM error can be determined.  This
histogram procedure is done for a large set of images to make the quantisation level to be
fixed as a unique one which can be applicable to any image. The histogram of 2nd order
predictor for some images are shown in Fig. 3. The bits are allocated according to the
preselected patterns which ensures as far as possible that B - log  (E /q) where B  is the i-thi  2 i   i

component, E  is proportional to DPCM error and q is quantisation level for transmission.i

In order to reduce the transmission error the first pixel in each block is transmitted as an 8
bit number. Thus 1 x 16 pixels are transmitted as follows:
Thus for a minimum mean square error of 0.001% the bits are reduced from 128 to 68. At

the decoder the same predictor is used to reconstruct the image. Reconstruction error,
mean square error, error histogram, compression ratio are all done by another program.
The compression ratio for different quantization steps are calculated and tabulated in Table
I. Fig.4 shows the graph of mean square error vs. Bit/pixel. The simulation is done for 



LISS 1, LISS 2, LTM, SPOT and Cotton Images. The photograph of a original and
reconstructed image is attached.

 PROPOSED HARDWARE : The Fig. 5 shows block schematic of second order DPCM
coder by software realization. It is designed using only adders and registers. The coder
consists of Predictor

Quantizer/Limiter
Adders
Loop delays and bit serializers

By shifting register once to right is equivalent to multiplying by 0.5. Two D-F/F are used
to store 2 previous predicted samples. A 4 bit ALU is used as adder/substractor. For
regular layout the quantiser and limiter is designed using ROM. All the possible
combinations of inputs are decoded in the row decoder and programmed by bit line
outputs. The appropriate limiting table being selected by control input to furthur ROM
address line. The required bits are then selected from the ROM output and passed to the
serializer and to the prediction loop adder. The control signals to the limiter, bit selector
and the bit serailizer come from a furthur ROM whose inputs are the sequence being
processed and the selector for required bit rate.

DPCM DECODER : The decoder consists of input buffer, bit paralliser, inverse quantiser
and the adder and the same predictor as that of coder. By using VLSI technology the
design could be made very simple and used for real time applications.

COMPARISION WITH OTHER CODING SCHEMES:

PCM : Basic PCM affords simplicity compare to DPCM but suffers from in-efficiency
since it does not use redundancy present in video signal. By using 1-D DPCM bit rate is
reduced to 4 bit/pixel in comparision with 8 bit/pixel (PCM) with the same quality of
reconstructed image. Compared to PCM, in DPCM error variance is decreased, hence the
improvement in SNR.

Transform Coding : The performance of higher order predictor is superior to all 2-D
transform technique, when the system is optimised for a particular picture. In concerned
with implementation, TC coders are more complex. They require arry multipliers, a
complex inverse transformation, buffer requirements. Thus hardware complexity, cost and
delays involved are all in favour of DPCM coding. However, for more realistic case of
unmatched statistics, the performance of DPCM system changes significantly while change
in the performance of transform technique is relatively small. But addition of variable
length coding scheme to DPCM system further improves the performance. For a



compression ratio of 2:1 the M.S.E. performance of present 1-D DPCM is same as that
obtained in Hadamard transform technique. But in DCT transform coding MSE
performance is better for a higher compression ratio compared to 1-D DPCM. Furthur
hybrid coding could be designed using DCT transform and 1-D DPCM for 2-D images. Bit
rate is reduced to 1-0.5 bit/pixel by hybrid coding.

CONCLUSION : First, second and third order predictors are tried and it is noted that
second order DPCM with optimised ACF gives better compression ratio. The coder design
is based on minimum mean square criteria. Through simulation result it is observed that
there is not much improvement in MSE or SNR in third order predictor but it increases the
hardware. Thus second order predictor with minimum hardware gives the same quality of
picture that obtained by PCM. A compression ratio of 2:1 is achieved using uniform
quantization. The hardware suitable for implementing the scheme is proposed.
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INTERFRAME CODING OF VIDEO TELEMETRY SIGNALS

Alan R. Deutermann
Richard A. Schaphorst

ABSTRACT

Television signals have been digitally transmitted for telemetry applications for
several years. Reasons for digital transmission include the need for encryption,
bandwidth compression, and the efficiency of time division multiplex. All digital
coding techniques which have been employed to date, for video telemetry, are based
on intraframe technology. In this case each TV frame is coded independently of the
previous frames. In most video telemetry scenes there is a high degree of correlation
between adjacent TV frames, and an interframe coding system which compresses the
signal by reducing this frame-to-frame redundancy should be effective. This paper
explores the potential advantages of interframe coding for video telemetry. Since this
high level of compression typically causes the transmitted signal to be more sensitive
to data link errors, the paper also examines advanced error control techniques.

SYSTEM OVERVIEW

Figure 1 is a functional block diagram of a generic secure video telemetry system
which digitally transmits TV images from an airborne platform to the ground. At the
transmitter, the input analog signal is first filtered such that the upper cut off
frequency of the signal is B cycles/sec. The filtered signal is next sampled at a rate of
at least 2B samples per second (the Nyquist rate) to avoid aliasing distortion. Each
sample is defined as a pixel (picture element) which is commonly encoded with 8-bit
accuracy because this precision is required to avoid any visible distortion in the output
image. At this point the bit rate is typically 16B bits/sec. which may exceed the bit
rate of the transmission channel (C bits/sec). The purpose of the compressor is to
reduce the 16B bit rate by reducing the pixel-to-pixel redundancy inherent in the
image. The channel coder (e.g. modem) processes the binary compressed signal for
efficient transmission over the communication channel. The compressor is commonly 



referred to as a source coder (signal source) as contrasted with the channel coding
process. As shown in Figure 1, the functions at the receiver are the inverse of those at
the transmitter.

FIGURE 1
A GENERIC SECURE VIDEO

TELEMETRY SYSTEM

The input video signal is highly compressible due to its inherent redundancy within
the TV frame (intraframe) and from frame to frame (interframe). This paper deals
primarily with coding techniques which reduce interframe redundancy. The remainder
of this paper introduces the subject of predictive coding, examines one particular
interframe coding technique, and discusses advanced techniques for error control.

PREDICTIVE CODING

PCM transmits each pixel as an independent sample without taking advantage of the
high degree of pixel-to-pixel correlation existing in most TV signals. Predictive
coding is a basic bit-rate reduction technique that reduces this pixel-to-pixel
redundancy. Figure 2 is a functional block diagram illustrating the basic predictive
coding process. A predictor (located in both encoder and decoder) predicts the
brightness value of each new pixel (or block of pixels) based solely on the pixels
previously quantized and transmitted. The predicted brightness is subtracted from the
actual value of the new pixel, resulting in a bipolar prediction error signal. This error
signal is quantized and transmitted. At the receiver, the inverse of the quantization
process is performed, and the decoded error signal is added to the predicted value to
form the output signal for viewing. The output signal is fed to the predictor to be used 



FIGURE 2
FUNCTIONAL BLOCK DIAGRAM OF A GENERIC

PREDICTIVE CODING SYSTEM

for prediction of the next pixel (or block of pixels). Referring back to the predictive
encoder, the reader will note that the transmitted signal is decoded at the transmitter
using exactly the same decoding process which is used at the receiver. The predictive
encoder can be viewed as a servo loop which continually forces the decoded output
signal to be as close as possible to the input signal.

The most common predictor uses the previous pixel in the scan line as the basis for
prediction. If the brightness of the pixel being transmitted is similar to that of the
previous pixel (which is usually the case) the predictor error is small and therefore
able to be efficiently transmitted. The predictive coding process can also be used for
interframe coding by using the previous frame as the basis for prediction. The
interframe coding discussed in this paper is based on this principle.

AN INTERFRAME CODING SYSTEM

The interframe prediction error signal (Figure 2) can be encoded on a pixel-by-pixel
basis, or it can be encoded on a block-by-block basis using a coding technique such as
the Discrete Cosine Transform (DCT). Since the DCT is more efficient than pixel-by-
pixel coding, the interframe coder discussed in this paper is based on the DCT. A
functional block diagram for such a system is shown in Figure 3. Basically the system
subtracts a predicted block of 8 x 8 pixels from the corresponding block of incoming
video. A block of error pixels is generated and fed to the DCT encoder, quantizer, and
VLC for transmission. At the receiver the error block is decoded and added to the 



ENCODER

FIGURE 3
FUNCTIONAL BLOCK DIAGRAM OF AN

INTERFRAME CODEC USING PREDICTIVE AND DCT CODING

predicted block for viewing. Since the predicted block and incoming video block are
highly correlated the error block will tend toward zero and be encoded with few bits.

The bit rate at the output of the Variable Length Encoder is highly variable, and
depends upon the complexity of the input signal. Since the transmission rate of the
data link is constant, buffers are needed at the encoder output and decoder input to
smooth the variable bit rate. The buffer fullness is measured and is used to control the
quantization accuracy to avoid buffer overflow or underflow. Buffer size and control
criteria are important issues to be considered by the compression system designer.

Obviously the image quality for this system will degrade as the operational scenario is
modified to reduce the overlap between adjacent TV frames (down looking, low
altitude, high ground speed). If this occurs it may be desirable to electronically
measure the translational shift of the picture so that the incoming video block may be
shifted relative to the predicted image. This shifting more accurately aligns the
predicted block with the incoming video. This enhanced prediction, defined as motion
compensation, gives rise to the acronym PRECOM  (PREdictive coding using the
COsine transform and Motion compensation). PRECOM increases the accuracy of the
match between the input video block and the predicted image.



The PRECOM system measures the magnitude of the error signal on a block basis. If
the error signal is below a threshold no information would be transmitted about that
block with a resultant very high compression ratio. Table 1 illustrates the budget for
the bits which may be allocated to encode a typical TV frame consisting of 256
pixels/line and 240 lines.

The reader will note that approximately 14% of the bits are used for intraframe
coding. This is necessary because if a block encoded in the interframe mode is
contaminated by a transmission error the distortion from that error could be retained
indefinitely. To correct this defect each block is transmitted by intraframe coding
every two seconds.

It is concluded in Table 1 that 3,584 bits of information are needed to define each
typical TV frame. This bit count must be increased by approximately 3% to account
for the overhead structure. It is also desirable to include forward error control (FEC) to
make the transmitted signal more robust. The typical FEC overhead is 4%. These two
sources of overhead would increase the total bit count per frame to 3,839 which yields
a net coding rate of .06 bits/pixel.

TABLE 1
BIT ALLOCATION FOR CODING A TYPICAL TV FRAME

CODING MODE BLOCKS BITS/PIXEL BITS/FRAME

BLOCKS NOT TRANSMITTED 752 (78%) ----- -----

BLOCKS INTERFRAME CODED 192 (20%) .25 3,072

BLOCKS INTRAFRAME CODED    16 (2%)   .5   512 

TOTAL 960 (100%) 3,584

ERROR CONTROL

The PRECOM coding algorithm is a very aggressive coding technique. As a general
rule as the compression is increased the error sensitivity also increases. Therefore
techniques to reduce the effects of data link errors must be considered. The following
are some of the techniques that can be used:

FORWARD ERROR CORRECTION (FEC)  - It is proposed to use a
BCH(511,493) FEC. This uses a block of 493 bits of data and adds 18 correction bits.



To this is added a framing bit, bringing the block total to 512 bits. This adds less than
4% overhead. It can correct up to two isolated random errors per block, but can have
difficulty with burst errors. It is expected that a useful signal will be obtained at an
input BER of as high as 1*10 .3

GROUP OF BLOCKS  - Each frame is divided into a number of equal segments
called Groups of Blocks (GOB). The unique GOB start code at the beginning of each
GOB limits the propagation of errors to a small fraction of the field. It might be
possible to obtain a useful image, despite the fact that a large portion of one or more
GOB's is totally in error, providing that the target is not in the GOB that is in error.

INTRA MODE  - It is proposed to send a fraction of each GOB by the Intra mode on
each transmitted frame. Since the Intra mode does not rely on any previous data,
errors will be erased from the screen.

ERROR DETECTION  - A GOB would be declared in error if any of the following
occurred during the GOB:

1) following the last EOB, the Start Code of the next GOB does not follow
immediately (no extra bits)

2) the last block in the GOB is beyond the last possible address
3) the coefficients of any block are beyond the 64th position
4) any illegal VLC's occur
5) the GOB number is out of order-- the numbers must increase by one each time

until the picture header is received

It is expected that the chance of a GOB with a significant error (that gets the VLC
decoder out of step) passing all the above error detection tests is very small, perhaps
about 5%.

POST PROCESSING  - If an uncorrectable error happens to occur in a critical GOB
in a critical frame, it still may be possible to recover virtually all of the image. This
can be done by recording the digital signal that was received. Then the offending GOB
can be decoded from both the start and finish, until the location of the error is found.
This should correspond with an FEC block that was found to contain errors, but were
corrected incorrectly. During post processing the FEC should not be used, since it was
an FEC failure that caused the problem, and presumably added errors.

Decoding in the forward direction is simple, and proceeds until a detectable error is
found. Decoding in reverse can be done by going back from the next GOB Start Code
to each potential EOB code, and decoding from there forward. Only if that decoding is



error-free will the potential EOB be considered valid. Proceeding in this manner,
potential decodes of the end of the GOB can be obtained. It may be possible to isolate
the error to a specific block, or to a specific coefficient of a block, or even to
completely correct the error.

SUMMARY AND CONCLUSIONS

In this paper we have reviewed the system aspects of secure video telemetry and the
general principles of predictive coding. An interframe video coding system has been
described which suggests that TV scenes may be compressed down to approximately
0.06 bits/pixel. It is concluded that motion compensation may be required to achieve
this level of compression. It is concluded that, with this high level of compression, the
transmitted signal becomes more susceptible to data link errors. Advanced error
control techniques were presented which minimize the effects of these errors.



RF SPECTRAL CHARACTERISTICS OF
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ABSTRACT
The telemetry radio frequency (RF) spectrum is rapidly becoming more crowded.
Therefore, telemetry system engineers and frequency managers must become more
knowledgeable about the RF spectral characteristics of telemetry signals. This paper
presents methods to calculate the expected RF spectrum of random non-return-to-zero
(NRZ) pulse code modulation (PCM)/frequency modulation (FM) and phase shift key
(PSK) signals. The discussion includes the effects of bit rate, peak deviation,
premodulation filtering, and spectrum analyzer resolution bandwidth. The methods are
easily implemented using a personal computer and a spreadsheet program with
graphics capability. Calculated spectra agree well with measured spectra. Equations
are presented for accurately estimating the peak deviation and unmodulated carrier
power of a random NRZ PCM/FM signal from the measured RF spectrum. Adjacent
channel interference is also calculated. Key words: radio frequency spectral
occupancy, pulse code modulation, frequency modulation, phase shift keying,
premodulation filtering, adjacent channel interference.

PCM/FM RF SPECTRA
The calculated PCM/FM spectra are based on a paper by M. G. Pelchat . Pelchat1

presents an exact expression for the power spectrum of an unfiltered, random
PCM/FM signal. The power spectrum (dBc) can be calculated using (spectrum
analyzer bandwidth added to Pelchat's expression):

(1)

where:
S(f) = power spectrum (dBc) at frequency f
B = spectrum analyzer resolution bandwidthSA

f = bit rateB

D = 2)f/fB

X = 2(f-f )/fc B



)f = peak deviation
f = carrier frequency.c

Figure 1 shows the spectrum calculated using equation (1) and the measured spectrum
for the following parameters: bit rate = 800 kb/s, peak deviation = 280 kHz, and
spectrum analyzer resolution bandwidth (RBW) = 30 kHz. The agreement is excellent.
The measured values were increased by 1.7 dB to correct for the fact that Hewlett-
Packard spectrum analyzers do not accurately measure power when many spectral
components are present in the resolution bandwidth. The correction factor may be
different for other spectrum analyzers. The measured spectra in this paper are
“average” spectra. The averaging was accomplished by using a video bandwidth
which was much narrower than the resolution bandwidth. I believe that average
spectra provide a more accurate measure of interference than “peak” spectra
(measured using peak hold feature) for random NRZ signals. I selected 201 points and
an RF bandwidth of six times the bit rate for the spreadsheet calculations in this paper.
This number of points gives a good representation of the actual spectrum. Using less
points results in a less accurate spectrum while using more points resulted in slow
response (I used an 8 MHZ AT). It is also desirable to insert a very small frequency
offset in f–f  (e.g., 0.001 Hz) to minimize the probability of dividing by zero. Figure 2c

shows the agreement for a peak deviation of 560 kHz. The agreement is again
excellent. The optimum deviation for PCM/FM is approximately 0.35 times the bit
rate. For this deviation, more than 90% of the total power is contained in a bandwidth
equal to the bit rate. The example with a peak deviation of 0.7 times the bit rate was
included only to demonstrate that this equation works well for more than one peak
deviation. A peak deviation of 0.7 times the bit rate is not a recommended peak
deviation. The nulls in the RF spectrum occur when cos BD = cosBX, (X…D). The
nulls occur at offsets from the carrier frequency of ±(nf  ± )f), that is, integerB

multiples of the bit rate away from the peak frequency deviation frequencies. This fact
can be used to accurately estimate the peak deviation ( )f<f  when the bit rate isB)

known using

(2)
The null spacing is the frequency difference between the first nulls (one on each side
of center frequency). The null spacing is 1040 kHz in figure 1 and 480 kHz in figure 2.

Equation (1) shows that S(f) is inversely proportional to the bit rate and directly
proportional to the RBW (for any given values of X and D). Figure 3 presents the
effect of increasing the bit rate from 800 kb/s to 2400 kb/s (RBW = 30 kHz). The
power spectral density changed by ten times the log of 800/2400 or -4.8 dB.
Decreasing the resolution bandwidth from 30 kHz to 3 kHz will change the displayed
power spectrum by ten times the log of 3/30 or -10 dB.



PCM/FM RF SPECTRA WITH PREMODULATION FILTERING
The sidebands in figures 1 to 3 decrease at 12 dB/octave. The rolloff rate can be
increased by using a premodulation filter. This filtering minimizes the interference
with adjacent channels. General, exact expressions do not appear to exist for PCM/FM
RF spectra with premodulation filtering. The basic problem is that frequency
modulation is a complex, non-linear operation. Watt, Zurick, and Coon  discuss the2

calculation of spectral sidebands for PCM/FM with premodulation filtering. Their
basic approach is to shift the low pass filter zero frequency to the peak deviation limits
of the modulated signal. This method can be easily implemented on a spreadsheet. A
premodulation filter bandwidth of 0.7 times the bit rate does not have a significant
impact on PCM/FM bit error rate performance . Figure 4 presents the measured and3

calculated spectra for a 4-pole constant delay (CD), also known as linear phase,
premodulation filter with -3 dB bandwidth of 560 kHz. Figure 5 displays the measured
and calculated spectra for a 1-pole resistor-capacitor (RC) filter with -3 dB bandwidth
of 540 kHz. The agreement between measured and calculated spectra is reasonably
good for the 4-pole CD and 1-pole filters. The calculated spectra are slightly wider
than the measured spectra. The calculated spectra have slightly less power near center
frequency than the measured spectra. The best match for this 4-pole CD filter occurs
with a frequency shift of 200 kHz. Figure 6 displays the measured and calculated
frequency responses for the 4-pole CD filter. Figure 7 shows the measured and
calculated spectra for a 4-pole constant amplitude (CA) filter. The calculated spectrum
is slightly narrower than the measured spectrum for this CA filter. Figure 8 shows that
the RF spectra are similar for both a 4-pole CD and a 4-pole CA premodulation filter
(same -3 dB bandwidths).

The power gain as a function of frequency can be calculated for a 4-pole CD filter
using the following equation :4

(3)

where:
z = 2.114f/f-3

f = desired -3 dB frequency-3

The power gain as a function of frequency for an n-pole CA filter can be calculated
using:

(4)



The Telemetry Standards  (Inter-Range Instrumentation Group (IRIG) Standard 106-5

86) states “In any 3 kHz bandwidth outside bandwidth A' (A' = Authorized bandwidth
+ 1.0 MHZ), the minimum required attenuation for all emissions is 60 dB below the
transmitted power, except that it shall not be necessary to attenuate below a level of
-25 dBm”. Textbooks typically calculate the 99% fractional power containment
bandwidth  (the frequency band where 0.5 % of the power is below the lower band6

limit and 0.5% is above the higher band limit). Many modern spectrum analyzers can
easily find the bandwidth that contains N% of the total power. It is more difficult to
find the -60 dBc points when an unmodulated carrier is not available. Equation (1) can
be used to estimate the power in dBc at any point in the spectrum. Setting X=0 yields
the power (dBc) at the center frequency:

(5)

Equation (5) is plotted in figure 9 for RBWs of 3 and 30 kHz. Equation (5) can be
used to accurately estimate the signal power at the spectrum analyzer input by adding
*S(f )* plus any spectrum analyzer correction factor to the power measured at thec

center frequency.

The -60 dBc (3 kHz RBW), 99%, 99.9%, and 99.99% bandwidths were measured for
several different combinations of bit rate, peak deviation, and premodulation filtering.
These values are listed in table 1. The -60 dBc and 99.99% bandwidths are
approximately equal for the bit rates, peak deviations, and premodulation filters
presented in table 1 (excluding the cases with no premodulation filter). The -60 dBc
bandwidth (MHZ) with a 4-pole CD premodulation filter (-3 dB at 0.7f ), peakB

deviation=0.35f , and bit rates between 0.8 Mb/s and 20 Mb/s can be estimated usingB

(2.45-0.025f )f . The -60 dBc bandwidth for a bit rate of 1 Mb/s is slightly greaterB B

than 2.4 MHZ and the -60 dBc bandwidth for a bit rate of 10 Mb/s is approximately 22
MHZ. The 99% power bandwidth is slightly less than 1.2f  for these parameters.B

Figure 10 plots the -60 dBc bandwidths (RBW=3 kHz) versus bit rate for a 4-pole CD
and a 1-pole RC filter with -3 dB points at 0.7f . Figure 10 also shows the A'B

bandwidths for IRIG 1, 3, 5, and 10 MHZ authorized bandwidths.



Table 1. NRZ PCM/FM Measured Bandwidths.

Bit Rate Peak Dev Premod Filter -60 dBc 99% 99.9% 99.99%

kb/s kHz kHz Type kHz /f kHz /f kHz /f kHz /fB B B B

400 140 None 2450  6.13 716  1.79 1280  3.13 2430  6.08

800 200 None 3360  4.2 960  1.2 2000  2.5 3900  4.88

800 280 None 4030  5.04 1430  1.79 2480  3.1 4830  6.04

800 320 None 4030  5.04 1500  1.88 2860  3.58 4920  6.15

800 560 None 5650  7.06 2100  2.63 4020  5.03 7080  8.85

1600 560 None 6750  4.22 2800  1.75 4850  3.03 9310  5.82

2400 840 None 8570  3.57 4200  1.75 7170  2.99 12200  5.08

400 140 280 5-pole CD 1060  2.65 480  1.2 820  2.05 980  2.45

800 280 560 5-pole CD 2030  2.54 930  1.16 1630  2.04 1930  2.41

800 280 800 4-pole CD 2400  3.0 1070  1.34 1740  2.18 2290  2.86

800 280 560 4-pole CD 2020  2.53 930  1.16 1620  2.03 1920  2.4

800 280 400 4-pole CD 1870  2.34 890  1.11 1460  1.83 1790  2.24

800 280 560 4-pole CA 2060  2.58 930  1.16 1620  2.03 1950  2.44

800 280 540 1-pole RC 2500  3.13 920  1.15 1680  2.1 2490  3.11

800 320 560 4-pole CD 2090  2.61 1180  1.48 1680  2.1 1990  2.49

2400 840 1680 4-pole CA 5760  2.4 2850  1.19 4950  2.06 6020  2.51

 PSK RF SPECTRA
The term phase shift keying implies that the information is contained in the relative
phase of the transmitted signal. Two methods of generating a binary PSK signal are
multiplying a sine wave by ± 1 (also known as amplitude shift keying) and linearly
changing the phase between 0 and 180 degrees (also known as phase modulation). The
two methods are equivalent with no filtering but are not the same with premodulation
filtering. Classical PSK signals are usually generated by multiplying the carrier signal
by the baseband modulation signal. This method is equivalent to translating the
baseband signal to the carrier frequency (two-sided spectra). The power spectrum with
no filtering can be calculated using:



(6)

Figure II shows the measured and calculated spectra for an unfiltered, random 800
kb/s PSK signal. The agreement is again excellent. An unfiltered PCM/FM signal is
also shown in figure 11. The PSK sidebands roll off at 6 dB/octave while the FM
sidebands roll off at 12 dB/octave. The 99% power bandwidth  for unfiltered PSK is7

19.3f . The -60 dBc bandwidth (3 kHz RBW) for unfiltered 800 kb/s PSK isB

approximately 30 MHZ. The RF spectra for PSK with premodulation filtering can be
calculated by multiplying the equation (6) values by the premodulation filter gain (no
frequency shift is necessary because the carrier frequency is not being changed).
Figure 12 presents the measured and calculated spectra for the 560 kHz 4-pole CD
filter. The differences are mainly caused by the extra attenuation of the actual filter
between 800 and 2000 kHz and the lower attenuation of the actual filter above 2000
kHz. The measured bandwidths for this PSK signal were: -60 dBc 2.69 MHZ, 99%
1.19 MHZ, 99.9% 2.12 MHZ, 99.99% 2.7 MHZ. These bandwidths are approximately
30% larger than the bandwidths of PCM/FM with the same premodulation filter. The
filtered PSK signal does not have a constant envelope (see figure 13). If a filtered PSK
signal is amplified using a nonlinear amplifier, the sidebands are restored to
approximately the level with no filtering .8

Offset quadrature phase shift keying (OQPSK) is a modulation technique in which
alternate bits modulate the carrier (I) and the carrier phase shifted by 90 degrees (Q).
Both the I and Q components contain one-half of the total power. Since the I and Q
components do not change state at the same time, the amplitude of only one
component goes to zero at any time when a premodulation filter is used. Therefore,
the envelope of the filtered signal only decreases to approximately 70% of the
amplitude with no premodulation filter (see figure 13). The sidebands are not fully
restored when a limiting amplifier is used with filtered OQPSK  . Tests using a8

saturated preamplifier showed a restoration of OQPSK sideband levels of
approximately one-half the attenuation expressed in decibels. That is, when the filter
caused a sideband reduction of 30 dB, the sideband was only attenuated by
approximately 15 dB at the output of the saturated amplifier. The spectrum for
OQPSK can be calculated using equation (6) with the bit rate cut in half. Minimum
shift keying (MSK) can be viewed as either OQPSK with sinusoidal weighting or as
PCM/FM with a peak deviation of 0.25 times the bit rate. The spectra of unfiltered
OQPSK and MSK are shown in figure 14. The spectrum of OQPSK with rate ½
coding is the same as the spectrum of unencoded PSK (with linear amplification).



ADJACENT CHANNEL INTERFERENCE
The results of the previous sections can be combined with information about the
receiver predetection filters to predict adjacent channel interference expressed as
desired signal to interference (S/I) ratios. Figure 15 displays a typical 1 MHZ receiver
filter and the receiver intermediate frequency (IF) outputs for a signal centered at the
receiver center frequency and a filtered 800 kb/s PCM/FM signal shifted by +1 MHZ.
The calculated and measured S/I values were 9.9 and 10 dB respectively. Figure 16
shows the calculated receiver IF output for a signal at center frequency and a filtered
PCM/FM signal shifted by +2 MHZ but with 30 dB more power at the receiver input.
The calculated and measured values were 14.3 and 18.4 dB respectively. The 4 dB
difference was caused by the higher sideband levels of the calculated spectrum. The
calculated S/I value with a 1-pole RC premodulation filter was 10.5 dB and the
calculated S/I value with no premodulation filter was only 3.6 dB (+2 MHZ, +30 dB).
Figure 17 presents the calculated receiver IF output for a signal at center frequency
and a filtered 800 kb/s PSK signal shifted by + 1 MHZ. The calculated and measured
S/I values were both 10.5 dB. Figure 18 shows the calculated receiver IF output for a
signal at center frequency and a filtered PSK signal shifted by +2 MHZ but with 30
dB more power at the receiver input. The calculated and measured values were 8.6
and 9.7 dB respectively. The calculated S/I with no premodulation filter was -11.7 dB
(+2 MHZ, +30 dB). The premodulation filter for figures 15 to 18 was a 4-pole CD
with -3 dB frequency of 560 kHz.

CONCLUSIONS
1.  The RF spectra of unfiltered PCM/FM and PSK signals can be predicted very
accurately for various bit rates, peak deviations, and resolution bandwidths using a
personal computer and a spreadsheet.

2.  The RF spectra with premodulation filtering can be predicted with acceptable
accuracy for PCM/FM and PSK.

3.  The peak deviation can be accurately estimated when the bit rate and the frequency
separation between the first power nulls are known.

4.  The unmodulated carrier power of a PCM/FM signal can be accurately estimated
when the bit rate, peak deviation, and spectrum analyzer resolution bandwidth are
known.

5.  The ratio of the -60 dBc bandwidth to the bit rate decreases as the bit rate increases
(peak deviation and premodulation filter held at constant fraction of bit rate).



6.  The spectral sidebands are lower for PCM/FM than for PSK with the same linear
phase premodulation filter.

7.  The adjacent channel interference is lower for PCM/FM than for PSK with the
same linear phase premodulation filter.
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ON IMPLEMENTATION OF REMOTELY OPERATED
UNMANNED TELEMETRY TRACKING SYSTEMS
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WILLIAM C. TURNER
ELECTRO-MAGNETIC PROCESSES, INC.

CHATSWORTH, CALIFORNIA 91311

ABSTRACT

The high cost of real estate in countries with expanding populations, coupled
with the long range capability of modern weapon systems has resulted in the
need to expand test ranges to remote desert areas or areas over sea water. In
order to preclude the cost of duplicating existing test centers, and the high cost
of manually operating ground tracking stations, the requirement for unmanned
remotely controlled telemetry tracking systems has emerged.

Until recently, implementation of such systems has been trivial because the
microwave link had sufficient bandwidth. However, with the advent of multi-TM
bands, encrypted T.V. video and dual-polarization diversity requirements,
implementation of unmanned remote stations has become cumbersome,
expensive and less reliable. For instance, a pair of dedicated computers are
now required to remotely control as many as eight receivers and four diversity
combiners.

This paper analyzes the advantages, limitations and feasibility of remotely
controlling a wide-band antenna/pedestal with the restriction that all frequency
downconverters, receivers, and combiners be located at the test center where
they can be manually controlled and monitored, and more readily maintained. A
comparison is made between the use of coaxial cable and fiber-optic cable as
short-haul (0.25 to 25 kilometers) RF transmission media.

 BACKGROUND

Until recently, dual polarization diversity telemetry tracking systems have been
remotely operated by co-locating the data/tracking receivers with the
antenna/pedestal. To accomplish this, the receivers, combiners, and associated
test equipment were controlled via a GPIB bus from a remotely controlled local



computer. Not only were the TM data and received signal strength transmitted
to the control site, via narrow-band microwave links, but system operators
demanded that the IF spectrum also be received for presentation on spectrum
analyzers at the remote site.

Because of BAUD rate limitations, and overhead of the local and remote
computers, the receiver control response time is slow, but acceptable. The
response problem is compounded when two or more 100 MHZ telemetry bands
and/or encrypted T.V. video from the instrumented vehicle must be
accommodated by the tracking system. For this case, either a pair of receivers
and a combiner are required for each band, or a dual-channel downconverter
for each band, followed by a remotely controlled switching matrix and two or
more receivers are required. For either solution, additional power, cooling, and
rack space are required at the unmanned local site.

For multi-band telemetry tracking systems, it is preferred by operators and
maintenance personnel to have the receivers and optional downconverters
located at the manned remote site where patch panels and decrypting
equipment are available, and where the environment is well controlled. In
addition to the economies gained in reduced maintenance costs for the
receiving and environmental control equipment, this approach provides the
operator with immediate response of monitored parameters and eliminates the
links and associated computers required for receiver control and spectrum
display.

COAX VS. FIBER CABLES

The luxury of having the receivers at the manned remote site requires that the
wide-band RF (1.4 to 2.4 GHz) be transmitted from the local site to the remote
site. Since microwave links are currently limited to two 30 MHZ bandwidths by
the receiver/transmitters, only two methods are currently known for meeting this
requirement, either coaxial cable or fiber-optic cable.

It is neither cost effective nor practical to link an antenna/pedestal with a remote
controller, via a hard-wire cable, longer than 200 meters. But, what are the cost
effective and practical limits of using coaxial cable to link the antenna with the
remote receivers?

The cost of driving a long length of coaxial cable becomes excessive when
cable attenuation exceeds 40 dB. One-half inch diameter foam-dielectric coax is



Foam-dielectric cable was selected because it does not require pressurization with dry1

air and therefore the cost comparison with fiber cable is more equitable. 40 dB of cable
attenuation limits its length without a repeater amplifier.

limited to 350 meters in length and costs $5,400 per pair including connectors.1

Five-eighths inch diameter foam cable is limited to 550 meters in length, and
costs $22,700 per pair. One and one-fourth inch diameter cable is the largest
diameter cable that supports 2.4 GHz and is limited to 800 meters in length. The
cost of a pair of 800 meter long high-quality 1 ¼-inch foam flex cables exceeds
$54,000. Currently, at nine known existing installations, four dual-channel
frequency downconverters are employed at the pedestal to drive eight one-half
inch diameter coaxial cable runs 650 meters in length at a cost of $72,500. The
cost of the latter two alternatives far exceeds that of a high-quality dual-channel
fiber-optic link, which would remote the data/tracking receivers at a distance
exceeding 15 kilometers.

In order to maintain a low system noise temperature and drive a long coaxial
cable, the RF low-noise preamplifier (LNA) not only must have a net gain of 63
dB, but must have a tapered frequency response to compensate for the 8 dB
differential attenuation between 1.4 and 2.4 GHz in the coaxial cable. The same
63 dB LNA, but with a flat frequency response, will drive a single-mode analog
fiber-optic transmission line 6 kilometers in length and provide virtually the same
noise performance, and almost the same dynamic range. Since the frequency
response of the fiber-optic transmission system is flat to within 0.5 dB over the
band of interest, no leveling vs. frequency is required.

ADVANTAGES OF FIBER-OPTIC CABLE

Besides being more rugged and flexible than foam-dielectric coaxial cable, the
four principal advantages of using fiber-optics over coaxial cable are EMI,
security, moisture immunity, and cost.

Since the medium of transmission (glass) in optical fiber is totally non-electrical,
the signal in the fiber will not be disturbed by the presence of external EMI, EMP
or moisture. Also, since the medium is a dielectric, the signal cannot be tapped
using current probes. The only way to tap the signal, short of breaking the
connection, is to strip away the cable jacket and bend the bare fiber tightly
enough so that some of the light is transmitted through the cladding. Either way,
the loss in light power is immediately detectable at the photodiode receiver.

For cable runs longer than 550 meters, the most compelling reason for using an
analog fiber-optic RF transmission system is cost: For a dual-diversity (two-



channel) TM ground station, the cost of two 800 meter long 1 ¼-inch diameter
foam-dielectric cables having low VSWR is $54,000. Installing the cables in a
secure conduit will incur additional costs. The cost of two pair of laser
transmitters and photodiode receiver modules, and an 800 meter long bundle of
four single-mode fibers is $33,000. The cost of installing the fiber cable is
modest because it can be blown through existing conduit. The cost of installing
the fiber-optic laser transmitter modules in the pedestal, and the fiber-optic
receiver modules in the control console requires an additional $3,000 yielding a
total cost of $36,000. (Note that the laser transmitter modules are designed for a
severe environment and do not require an environmentally-controlled housing.)
It is concluded that a savings of at least $18,000 is realized by utilizing a secure,
EMI-proof fiber-optic transmission line system.

LIMITATION OF FIBER-OPTICS

The only limitation of a fiber-optic link, though not insurmountable, is dynamic
range. The dynamic range is defined as the signal level range (in dB) between
noise floor and LNA compression where the AM tracking error signal drops to
one-half its nominal peak-to-peak level.

Telemetry receivers typically amplitude-limit at a -10 dBm input and have a
noise figure of 10 dB. Assuming a 40 dB coaxial cable loss, the final stage of the
power amplifier driving the transmission line must not limit below an output of
+30 dBm, or have a 1 dB compression point of less than +30 dBm. The
combined gain of the LNA and power amplifier driving the line must be 63 dB to
overcome the cable loss and minimize the receiver noise contribution to the
system noise temperature. This transmission system typically provides a
dynamic range of 85 dB and a system noise temperature of 200 Kelvins. (Note
that for each additional dB of cable loss, one must not only increase the
amplifier gain and compression point by 1 dB but also increase the output power
capability by 1 dBm.)

The typical laser transmitter of a fiber-optic link begins to amplitude-limit at an
input level of + 1 5 dBm. The noise figure of the fiber link can be held to 46 dB
for a fiber length ranging from 0.25 to 15 kilometers. The corresponding power
gain (loss) of the fiber link ranges from -32 to -37 dB. To achieve a system noise
temperature of 200 Kelvins, the gain of the amplifier driving the fiber link again
must be 63 dB. However, the laser transmitter goes into compression before the
telemetry receiver by a power level ranging from 10 to 12 dBm. Thus, the
dynamic range of the receiving system is reduced 7 to 12 dB depending on the
length of the fiber-link. However, the dynamic range of 85 dB can be retained
simply by automatically controlling the gain of the drive amplifier, bypassing the



final stages of the amplifier or switching to a low-gain antenna once the received
signal strength exceeds 60 dB above noise floor.

EXPERIMENTAL COMPARISON

A direct comparison of analog fiber with coaxial RF transmission line was made
at Edwards Air Force Base, CA., using an 8-foot diameter tracking system at
S-band. The 400-foot long LHCP channel coaxial cable was replaced by a fiber
link and compared with the unmodified RHCP channel using one-half inch foam
coaxial cable. A common Microdyne 1200MR receiver with an IF bandwidth of
1.5 MHZ was used to compare RF channels.

The two RF sources employed for the test were the solar disc and a boresight
tower using a vertically polarized antenna located seven (7) miles distant. The
gain of a second RF amplifier preceding a low cost laser transmitter module,
located at the base of the pedestal, was adjusted to equalize the noise level of
the two channels.

The solar disc was acquired and tracked using each channel. The RHCP (coax)
channel showed a Y-factor (ratio of solar disc noise power to cold-sky noise
power) of about 0.5 dB better than the LHCP (fiber) channel. The vertically
polarized source was autotracked by the RHCP channel when the signal-plus-
noise was equal to twice the noise. The signal level had to be raised
approximately 3 dB before autotracking, via the LHCP (fiber) channel,
performed equally well. (A bias in the tracking loop prevented stable
autotracking of either channel on a lower signal level.)

The signal level of the RHCP (coax) channel had to be raised 30 dB above
system noise floor before the bit error rate (BER) was less than one per 10  bits.6

The signal level in the LHCP channel had to be raised an additional 1.5 dB to
achieve equal performance. The signal level was then raised 60 dB above
system noise floor near laser saturation. No bit drop-outs were observed on
either channel. Autotrack snap-on tests of either channel using both the high-
gain antenna, and the low-gain acquisition aid antenna showed only a ten
percent overshoot and no variation in the tracked angle. (The lack of a higher
level RF test signal precluded measuring the full dynamic range of the fiber link.)

SYSTEM NOISE TEMPERATURE CALCULATION

Once the noise figure and power gain (loss) of the RF fiber-link in the TM
frequency band are known, the system noise temperature can be determined
using Friis’ formula. The three sources that contribute to the noise temperature



of the fiber link are laser noise, photodiode receiver thermal noise, and
photodiode shot noise, (see Reference 1). The latter two sources are functions
of system optical losses and become worthy of consideration when cable
lengths exceed 1 kilometer where the optical loss due to fiber and connectors
exceed 1.4 dB. The power gain (loss) of the link is a function of the laser to fiber
coupling, the photodiode output impedance matching device and fiber
attenuation. For longer cable lengths, photodiode thermal noise coupled with
high power loss eventually limits link performance. Once the required cable
length and quality are determined, the vendor will provide the Equivalent Input
Noise power (EIN) for the link, and the link power gain (loss). The system noise
figure can then be calculated.

By definition, the Noise Figure (F) of a device is a figure of merit determined by
the ratio of the noise power generated by the device, to the noise power
generated by an ideal device, which is 4 x 10  milliwatts/Hz at 290K or -174-18

dBm/Hz when terminated in a passive load. When the equivalent input noise
power of the link (EIN) is given in dBm/Hz, the noise figure for the link (in dB) is
found by subtracting -174 dBm/Hz from EIN. Thus, for an EIN of -128 dBm/Hz,
the noise figure (F) is -128-(-174) = 46 dB. The noise temperature (Te) of the
device is log - [F/10)-1] times the operating temperature of the device. The-1

typical laser is peltier cooled and operates at 296K ambient or 24.7 dBK. Since
F is typically 4 x 10  dB an adequate approximation for Te is F  + 24.7 .4

(dB) (dBk)

The noise temperature contributed by the fiber link can be washed out by
selecting a low noise RF preamplifier that provides a net gain 22 dB higher than
the link's effective noise temperature. Typically, the gain will compensate for the
fiber-link power gain (loss) and wash out the noise temperature contributed by
the TM receiver being driven by the link. To achieve maximum dynamic range,
the amplifier gain should be selected to cause its final RF stage to go into
compression after the laser transmitter starts to limit (+ 15 dBm typically).

Instead of employing a single high-gain amplifier, it is best to use two RF
amplifiers in cascade with provision for automatically bypassing the final driver
amplifier in order to extend the dynamic range.

Figures 1 A and 1 B are the noise temperature block diagrams for a coaxial
cable link system and an optical fiber link system. In both systems an LNA is
employed at the tracking antenna feed, and a power amplifier is employed at the
base of the pedestal to drive the RF cable or laser transmitter. A foam dielectric
cable 700 meters in length is compared to a 700 meter long fiber cable. The
coaxial cable has an insertion loss of 35 dB, while the fiber cable and
connectors has an electrical loss of 2.5 dB or twice the optical loss of 1.25 dB. A



FIGURE 1 A COAXIAL CABLE LINK SYSTEM

FIGURE 1 B FIBER-OPTIC LINK SYSTEM



5 dB loss is assumed for the RF distribution network and patch panel. (Note that
a 800 meter long cable could be used if an active multicoupler replaces the RF
distribution network.) In Figure 1 B, the coaxial cable is replaced by the optical
fiber link having a 50 dB noise figure (EIN = - 124) with power gain of -40 dB.

Using Friis’ formula, the system noise temperature, referenced at the antenna,
for the coax system of Figure 1 A is calculated in the usual manner where the
0.6 dB of antenna feed loss is used in each downstream calculation. The 63 dB
net gain upstream of the 700 meter long cable compensates for the 40 dB of
cable attenuation, leaving an excess of 22 dB to reduce the noise contribution of
the data/tracking receiver. The resulting noise temperature is 202.1 K.

The system noise calculation for the RF fiber optic link of Figure 1 B is
accomplished in the same manner. The net gain of 63 dB upstream of the laser
transmitter adequately reduces the noise temperature contribution of the laser,
but is 6 dB short of fully compensating for the downstream noise sources. The
calculated system noise temperature is 253.2K. Were it not for the dynamic
range problem, one could increase the gain of the power amplifier an additional
6 dB. An alternative method is to use a distributed feedback laser with an optical
isolator to reduce link noise. With this improvement, noise figure of the fiber link
is 44.5 dB (EIN = -129.5 dBm/Hz), the power gain loss is only -35.5 dB, and the
resulting system noise temperature is 208.2K. (The same noise temperature
can be attained by a fiber 6 kilometers long by using fiber in lieu of an optical
attenuator that protects the photodiode.)

For fiber links greater than 15 kilometers in length, the noise contributed by the
photodiode receiver becomes the critical factor. Here again, performance of the
standard optical receiver module can be improved by utilizing active or reactive,
rather than a resistive impedance matching devices at the diode output. Using a
close-coupled active RF amplifier having a 5 dB noise figure and a gain of
12 dB, the fiber link noise figure of 44 dB is achieved and the power gain is
reduced to -36.5 dB for a 15 kilometer link. Further, the added amplifier helps to
wash out the noise contribution of the RF distribution network and receiver, but
does not reduce the dynamic range of the system. The resulting noise
temperatures for a 15, 20, and 25 kilometer link are 192.9K, 198.7K and 218.6K,
respectively.

Once the lower, limit of EIN is reached, one has no alternative but to increase
the gain of the power amplifier and to adopt measures to achieve the desired
system dynamic range. For example, a gain increase of 2 dB lowers the system
noise temperature of the 25 kilometer link from 218.6K to 203.1 K, but
compresses the system dynamic range by an additional 2 dB. The RF gain will



have to be increased approximately 0.6 dB for each additional kilometer of high
quality single mode fiber cable to compensate for both the increased noise and
power gain loss.

REMOTE CONTROL OF THE ANTENNA/PEDESTAL

Hard-wire cabling from the antenna control unit at the control console to the
antenna/ pedestal is limited to 200 meters in length. Besides being bulky, heavy
and expensive, it is susceptible to EMI, lightning, and is not secure.

Antenna/pedestals have been successfully “remoted” using full duplex
telephone lines at a 4800 BAUD rate, and via full duplex microwave links at
9600 BAUD rates. For both cases, a modem, a multiplexer and a
microprocessor-based control unit, were employed at each end of the
transmission line. At these BAUD rates, a refresh rate of at least 10 times per
second is achieved. The time division multiplexer/demultiplexer allows one to
address three or more different devices, such as a Wake-Up Device, T.V.
Camera, Antenna Control Unit and/or a computer.

Using two inexpensive optical fibers and replacing each modem with an
inexpensive optical transmitter/receiver pair, the same technique used by
microwave commutation links may be employed. Now, the wide bandwidth
available with a fiber cable allows extremely high data transmission rates. The
logical candidate for a high-speed interface is MIL-STD-1553B which
accommodates data rates to 2.5 megabytes/sec and eliminates the need for a
multiplexer and a microprocessor-based control unit at the pedestal.

This design employs a MIL-STD-1553B Manchester II encoded digital interface
coupled to a fiber-optic transducer to relay data and commands between the
antenna control unit and the antenna pedestal. The link is transparent to the
EMP Model ACU-6 Controller which will continue to close the autotracking loop
(digitally) via a pair of angle error demodulators. The details of this design will
be presented in a subsequent paper.

CONCLUSIONS

The recent development of semi-conductor lasers and photodiodes have made
practical the transmission of wide-band amplitude-modulated radio frequency
signals as well as television video over single mode optical fiber transmission
lines. This new technology coupled with the highly developed digital
communication fiber-link technology, make practical, and cost effective, the
remote control of an unmanned autotracking antenna pedestal. Telemetry



tracking data receivers and an antenna control unit can now be located at the
operator's control console up to 15 miles away, in a controlled environment
without use of repeater amplifiers. A high speed full duplex data link allows the
autotracking loops to be closed (digitally) via a microprocessor based antenna
control unit, and the simultaneous control of remote T.V. camera and zoom lens.
These high speed wide-band links make control and response virtually
instantaneous to the operator.
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ABSTRACT

The primary objective of the Advanced Telemetry Tracking System Integration and
Development program at WSMR was the development and evaluation of an advanced,
almost totally digital servo tracking and control system. This was satisfied by replacing the
aging analog servo tracking and control system in one of WSMR’s seven Transportable
Telemetry Acquisition Systems (TTAS) with a Digital Control Unit (DCU), an Antenna
Control Unit (ACU), and other related equipment, and then evaluating the performance of
the resultant digital tracking system, referred to as the Advanced TTAS (TTAS-A).

The ACU is the primary interface between the operator and the DCU. Through the ACU,
the TTAS-A operator has independent control over each pedestal axis (elevation and
azimuth) involving the selection of tracking mode and servo bandwidth. The DCU reports
various servo system status and warning conditions back to the operator through the ACU.

In this paper, a discussion of the TTAS-A servo system, with emphasis upon hardware
external to the DCU, is presented. This includes the operation of servo position and rate
loops, system status and warning conditions, and a description of the operator-to-system
interface via the ACU display and control functions.

INTRODUCTION

The seven TTAS, produced by the Symmetrics Corporation, were acquired by WSMR in
1967, with the first being delivered in 1969. (TTAS-1 is illustrated in figure 1.) The TTAS
is a self-contained, transportable, dual-axis telemetry tracking system--using, originally, a
single-channel monopulse antenna feed to automatically track a moving target transmitting
an S-band or L-band telemetry signal with a tracking threshold (receive level) of -120 dBm
with a 100 kHz bandwidth. The tracking system can be slaved to externally derived
pointing data (from a radar, for example) for initial target acquisition or reacquisition if it
loses automatic track (called Autotrack), or it can be manipulated manually by an operator.
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 OVERVIEW OF THE TTAS SERVO SYSTEM

The TTAS-A servo system is illustrated in figure 2, which shows only one rate loop axis
since each is functionally equivalent. The DCU closes the position loops for both the
elevation and azimuth axes for all tracking modes and all servo bandwidths. The operator
commands the DCU as to which tracking mode and servo bandwidth to use for each axis
through the ACU. The three tracking modes available for each axis are Manual, Autotrack,
and Digital Slave. Three servo bandwidths are also available for each axis.

Knowing which tracking mode to use, the DCU reads in the appropriate position drive
command and the present position of the antenna, to determine the position error. The
DCU then compensates the position error using a Proportionality-Integrator-Differentiator
(PID) controller. The PID controller, illustrated in figure 3, creates a type-2 servo system
for the TTAS-A because of the presence of the pure integrator within the controller. For a
constant acceleration input, the servo system will attain a nonzero, steady-state position
error inversely proportional to the PID integrator gain. For a constant velocity input, the
steady-state position error will become zero.  After computing the PID controller output,*

the DCU sends the output to the rate loop using a digital-to-analog converter.

The rate loop is closed using an analog tachometer. An internal current limiting loop also
exists to prevent the dc motor windings from overheating and to limit the ability of the
motor to accelerate. The current loop is contained within the Pulse-width Modulated
Power Amplifier (PMPA) and is set to limit the acceleration of the antenna to a maximum
of 120 degrees/second  in each axis. The motor, coupled to the antenna through a 420:12

gearbox, turns much faster. The PMPA output saturates at a maximum of 150V dc. At
saturation, the antenna reaches a maximum velocity of approximately 45 degrees/second in
each axis.

The position loop feedback exists in two forms. First, the DCU can monitor the actual
position of the antenna through a synchro and synchro-to-digital converter (SDC). The
other method involves the conical scanning antenna feed which produces an amplitude
modulated radio frequency (RF) signal if the antenna is not pointing directly at the RF
transmission source. The azimuth and elevation tracking position error signals are derived
by demodulating the amplitude modulated RF with the appropriate scan reference signal,
also originating from the feed. If the operator selects either the Digital Slave or Manual
tracking modes, the DCU closes the servo position loop, using the SDC feedback. The 



tracking error signals, originating from the antenna feed, are used to close the servo
position loop--if the operator selects the Autotrack tracking mode.

SYSTEM WARNING AND STATUS CONDITIONS

Figure 2 does not completely illustrate the operation of the rate loop. Contained within the
rate loop are several system warning and status conditions concerned with the physical
limitations of the pedestal and several switching functions. These are illustrated more fully
in figure 4, which shows only one axis since each is functionally equivalent.

The first status condition is pedestal power. Pedestal power is toggled by the operator, and
its status is monitored by the DCU. The DCU has no control over pedestal power. When
pedestal power is engaged, the operator is actually only turning on power to two blowers
inside the pedestal, which cools the motors. If the blowers are working properly, they
close two pressure switches that are connected in a series. When closed, the pressure
switches turn on the main power relay to supply power to the power amplifiers and other
rate loop equipment. The pressure switches are known collectively as the Blower
Interlock. The DCU monitors the Blower Interlock status and reports it to the operator
through the ACU. If the Blower Interlock is not on when pedestal power is on, the servo
system will not function, and the DCU will inhibit the Drive On mode.

Another interlock in the TTAS rate loop is the Brake Interlock. There is one Brake
Interlock for each axis. Both the elevation and azimuth axes can be mechanically stowed
through the use of two stow pins. Prior to operating the TTAS, the stow pins must be
removed from their stowing positions and be inserted into two receptacles attached to the
pedestal brakes. When this action is taken, the brake on each axis is engaged, and
interlock switches within the brake stow pin receptacles are toggled. Each interlock switch
closes a Brake Interlock line monitored by the DCU. Like the Blower Interlock, if the
Brake Interlock is not activated in one of the axes, the servo system will not function in
that axis.

When either axis of the TTAS servo system is not active, that particular axis is in the
Standby mode. To activate either axis of the servo system, the operator must select the
Drive On mode by pressing the appropriate switch on the ACU front panel. If pedestal
power has not been turned on, or if either the Blower Interlock or the Brake Interlock, or
both, have not been activated, the DCU will prevent the operator from activating the servo
system by keeping that particular axis in the Standby mode.

When one of the servo system axes is activated in the Drive On mode, the DCU closes a
two-pole relay causing two actions simultaneously; the brake of that axis is released
electronically, and the rate loop is closed with the connection of the PMPA output to the



armature of the drive motor. In the Drive On mode, the operator can select one of the three
operational tracking modes and one of the three servo bandwidths for each axis.

When the servo system is in the Drive On mode, the DCU and the operator must be
observant of several conditions; the travel limits of each axis and the Azimuth Cable Wrap.
The antenna in the elevation axis can move freely between -10 and 90 degrees; in the
azimuth axis, it can move between -360 and +360 degrees. At both extremes of each axis,
there is a set of three travel limit switches; they are named, from least to most extreme,
Rate, Servo and Electrical Limits. When the first of the three limit switches (the Rate Limit
switch) is activated, the DCU notifies the operator of the limit condition by activating the
appropriate warning indicator on the ACU front panel, and by activating an audible alarm.
The DCU also reduces the maximum drive output to the rate loop, to reduce the maximum
velocity of the antenna while it is in the limit condition. If the antenna continues to move
beyond the Rate Limit and activates the Servo Limit switch, the DCU will no longer allow
the operator to drive the antenna in the direction of the limit. If the antenna had been
traveling at a high velocity, and reaches the Electrical Limit, the DCU will place that axis
into the Standby mode to open the rate loop and engage the brake. While in the Electrical
Limit, the DCU will permit the operator to place the servo system in the Drive On mode to
drive the antenna in the direction out of the limit condition.

The azimuth travel limit switches, alone, are incomplete indicators regarding the
limitations of the azimuth axis since they only indicate an extreme condition. As illustrated
in figure 1, the elevation axis of the TTAS pedestal rides atop the azimuth axis. All of the
RF and elevation servo control cabling, terminating in the upper elevation half of the
pedestal, twists as the azimuth axis is rotated. Since the azimuth axis can travel 720
degrees, the amount of cable twisting must be continuously monitored by the DCU and the
operator, to insure the protection of the cabling. This is referred to as the Azimuth Cable
Wrap. The DCU monitors the Azimuth Cable Wrap through a potentiometer whose shaft
is connected to the azimuth axis, and reports its status to the operator through the ACU.
Zero cable wrap is the center point where the azimuth axis can travel 360 degrees in either
direction.

THE ANTENNA CONTROL UNIT

The ACU was designed to be similar to control panels already in use at WSMR on other
telemetry tracking systems and is illustrated in figure 5. It is the primary interface between
the operator and the DCU. For the most part, all functions associated with the elevation
axis are on the left-hand side of the front panel, and all functions associated with the
azimuth axis are on the right-hand side. The left-hand and right-hand sides of the front
panel are mirror images of each other.



The position of the antenna is displayed in the center of the panel, using 1-inch height
seven-segment LED displays. These displays are accurate to 0.1 degrees. The tracking
mode select switches are below the position displays. The operator can select one of the
three tracking modes: Manual, Digital Slave, or Autotrack. Both the Digital Slave and
Autotrack select switches contain valid indicators to inform the operator that these tracking
modes can be engaged. The Autotrack valid indicator will illuminate when the received
signal strength from the RF source is greater than a preset signal strength threshold. The
Digital Slave valid indicator will illuminate when a valid external pointing data message
exists. Two extra switches for each axis were placed here for a fourth tracking mode,
Synchro Slave, which was later deleted when it was no longer required.

Immediately below the tracking mode select switches are the servo bandwidth switches
labeled Low, Medium and High. Only one of the three switches in each axis can be
selected at one time. Below these are the Standby and Drive On select switches. In the two
lower corners of the panel are two 10-bit digital encoders, used for moving the antenna in
the Manual tracking mode.

Above the position displays are three analog zero-centered edgewise meters. The two
outer meters display the elevation and azimuth Autotrack tracking error. These meters can
also display the Digital Slave tracking error if the button on the bottom left of the panel is
pressed. The central analog meter displays the Azimuth Cable Wrap.

Above the analog meters, the switches and indicators are used primarily for the pedestal
status and warning conditions. The two outermost buttons are the alarm override switches.
Next to these are the split-legend indicators which display the status of the rate travel limit
switches. Next to these approaching the center of the panel are the Forced Auto Select
switches which the operator can select to override the validity of the Autotrack tracking
mode.

The indicator immediately to the right of center at the top of the panel has a split legend.
The top legend displays the status of the Blower Interlock. The lower legend displays the
DCU Remote condition, which illuminates when the DCU is controlling the tracking
system through software. When the Remote condition exists, the DCU ignores all operator
input from the ACU front panel. Immediately to the right of this indicator is the audible
alarm which sounds when an antenna travel limit has been reached in either axis.

In the center of the ACU front panel are two potentiometers which the operator uses to
adjust the signal strength thresholds for both left-hand circular polarization (LHCP) and
right-hand circular polarization (RHCP) reception for Autotrack validity. Below the
potentiometers are valid indicators illuminating when the received signal strength in that
polarization is greater than its signal threshold level. Below the valid indicators is a three-



way switch where the operator chooses which polarization to use for Autotrack: LHCP,
RHCP, or combined.

CONCLUSION

The incorporation of the DCU and other related hardware into the TTAS has clearly
demonstrated the successful development of an improved, almost totally digital servo for
use in telemetry tracking systems. The dynamic tracking capability of the TTAS has been
enhanced by the type-2 PID algorithm. Through the self-diagnostic software and
automated test system developed for the TTAS-A, operators will be able to quickly
identify problems within the system and measure various system parameters far more
efficiently.
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ABSTRACT
This paper will present the results of an investigation of the feasibility of using
broadband analog fiber optic technology to send telemetry antenna outputs from
remote sites to a central site. The fiber optic hardware consisted of a prototype analog
fiber optic transmitter and receiver plus 10 km of single-mode fiber. Laboratory tests
were performed to simulate the performance in the real-world. The fiber optic system
had a noise figure of 33.5 dB and a third order intercept point of 16.75 dBm. The use
of this fiber optic system to transmit a 215-320 MHZ telemetry antenna
downconverter output over a 10 km fiber would only degrade the quality of real-world
telemetry signals by a few tenths of a decibel. Key words: analog fiber optic
transmission, remote telemetry antennas.

INTRODUCTION
The Pacific Missile Test Center is installing new telemetry receiving antennas on
Laguna Peak and San Nicolas Island. These antennas are located at unmanned remote
sites at distances up to 10 km from the main telemetry receiving sites. Each antenna
will be able to receive signals in four separate frequency bands (1435-1540, 1750-
1850, 2200-2300, and 2310-2390 MHZ). The bands are separated in the antenna
pedestal and each band is applied to a separate downconverter. The output frequencies
of all downconverters are between 215 and 320 MHZ. Telemetry receivers can be
used to convert the downconverter outputs to relatively narrow band predetection
signals. The telemetry receivers can also demodulate these signals. The receiver
predetection and demodulated outputs can be sent to the main sites using off-the-shelf
baseband fiber optic systems. There are several advantages to sending the antenna
outputs rather than the receiver outputs. These advantages include: less hardware at
remote sites, antennas can be used to receive more signals because all of the receivers
at the main site are available, and wide band telemetry signals can be processed by
installing wide band receivers at the main site only. One disadvantage of sending the
antenna outputs rather than the receiver outputs is the large dynamic range of the
telemetry signals at the antenna output. This variation is illustrated in figure 1. The



variation in received signal power can exceed 70 dB. Off-the-shelf fiber optic systems
do not have the dynamic range to handle real-world telemetry signal level variations.
The purpose of this task was to determine the ability of custom fiber optic systems to
transmit real-world telemetry antenna outputs.

The advantages of optical fiber compared to coaxial cable include lower loss and
smaller size. The optical loss of fiber optic cable at a wavelength of 1300 nm is only
0.5 dB/km (an optical loss of 0. 5 dB/km is equivalent to an electrical loss of
1 dB/km). The loss of 1. 625 inch diameter coaxial cable is 13.2 dB/km at a frequency
of 300 MHZ and 33 dB/km at a frequency of 2000 MHZ.

 Fiber optic technology is currently being used to distribute cable television and
satellite earth station signals [1]-[5]. These applications have some similarity to
aerospace telemetry. However, they are much easier applications because the signals
have nearly constant amplitudes.

This task was divided into two phases. The first phase studied the feasibility of
sending the antenna downconverter outputs (215-320 MHZ) over 10 km of nine
micron diameter single-mode fiber optic cable. The second phase will investigate the
feasibility of sending the 1435-2400 MHZ band over a single fiber. This paper
presents the test results of the first phase.

One limiting factor on dynamic range is the very high noise figure of fiber optic links.
Typical values are in excess of 40 dB. The main causes of noise in a fiber optic system
are laser relative intensity noise (RIN) and detector noise. The degradations in
receiving system noise temperature for several combinations of gain before the fiber
optic transmitter and fiber optic noise figure are shown in figure 2. The excess noise
generated by the fiber optic system (referenced to the preamplifier input) can be
calculated by dividing the noise temperature of the fiber optic system by the net gain
between the preamplifier input and the fiber optic input. The required difference (dB)
between the net gain and the fiber optic noise figure can be calculated using

where:
NF = noise figure (dB) of fiber optic systemFO

G = net gain (dB) between preamplifier input and fiber optic inputAMP

T = receiving system noise temperature (K)S

D = allowable degradation (dB) in receiving system sensitivity.



If the receiving system noise temperature is 250 K and the maximum allowable
degradation is 0.3 dB, the gain before the fiber optic transmitter must exceed the fiber
optic system noise figure by 12.1 dB. A reasonable value for gain is 46 dB. Therefore,
the maximum allowable noise figure is approximately 34 dB (noise power of -80
dBm/MHZ or -140 dBm/Hz).

Another factor which limits dynamic range is system linearity. The modulation and
detection processes must be linear over a wide dynamic range. The modulation
process is the main source of nonlinearity in current analog fiber optic systems.
Extraneous signals will be generated if any nonlinearities are present. The linearity is
typically specified in terms of the third order intercept point (the point at which the
third order products would have the same amplitude as the input signal). The expected
power in the intermodulation products is equal to three times the input power minus
two times the third order intercept point. A third order intercept point of +18 dBm and
two input signals with power equal to -15 dBm would result in intermodulation
powers of -81 dBm (3(-15) - 2(18)). This is approximately equal to the noise power
density per MHZ of a fiber optic system with a noise figure of 34 dB.

TEST RESULTS
A prototype wide band analog fiber optic transmitter, receiver, and 10 km of single-
mode fiber were ordered in 1989. The critical specifications included:

frequency band: 215-320 MHZ
bandpass ripple: ±2 dB maximum
third order intercept: $18 dBm
1 dB compression: $dBm
spurious response: #-85 dBm (3 kHz bandwidth)
noise figure: #34 dB (-140 dBm/Hz)
link distance: 10 km

The initial hardware had a noise figure of approximately 49 dB and was somewhat
unstable with small input signals and less than 60 dB of amplifier gain in front of the
fiber optic transmitter. This instability is illustrated in figure 3. The hardware was
returned to the contractor. The contractor determined that this problem was caused by
reflected energy being fed back to the laser output. The contractor applied index
matching fluid to the connectors and replaced the laser with a higher power laser
(output power of new laser was 2 mW).

The modified hardware has a noise figure of 33.5 dB, is stable with 40 to 56 dB of
amplifier gain before the transmitter, and has a third order intercept point of 16.75 dB.
These values are similar to the values presented in reference [6] for direct modulation.



The fiber optics transmitter uses a 1300 nm distributed feedback (DFB) InGaAsP laser
diode. The laser is kept at a constant temperature using a thermoelectric cooler. The
data is applied to the optical signal using direct intensity modulation. The laser output
is connected to an anti-reflection isolator. The 10 km spool of cable was connected to
the receiver and transmitter using ST connectors. Fusion splicing would probably be
used in the actual application. The optical detector is an InGaAs PIN diode.

The system does have some low frequency spurious components with no input signal
and no microwave amplifier before the fiber optic transmitter. However, the system
will never be used in this mode. No spurious signals were detected when the gain
before the fiber optic transmitter was at least 40 dB. DFB laser diodes have narrow
spectral occupancy when no modulation signal is applied. The modulation broadens
the output spectrum. This spectral broadening reduces the coherence of the reflected
signal which minimizes the spurious signal problem with the DFB laser diode [7]-
[10]. This hardware meets our specifications in all areas except third order intercept
point. The lower intercept point would only cause a 2.5 dB increase in intermodulation
product levels when two or more very strong signals are present in any 100 MHZ wide
telemetry band. Predicted intermodulation levels are shown in figure 4 for both the
specified intercept point and the measured intercept point. This data shows that the
degradation is small. The predicted intermodulation power is insignificant (below -80
dBm) for ranges in excess of 32 statute miles with a transmitter effective radiated
power (ERP) of 34 dBm. The gain of the fiber optic system was flat within ±0.4 dB.

The setup for static bit error rate (BER) testing of the fiber optic system is shown in
figure 5. This setup simulates the real-world receiving systems. The effect of the fiber
optic system on bit error rate is shown in figure 6. The data in this chart shows that the
fiber optic system degraded the overall performance by approximately 0. 15 dB with
46 dB of gain before the fiber optic transmitter. The degradation was approximately
0.5 dB with 40.5 dB of gain before the fiber optic transmitter. The calculated
degradations are 0.14 dB and 0.48 dB respectively (the test system noise temperature
was 500 K). BER tests were also performed with 25 dB fades. The degradation caused
by the fiber optic system was approximately the same with fading as with static signal
levels. The fiber optic system had no noticeable effect on noise power ratio values
with a gain of 46 dB before the fiber optic transmitter.

CONCLUSIONS
Fiber optic technology is capable of transmitting antenna downconverter outputs for
distances of 10 km with only a small degradation in data quality. The main problem is
the wide dynamic range of the telemetry signals. The gain before the fiber optic
system and the fiber optic system noise figure and third order intercept point must be
optimized to minimize signal degradation. The dynamic range of state-of-the-art



wideband fiber optic systems is not as large as the dynamic range of good telemetry
equipment. Therefore, wideband fiber optic systems modulated by antenna outputs
will be more susceptible to degradation from large undesired signals than will fiber
optic systems modulated by receiver outputs. The best system for transmitting signals
from remote antennas may include both receivers plus multiplexed baseband fiber
optic systems and wideband fiber optic systems.
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ACRONYMS AND ABBREVIATIONS
The following acronyms and abbreviations were used in the figures contained in this
paper.

AMP Amplifier
BER Bit Error Rate
ERP Effective Radiated Power
FO Fiber Optic
G Gain
G/T Gain/Temperature
NF Noise Figure
NO FO No Fiber Optic
RF Radio Frequency



Figure 1. Received Signal and System Noise Power.

Figure 2. Calculated Degradation in System Sensitivity.



 Figure 3. Receiver Video Noise Level Instability.

Figure 4. Predicted  Intermodulation Power.



Figure 5. Test Setup for Bit Error Rate Test.

Figure 6. Bit Error Rate Data.
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ABSTRACT

Portable Telemetry Data Receive/Record Sets (TDRRS) are temporarily installed in Navy
ships to record and display data from tactical surface-to-air and surface-to-surface missiles
(e.g., STANDARD, HARPOON, TOMAHAWK and SEA SPARROW). The Arleigh
Burke DDG 51 AEGIS class Destroyer is the fleet’s newest Man-of-War. The first ship of
this class, the USS Arleigh Burke (DDG 51), was recently commissioned on 4 July 1991.
Permanent telemetry data RF and control transmission cabling systems will be installed in
these Destroyers. The purpose of the dedicated cabling system is to deliver high quality
telemetry data to the portable TDRRS. A dedicated quality interface guarantees reliable
communications with the STANDARD Missile (SM) 2 during the pre-exit and initial
airborne stages during missile launched from the ship’s Vertical Launch System (VLS).
Previous ship classes depended on portable cables and equipment to provide for this
function. Cables were brought through hatchways and bulkheads to the telemetry receiving
and recording equipments. The DDG 51 AEGIS Class Destroyer uses a Collective
Protection System (CPS) that provides for differential inside air pressure that is greater
than the outside air pressure. This is intended to prevent chemical, biological, and nuclear
contamination from entering the ship. To preserve CPS integrity, telemetry cabling is
routed through airtight bulkhead connectors.

This paper introduces the new integrated shipboard telemetry cable interface and the
recently developed fleet telemetry receive and record system. Discussions will be provided
on the SM 2 Vertical Launch System telemetry data transfer and the latest state-of-the-art
receive and record equipment installed on the Arleigh Burke DDG 51 AEGIS Class
Destroyers.



INTRODUCTION

Prior to 1991 the U.S. Navy utilized portable telemetry cabling and equipment positioned
on AEGIS Cruisers involved in missile exercises, on various missile ranges, in different
parts of the world. With the advent of AEGIS MK 41 Vertical Launching System (VLS),
AEGIS Cruisers had minor amounts of permanent telemetry cabling installed; all other
cabling had to be portable.

The Arleigh Burke DDG 51 AEGIS Class Destroyer is being built with permanent
telemetry cabling routed between the antenna systems above deck and the physical fitness
room below deck. The physical fitness room is temporarily converted to the telemetry
equipment room to facilitate capture of missile flight data. Missile systems used on this
class of ship are the SM 2 (surface-to-air), and the HARPOON and TOMAHAWK cruise
missiles (surface-to-surface). During the same development time frame as the Arleigh
Burke, a new compatible Telemetry Data Receive/Record Set (TDRRS) was developed
and manufactured along with the associated Portable Medium Range Antenna (PMRA)
system. The telemetry cabling on Arleigh Burke was designed and installed to
accommodate the new TDRRS Portable Telemetry Receiving System (PTRS) and PMRA
system.

SHIPBOARD TELEMETRY SYSTEM DESIGN

The shipboard telemetry system design was required to accommodate a diverse and
dynamic set of system interface requirements. System cabling provides pseudo bus
structure that interfaces the systems antenna resources above deck with the telemetry
instrumentation below deck. Figure 1 provides a summary illustration of the cabling
interface system. In Figure 1 the shipboard telemetry cabling resources are indicated in
bold lines, equipment bounded by the dashed and bold lines are permanently installed in
the ship. Major elements of the system operational requirements that helped forge the
shipboard telemetry system design are discussed in the following paragraphs.

A. Missile Configuration

The majority of missiles fired from DDG 51 AEGIS Class Destroyers during training
exercises will be the SM 2 missiles with Warhead Compatible Telemeter (WCT) (e.g.,
AN/DKT-53A/B, AN/DKT 71). All STANDARD Missiles, with the WCT installed,
launched from DDG 51 AEGIS Class Destroyers have the capability to be warhead burst
tactical rounds. This occurs when the ship’s telemetry power is not applied before missile
launch. However, variations exist and are listed as follows:



Figure 1 Shipboard Telemetry Interface System

1. WCT with missile warhead enabled and telemetry antenna configured as either
directional (RF energy focused for optimum shipboard reception) or omni-
directional (RF energy in the form of an expanding donut around the missile).

2. WCT with missile warhead disabled and telemetry antenna configured as either
directional or omni-directional.

General round selection planning requires ships to order out telemetry configured missiles
based on missile-to-target geometry. This geometry is from review of flight profiles and
primary missile receiving site location. Round selection planning includes definition of the
communications requirements between the missile and the telemetry receiver. SM 2
operational requirements are selected from a range of telemetry frequencies prior to missile
build-up. These frequencies are standard IRIG E-band frequencies and range between 



2200.5 MHZ and 2300.5 MHZ. Each missile is built-up at a Naval Weapon Station or all-
up-round facility with an assigned frequency and cannot be changed on the ship.

B. Ship operator and computer program

The Missile Systems Supervisor (MSS) in the Combat Information Center (CIC) selects
the primary and back-up telemetry equipped missiles. The MSS selects the missiles from
available inventory at his ship’s console. Once the missile location is entered into the
Combat System computer, the system will power up the selected missile’s WCT, and if
appropriate, power down the same missiles. Normally power down would not occur unless
warm-up time is exceeded due to excessive target engage time. MSS will make sure that
during a multi-missile firing event, missiles will not be launched using the same telemetry
frequency. Frequency conflicts usually cause loss of usable telemetry data. However, even
when missiles are configured with the same telemetry frequency, data can be recovered
when missiles are launched at a minimum of ten seconds intervals. This assumes close pre-
launch communications between the MSS, the shipboard telemetry operator, and the
missile range telemetry operator.

C. Telemetry transmission from missile to ship and retransmission from ship to
shore

1. The VLS missile canisters are RF radiation tight. This means external RF radiation
cannot get into the canister and pre-launch telemetry transmissions cannot get out of
the VLS canister.

2. The SM 2 MK 13 missile canisters have a telemetry antenna inside the canister and
a coaxial cable connection for this antenna on the outside of the canister. In order to
transmit telemetry from the ship prior to launch, the canister antenna must be
coaxially cabled through a retransmission amplifier system to an external
transmitting antenna. Heliax coaxial cables going from each VLS launcher bulkhead
to a Hoffman type connector box in the physical fitness room and on to a Hoffman
type connector box located by the ship’s quarterdeck, are permanent parts of the
ship. The other permanent cables from the physical fitness room are the telemetry
auto-track antenna, MK 56 Portable Medium Range Antenna (PMRA), system
cables and dual polarized manual horn antenna input heliax coaxial cables to the
telemetry receiving station located in the physical fitness room. The rest of the
transmission and receiving system is portable and must be installed prior to the
missile exercises. These portable items are listed in the following paragraphs:

a. Intra-launcher coaxial (Type N) cabling between the VLS missile canister and
the permanent VLS bulkhead connector.



b. Intra-launcher microwave signal combiners (if there are multiple telemetry
equipped missiles in the same launcher).

c. Telemetry retransmission amplifier and coaxial (Type N) cables for physical
fitness room, that is temporarily converted to the telemetry equipment room.

d. Telemetry retransmission transmit antenna and coaxial (Type N) cables to the
Hoffman type connector box in the passageway by the quarter deck.

e. Receiving antennas and coaxial (Type N) cables to the Hoffman type connector
box in the passageway by the quarter deck.

f. The TDRRS (e.g., AN/SKQ-9, 10, AERO, PTRS) is provided and operated by
Naval Sea Center, Atlantic or Pacific. The TDRRS is installed in the physical
fitness room, that is temporarily converted to the telemetry equipment room.

D. Ship Telemetry Antenna Placement and Cabling

The telemetry auto-track antenna system, the Portable Medium Range Antenna (PMRA),
will be placed port or starboard of the ship’s quarterdeck. Reversible Baxter bolts, low
profile padeye in the deck, will be used as hold downs for anchoring the antenna system to
the deck. The portable telemetry dual polarized manual horn antennas will be placed on
the 02 deck level around the forward stack and will be manually pointed. Positioning of
these antennas is shown in figure 2.

Figure 2 DDG 51 Telemetry Antenna Locations

This telemetry cabling system is designed to provide interface with two auto-track antenna
systems and two receiving dual polarized manual horn antennas mounted topside.
Additionally, the system is designed to interface with the two topside pre-exit transmit
antennas. During missile exercises, the Antenna Control Unit (ACU) for the auto-track
antenna system (PMRA) is located in the physical fitness room. The physical fitness room
is temporarily converted to house the telemetry receive/record and antenna systems control
equipment.



TELEMETRY RECEIVING AND RECORDING SYSTEM

A. Telemetry Data Receive/Record System (TDRRS) equipment

The following discussion focuses on the U.S. Navy’s most recently developed TDRRS
system. The MK 75 Mod 0 Portable Telemetry Receiving System (PTRS) with its
associated antenna system the MK 56 Mod 1 Portable Medium Range Antenna (PMRA)
are new telemetry equipment resources to the fleet’s TDRRS inventory. The PTRS and
PMRA are currently undergoing field level evaluations and acceptance testing.
Introduction of the PTRS and PMRA system into fleet operations is expected in early FY
92.

The PTRS and PMRA system is designed to support a comprehensive family of PAM and
PCM missile telemeters. The system design has many strengths not available in other
telemetry ground station systems. The system design provides a portable rugged shipboard
compatible TDRRS, that can be configured as a single console record only system or dual
console real-time reception, analysis and display system. The system is compatible with
the KGR-66 encryption system to provide for full encrypted data processing of modern
high speed digital telemeters, such as the AN/DKT-71 WCT. The system provides real-
time and post-processing multi-media displays of telemetry data in engineering units or
digital data. Displayed information provides functional titles, signal magnitudes, and
scientific parametric units. The system design has the added advantage of an open
architecture which allows for ready adaptation to anticipate future PAM and PCM system
evolutions. Accommodation of future systems operational requirements will be
accomplished by providing for additional system operating software, that is easily
developed.

B. PTRS/PMRA System Characteristics

The PTRS and PMRA integrate into a portable high digital data rated shipboard telemetry
receiving, recording, and processing system. The system is fully integrated with shipboard
operational and support systems, servicing a wide range of PAM and PCM configured
missiles. The MK 75 and MK 56 telemetry receiving system was designed to give the
SMS fleet the capability to support the modern missiles systems with high PCM bit rates
and encrypted communication.

Functionally the PTRS/PMRA system is designed to acquire and track telemetry
configured SMS missiles operating with S-band transmitters. The PTRS/PMRA is
configured with menu selectable software operating routines that are designed to set-up the
system in pre-established operating modes for each missile/telemetry configuration. These
menu selectable routines include the SM configurations planned for use in the Arleigh



Burke DDG 51 Class Destroyers. The PTRS/PMRA was designed to provide S-band
telemetry reception in either PAM or PCM data transmission formats. The PTRS/PMRA
system receives, records, processes, and displays telemetry data in real time and post-
processing modes. The system also has built in capability to provide complete SM post
flight recorded telemetry data analysis. In flight data capture is provided for by on-line
magnetic tape and removable hard disk storage medias. System level functional and
interface characteristics are summarized in subsequent paragraphs. The PTRS/PMRA
system is design to be a portable stand-alone telemetry receiving system. Packaged in
separate stackable enclosures, the system builds up into two operationally independent
consoles. For a record only configuration only the first stack is needed. The PTRS
compatibility and capability attributes are summarized in the following paragraphs.

C. PTRS Compatibility and Capabilities

The PTRS is designed for shipboard operations, with portable rugged modular equipment
packaging. The PTRS system design integrates the use of commercial telemetry equipment
for optimal system maintenance and minimal cost of ownership. Figures 3 provides
illustrations of the MK 75. Figure 3 is an illustration of the PTRS fully configured for
normal telemetry data recovery operations. Figure 4 provides a functional block diagram of
the PTRS.

1. The PTRS is designed to operate with existing SMS telemetry antenna tracking
systems. The design provides for compatibility with:
a. The Portable Short Range UHF Receiving Antenna System EMP STS-12.
b. The existing Dual Polarized Manual Horn Antenna System.
c. An additional PMRA. The Antenna Control Unit (ACU) for the second PMRA

will be provided by interconnecting cabling not further than 8 feet away.
d. The Communications Tracking Set AN/SYR- 1 (the shipboard Phased Array

Antenna used with the SM Extended Range Missile).
2. Provisions are included for a second (optional) dual channel receiver combiner

which can be utilized for tracking of a second WCT configured STANDARD
missile.

3. The MK 75 PTRS and MK 56 PMRA system is designed for functional
compatibility with the Navy PAM and PCM telemeter systems listed in Table 1. In
order to provide for this comparability, the system has the equipment setups, missile
operational formats, and requisite data base included to allow real time telemetry
data reduction, display, or playback. The system Strip chart recorder/digital printer
and magnetic recorder/reproducer channels and range settings are predetermined for
fast and accurate data recovery. The interface configuration, instrumentation,
display and recording equipment set up and data base software are readily updated
or modified by the system user to provide for future growth.



Figure 3 MK 75 MOD 0 PTRS System

Figure 4 PTRS Functional Block Diagram



4. The high speed serial digital data UHF Satellite Communications Set AN/WSC-3.
5. The ship’s 110 VAC, 60 Hz single phase (MIL-STD-1399B, Type 1) power source.

Maximum power consumption does not exceed 2600 Watts of which 400 Watts
reserved for PMRA antenna system.

6. The ship’s sound powered telephone system defined in MIL-T-15514.
7. Provisions are provided for a second ACU/receiver status interface.

Table 1
PAM & PCM Telemeter Compatibility

The PTRS packaging design is based on a modular 19" rack mounted equipment case. The
system consists of several individual 19" instrument cases that house each of the PTRS
system resources. This approach provides for convenient system build-up and safe
transportability. Each instrument case houses selected commercial telemetry instruments
that are integrated into a complete system. This modular design accommodates both
system integration and equipment handling and transportation. The instrument cases
provide for secure equipment stacking, build-up, and tie-down. When completely racked
and integrated the system is designed to withstand sea state 5 levels.

The system modular cases are easy to handle aboard ship, providing for passage through
narrow and confined ship’s spaces. The system is designed for two technicians to
unpackage and integrate the system in less than 8 hours. The system is packaged with
interface cabling that limits interconnection error and promotes ease of integration at
remote sites.

The PTRS consists of a Telemetry Receiver Console and a Process/Display Console. The
Telemetry Receiver Console is designed with an integral Personal Computer (PC) to
function in either a fully integrated telemetry data processing mode or a stand-alone
telemetry record mode. In the stand-alone mode under PC control the console provides for
telemetry data capture and record operations. In this mode telemetry data is collected on
tape and hard disk media for post-processing or analysis at a later date. In the integrated
mode the Telemetry Receiver Console provides real-time telemetry data to the
Process/Display Console for analysis and display. The Process/Display Console provides
for real-time and post-processing analysis and display of missile flight telemetry data. The
Process/Display Console post-processing capability provides for analysis of missile



telemetry data that has been stored on magnetic media (e.g., analog tape or removable hard
disk). Figure 5 provides an illustration of the modular packaging and relative size of the
system. The left rack in Figure 5 is the Process/Display Console and the Telemetry
Receiver Console is positioned on the right.

Figure 5 PTRS Consoles and Instrument Modules

C. PMRA Compatibility and Capability

The MK 56 MOD 0 PMRA, illustrated in Figure 6, provides the missile telemetry
acquisition, reception, and tracking functions for the PTRS. The PMRA is an orthogonally
polarized, dual axis, space-stabilized, tracking antenna system that is used to receive
telemetry from surface-to-air missiles. Used in conjunction with a TDRRS telemetry
receiver that can supply conditioned detected AM and processed AGC feedback signals,
the PMRA provides for STANDARD missile telemetry signal acquisition and tracking.
The PMRA was developed for compatibility with the AN/SKQ-9, 10, AERO, and PTRS
TDRRS systems. The PMRA features a high gain (20.5 dB), suppressed side-lobes, dual
axis tracking, and stabilized operation in both azimuth and elevation. The PMRA is a fully
ruggedized and self-contained design for unattended operation in all-weather
environmental conditions.



Figure 6 Portable Medium Range Antenna

The PMRA consists of two units, the antenna/pedestal, and the Antenna Control Unit
(ACU). Figure 7 provides a functional block diagram of the PMRA with limited
information on the system interface characteristics. The antenna/pedestal is located above
deck, operating unattended in all weather conditions. The ACU is located below deck with
the PTRS to provide for system functional control. The ACU is microprocessor controlled
to provide for automated antenna positioning, missile autotrack, and status outputs. The
PMRA provides for manual, acquire/auto-track, search, and directed modes of operation.

CONCLUSION

The PTRS/PMRA coupled with Arleigh Burke DDG 51 AEGIS Class Destroyers’
permanent telemetry interface cabling system establishes a significant advancement in the
integrity and support of telemetry missile data collection and processing in the Surface
Missile System shipboard environment. Telemetry data acquisition and recovery have been
improved immeasurably by incorporation of dedicated ship, missile, and telemetry system
interfaces into the ships system interface. The long term preservation of cabling condition, 



Figure 7 PMRA Functional Block Diagram

reduced cable lengths, improved signal quality, reduced integration manhours, improved
quality and quantity of telemetry data recovery are but a few examples of the
improvements brought about by this approach.

Introduction of the PMRA brings about a whole new era of telemetry signal acquisition
and tracking. Its potential for improving pre-exit, near-hull, radiation cluttered, and
tangential flight telemetry data processing are only limited by the newness of its
introduction.

The introduction of the PTRS into the Navy TDRRS inventory provides a substantial
improvement over existing systems functional limitations and maintenance posture. Due to
available technology from the commercial sector, the PTRS design has proven to be a
supportable, high performance, affordable solution to the requirement for highdata rate
telemetry support. System supportability was made possible by the selection of
commercial telemetry instrumentation. Selection of commercially available telemetry
instrumentation permitted adaptation of established maintenance resources and procedures.
The functional superiority of the PTRS springboards the Navy TDRRS resources into
state-of-the-art high speed digital and encrypted telemetry data capability.



A PRECISION TRANSPORTABLE TRACKING
TELEMETRY SYSTEM

R.A. Morris, Scientific-Atlanta, Inc.
W.R. Powell and S.N. Bundick, NASA/Goddard Space Flight Center

ABSTRACT

Changing mission requirements have forced NASA to procure a new generation of
tracking telemetry system with performance and features greatly exceeding existing
system capabilities in many areas. These requirements and the system that was
designed to meet them are discussed. Initial results of system testing are presented.

INTRODUCTION

The NASA/Goddard Space Flight Center/Wallops Flight Facility provides telemetery,
command, and metric tracking support for several types of missions. Those missions
include launch vehicle support and sounding rocket mission support as well as LEO
satellite support. These missions often require support from remote sites with no
existing tracking resources.
The requirements of these missions have increased beyond the capabilities of existing
transportable telemetry tracking systems, and the need for a new generation of
tracking system which incorporates the latest advancements in technology was
evident.

THE REQUIREMENT

To meet the increased requirements the system needed to improve upon the existing
capabilities in three basic areas; improved RF performance, automation, and target
positional accuracy. It was also required that the new system retain the transportability
of current smaller, less capable systems. The driving forces behind each of the new
requirements as well as the existing transportability requirement are discussed below.

Slant ranges and data rates have increased, yielding negative link margins with
existing transportable telemetry systems. Even after optimizating the downlink
modulation, and employing the most efficient flight transmitters available, a minimum
station G/T of 21 dB/K at 2250 MHZ is required. Also, the telemetry band was
recently expanded into the 2300-2400 MHZ range, and it is anticipated that future



expendable launch vehicles will downlink in this new range. It was therefore essential
that the new system cover that band as well as the 2200-2300 MHZ band.

The Ground Network, which was originally deployed in support of the Apollo
program, has been phased out. The low earth orbit satellite support originally provided
by these systems was largely taken over by TDRSS, but a great number of low cost
satellites are not TDRSS compatable. Also, a number of these satellites will have to
downlink in real time to remote sites. To that end, the relatively small number of these
systems available (three at present) must support a wide variety of missions in rapid
succession, from dispersed points of the globe. The system would be called on to
perform in environmental conditions that range from Alaska to the tropics. Once the
system has been transported to a new site it must be erected from the ground up in
three days by a crew of three men.

Wallops Flight Facility has been using existing telemetry tracking antenna systems as
pedestal type radars. These systems accomplish ranging by measuring the delay to a
serial bit stream which is uplinked and the loop is closed via the telemetry downlink.
The telemetry systems currently employed were not designed to provide the needed
angular accuracy in real-time. They require laborious manual calibrations of the RF
beam squint at the frequencies and polarizations of interest, and celestial alignment
with rifle scope type optics.

With these systems corrected data is only available post mission. Frequently more
than a month elapses before the data processing is complete. The new systems are
required to an absolute beam radial accuracy of +/- 0.050 degrees three sigma in both
azimuth and elevation axes, as referenced to true north and the local gravity vector.

The existing stations utilized for LEO satellite support are quite labor intensive, and
require a large crew, as well as engineering support to install, align and check out.
They also require continous manning during routine satellite pass support. NASA
required the new system to be highly automated so that it could be fielded without
increasing the existing staffing. This means that the system has to automatically align
itself after erection, perform self-testing, an run a 24 hour satellite pass support
schedule without operator support.

THE SOLUTION

The system Scientific-Atlanta developed to meet the above mentioned requirements
for NASA employs an eight meter prime focus antenna illuminated with a high
efficiency ESCAN feed, mounted on a dual drive elevation-over-azimuth pedestal.
The system simultaneous receives signals in the 2200-2400 MHZ band in both RHCP



and LHCP channels, while transmitting in either polarization in the 2025-2150 MHZ
band via a 200 watt solid state transmitter. A simplified block diagram of the system
is shown in Figure 1. Figure 2 shows two views of the antenna/pedestal assembly.

There are four primary elements which differentiate this system from the current
transportable telemetry systems. They are:

1) The ESCAN feed
2) The unique transportation system
3) The absolute angular accuracy provisions
4) The automation afforded by the system computer and operating system

Each of these features is discussed in detail below.

ESCAN FEED

A new type of tracking feed was developed to meet the dual NASA requirements of
high aperture efficiency and low side lobes. This new feed, the ESCAN, employs an
electronically rotated, or scanned, beam with an instantaneous pattern identical to that
of a mechanically scanned beam. However it offers several distinct advantages over
mechanically scanned beams. These include a sum channel beam which is not
scanned, and has, therefore, no synthetic amplitude or phase modulation.

Using this feed design the system was able to acheive a G/T of over 21 dBK across
the 2200-2400 band in both tracking and data channels while producing sidelobes
more than 20 dB down.

The ESAN feed also has the capability of being scanned at rates equivalent to 1,000
cycles per second. This feature is crutial to high accuracy requirement because it
provides a high level of immunity to fast fades and swells in the signal strength caused
by the spinning antenna pattern of the sounding rocket.

TRANSPORTATION SYSTEM

The system was designed from the start with the tranportability requirements in mind.
When packed for transport, the entire system is contained in two ISO containers (one
20 foot and one 40 foot) and a telemetry van, permitting ecconomical shipment by air,
sea, or rail.

Three specially designed skids provide a permanent means of securing the antenna
and pedestal, and are designed to assist rapid erection. The pedestal skid is designed to



hold the pedestal, base extension, and counterweight arms in a single major assembly
to minimize erection time.

The skids also contain reels for the range and RF cables, and an “hor d'oeuvres” tray
containing the RF and waveguide assemblies preassembled for rapid deployment.

Once erected, the system is aligned using a portable boresight system and the built in
automatic sextant. The portable boresight system consists of a two foot diameter dual
polarized reflector antenna, mounted atop a 40 foot telescoping tower. The antenna is
driven by a low power comb transmitter, which simultaneously generates 11 test
carriers across the 2200-2400 MHZ band (one every 20 MHZ). An optical flag target
is mounted on the tower to assists in the alignment of the telescope.

The automatic sextant uses the video telescope and a computer stored catalog of over
200 stars to align itself to true north.

ANGULAR ACCURACY

The tracking system is required to provide azimuth and elevation angles to the target
in absolute geodetic coordinates at a rate of up to 10 samples per second. These angles
must be accurate to a tolerance of +/-0.050 degrees 3 sigma.

To acheive this accuracy, the system compensates the measured servo angles in real
time for mechanical alignment errors, RF alignment errors (or beam squint), reflector
droop, and residual error (or the servo’s inability to precisly follow the autotrack
error).

The mechanical errors consists of azimuth bias and non-orthogonality of the elevation
axis to the azimuth axis. The azimuth bias, or offset of the synchro zero from true
north, is determined by an automatic plunge-and-rotate on one of the 200 stars in the
computer’s catalog. Any non-orthogonality measured by theodelite can be manually
entered into the computer.

The RF alignment errors are quantized periodically using the boresight source, and the
automatic RF alignment routine in the system computer. The errors (azimuth
colimation and elevation bias) are stored in a look-up table in the computer with the
corresponding frequency and polarization. The computer automatically determines the
current tracking frequency and polarization, and applies the corresponding
coefficients.



The system also continously monitors the detected autotrack error, and applies a
correction to the target position output to correct for residual error induced by wind
gust or servo lag. The autotrack error is processed by a multistage digital filter, which
permits the operator to select a bandwidth of 0.5 Hz, 5 Hz or 50 Hz depending on the
expected SNR to the optimize the response to his link.

SYSTEM AUTOMATION

The Precision Transportable Tracking Telemetry System employs a computer control
system to automate nearly every phase of the system operation. The system uses was
an Hewlett Packard 9000 series, Model 360 CM computer with an operating system
program written primarily in HP BASIC, with compiled subroutines in 68030
assembler and PASCAL. This operating system program is nearly 15,000 lines of
code, and performs the four main functions of orbit/launch scheduler, automatic
equipment configuration, real time control, and system alignment and verification.
Figure 3 summarizes the sub-functions available under each of the main functions.

In the orbit scheduler function the computer stores the mean orbit elements, or IIRV’s
for up to 12 satellites, and allows the operator to schedule any visable passes. At T-2
minutes before the pass, the system will automatically wake up and configure all of
the system equipment to any of up 100 equipment configuration files. During the pass
the computer will track the satellite with up to 10 commanded az/el angles per second.

All of the system instruments, which consist of four receivers, two diversity
combiners, antenna control unit, power meter, time code generator, and VHF switch,
are connected to the controller via an IEEE-488 bus, and can be controlled in real time
by an operator sitting at the computer console.

The computer also serves as an automatic test and alignment aid, acting as a
computerized sextant for syatem alignment and offering the operator a wide range of
RF and mechanical tests to verify the systems performance. The system also provides
a Quick Look analysis of satellite pass which compares the actual autotracked position
of the satellite to that calculated in the orbital predictor for a verification of the system
alignment.

Figure 4 shows two typical screens, Figure 4 a) shows the Track Screen, which
provides a single point heads up status of the system during the pass. Figure 4 b)
shows the Receiver Configuration Menu, which allows the operator to select all of the
receiver configuration parameters to be used during a pass.



In addition to the automation afforded by the computer control system, the antenna
control unit incorporates a number of “smart” features to assist the operator. These
include automatic beam switching routine aids in the transition from the 20 degree
beamwidth acquisition antenna to the 1.4 degree main beam, and a zenith pass routine,
which predicts direct and near direct overhead passes and slews the azimuth under
program track to prevent loss of the target.

SYSTEM TESTING

The system test program was devised to rigorously exercise the Precision
Transportable Tracking Telemetry System, and to precisely quantitize the angular
accuracy under conditions which duplicate its actual use.

During the acceptance test, the system was assembled from its skid mounted
configuration, and aligned for service using only the built in alignment aids available.
In good weather conditions, three men can easily erect and align the system in three
days. The angular testing was commenced immediately after the erection and
alignment.

ANTENNA ANGLE ACCURACY TESTING

System angle accuracy testing was conducted by tracking a number of satellites with
the system, and relaying the azimuth and elevation angle data in real time to Goddard
Flight Dynamics Facility (FDF). At FDF the data transmitted was compared to a
definative orbit for the satellite generated by the Goddard Trajectory Determination
System. Predicted az/el look angles with accuracies of better than 0.001 degrees were
obtained by using a GPS survey to locate the Atlanta site to sub-foot accuracy in three
dimensional space, and by simultaneously reducing tracking information from a
number of other tracking sites to produce a definative orbit.

The angle accuracy test setup is shown in figure 5. The Tracking data formatter time
tags az/el data from the tracking system at a rate of 10 samples per second. The data is
then output to a synchronous modem at a rate 2400bps in Minimum Data Delay
Format (MDDF). MDDF is used primarily by NASA radars, and is compatable with
the FDF system. The data was then analyzed, and accuracy plots were generally
available by FAX within four hours.



CONCLUSION

A typical angle accuracy test plot is shown in Figure 6. Without additional adjustment,
the system routinely falls within an absolute accuracy of +/-0.075 degrees, 3 sigma,
and on most passses acheives +/-0.05 degrees, 3 sigma. Small contributing factors
such as synchro package nonlinearity and droop caused by spar flexture were easily
discerned from the test output, and were corrected.
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FDDI AS AN EMERGING STANDARD FOR
TELEMETRY SYSTEMS

Gene Taylor
Vista Controls Corporation

ABSTRACT

Various high performance fiber optic networks have been in existence and available
now for over 10 years. Virtually all of them, until recently, have been designed around
the “better idea” of some single company or engineer, and therefore were or became
expensive, proprietary systems, with limited support, and limited or no growth
potential. Many benefits were still realized by the users in spite of that; primarily in
the areas of increased bandwidth, improved security, and the capability to have data
transmission over long distances. However, after 5 years of continued development
and refinement, the American National Standards Institute (ANSI) X3T9.5 committee
has nearly completed acceptance and final approval of the Fiber Data Distributed
Interface (FDDI) specifications. The new FDDI standards have already evidenced a
tremendous and eager acceptance by the end user community, and are clearly destined
to replace Ethernet as the most prevalent network media. FDDI also offers additional
benefits specifically of interest to the telemetry market, and therefore represents an
ideal Local Area Network (LAN) technology towards which any TM installation
should migrate.

Key Words: Real time, Telemetry, Fiber Optics, FDDI, Local Area Network,
Distributed Processing.

INTRODUCTION

Virtually all Telemetry systems around the world today are implemented using a
combination of several different specialized, high speed data paths. Typically, the
system is built around point-to-point links, reflective memory schemes, or “networks”
based on a star topology. The telemetry market has been driven to these solutions by
the overriding need for higher performance than that usually offered by any
standardized network system. However, the ANSI X3T9.5 committee is nearing
completion and acceptance of the final sections of the Fiber Data Distributed Interface
(FDDI) specifications. This new fiber optic-based network specification offers great
promise for future telemetry upgrades and installations as a common and very cost-



effective replacement for what traditionally was implemented as multiple unique data
paths.

FDDI represents a 10x performance improvement in standard networking technology,
offering a 100 megabit per second media. Although some of the older Local Area
Network (LAN) standards actually do support data transmission over fiber (Token-
Ring, Ethernet, or 802.5), FDDI is the first entry into the market of a 2nd generation
network, and offers many new benefits by design. This paper will discuss those
strengths, along with some of the possible direct benefits to a typical telemetry or
range application. However, to begin with, this paper will provide a more complete
definition of the FDDI specifications, along with a discussion of some of its
alternatives and current supporters or users.

FDDI NETWORK OVERVIEW

The first preliminary specifications for a fiber optic-based network standard were
proposed in 1985 by the ANSI X3T9.5 committee. These specifications have
undergone much development, testing for interoperability, and resulting revisions
since then. At this time, however, the specifications are very stable and have been
firmed up in virtually every respect. For the Interop 91 conference, held in San Jose
last month, over 50 different vendors were hooked up to an FDDI network,
demonstrating network-wide interoperability of their products. This surprisingly large
number of vendors who have all been carefully following the development of, and
now adhere to the FDDI standards is a clear indication of the solid industry-wide
support that FDDI has generated.

The FDDI network was designed to take advantage of the tremendous potential of
multimode silica fiber. It is a high bandwidth (100Mbits/sec) LAN offering reliable
and secure data transmission over separation distances of up to 2 km. The network
itself is configured as dual (redundant) timed token-passing, counter-rotating optical
rings. Up to a thousand stations may be connected to a total fiber path of over 200 km.
The specification supports synchronous and asynchronous classes of service to meet
the requirements of both real-time and less time-critical interactive applications.

Strict adherence to the Open Systems Interconnection networking standards are
maintained. The Physical Layer (PHY) defines the hardware level (cable, connectors,
drivers and receivers, etc). The Data Link Layer (DLL) implements both the Media
Access Control algorithms and the Logical Link Control (LLC) layers. The Station
Management (SMT) layer provides for all the station control services such as
initialization, fault recovery, etc. Full compliance with the well-tested and widely
accepted OSI model has helped to guarantee the fast and thorough vendor support that



FDDI enjoys. The currently available FDDI chip sets implement the three lowest
layers of the seven layer OSI standards. Software support for the remaining four levels
is already existent, running in the host, in most cases.

INTEROPERABILITY AND SUPPORT FOR FDDI

One of the greatest advantages of using a widely supported standard in any system is
the fact that the engineer can take advantage of interoperability in the design. One of
the simplest examples of this is the wide freedom of choice that any individual has in
assembling a component quality audio system for the home. By the same token, FDDI
will soon represent the “RCA plug” of computers. This will allow system engineers to
optimize their design for the unique application requirements by selecting among
many different subsystems, and literally just hooking them together, with little worry
of any significant incompatibilities.

Current supporters of the standard include virtually every major chip and board level
product manufacturer, as well as the biggest users and consumers of those products,
including the US Government. There are at least a half-dozen different FDDI-
compliant chip sets now being produced or nearing design completion by various
manufacturers, including Advanced Micro Devices (AMD), Intel, National
Semiconductor, and Motorola. Every major computer maker now supports FDDI
connectivity with off-the-shelf hardware available today, including IBM, DEC, CDC,
AT&T, and HP. Almost all of the workstation manufacturers, such as Silicon
Graphics and Sun similarly support FDDI, with others regularly jumping onto the
bandwagon by announcing their planned or future network support in trade
publications. Engineering and technical development support is also available today
with a full range of test and debug tools from a completely different set of
manufacturers such as DTI, NSC, DSI, and others. Finally, various agencies of the US
Government, including the Department of Defense and NASA, are actively
encouraging continued and stepped up implementation of the FDDI standards. FDDI
networking connectivity is a defacto requirement for most government procurements
today.

In addition to the existing high level of interest and support throughout all areas of
industry and government, there have also been two test centers established to insure
interoperability among vendors. On the west coast, Advanced Micro Devices (AMD)
has sponsored the Advanced Network Test Center; and in the east, at the University of
New Hampshire, the InterOperability Lab (IOL) brings together a consortium of FDDI
product suppliers. Both of these labs are designed solely to provide a standardized
environment for developers to test and insure compliance of their FDDI products to
the specification. The payoff for the telemetry engineer is shown in walking the floor



of any network-oriented conference: hundreds of different products doing different
functions, with different strengths and weaknesses. The engineer can now pick and
chose from among the many, to meet his or here own unique application requirements.

WHAT MAKES FDDI A BETTER ALTERNATIVE

Telemetry systems are built around, and dependant upon several different “classes” of
high speed data links. As an example, one common top level design block diagram is
shown below in Diagram 1. Multiple processors often are used to form a group or a
single test monitoring and processing “channel”. The processors within a single group
are usually interconnected via a shared or reflective memory scheme. Each group
(often a triad of computers) has multiple high speed comm links to the graphics
display stations, usually based on parallel I/O such as an HSD or DR11. Finally,
multiple triads will be interconnected via some kind of high speed network. With few
exceptions, the hardware and software associated with each of these links is unique,
bus-specific, proprietary and expensive. It is difficult and costly to maintain, and
usually severely inhibits future system expansion or modification. FDDI used as a
backbone LAN to the telemetry system offers the necessary interoperability and
performance to replace them all with a single network.

Figure 1 - Typical Telemetry System Topology

The FDDI specification meet the requirements of high performance real-time
applications in three different areas of LAN technology; backbone, backend, and
front-end LAN topologies are supported. In a typical FDDI backbone LAN
installation, the network is used to tie together all of the main components of the
systems. A backend LAN is one where the mainframes are connected via the network
primarily to high speed peripherals such as data storage devices. When FDDI is used
as the front-end LAN media, its purpose is to interconnect the system with



workstations. Most current FDDI installations are of the backbone type, due to the
increased performance available, and few have been implemented as front or backend
networks.

The fact that FDDI allows support of all these types of mixed network installations, as
well as various star and ring topologies, is one of its other great strengths. An FDDI-
based system allows easy integration of multiple differing networks into a single
system. There are off-the-shelf products available today which allow the user to hook
up an existing 802.3, Ethernet, 802.4 (MAP), 802.5, or many other types of networks
directly to the FDDI backbone LAN through a gateway or filter device (even
including already existing networks based on twisted pair cabling). One installation in
Mass is a good example, where over 20 different 10 Mbit per sec Ethernet networks
are hooked into the FDDI backbone LAN. Diagram 2 shows one example of how the
overall topology for a future telemetry system could look.

Figure 2 - FDDI Backbone Network Topology

There are at least a dozen different high speed fiber optic-based data transfer schemes
on the market today. They range from very specialized gigabit-capable links offering
only extremely limited support of a single type of computer to others with wider
mainframe compatibility. Some are strictly point-to-point links, whereas others
support some type of network topology. FDDI is the only one that has planned or
existing support for virtually every workstation, bus, and/or mainframe computer, and
the only one with wide development engineering support. It stands out clearly as the
most cost-effective choice in any tradeoff analysis, unless the performance
requirements for actual data throughput are unusually high, and exceed the 100 Mbps
bus bandwidth.



Because of the compliance of FDDI to the OSI standards, the user has the unusual
option of selecting among many different possible communication protocols. Some
real-time applications may choose to use the network with only the minimal protocols
implemented (PHY, DLL, LLC and SMT layers). Other, more interactive applications
may have a requirement for full support of TCP/IP, Gossip, XTP, or other upper layer
protocols. Again, FDDI is unique in its capability to be used in any of these modes, or
even a combination of them. This offers the application engineer a design freedom
that is refreshing in its ease of use and versatility.

FDDI also offers the real-time user another major advantage: the MAC layer (DLL +
LLC) guarantees that time-critical data can be sent deterministically. Every node can
be programmed so that the maximum synchronous transmission time not greater than
a known latency, determined by optical path length and the total number of nodes.
This feature can be used, in combination with the protocol programming versatility, to
eliminate the traditional data I/0 latency problems often faced by the real-time
telemetry engineer in dealing with other standardized networks.

EXAMPLES OF POTENTIAL TM INSTALLATIONS

This section is a presentation of the block diagrams of several specific major telemetry
systems either recently completed, or still in the process of final development. Each of
them represents a high performance state of the art installation that is expected to
work well, and meet all of its performance goals. These examples are presented only
with the intent of evaluating them from the standpoint of hardware available today.
The discussion is not intended to be any kind of after-the-fact “Monday morning
Quarter-backing”; because, in fact, all of these new installations were designed
anywhere from 1 to 3 years ago, when FDDI was by no means mature, and did not
look nearly as attractive as it does today.

Diagram 3 presents the block diagram of a major telemetry system used by NASA in
California. The system consists of multiple Encore Concept/32 processors variously
connected to a proprietary 80 Mbps fiber optic LAN, a high performance (link level)
802.3 LAN, standard Ethernet, and a 16 bit multiplexed parallel I/0 link. This mix of
various data paths could be significantly simplified by taking advantage of FDDI as a
backbone network, and adding in some FDDI-to-Ethernet gateways. Other than the
I/O boards themselves, no other hardware in the system would have to be changed;
although there would be a good deal of software modification in the front end of the
system, to accommodate changing from the existing parallel I/0 scheme over to
Ethernet.



Diagram 3 - New Topology using FDDI

Diagram 3 - Old Topology

A range facility in the Pacific Ocean is still under design, but nearing completion, and
will soon be handed over to the US Navy for operation. It relies on both shared
memory and multiple one-way, dedicated Ethernet LAN. In order to achieve the
highest possible performance over Ethernet, each of the LANs are dedicated, semi-
deterministic links, with only a limited number of nodes connected. Similarly to the
NASA installation, this facility also represents an ideal candidate for upgrading to an
FDDI backbone LAN, supported by front-end LANs through gateways. In this case,
actual data throughput could actually decrease, with improved performance, based on
an FDDI upgrade.

As one final example, Figure 5 represents the block diagram of a large range in the
California desert. This range system, managed by the US Air Force, is currently in the
final stages of being upgraded to a fast fiber optic based central shared memory
system. The new centralized memory system will enable all processors in the system
to share the same blocks of data, while each processor will separately be responsible
for updating some portion of the data block(s). The new system incorporates its own



Figure 4 - Example 2 Block Dia

Figure 4 - Example 2 Block Diagram

front-end point-to-point link to the monitoring workstations, each of which has
required the development of bus-specific specialized high speed hardware. In this
case, as in each of the others, similar performance at a much lower per node cost could
be achieved by building a system based on the new FDDI specification.

The purpose of discussing these three specific examples of current range installations
has been to graphically illustrate the topological simplicity and long-term viability of
FDDI as the baseline network for the next generation of range and telemetry systems.
FDDI meets the performance requirements of most of todays test ranges, and can be
optimized if necessary without sacrificing its main asset... that is, its promise of wide
interoperability and future cost-effectiveness.



Figure 5 - Example 3 Block Diagram

FUTURE GROWTH POTENTIAL FOR FDDI NETWORKS

One final aspect of FDDI that makes it stand out heads above many of the other fiber
optic-based comm links is its future growth potential. Although the current
specification is set at 100 Mbps, higher data rates are already planned. In fact, the
existing hardware set currently supports rates double that. Each node on the network
can be programmed to be either a Dual Attached Station (redundant), a Single
Attached Station, or a non-redundant DAS. In that case, the two counter-rotating rings
do not carry redundant data for error checking purposes, but instead carry different
data messages. The new specification for “FDDI II" for already under discussion, and
will purposefully make use of the already completed FDDI I standards in most
respects.



SUMMARY/BENEFITS

All of the pieces are in place to design, install, test, and use FDDI as a backbone LAN
for any telemetry system. It represents the next generation in networking technology,
and will prove to be more cost-effective than virtually any other alternative, just as
Ethernet has now taken the place of many other lower performance and/or proprietary
1st generation local area networks. Any FDDI installation will realize some mix of the
following benefits, depending upon what the FDDI is replacing, and some of the
specific application characteristics:

* Allows easy migration towards a Distributed Processing Environment;
* Lower Cost Per Node than specialized or proprietary solutions;
* Supports Data Transmission Over Long Distances, up to 2km between two

nodes;
* Secure Transmission Media is Immune to EMI or tapping interference;
* Special features support Determinism and High Performance applications;
* Wide Vendor Support provides interoperability and full OSI model

compliance;
* Multiple Network Topologies Supported individually or mixed in

combinations;
* Fault-tolerant, redundant path design leads to High Data Transfer Reliability; 
* Elimination of Proprietary I/O boards, usually very expensive and hard-to-

maintain;
* Simple System Modification and/or expansion;
* Uses Commercial-Off-The-Shelf equipment (COTS).

CONCLUSIONS

FDDI will prove to be an excellent selection as the backbone LAN for any telemetry
or range installations. Each of the examples cited here were real-time telemetry
systems hosted on the Gould/Encore Concept/32 line of computers. However, FDDI is
supported on virtually every mainframe computer or workstation currently in use at
every range facility across the nation, and the concept of a high speed data highway
based on standards, is easily applicable to any site, and any computer system which is
used in a semi-deterministic application, with time-critical data.

Years of development have gone into the ANSI X3T9.5 FDDI specifications. The
cabling, test, hardware and software elements of the media are all finalized and
available now to support an FDDI LAN installation. It represents the second
generation of network technology, and is destined to replace Ethernet as the
workhorse network of the industry. The really nice thing about FDDI is that its



performance and features are perfectly suited to the requirements of the telemetry
market in many aspects. New TM installations, or those sites which are scheduled for
major upgrades or rehost activities should carefully consider FDDI as a potential
backbone network and avoid reliance on proprietary solutions which turn out to be
short-lived and expensive.
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ABSTRACT

This paper describes the design considerations and methodology applied to solve the
practical problems posed in the creation of a high bit rate telemetry relay system and
specifically the techniques implemented to enhance signal to noise performance under
adverse operational conditions.
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INTRODUCTION

The system under discussion here was designed to operate as the data link for an
airborne synthetic aperture radar imaging system used for support of navigation
through ice in Canadian waters. Data are generated by a dual sidelooking X band SAR
carried aboard a Canadair Challenger CL-600 Aircraft. The data stream is encoded,
scrambled and modulated onto a carrier, then transmitted to Canadian Coast Guard
icebreaking ships as a navigational aid. The data are also relayed via satellite to a
ground facility, where they are used in the preparation of a daily ice synopsis which is
sent out to shipping.

The data link must have line of sight performance, which means a maximum range of
400 KM at high altitudes. A 700 Kbs downlink rate is necessary to ensure adequate
real time information suitable for “tactical” navigation through ice. Bit error rate was
specified as less than 10e-5 at maximum range, with adequate S/N and fade margins.



Both the aircraft and the ship were assumed to have a combined roll stability of ± 5
degrees.

In this paper we will examine each of the major components of the system designed
and built by Aydin's Vector and Computer and Monitor divisions.

 SYSTEM DESCRIPTION

The data link (see figure 1) consists of an airborne modulator/transmitter, an airborne
antenna, a shipboard antenna, receiver, and demodulation equipment. An essential
consideration here is the behavior of the data link in marginal conditions, especially
low elevation reception, and fade due to reflection multipath phenomena. All system
choices are predicated on the necessity of maintaining the link margin at both 0
degrees and 5 degrees roll. Since each system choice involved tradeoffs in
performance, the possibilities had to be evaluated as a series of link budgets to assess
their overall value. Each system choice also had to be evaluated on a cost per benefit
basis.

The final choices can be summarized as follows:

1) Fixed tuned single bit rate transmission and reception, at 700Kbs;

2) Viterbi ½ rate encoding;

3) Filtered ±90E phase modulation;

4) Antennas which provide omnidirectional hemispherical coverage, with excess
gain at the horizon to compensate for scattering and multipath losses;

5) Scrambling and differential encoding;

6) Demodulation and bit synchronization equipment optimized for BER
performance.

Block diagrams of the airborne transmitter and the shipboard receiver are shown in
figures two and three.

Sidelobe regeneration was a major concern during the design phase of this project. It
was anticipated that the frequency management authorities might severely bandlimit
radiated energy in order to avoid interfering with other services. If QPSK were to be
used, a linear power amplifier in the transmitter would be required. A TWT amplifier



is thus the logical choice. However, they are costly, power inefficient, and at times
unreliable. Paralleled solid state amplifiers are cheaper, but are limiting amplifiers,
which would regenerate QPSK sidelobes.

Filtered ±90E phase modulation is a continuous envelope modulation. As such it does
not regenerate sidelobes when passed through a limiting amplifier. Other continuous
envelope modulation schemes, such as MSK, have a more compact emission spectrum
but require more complicated transmission and receiver circuitry, with no significant
advantages in BER vs SNR performance. The PM approach was therefore chosen for
this project. The transmitter was then designed around four class C solid state
amplifiers, paralleled through couplers. These amplifiers use approximately 63
percent of the power input required by a TWTA. They also require much less space
and weight allowance on the aircraft. Such a design has the further advantages of a
graceful failure mode; the transmitter will still operate (though at a reduced output
power) if a stage fails.

The requirement that the system operate in severe fade and multipath environments
demanded excellent performance from the antennas. Various forms of tracking
antennas and beam switching techniques were considered and rejected, for reasons of
cost and complexity. Omnidirectional hemispherical pattern coverage was therefore
chosen. The roll stability of both the airborne and seagoing platforms meant that the
transmit and receive gains could be arithmetically added to generate a combined
radiation pattern as a function of elevation angle and roll angle.

The antenna system had to provide for a 200 nautical mile range with the aircraft at
30,000 feet. The ideal elevation pattern requirements are shown in figure 4. The peak
azimuth gain is referenced to +4.5 dBi and 5 E platform roll. The azimuth pattern is of
course required to be omnidirectional for all elevation angles.
The effects of atmospheric conditions and reflections are most severe at elevation
angles below 5E. The dependence of multipath induced fading upon range reflectivity
can be seen in the data below:

REFLECTIVITY REFLECTION NULL DEPTH

0.2 -2 dB

0.4 -4 dB

0.6 -7.5 dB

0.8 -14 dB

1.0 Infinity



  





  



The reflectivity of the ice flow is dependent on surface roughness; at grazing angles it
is expected to be .6 or greater. A link margin of at least 8 dB (over the CNR required
for a BER of 10E) near the horizon is therefore necessary. That in turn requires an
omnidirectional antenna gain at the horizon of at least +4.5 dB. Circular polarization
of the transmitted signal offers a statistical advantage over linear polarization, as
quadrature polarized components are unlikely to fall into a null at the same time.

Based upon these considerations a bifilar helical antenna was chosen for both the
transmit and the receive antennas. The airborne antenna was reduced in size and
enclosed in a radome for aerodynamic reasons. The combined transmit/receive pattern
of these antennas is shown in figure 4.

MODULATION, ENCODING AND SCRAMBLING

Carrier generation and modulation is accomplished by modulating the output of a
crystal modulated with a ±5E phase deviation, then multiplied 18 times to achieve the
requisite carrier controlled oscillator with a linear analog phase modulator. In this case
the oscillator signal is modulated with a ±5 E phase deviation, then multiplied 18 times
to achieve the requisite carrier frequency with ±90 E phase modulation. The advantage
of this method is that the carrier level is constant and no AM component is present.
Thus a limiting (i.e. solid state) amplifier can be used in the transmitter without
sidelobe regeneration. The premodulation filter cutoff frequency is chosen to optimize
the tradeoff between emission bandwidth and bit error rate.
In addition to reducing the signal bandwidth, prefiltering a PM signal has the
undesired effect of introducing a carrier component. The magnitude of the carrier
component varies directly with the amount of filtering used. The presence of the
carrier degrades both carrier acquisition and the bit error rate performance. The size of
the carrier component can be reduced by increasing the deviation beyond ±90 E.

The final transmission modulation parameters were as follows:

Premodulation filter: five pole, linear phase, 2.1 MHZ cutoff frequency.

Deviation: set for carrier null with 1.4 MB/s 2047 PRN pattern. This is
approximately ±96E peak phase deviation.

Carrier Null: 20 dB minimum over temperature, which is equivalent to 96 E
±6E peak phase deviation.



  



The receiver and demodulator filters were chosen as a compromise between
performance and selectivity. The receiver was designed to reject an identically
modulated carrier 6 MHZ away from the desired carrier. The receiver/demodulator
filter characteristics are as follows:

IF Bandpass Filter: four pole Butterworth, 4.2 MHZ 3dB bandwidth

Demodulator Lowpass filters: 4 pole Bessel, 1.4 MHZ 3dB bandwidth.

The desired carrier to noise ratio, with equal levels of desired and undesired signal
power at the receiver inputs, was calculated to be 30.7 dB. Worst case interference
occurs with the aircraft overhead at 30,000 feet. Worst case desired signal occurs at
the horizon with 200 nautical mile slant range, and -5 E of aircraft and ship roll. From
the antenna performance described above, the relative received carrier levels are:

DESIRED INTERFERENCE DELTA

Air plus ship antenna gain +5 dBi -16.5 dBi DESIRED

Path loss -151 dB -119 dB +32 db

Interference level above desired + 10.5 dB

CNR for equal interference and desired carrier: 30.7 dB

Worst case CNR (due to interference): 20.2 dB

 Based on a required BER of 10 E, a CNR of 7.7 dB is necessary. The link therefore
has a worst case fade margin at the horizon of 20.2 dB - 7.7 dB = 12.5 dB. It will be
seen that this is almost identical to the overall link margin.

To assure data transitions required for bit synchronization and avoid creation of high
power spectral lines, a CCITT V.35 scrambler was used.

The V.35 scrambler consists of a modulo 2 adder, a 20 stage shift register and an
adverse state detector. The incoming data is added to the third and twentieth stages of
the shift register. The result is a 1,049,575 pseudorandom pattern for a flat data input.
The adverse data detector limits high frequency components by sensing and avoiding
short repetitive sequences. To avoid having to resynchronize the Viterbi decoder due
to a fade-induced carrier cycle slip, the scrambled data is then differentially encoded
using temporary memory and an exclusive OR gate. By comparing each incoming bit
with the previous bit, a logical one is produced when the bits are different, and a
logical zero when they are the same. A convolutional encoder, paired with a Viterbi



decoder is also employed. The differentially encoded data then goes to the
convolutional encoder, which computes check bits or parity as a function of up to
seven data bits, which corresponds to a constraint length of K = 7. Each bit into the
encoder produces two output bits, which creates an input to output data rate of ½. The
output data streams are multiplexed into one data stream, in which the G1 bit
coincides with the first half of the clock, and the G2 bit coincides with the second half.
Propagation delay errors in the encoder are corrected by putting the encoder output
through a deglitcher.

The model 2713 integrated receiver was developed to perform the functions of down
conversion, demodulation, bit synchronization, Viterbi decoding, differential decoding
and descrambling. Special attention was given to selection of the carrier and clock
recovery phase lock loop bandwidth. The bandwidths were chosen to assure that the
loops were slow enough to flywheel through the expected duration of a fade, yet fast
enough so that carrier synchronization, bit synchronization and node synchronization
are typically acquired within 2 seconds at an Eb/No of 7.7 dB, and within 10 seconds
as worst case. The worst case figure is based on the maximum time to sweep the
500 KHz bandwidth and acquire phase lock. The loss budget allocated for the 2713 is
shown below, for a BER of 10 .-5

THEORETICAL Eb/No 9.6 dB

DIFFERENTIAL DECODING LOSS +0.1 dB

DESCRAMBLING LOSS +0.2 dB

BIT SYNC LOSS + 2.0 dB

CONVOLUTION DECODE GAIN -5.5 dB

REQUIRED Eb/No 6.4 dB



PERFORMANCE

The system link performance at the horizon is shown below. It should be noted that
the performance is given for both 0 E and -5E roll angles from the horizon.

ROLL ANGLE FROM THE HORIZON 0E 5E

TRANSMITTER POWER OUTPUT +52 dBm +52 dBm

TRANSMIT CABLE LOSS -0.5 dB -0.5 dB

COMBINED Rx/Tx ANTENNA GAIN +6.5 dBi +4.5 dBi

POLARIZATION LOSS 0.0 dB 0.0 dB

PROPAGATION LOSS (200 nmi) -151 dB -151 dB

RECEIVED CARRIER LEVEL -93 dBm -95 dBm

PRESELECTOR LOSS -0.2 dB -0.2 dB

PREAMPLIFIER GAIN 40 dB 40 dB

CABLE LOSS 15.5 dB 15.5 dB

RECEIVER NOISE FIGURE 12 dB 12 dB

SYSTEM NOISE FIGURE 1.3dB 1.3 dB

ANTENNA TEMPERATURE 100 K 100 K

EQUIV.SYSTEM NOISE FIGURE -1.6 dB -1.6 db

NOISE INPUT POWER (BW = BR) -114.1 dBm -114.1 dBm

RECEIVED Eb/No 21.1 dB 19.1 d B

Eb/No REQUIRED FOR BER 10E-5 6.4 dB 6.4 dB

LINK MARGIN WITHOUT FADE 14.7 dB 12.7 dB
(AT 200 nmi RANGE)

LINK MARGIN WITH FADE OF 6.7 dB 4.7 dB
8 dB (200 nmi RANGE)

LINK MARGIN WITH FADE OF 0.7 dB- 1.3 dB
8 dB (400 nmi RANGE)



 CONCLUSION

The system has been installed in aircraft and ships of the Canadian Coast Guard as a
part of a high reliability SAR based airborne reconnaissance system to provide
navigational support to shipping. The use of convolutional and differential encoding,
scrambling, and judicious antenna choices establish a highly reliable data link at small
grazing angles over ice at ranges well in excess of 200 nautical miles.
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ABSTRACT

The simulator of PCM data stream is an important apparatus. Without an advanced high
data rate simulator, were not there a PCM system with advanced performance. After
careful study, a simulator in laboratory of PCM stream with the data rate up to 30 Mbps is
now designed. Our simulator differs from the traditional ones in the design principle and
can bring all potentialities into play. It is more powerful in function, easier to test and more
accurate in control. In the meanwhile, it can keep compatible with old simulators.

INTRODUCTION

The PCM simulator is an indispensable insrtument used in the system-debugging and
performance-testing of any PCM systems. Based on a PC or a single-chip microcomputer,
A PCM simulator with the highest rate of 30 Mbps can be constructed. Formally, a PCM
simulator can be designed either in the form of a PC's standard card to be inserted into any
PC's extension slot or in the form of a standalone single-chip microcomputer system
without any hardware and software support from a PC. Technically, both schemes adopt
the global ping-pong RAM technique whth the aid of our elaborately-programmed
software which provides great flexibility to the whole system. Accouding to our
experiences, the design is successful and the resulting modulator works quite well. It can
simutale the format-constant statically or the format-changing data signals dynamically. It
can also generate the radio frequency modulator signals or generate the video frequency
signals directly. Last but not the least, the structure of the simulator does not vary with the
complexity of the data format which revews our PCM simulator is a general purpose one
with a preferable ratio of performance to cost.



THE BASIC REQUIREMENTS OF PCM SIMULATOR

 According to the range of use, the simulator can be classified into two types: simple ones
and complex ones. The former is mainly used to determine whether a system a performs
well or not quickly. It is often a component of the whole system and its function is not too
complete. Compared to the simple simulators, the complex ones can meet different
requirements of all kinds of systems and can undertake the important performance test of a
system and the sophisticated real simulation of a specifec task. The focus of this paper is
on the design of the complex type of simulator for general purpose.

First of all, we well list the basic requirements of a simulator as follows:
(1) The format of data signals must be uniform.
(2) The simulator must be able to generate quadriphase clock with wide range of

code rate.
(3) The ratio of signal to noise (S/N) must be adjustable.
(4) The baseline offset must be adjustable.
(5) The simulator must be able to generat synchronous signals of minor frame,

frame, and word as well as the counter value of minor frame, frame, and word.
(6) The simulator nust be able to carry out the conversion of multiple code

waveforms.

The above requirements correspond to the fixed format of the first class in the American
IRIG standard. To meet the demands of more sophisticated test systems, the standard also
stiputates the varied format of the second class, the characteristics of which appear in the
part of “PCM standard” in the American IRIG 106-86 (ref 1).

GLOBAL PING-PONG RAM TECHNIQUE

The global ping-pong RAM technique is based on a kind of hardware structure with a high
rate of data transmission and processing. The data are transmitted and processed by two
CPUs parallelly in the unit of block. Because this technique utilizes the parallel operation
rather than the time sharing operation. The throughput capality is therefore doubled. The
block diagram of the hardware structure is shown in Fig.l.

As shown in the block diagram, the gardware is composed of two groups of identical IC
chips. Either group includes its own CPU, data buffer, RAM,and address switcher. The
two groups are controlled by control logicso that the access of the two storage areas by the
two CPUS will not conflict at any time. That is to say, if CPU1 occupies RAM1, then
CPU2 can only occupy RAM2, and vice versa. The treansmission and process of data is
carried out in the unit by block. When CPU1 sends data to RAM1 block by block , CPU2
can then fetch the previous block of data from RAM2. In this way, the input and output



doesn't affect each other and there is no conflict on the bus. Obviously, CPU1 is the
provider of data and CPU2 is the consumer of data. And their speed must be matched
prevent to loss of data. After a block is processed the two CPUs make a real time storage
switch. It must be guaranteed that the data processing speed CPU2 must be higher than the
data transmission speed of CPU1. This kind structure increases the overhead of hardware,
but can raise the speed significantly. Therefore it is suitable structure used in high speed
data acquisition, data transmission, and data processing. This structure is used in the
following design scheme.

A PCM SIMULATOR WITH HIGH RATE

From our point of view, it is wise to use global Ping-pong RAM technique for constructing
the PCM simulator with high rate. if it were conbined with single-chip microcomputer or
personal computer, the intelligent simulator with high rate will be constructed, which is
discussed as follows. The block diagram is shown in Fig 2.

In figure 2:

S0 -- Parallel data output
S1 -- Serial data output
S2 -- Noise-adding serial data output
S3 -- Baseline offset-adding serial data output
S4 -- Word synchronous signal
S5 -- Frame synchronous signal

This block diagram is composed of CPU, global ping-pong RAM, system control logic,
phase-splitter variable clock, parallel-serial converter, code waveform converter, noise-
adding circuit, baseline offset, frame counter, word counter and the corresponding
synchronous signal generator and modulator. The two RAMs are used as the dynamic
storage of which the capacity is selected according to the size of minor-frame, which are
separately defind as odd minor-frame and even minor-frame. Their working mode is as
follows: when the odd minor-frame is used as output, the even minor-frame makes real-
time amendment dynamically and prepares well for the next frame's output; vice versa. The
data to be amended can be formed into a format file and saved in the inner storage in
advance according to the demand of the designer. The dynamic simulation can also be
realized by software for the regular modulation to some data in the minor-frame. In RAM,
every word is composed of two parts:the lower-byte and higher-byte. The lower byte
represents the data or a part of the data; The higher byte represents the length of the word
or includes the other characteristic information related to the word. When a word is
fetched, its lower byte will directly be output parallelly through the buffer, at the same time
the other sequences will be transmitted to the parallel-serial converter circuit and formed



into NRZ-L code, and then be put into the next circuit to make further processing such as
code waveform converter and so on. It can form the different code mode of PCM serial
data stream(S1), noise-adding data stream(S2), noise-adding and baseline offset data
stream(S3) respectively. The higher byte is loaded to the decoding circuit to form word
length control, memory address increased by 1 and the other control signals.

The CPU undertakes the task of the initialization of the simulator, the control of the
code rate, the amendment of the even or odd minor-frame data, system display, self-testing
and so on. The modulator modulates the video frequency PCM data stream to radio carrier
frequency in order to achieve radio channel simulation. The phase-splitter clock sourcer is
in fact a frequency synthesizer under the control of CPU which generates pre-selected
code rate as well as 0, 90, 180, 270 quadriphase signals to meet the demands such as code
waveform conversion. The system control logic is responsible to generate various kinds of
time sequence and address decoding signals necessary to ensure the system to work
circularly according to the format needed. The working rate of the simulator mainly
depends on the speed of the IC chips used. It is easy to build a 30M bps high rate
simulator if we select the memory chip with access time of 20-30ns, TMS320C25 as CPU,
and 74F series chips for other parts. The main restriction to the rate of the simulator comes
from the phase splitter sourcer. If the length of the word can vary between 8 to 16 bits,
with the instruction cycle of TMS320C25 being 0.1us(ref 2), the parallel data stream can
reach to 10M Byte or 10M word. In this condition, the rate of serial data stream will vary
between the range of 80-160M bps, its maximum shift clock rate must be between 80-
160MHz. Of course, generating such a high rate quadriphase clock will inevitably meet
some difficulties. But it is still safe to say that a simulator with a rate of 30M bps can be
constructed using IC chips currently available in the market.

CONCLUSION

The simulator described here belongs to a kind of general-purpose, high-rate, intelligence
mode.

During the design process, we have been emphizing the idea of standardization. The
specific form of the simulator can be different. For example, as mentioned at the beginning
we can design it as atandard PC card to made a PC into a intellegent personal apparatus or
a programmable waveform generator. In fact, the greater deal we get from standard design
is that only by changing the software (often the format file required by it alone), we can
make the system adaptable to any kinds of test tasks. To summarize, the simulator is the
fruit of standardized combination of computor technique, frequency systhesizing
technique, and radio frequency technique. As a whole the system appears to be a high
performance simulator in our laboratory.
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 Figure 1. the block diagram of global ping-pong
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ABSTRACT

A VME computer can be used to provide the basis for a telemetry data processing
station. Using “off-the-shelf cards” the designer is able to build up a front end that
meet several of the data processing requirements. The ease in interfacing to the VME
bus also provides a convenient platform for the development of highly specialized
interfaces requiring programmable control. The results are a low-cost high-
performance system that is easily expandable as needs and/or technology grow.

Based on this strategy, the Physical Science Laboratory (PSL) at New Mexico State
University developed a multichannel high-speed analog-to-digital converter (ADC)
assembly on a single VME board.

The design approach used at PSL to develop the VME-based ADC is discussed in an
effort to describe both developments in analog-to-digital conversion integrated circuits
and the use of a VME CPU to control them for data processing purposes.

INTRODUCTION

PSL developed and installed the Telemetry Processing System (TPS) at Holloman Air
Force Base (HAFB), NM for processing data acquired from the Holloman High Speed
Test Track. One of the requirements for the TPS was to provide a high-speed analog-
to-digital conversion subassembly (ADS).

The ADS had to be capable of accepting up to ten simultaneous channels of analog
data carrying frequencies of up to 64 kHz each with a channel sample rate of five
samples per cycle, maximum 320 Ksamples per second per channel, for a total
aggregate throughput of 3.2 Msamples per second. If only one channel of the ADS is
utilized, a frequency response of 640 kHz or 3.2 Msamples per for a single channel



had to be possible. If any number of channels up to the ten channels of the ADS was
utilized, the per channel frequency response and sample rate had to be programmable
by the operator for sample rates less than 3.2 Msamples per second. Data also had to
be available for real-time display at an aggregate rate of 100 Ksamples per second.

Recognizing the need for programmability and given the desire of the customer to
have expansion capabilities over the long period of the system's life, the decision was
made to develop a VME-based system that would meet the requirements.

THEORY OF OPERATION

The ADS (see Figure 1) was developed to meet the requirements of the Analog-to-
Digital section of the TPS. The ten analog data inputs come from the TPS patch panel
into the ADS subassembly and enter the buffer boards. The buffer boards route the
analog data to the two A/D boards. At user-selected rates (see Table 1), each channel
of analog data is then converted to a 12-bit digital word. The output data from the
discriminators, along with the appended 4-bit channel number, are then routed to the
ACROAMATICS telemetry processing front end for storage or real-time display.

System operation commands are sent to the ADS from the DEC system computer.
Data are packaged in frames that are 256 words wide. Frame synch is provided by
having the frame synch bit in the first word of the frame set low. Additional header
bits such as time tag are appended inside the ACROAMATICS front end. The user
has the ability to select data rates (see Table 1) that are eight base two divisions of the
maximum or aggregate data rate for the processing being used. The storage and real-
time rates are mutually exclusive.

The DEC-based system software creates a frame map which ensures that all the
samples occur at the right time. The algorithm is implemented as follows:

a) The operator, through the user interface, selects the rates from Table 1 at
which each of the desired channels should be sampled.

b) The ADS program sorts the sample rates in order of magnitude.

c) The channels are then loaded into the map, starting with loading the channel
requiring the highest sampling rate into the first word.

d) The channel with the next highest, or equally high, sample rate is started at the
next available slot



e) The channels are loaded into slots repeatedly at the desired frequency (as an
example, 800 Msamples would be every fourth word) until the frame boundary
of 256 words is reached

f) This process is repeated until all of the channels have been loaded.

g) The DEC computer downloads 256 16-bit words to the VME CPU to later go
to the A/D board. The word command contains the required bits to perform the
conversion on the A/D board.

An example of how a frame map would look is presented here. Consider the following
entries by the operator:

CHANNEL NUMBER SAMPLING RATE (Ksamples/sec)

1 100
2 400
3 800
4 25
5 200
6 400
7 200
8 50
9 200
10 200

The resulting first 256 words (the second 256 words are identical) of the frame map
can be seen in Table 2. Blank spaces indicate word blocks where a conversion is not
required. Null data is not sent to the ACROAMATICS front end, but rather a
conversion is skipped.

SYSTEM DESCRIPTION

The high-speed A/D subassembly is based on a standard VME chassis which includes

a) a VME CPU board
b) a standard VME J1/P1 bus, with terminators
c) P2 connector plugs
d) two A/D boards
e) two buffer/interface boards
f) a linear +5 volt and a linear ±12 volt power supply



The CPU board ROM contains all the code necessary to allow it to act as a conduit for
the system is DEC computer to operate the A/D boards. The commands to the CPU
board are transmitted via an RS232 port on the front of the CPU board. The DEC
system computer downloads to the CPU board the bit patterns required to set up the
A/D boards. During the data conversion processing time, the CPU board is in an idle
mode waiting for a stop command.

A standard VME J1/P1 backplane is used to interface the CPU to the two A/D PCBs
and two buffer PCBs. Power to all of the boards in the chassis is supplied through the
P1 backplane. P2 connector plugs are provided to interface the output of the A/D cards
to a 37-pin sub-miniature D connector mounted on the rear of the VME chassis. From
there, the parallel digital data go to the ACROAMATICS telemetry processing
hardware. The A/D boards pass data by handshaking directly with the
ACROAMATICS front end FIFOs.

The A/D boards consist of both an analog and a digital front end. The analog inputs
are scaled, multiplexed, and then converted. The digital front end interfaces to the
standard VME bus to receive setup commands from the CPU board. Upon CPU
command, at the board frequency, the A/D board digitizes the user-selected analog
inputs with 12-bit accuracy, appends the 4-bit channel number, and strobes the
resulting 16-bit data into the ACROAMATICS front end FIFOs.

DETAILED DESCRIPTION OF THE A/D BOARDS

For this paper, detailed description is limited to the A/D boards.

VME BUS INTERFACE

The following VME bus signals on P1 are used to operate the A/D boards:

a) A01-A23  - Decoded to indicate that the CPU is talking to that board and also
to provide addressing for the control RAM.

b) D00-Dl5  - Used to pass the control bits to the A/D board RAM.

c) DTACK, AS, DS0, DS1, WRITE, AM0-AM5  - These signals are used for
VME bus for address and data validation.



DIGITAL CONTROL CIRCUITRY

This section describes the digital control portion of the A/D board. Figure 2 is a block
diagram of the A/D board digital section.

The digitization process on the board is controlled by a pattern of bits stored in the
onboard RAM. With the rising edge of the board TTL clock (either 3.2 MHZ or 100
kHz), a new A/D cycle begins. On that rising edge the RAM outputs a new control bit
pattern. The following circuitry makes up the digital circuits used to control the board
command and timing operations. The purpose of this section of the board is to receive
the logic patterns from the main computer, load them into onboard RAM and clock
them to devices under RAM control upon receipt of the start command from the main
computer. The bit pattern will then control the process of digitizing the analog data
and appending the channel number for transfer to the ACROAMATICS front end for
real-time display and/or storage. This circuit also has the capability to stop digitization
operation on main computer command.

a) Control Bit Pattern  - Each bit has a distinct control or data function on the
board. D00 through D02 control the two 8:1 analog multiplexers. D03
controls the 2:1 analog multiplexer. D04 is low when a conversion is to be
done on that clock cycle. D08 through D11 provide the channel number to be
appended to the data. D12, when low, indicates the beginning of the frame.

b) Data Transfer Operation Control  - Data is written from the CPU board to
the onboard RAM by word transfer. The addresses going to the RAM are
routed through two multiplexers. During data transfer operations, the flow
line out of the DECODE PAL is set high so that the address multiplexers will
feed the addresses from the VME bus to the RAM.

c) A/D Conversion Operation Control  - All A/D conversion operations are
controlled by the bit patterns from the RAM. During A/D conversion
operations, the flow control line out of the DECODE PAL is set low so that
the address multiplexers will feed the addresses from the 8-bit-wide counters
bank to the RAM. These counters are clocked by the A/D timer clock, which
runs at 3.2 MHZ for the storage HSAD board and 100 kHz for the real-time
ADS board. When the conversion process is started, a START command is
issued by the CPU board.

The RAM is loaded with 256 command words, with each of these 256 words
corresponding to one word of a minor frame of ADS data. The A/D conversion
circuitry continuously sequences through these 256 words.



TIMING CONTROL

The two A/D boards are identical except in the area of timing. The storage data
digitizer board uses a 3.2 MHZ TTL crystal oscillator. The real-time data digitizer
board uses a 100 kHz TTL crystal oscillator. The combination of the oscillator output,
some additional timing logic, and the D04 line out of the RAM being low (indicating a
conversion is to take place on that clock cycle) cause the required convert signal to go
to the A/D converter.

ANALOG CIRCUITRY

The analog circuitry for the A/D board consists of gain adjustable buffer inputs, two
8:1 multiplexers, one 2:1 multiplexer, and an A/D converter.

a) Gain Adjust Resistors and Buffer Amplifiers  - Each of the ten inputs from
the buffer boards is first passed through a voltage divider network. Since most
flash converters are only capable of digitizing inputs of around ±1.25 volts the
typical input ranges of ±10 volts must be attenuated.

b) 8:1 Multiplexers  - The first stage of multiplexing is done using high-speed
8:1 multiplexers. This is one of the key stages to the circuit. Multiplexers that
can settle to less than 1% in under 300 nanoseconds have become available
only recently. Only the first five channels of each multiplexer are used with
the other inputs grounded in the HAFB/TPS application. This is due to the
requirement for only ten channels. Expansion to allowing the board to take
the inputs of sixteen channels is trivial. As detailed in the section on digital
control circuitry, the RAM outputs a new decode pattern (D00-D02) to the
multiplexers at the start of every clock cycle. Both multiplexers will have
inputs selected even though ultimately only one will be digitized by the A/D.

c) 2:1 Multiplexer  - The next stage of multiplexing is done using a wideband
switched-input op amp. Each of the outputs of the 8:1 multiplexers is fed into
the op amp with the feed from channels 1 through 5 going into the A input
and the feed from channels 6 through 10 going into the B input. As detailed in
the section on digital control circuitry, the RAM outputs a bit (D03) to the op
amp at the start of every clock cycle. This enables either the A or B channel
to go to the output and on to the A/D converter.

d) A 10 MHZ 12-bit A/D converter  (a hybrid that contains all required sample
and hold circuitry, etc.) - This is used to digitize the analog output of the 2:1
multiplexer. When a rising TTL edge is applied to the convert control input of



the A/D, a conversion process begins. After approximately 100 nanoseconds,
the conversion is completed, and the 12-bits of data are latched into output
buffers by the converter's data valid pulse. It is important to understand any
pipeline delay within the converter to ensure that the data is tagged with the
correct channel number.    During board manufacturing any gain or offset pots
associated with the converter should be set and locked. End-to-end signal
offset and gain adjusts must be done on a per-channel basis. In the
HAFB/TPS system the offset is done on the buffer and the gain adjust is done
at the gain adjust resistors.

DESIGN DISCUSSION

The most difficult part of this design is to ensure that the analog front end circuitry is
settled to within the resolution range of the A/D. For a 12-bit converter, meaning 4096
counts, the input should ideally be settled to ±0.025%. For a 12-bit converter with a
full scale of ± 1.25 volts, the bit weight is 610 microvolts per bit. The front end
devices must be selected to meet the setting percent requirement. As previously stated,
the storage board is designed to do a conversion at 3.2 MHZ, which is a sample every
312.5 nanoseconds. When the 6 nanosecond setup time of the A/D (time that the
signal must be present and stable at the input to the A/D) is considered, this means
that the front end analog hardware must be able to switch and settle in just over 300
nanoseconds. The speed of the front end parts used on the HAFB/TPS design based on
data sheets specifications is as follows:

a) Input buffers  - The input buffers are selected for their speed. The buffers
used in the HAFB/TPS design are specified to settle a 1 volt step in about 20
nanoseconds.

b) Digital control circuitry  - The relevant digital control circuitry is guaranteed
in 31 nanoseconds.

c) 8:1 Multiplexers  - The 8:1 multiplexers used were found to consistently
settle to the required 0.025% in less than 150 nanoseconds.

d) 2:1 Multiplexer  - The delay due to the settling to within 0.01% is 25
nanoseconds.

The resulting delay due to the analog front end becomes
delay due to the input op amps 20 ns
delay due to the 8:1 mux 150 ns
delay due to the digital set up 31 ns



delay due to the 2:1 mux 25 ns
total propagation and settling 226 ns

This indicates that the analog front end should be able to switch in the channel desired
and have it settled to the required 0.025% before the 300 nanoseconds has elapsed.

The HAFB ADS board design was under the constraint of allowing the user to select
any channel to operate at any frequency, only limited by the bandwidth. This meant
that adjoining channels of the same multiplexer could be selected for sequential
output. Better performance from the additional settling time for the multiplexers could
have been obtained by having the operator interface tell the operator where to plug the
analog inputs into the patch panel. This would have ensured that the n + 1 channel
selected would come from the other 8:1 multiplexer, resulting in more settling time.
This would require the multiplexers to be addressed separately, but the, gain in
performance would have been significant.

CONCLUSION

Given today's high-speed analog integrated circuitry and the ease of interfacing to the
VME bus, multichannel high-speed analog-to-digital conversion is obtainable on a
single VME printed wiring assembly. Resolution specifications are not given here
because of the difficulty in accurately measuring them; however, the system was
easily demonstrated to provide resolution better than 1% even before the assistance of
software calibration. In addition, the board could have operated at a higher data rate
than that specified by the HAFB/TPS requirements.
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TABLE 1
SAMPLING RATE SELECTIONS

STORAGE A/D BOARD REAL-TIME A/D BOARD
(samples/sec) (samples/sec)

3,200,000 100,000

1,600,000 50,000

800,000 25,000

400,000 12,500

200,000 6,250

100,000 3,125

50,000 1562.5

25,000 781.25

TABLE 2
SAMPLE OF THE 256 WORDS OF AN ADS FRAME

3 2 6 10 3 5 7 9 3 2 6 10 3 1 8 4

3 2 6 10 3 5 7 9 3 2 6 10 3

3 2 6 10 3 5 7 9 3 2 6 10 3 1

3 2 6 10 3 5 7 9 3 2 6 10 3

3 2 6 10 3 5 7 9 3 2 6 10 3 1 8

3 2 6 10 3 5 7 9 3 2 6 10 3

3 2 6 10 3 5 7 9 3 2 6 10 3 1

3 2 6 10 3 5 7 9 3 2 6 10 3

3 2 6 10 3 5 7 9 3 2 6 10 3 1 8 4

3 2 6 10 3 5 7 9 3 2 6 10 3

3 2 6 10 3 5 7 9 3 2 6 10 3 1

3 2 6 10 3 5 7 9 3 2 6 10 3

3 2 6 10 3 5 7 9 3 2 6 10 3 1 8



TABLE 2
SAMPLE OF THE 256 WORDS OF AN ADS FRAME

3 2 6 10 3 5 7 9 3 2 6 10 3

3 2 6 10 3 5 7 9 3 2 6 10 3 1

3 2 6 10 3 5 7 9 3 2 6 10 3

ADS SYSTEM BLOCK DIAGRAM
FIGURE 1



A/D BOARD DIGITAL BLOCK DIAGRAM

FIGURE 2
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ABSTRACT

Recent advances in acoustic detection and array processing have led to a new, state of
the art, Sonobuoy Missile Impact Location System (SMILS). This system was
developed for the 4950th Test Wing by E-Systems and the Johns Hopkins University
Applied Physics Laboratory to support ballistic missile testing in broad ocean areas.

The hardware and software required to perform the SMILS mission were developed in
two different areas: 1) The flight system, installed aboard the Advanced Range
Instrumentation Aircraft (ARIA), which provides everything necessary to guide the
aircraft to the target area of Deep Ocean Transponders (DOTs), deploy sonobuoys,
recover signals from the sonobuoys, and to process the recovered signals. The
sonobuoy positions and impact locations of reentry vehicles are determined aboard the
aircraft in real-time by telemetering the acoustic signals sent from the sonobuoys via
Radio Frequency (RF) link to the aircraft. These acoustic signals are also recorded on
analog tape in the aircraft. 2) The Post Mission Analysis System (PMAS), located at
the 4950th Test Wing, processes the analog tapes recorded by the aircraft to do more
sophisticated Processing than that performed on the aircraft, providing higher
resolution of impact times and positions.

This paper addressees the theory of PMAS operation and the specific approach used to
perform automated acoustic detection of both narrow and wide band acoustic signals.
It also addressees the processing technique employed to determine sonobuoy
navigation and impact scoring.



“Key words: Sonobuoy Missile Impact Location System (SMILS), ballistic missile
testing, Advanced Range Instrumentation Aircraft (ARIA), Deep Ocean Transponder
(DOT), acoustic processing.”

INTRODUCTION

The ARIA fleet, comprised of three EC-135E and four EC-18B aircraft, are employed
as flexible airborne telemetry data recording and relay stations. These aircraft were
designed and developed to supplement land and marine telemetry stations in support
of Department of Defence and NASA space and missile programs. ARIA support of
ballistic missile programs requires the aircraft to fly to a broad ocean target area,
receive telemetry from instrumented reentry vehicles and equipment sections, provide
photo documentation of the reentry bodies, collect meteorological data from the
ocean’s surface up to 100,000 feet, and launch a pattern of sonobuoys which will
telemeter acoustic data to the aircraft, allowing the impact positions and splash times
of the reentry bodies to be “scored”.

The SMILS data collection operates in the following manner: a pattern of 16
sonobuoys is air deployed over an array of Deep Ocean Transponders (DOTs) whose
geodetic locations are known. The DOTs are interrogated periodically by three of the
sixteen sonobuoys using an acoustic signal of identical frequency (16 KHz) but of
different repetition rates. This interrogation is also received by all other buoys in the
pattern. Each DOT in the array, when interrogated, replies with it’s own acoustic
signal of unique frequency (between 7.5 and 12 KHz) for its position in the array.
These acoustic signals are then received and telemetered to the aircraft by all sixteen
sonobuoys. Ten of the sonobuoys in the array are active surface pinging sonobuoys
that ping at unique repetition rates, but all on the same acoustic frequency (2.33 KHz).
These signals are received by all sonobuoys in the pattern and are relayed to the
aircraft via an RF link. When each of these interrogating or surface pinging sonobuoys
pings, it also sends a marker tone (4 or 4.66 KHz respectively) to the aircraft via an
RF link to identify the source of the ping. The remaining three sonobuoys in the
pattern are passive sonobuoys that are little more than microphones. These passive
sonobuoys receive acoustic information from DOT replies and surface pinging
sonobuoys and transmits this acoustic information to the aircraft via an RF link. The
last acoustic signal of interest is the reentry vehicle impact. This high energy, broad
band signal is received by all sonobuoys in the pattern and is transmitted to the aircraft
via an RF link. This information along with Inter-Range Instrumentation Group
(IRIG) timing provides all the information that is necessary to perform the scoring
operation. All of this information is recorded on 14 track analog tapes along with a
servo reference signal to control tape playback at 7.5 inches per second.



The Post Mission Analysis System (PMAS) of the Advanced Range Instrumentation
Aircraft Sonobuoy Missile Impact Location System (ARIA/SMILS) is an advanced
set of software installed on a MicroVax III computer in conjunction with a Honeywell
Model 97 Magnetic Tape Recorder/Reproducer System, a time code processor, and
associated input and output interfaces. The software is comprised of two functional
areas, the Post Mission Pre-Processor (PMPP) and the Post Mission Processor (PMP).
The PMPP provides the hardware and software necessary to recover the acoustic
signals from the analog tape. It determines the time of reception and frequency of each
ping received at each sonobuoy.

The PMPP also determines the reception time of each reentry vehicle impact splash at
each sonobuoy. The recovered acoustic data is passed on to the PMP portion of the
PMAS, in the form of data tables. This data is then processed into highly accurate
geodetic locations and time of reentry vehicle impacts.

POST MISSION DATA TRANSFER

The acoustic data from the mission is recorded on two 14 track analog tapes. On each
tape, one track contains the IRIG-B time code and another contains the servo
reference signal used to control tape playback speed. Twelve tracks remain an each
tape for recording of sonobuoy acoustic data. In addition to the sonobuoys mentioned
above, a special purpose sonobuoy is launched early in the mission to measure the
sound velocity profile of the ocean environment. This data is also recorded on analog
tape. These tapes are individually played back on a Honeywell Model 97 recorder.
Each tape is played into a two channel analog-to-digital (A/D) converter, allowing
only two of the twelve tracks of sonobuoy data to be sampled at a time.

The PMPP portion of the PMAS has been designed to handle the data transfer
between the analog tapes and the MicroVax storage disks and provides three major
processing functions. These three functions provide their results in three tables for
further analysis by the PMP. These three functions are Ping Processing, Impact
Processing, and Sound Velocity Processing.

PING PROCESSING

Every 200 milliseconds, two channels of acoustic data on the analog tape are sampled
by the A/D converters. A third channel of time marks are added and the resulting data
is stored in an input data buffer. The three channels of data are interleaved throughout
the entire data buffer. The two acoustic channels are deleaved into two continuous
acoustic data buffers and the data is converted to floating point. A Fast Fourier
Transform (FFT) is performed on groups of data samples from each acoustic data



channel. The FFT determines the frequency content of each of the groups of raw data
samples and returns the frequency component amplitude in a range of 0 to 31750 Hz
in 250 Hz increments. The data is then examined for the presence of acoustic events of
interest using a four step process.

Event Detection

An event, in this case a ping, is detected by comparing the present amplitude of a
particular frequency of interest to a past history (noise) of that same frequency. When
the signal to noise ratio increases beyond a certain threshold, we say that a potential
event has occurred. The sonobuoy marker tones are determined when the frequencies
of interest exceed an absolute threshold. To determine if the event is valid, it must
satisfy the following conditions: 1) the time duration of the event mist fall within a
specified range; 2) the signal to noise ratio must exceed the control parameter at least
once; 3) the noise history must not exceed its control parameter.

Edge Detection

Detection of the beginning of the event is accomplished at the .125 millisecond level
by sliding a table of values produced by a sinusoid at the frequency of interest across
the raw sample and computing the correlation between the two over a 8 millisecond
correlation interval. (See Figure 1-1)

Figure 1-1

Sorting

The PMPP examines all the event detected ping data and using the edge detection
times, determines the presence of pings repeating at a nearly constant period for all the



various frequencies encountered. The periods are determined by subtracting the first
ping time from subsequent ping times then dividing each result by successively
increasing integers until a predetermined valid period is obtained. A check is then
made to verify that a sonobuoy was operating with that period and that the period
repeats. This process continues until all the various pings are discovered. The periods
are then used to predict the occurrence of a sequence of pings at the given period and
frequency. If pings can be found which match the predicted period, these are
considered to be valid. All other pings will be considered false alarms.

  Linking

This portion of the PMPP is activated after data from all sonobuoys has been
processed. It relates ping receipt times at each sonobuoy with the transmit times at the
sonobuoy that caused the received ping. The result is one of the three files to be used
by the PMP for final scoring.

IMPACT PROCESSING

There are two impact processing routines available in the PMPP. Impact detector #1
tends to be quick; however, it is very sensitive to parameter adjustments. Impact
detector #2 runs much slower but does not exhibit the same sensitivity as impact
detector #1, resulting in excellent impact detections.

Impact Detector #1

This algorithm makes use of four windows to examine the data: the noise window, the
signal window, the data window, and the FFT window. The algorithm performs three
tests on the data and must pass before an impact is considered detected. The first test
compares the signal and signal to noise ratio to a controlled signal threshold and signal
to noise threshold, respectively. The purpose of this test is to detect the increase in the
amplitude of the data coincident with an impact and to ensure that the signal data is
high enough for a potential impact. The second test is the FFT test. The purpose of the
FFT test is to reject reverberations which have a lower energy content in the higher
frequency regions. From the frequency spectrum data, the energy in two frequency
bands is computed. The ratio of the energy between the upper and lower frequency
bands is computed and compared to a controlled threshold. The third test is to reject
short duration noise which would otherwise be detected as an impact. This test
compares the mean absolute value of the data in the data window to a controlled
threshold. If one or more of these tests fail, the windows are moved ahead by one
millisecond and the tests are repeated. If all three tests pass, the windows are
advanced enough to avoid multiple detections of the same impact due to fluctuations



in the noise level associated with an impact. The output from Impact Detector #1 is
one of the three files to be used by the PMP for final scoring and contains a listing of
impact detection tunes for each sonobuoy in the pattern.

Impact Detector #2

This routine also uses four windows: signal, noise, FFT, and data. Impact detector #2
uses three levels of processing to detect impacts. In level 1, the signal to noise ratio is
computed and compared to the controlled threshold. If the signal to noise ratio is
greater than the threshold, then level 2 processing begins. In level 2 processing, the
data is moved backwards slightly and a counter is initialized to one. The windows are
then slid forward in one millisecond intervals and the signal to noise ratio, power in
the signal, power in the upper and lower frequency bards, and variance of the raw data
are computed and saved and the counter is incriminated by 1. This continues until the
signal to noise ratio drops below a controlled threshold. Once the signal to noise ratio
drops below the controlled threshold, the count is checked to see if it is greater than a
minimum threshold. If it is below the minimum threshold, the routine reverts back to
level 1 processing, otherwise level 3 processing begins. In level 3 processing, the data
from level 2 is averaged and the values of the upper to lower frequency power ratio
and the upper frequency power to variance of the raw data averages are computed.
Finally, if the two computed values are greater than their corresponding controlled
thresholds, the detection is consider valid. The output from Impact Detector #2 is one
of the three files to be used by the PMP for final scoring and contains a listing of
impact detection times for each sonobuoy in the pattern.

BOUND VELOCITY PROCESSING

The PMPP invokes a routine which reads the analog tape to produce a file containing
frequency versus time. This file is the last of the three files that is passed on to the
PMP for final data processing. The data from the sound velocity sonobuoy is a
sinusoidal frequency, controlled by a voltage controlled oscillator. The frequency of
the data signal from this sonobuoy is directly proportional to the sound velocity of the
ocean. Knowing the sink rate of the probe and the time of release of the probe, it
becomes a trivial task to calculate the sound velocity versus depth profile for the
ocean environment.

POST MISSION PROCESSOR

The PMP portion of the PMAS processes the three input files from the PMPP to
produce highly accurate solutions for the RV impact times and geodetic positions. It
accomplishes this by using a number of operator entered database files containing



information such as DOT positions, mission day and time, sonobuoy definitions, and
historical sound velocity data. The PMP may be divided up into six functional areas:
Controlling Software, External Functions, Load PMP Inputs, Navigate Buoys, Solve
Impacts, and Report Results.

Controlling Software

This is the top-level software from which all PMP modules are invoked. This software
presents screen menus, manages the operator interface, handles file allocation and
usage, checks completion codes from all subordinate processes, and maintains log
files to document all PMP operational runs.

 External Functions

This software manages the database files in which DOT array coordinates and
historical ocean profiles are stored. Updates to these files and creation of new files is
handled under menu control by the controlling software.

Load PMP Inputs

The data files loaded are: a file of sound velocity data giving frequency versus tine
from the PMPP; a file of detected pings for each sonobuoy from the PMPP; a file of
detected impact splashes for each sonobuoy from the PMPP; and a sonobuoy
definition file from an external database. The data loading software also invokes
sound velocity processing software which processes the PMPP sound velocity file to
obtain sound velocity versus depth and then merges historical data by means of a
decaying exponential technique to limit discontinuity at the transition point,
completing the profile down to the ocean floor. Ray tracing and curve fitting routines
are used to compute the harmonic velocity, average surface velocity, surface and
bottom gradients, and the coefficients of a third order refraction correction polynomial
which yields the error in the sound travel time introduced by assuming straight line
travel at the harmonic velocity. The refraction correction data, which is a function of
the slant range, is used to correct sonobuoy-DOT and DOT-sonobuoy ping
propagation times.

Navigate Sonobuoys

Because the PMPP has identified the transmitter corresponding to each received
acoustic event at each sonobuoy based on a known pinger period, estimated ranges are
associated with the signal paths and a iterative, batch least-squares solution for
sonobuoy positions versus time is produced. Sonobuoy solutions are produced in the



form of a set of position/velocity/uncertainty solutions for a series of sequential time
intervals. Each interval represents a new batch least-squares solution for the set of
sonobuoys. The starting estimate for each sonobuoy is set to the solution results from
the previous interval, except in the first interval, where a standard sonobuoy pattern is
assumed with known positions for each sonobuoy. The software iteratively computes
estimates of sonobuoy positions based on the known DOT positions and the measured
ping transmit times, except in the first interval, where only the known DOT positions
are used and all surface pingings are omitted in generation of the solution. These
measured times are corrected for the effect of refraction by applying the cubic
refraction correction polynomial to compute the travel time adjustments. If
convergence of the least-squares solution occurs before reaching the minimum
number of pings and DOT responses, then the solution is considered valid and returns
the sonobuoys position and uncertainties in position. If the solution for the position of
the sonobuoy during one or more intervals does not converge, then the sonobuoys
position will be interpolated for that interval using the previous and next good
solution. The sonobuoy navigation software also solves for the surface and harmonic
(vertical) components of sound velocity simultaneously along with the uncertainties
for these values.

Solve Impacts

Because any least-squares technique requires some starting estimate, the software first
performs a “grid search” to identify locations in the DOT array that are probable
impact points based on an assessment of the splash table. At each detection time, the
software also interpolates sonobuoy positions to be used in the impact solution. Each
splash detection is then paired with each of the estimates in an attempt to produce a
least-squares impact solution which satisfies convergence and uncertainty criteria,
with a shrinking window editor which rejects false or unrelated splash detections. The
software automatically removes any false solutions that are due to bubble-collapse
phenomenon. Once all criteria is met to validate an impact and obtain its position and
time of occurrence, the position, time, and their relative uncertainties are stored as
valid impact solutions. DOT array uncertainty parameters are used to produce
geodetic uncertainty and error ellipse components for each valid impact and a set of
final impact solutions are generated and saved.

Report Results

This software produces graphical and tabular Output to printer, screen, or magnetic
tape, of the sonobuoy positions, reentry vehicle impact positions and times, and sound
velocity reports along with all associated errors. This software also allows the
selection of the output units of measure.



SYSTEM PERFORMANCE

The Post Mission Analysis System has been undergoing operational testing since May
1990, using data collected from the ARIA/SMILS aircraft supporting United States
Air Force and Navy ballistic missile test programs. Repeatability of solutions has been
demonstrated through every stage of the system. Typical scoring accuracies are less
than 1 millisecond in time and less than 4 meters uncertainty in relative [x,y]
positions. To date, all reentry vehicles for each ballistic missile test support have been
scored with final test results being reported to the user. This process of reading the
tapes and processing the data, Producing the final ballistic missile scoring report from
this state of the art, highly accurate system takes less than 3 working days.
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ABSTRACT

For the last dozen years, ELECTRICITE DE FRANCE has been using a digital telematry
system mountable on the rotors of its generating machines in case of acceptance tests or
after technical hitch, under difficult environmental conditions (125 degrees C and
centrifugal acceleration of 100,000 m/s ). This system, manufactured by2

SCHLUMBERGER, has proved itself in many test programs on high-power electrical
motors, primary pumps of PWR reactors, steam turbines, alternators, etc.

Today, the need is growing towards operational monitoring of equipment.

Using this type of equipment in a monitoring system is a greater challenge. In fact, it is
necessary to obtain an MTBF longer than the fuel refilling period (approximately 18
months) to make significant savings in product costs.

A technological upgrade of the existing product was undertaken in late 1989.

A very effective product capable of meeting the needs expressed is now available on the
market. The system can be used to build systems with 1 to 63 channels with pass-bands
ranging from 250 Hz to 10 kHz and very high precision (approximately 0.1%), under the
above-mentioned environmental conditions.

Its size, low power consumption, range of operating temperatures (-20 to 125 degrees C),
resolution (12 bits), adaptability and capability of operating under conditions of
acceleration and vibrations (100,000 M/s  and 1000 m/s  from 20 to 1000 Hz), make it a2   2

unique product of its type.



Although designed for use on rotating machines, these devices, thanks to the designs and
technologies used, are compatible with other types of applications.

The central equipment is also modular, a change in the structure of the rotor-mounted
system does not call any of the investments into question; only the equipment’s software
configuration is modified.
A full line of standard equipment for reception, decommutation, recording and processing
is available.

This paper is intended to show how this product was developed so as to meet the main
constraints of a system mounted on rotating machines. Problems related to installation on
the machine, the power supply to the system and data transmission are not dealt with here.
A short video film will illustrate our analysis.

 INTRODUCTION

For many years, ELECTRICITE DE FRANCE has been testing its machines to gain
knowledge about their operation so as to make better use of them and to dimension new
generating plants.

In 1980, ELECTRICITE DE FRANCE asked SCHLUMBERGER Industries to
manufacture a digital remote measurement system that can be mounted on machine rotors
(electrical motors, pumps, steam turbines, alternators, etc.) in a difficult environment:
continuous operation at 125 degrees C and centrifugal acceleration of 100,000 m/s .2

This system has proved effective under operation in such varied applications as:

- the study of vibration behavior of the blades of conventional thermal and nuclear
low-pressure turbines

- determining the bending and torsion characteristics of the a.c. turbogenerator shaft
system

- determining the output of turbo-feed pump sets
- testing the cooling of the 1750 MVA alternator rotor
- endurance tests on primary pump motors (1500 starts/stops).
- etc.

But using this type of equipment in a monitoring system, i.e. over a long period of
operation, requires performance levels that are particularly difficult to achieve. The
product must be led through two seemingly contradictory stages: improving the degree of
reliability (the minimum objective is to guarantee an MTBF greater to the fuel refilling 



period of a nuclear set, i.e. approximately 18 months) and significantly reducing equipment
costs, with the equipment of some fifty a.c. turbogenerators at stake.

In 1990, ELECTRICITE DE FRANCE and SCHLUMBERGER Industries, to reach the
objective, decided to join together to improve the product.
A preliminary study of the available technologies showed that a correct choice had been
made at the time of initial manufacturing: digitizing in the rotating part prior to
transmission and the production of hybrid integrated circuits, which is the technology
providing the best MTBF. To improve it, it is necessary to increase the density of
integration, minimize the number of interconnections, use a maximum of VLSI components
and control the heat dissipation of the components.

It should be pointed out that EDF was already using PCM techniques when the equipment
available on the market was (and, in some cases, still is) based on frequency modulation
processes, which are inefficient for obtaining high precision with the direct current
component and for building multi-channel systems.

In addition, digital techniques greatly facilitate central data processing: storage of the
transmitted data, recording with no distortion or loss of precision, direct digital processing
(FFT, correlations, etc.).

THE OBJECTIVES

Since the first manufacturing, the technologies and components have been improved a
great deal (incidentally, some components are not longer available). To make sure that the
product will endure, it would therefore be useful to upgrade the technology and improve
certain performance levels, while maintaining compatibility with the old generation. The
decision to overhaul the coding and amplifying subassemblies was made in late 1989. At
the time, the objectives were: a significant reduction in volume (50%), obtaining an MTBF
of 18 months for an amplifying + coding-emission assembly, substantial price reductions
for industrial products (at least 20%), doubling the measurement rate (50,000
measurements per second), creating a single channel with a broad pass-band and, finally,
researching a new modularity for better adaptation to the latest needs.

It turned out that the modularity chosen previously (a minimal structure of 8 channels) was
not always optimal and that it would be desirable, for monitoring alternator rotors, to have
a structure of one channel for measuring the rotor current and four channels for the
resistance of insulation. These observations, along with the experimental results from the
above-mentioned tests, helped to advance development, as we shall see.



 RESULTS

All the objectives have been reached and some have even been exceeded, especially in
terms of volume, reliability and cost.
Each of the two subassemblies is made from a single large-sized hybrid circuit, reducing
their volume from 90 to approximately 35 cm  (photo 1).3

The coding-emission subassembly is the “core” of both the multichannel structure and
SINGLE-CHANNEL system with a 10 kHz pass-band. The measurement rate has
doubled, amplifier gains are switched via logic levels instead of hard-wire switches.
The MTBF obtained for the coding-emission/amplifying-multiplexing assembly is much
greater than expected (40 months instead of 18 months).
The costs savings are twice those expected at the beginning of the study.

Photo 1: Comparison of the two generations (the new one is on the left)



A NEW MODULARITY

The new functional and geometrical modularity makes the system upgradeable and allows
for the minimum structure (the coding-emission unit for the rotor-mounted part) to be used
as a base for building a modular multichannel system.
The central receiving and synchronizing equipment requires software modifications only.

A 35 cm  module contains the coding-emission unit (remember that it serves as a single-3

channel system). The same is true of the amplifying-multiplexing unit. It will therefore be
possible to create structures ranging from 1 to 63 channels, e.g.: one 10-KHz channel,
three 4-KHz channels, four 2-KHz channels, seven 2-KHz channels, fifteen 1-KHz
channels, thirty-one 500-Hz channels, sixty-three 250-Hz channels.

 The single-channel structure and a few others allow for transparent transmission of a
measurement internal to the system (internal temperature or internal voltage) at the same
time as the measurements from the sensors; this capability is very useful for operation of
the rotor-mounted equipment.

Electrical compatibility with the old generation is ensured. If desired, it is even possible to
choose the old measurement rate and to combine generations.
In addition, some potential users have expressed their desire to power the rotor-mounted
system via d.c. sources (batteries, storage cells, ring collectors or rotating generators).
Such users can now choose the type of power supply. Core transformers distributing
rectified currents are now housed in a specific module. The rotating transformer system
used on the machines provides power supply and transmission with no contact between the
fixed part and rotating part. In this case, the remote measurement clock is synchronized
with the time base supplied by the 32786-Hz power signal. The block diagram in figure 1
shows a “15-channel” structure.

The coding-emission subassembly represented by the block diagram in figure 2
implements sampling, digitizing, sequencing (both internally and for the multiplexers of the
amplifying subassemblies), PCM pulse train coding, modulation and transmission. Clock
signals and carriers are generated via a phase lock loop. After digitizing over 12 bits with
an additional parity bit, a synchronization word is inserted at the zero address of the cycle.

The message is then serialized and converted to a biphase signal, which is applied to two-
state synchronous phase modulator prior to transmission.
It also includes rectifying and stabilizing functions.



Figure 1 Structure of a “15-channel” System

Figure 2: Block diagram of the coding-emission subassembly



The amplifying subassembly includes four instrumentation amplifiers with programmable
gain from 1 to 1000, 24 db/octave anti-aliasing filter, a multiplexer that can be cascaded
with the ones in the other units, and rectifying and stabilizing devices for the power supply.
It is driven by the coding-emission subassembly.

Figure 3: Block diagram of the amplifying-multiplexing subassembly

THE TECHNOLOGY USED

To reduce size and increase the MTBF, all the functions of the new units have been
installed in a hybrid integrated circuit whose 25-by-50 mm chip contains five connecting
layers. An ASIC supporting all the logic elements (PCM coder, PSK modulator, clocks,
etc.) has been specially designed.
The hybrid circuits have been designed to guarantee the best possible reliability with this
type of technology; the heat dissipation of the components has been monitored with special
attention to minimize heat-buildup and to make the temperature distribution as even as
possible on the surface of the chip which, at 125 degrees C, becomes very important and
can severely damage the MTBF.
They are tested individually before being mounted on a 7-layer printed circuit board used
to connect the hybrid to the two lateral terminal blocks.
The filter capacitors are the only components external to the hybrid.
The assembly is then mounted in cast aluminium cases filled with a resin that ensures
proper mechanical behavior of the components.



Photo 2: Hybrid integrated circuit

MAIN CHARACTERISTICS

Rotor-mounted equipment

A series of modular units is available for building a machine-mounted system: power
supply to the sensors (current or voltage), bridge closing branches , filters, amplifiers and
conditioning, PCM coder.

The power supply to the units may either be d.c. (+/- 15/17V, +/-8/10V) or a.c. (11 or 22
V at 32768 Hz); each unit has its own rectifying and stabilizing devices.

All the indicated characteristics are applicable in the range of - 20 to + 125 degrees C and
with a constant acceleration of 100,000 m/s . The burn-in and storage tests comply with2

the standards MIL STD 883 B.

- Power supply to the voltage sensor
.+/-2.5 to +/-15 V, with a limit of 50 mA
. drift under 0.2 %



- Power supply to the current sensor
. 6 times 6.3 mA at 0 to 3000 Ohms
. drift under 1 %

- Bridge closures
. fourth bridge, half bridge, full bridge
. 50 or 100 Ohm temperature probes
. 120, 350, 1000 or 3000 Ohm strain gages

- Passive filters
. high-pass or low-pass
. Cut-off frequency upon request

- Amplifying/Multiplexing
. 4 channels with differential amplifier
. gains programmable by 3 bits:
1, 15, 30, 60, 120, 250, 500, 1000
. input protection
. anti-aliasing filters
  24 db/octave
  cut-off frequency: 250, 500, 1000, 2000 Hz
  (as needed, depending on the number of channels)

. zero drift: +/- 1 µV/degree C

. gain drift: 10 ppm/degree C

. precision of gain at 25 degrees C: 0.1 %

. multiplexing control: 3 address bits and 1 mask bit

. reliability (MTBF): 62,000 hours at 25 degrees C, 1300 hours at 125 degrees C
(complies with standard MIL.HDBK 217 E)

- Coding/Emission

. measurement rate: 25,000 or 50,000 per second

. resolution: 12 bits

. precision: 0.1% throughout the temperature range

. multiplexing control for 1 to 63 channels

. internal bit rate: 327 or 654 kbps

. code: bi-phase or NRZL with parity bit

. synchronization word with fixed profile of 13 bits

. synchronous phase modulation (PSK)

. carrier frequency: 6.55 or 10.48 MHZ



. reliability (MTBF): 90,000 hours at 25 degrees C, 1783 hours at 125 degrees C
(complies with standard MIL.HDBK 217 E)

Note: the coding-emission unit is stand-alone; it contains a broadband amplification
channel (10 KHz) with an anti-reversal filter (30 dB/octave), which allows for using a
SINGLE-CHANNEL system.

Central Equipment

All the necessary equipment is available from the catalog of SCHLUMBERGER
Industries: the 32768-Hz power supply, the receiver demodulator, the bit and format
synchronizer, etc.

Users can choose between a basic product such as the decommutator 8725 specifically
developed for this system applications and the open, upgradeable DELTA system.
The 8725 handles only digital reconversion functions for signals from the sensors. It
includes PSK demodulation, bit and format synchronizing, decommutation and display of a
channel on the front panel, as well as a parallel digital port for channels for data
processing.

The far more sophisticated DELTA system, in addition to the functions handled by 8725,
can be used to process the results, display them in real size, store them, compare them
with threshold values, process them on workstations, etc.

CONCLUSION

This study was carried out on schedule and the results are generally better than expected.
The performance levels for metrology, precision, pass-bands, measurement rate, etc., are
excellent.
The new modularity and reduced size allow for big savings, e.g., with respect to
mechanically installing the modules on the machines.

The MTBF obtained (40 months instead of 18), amply meets the EDF objectives.

Although the main objective of this study is to integrate remote measurements into
alternator monitoring systems, the results obtained provide a particularly effective
instrument of measurement for rotating machines (electrical motors, pumps, steam
turbines, alternators, etc.). The results also allow us to offer manufacturers a system
capable of operating under extremely harsh environmental conditions with all the
resolution and performance levels allowed by digital technics.



The technologies used and the new concepts have made it possible to create a product
open to applications of all types.

Its size, low power consumption, range of operating temperatures (-20 to 125 degrees C),
resolution (12 bits), adaptability and capability of operating under conditions of
acceleration and vibrations (100 000 m/s  and 1000 M/s  from 20 to 1000 Hz), make it a2   2

unique product of its type.
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ABSTRACT

The Solar Energy Research Institute’s (SERI) Wind Research Program is using Pulse
Code Modulation (PCM) telemetry data-acquisition systems to study horizontal-axis
wind turbines. Many PCM systems are combined for use in test installations that
require accurate measurements from a variety of different locations. SERI has found
them ideal for data-acquisition from multiple wind turbines and meteorological towers
in wind parks.

A major problem has been in providing the capability to quickly combine and examine
incoming data from multiple PCM sources in the field. To solve this problem, SERI
has developed a low-cost PC-based PCM telemetry data-reduction system to facilitate
quick, in-the-field multiple-channel data analysis. Called the “PC-PCM System,” it
consists of two basic components. First, PC-compatible hardware boards are used to
decode and combine multiple PCM data streams. Up to four hardware boards can be
installed in a single PC, which provides the capability to combine data from four PCM
streams directly to PC disk or memory. Each stream can have up to 62 data channels.
Second, a software package written for use under DOS was developed to simplify
data-acquisition control and management. The software provides a quick, easy-to-use
interface between the PC and multiple PCM data streams. Called the “Quick-Look
Data Management Program,” it is a comprehensive menu-driven package used to
organize, acquire, process, and display information from incoming PCM data streams.

This paper describes both hardware and software aspects of the SERI PC-PCM
system, concentrating on features that make it useful in an experiment test
environment to quickly examine and verify incoming data from multiple PCM
streams. Also discussed are problems and techniques associated with PC-based
telemetry data-acquisition, processing, and real-time display.



INTRODUCTION

PCM-encoded telemetry data systems provide highly accurate measurements over a
wide dynamic range with low noise (Strock 1983). These systems are ideal for
collecting data related to the study of wind turbines, especially in multiple-turbine
wind parks. Typical wind park test installations require multiple-channel
measurements taken from a variety of different locations. These can be grouped into
three basic categories: turbine rotating, turbine nonrotating, and meteorological.

In the rotating-turbine frame, measurements are made on the turbine blades, blade
attachments, and hub. Typical parameters include strain-gauge bending moments and
torsion, airfoil surface pressure distributions, total dynamic pressure, and blade pitch
angle. These measurements provide data to determine blade aerodynamic and
structural loads. In the nonrotating-turbine frame, measurements characterize machine
performance and determine turbine loads. This requires data from the turbine nacelle
and tower, such as generator power production, tower bending, azimuth and yaw
angles, and rotation speed.

To determine characteristics of the wind at a turbine or wind park, meteorological
conditions are measured. Anemometers are used to measure near-field horizontal and
vertical wind shear. This requires many channels of data on wind speed and wind
direction from local upwind anemometer arrays. Atmospheric stability measurements
are also important in evaluating characteristics of wind park inflow and outflow. This
requires far-field atmospheric boundary layer measurements, including anemometer,
temperature, barometric pressure, and dewpoint.

To increase accuracy, simplify installation, and reduce noise, many channels of analog
signals are digitized, multiplexed, and encoded into a single PCM stream as close to
the measurement source as possible. The stream is then telemetered to a convenient
central receiving location and combined with streams from other sources to form a
complete digital data set. Streams originating from remote or difficult-to-reach
locations can be easily transmitted over a radio-frequency (RF) link. RF links have
been especially useful in simplifying data-acquisition from sensors located on rotating
wind turbine blades.

SERI’s wind program is conducting various field tests in an effort to assist wind
industries in the United States to improve reliability and performance of wind
turbines. Some current studies include an unsteady aerodynamics experiment
(Butterfield 1989, Butterfield and Nelsen 1990), wind park inflow-outflow
characterization (Kelley 1989), and advanced airfoil testing (Tangler et al. 1990). A 



typical test layout is shown in Figure 1. Multichannel hub-mounted rotor packages
facilitate rotating-frame measurements from multiple turbines.

SERI has been using PCM systems for many years, bearing their high cost to ensure
quality data measurements. Given conditioned analog signals, it is relatively
inexpensive to encode and multiplex multichannel data into a PCM stream. The
expense lies in providing adequate multi-PCM stream data decoding and reduction. In
the past, we had two ways to decode PCM data streams. One involved using a
portable PCM-decoding test instrument called a D/PAD (Loral Instrumentation 1987)
in the field. The other was to use our laboratory-based telemetry data-reduction
system (Fairchild Weston 1985). These two systems represent the extremes of PCM
data decoding capability. Neither adequately satisfied our data-processing
requirements. What we really needed was a system that combined features of both to
provide test engineers in the field with full processing, analysis, and display
capabilities for data from multiple PCM streams.

Specifically, we required multiple-stream decoding, derivation of parameters from all
channels (across PCM streams), graphic display, data storage, and a means to rapidly
update calibration coefficients of many channels. We also needed the ability to
monitor long-term meteorological conditions to evaluate test status. These field
capabilities are essential because debugging using laboratory-based postprocessing is
inefficient and impractical. We could not find a commercial system with these
features that could be inexpensively duplicated at our many test sites. We therefore
decided to develop our own PC-based PCM system to provide the required field test
capabilities. The system consists of PCM-decoding hardware boards (Simms and
Butterfield 1990) and a custom Quick-Look PCM data management software program
(Simms 1990.) A graphic depiction of data flow through the system is shown is Figure
2.

INTERFACING A PC TO PCM DATA STREAMS

The main function of the PC-PCM system is to interface a PC with PCM data. This
requires some type of PCM-decoding hardware that can transfer data into a PC. Over
the past few years in conjunction with a subcontractor, SERI has developed the PC-
based PCM-decoding hardware system. This system consists of basic control software
and printed circuit boards (APEX Systems Inc. 1988) that fit directly inside the
chassis of a PC/AT or compatible computer. PCM data are decoded on the board and
transferred to PC memory or disk. One board can decode one PCM stream at a time.
Up to four boards can be installed in a PC, permitting data from four streams to be
simultaneously combined. The PC-PCM decoder board specifications are summarized
in Table I.
 





  



Bit rate . . . . . . . . . . . . . . . . . . . . 1-800 Kbits/sec
Input streams . . . . . . . . . . . . . . . 4 per board (only one processed at a time)
Input polarity . . . . . . . . . . . . . . . Negative or positive
Input resistance . . . . . . . . . . . . . > 10 K ohms
Codes . . . . . . . . . . . . . . . . . . . . . Bi-phase L, NRZ
Bit sync type . . . . . . . . . . . . . . . Phase locked loop (PLL)
Input data format . . . . . . . . . . . . 8-12 bits/word, MSB first
Words per frame . . . . . . . . . . . . 2-64 (including sync)
Sync words per frame . . . . . . . . 1-3 (maximum 32 bits)

Analog outputs . . . . . . . . . . . . . . 8 channels (user selectable via thumbwheels)
Output polarity . . . . . . . . . . . . . . Unipolar or bipolar
Output range . . . . . . . . . . . . . . . 0 to 10V, 0 to 20V, -5 to 5V, -10 to 10V
PCM inputs . . . . . . . . . . . . . . . . 4 (only one processed at a time)
Status lights . . . . . . . . . . . . . . . . PLL lock, frame sync, FIFO, disabled

Table I. Specifications for PCM Decoder Board

In conjunction with the PCM decoder boards, we also developed an analog interface
module which reconstructs analog output from up to eight channels per stream. The
basic intent was to enable test engineers to use real-time analog test instruments such
as a spectrum analyzer or chart recorder. The analog module is an optional part of the
system. Specifications are shown in Table II.

Table II. Specifications for Analog Interface Module

A full complement of four boards in a PC allows the Quick-Look program to manage
data from up to 16 PCM streams. Each board has four inputs and can be quickly
reconfigured to cycle through the inputs to grab-sample data from different PCM
streams. Various combinations of cyclic or concurrent acquisition can be used.
Maximum data-collection rates vary depending on hardware limitations and other
variables discussed in following sections.

The PC-PCM boards support standard-format Inter-Range Instrumentation Group
(IRIG)-compatible PCM streams with bit rates in the range of 1000 to 800,000
bits/sec, and a maximum of 64 data words (including sync) per frame. Assuming
12-bit data resolution, channel sample rates from 1.3 to 33,000 Hz are possible.
Decoding subcommutated or supermultiplexed PCM data is not currently supported.

During acquisition of PCM data, all values are digital raw “counts” derived from
binary data words that have been decoded from the PCM data streams. Data resolution



is determined by the number of bits used to represent each measured data value. We
typically use 12-bit resolution, which is 1 part in 2 , corresponding to count values12

ranging from 0 to 4095. The Quick-Look program interprets the raw count values
provided by the PCM decoding hardware and converts them to engineering units using
calibration coefficients from its data-base.

OVERVIEW OF THE QUICK-LOOK PROGRAM

The Quick-Look program is a comprehensive software package designed to manage
data from multiple incoming data sources. The major objective in developing the
program was to provide a way to quickly examine data from PCM streams in an
experiment test environment. Other objectives include on-line channel data-base
management, hardware debugging capability, and automated calibration procedures.

Menus are presented to the user enabling quick selection of desired options. Each
menu contains a title followed by lines listing current available options. The user
moves a highlighted bar to select the desired operation. At that point, another level of
menu options may appear or option execution may begin. The main program menu
presents the user with options that are summarized in Table III. These options identify
all the basic features of the Quick-Look program.

Typical components of PC-based data-acquisition systems common to both the Quick-
Look system and most commercial data-acquisition systems are not described here.
This report concentrates on the particular capabilities of the Quick-Look program
related to quick handling of PCM data in the field and to conducting calibrations.
Although this program was developed to allow the PC to be interfaced with PCM
data, the capabilities for data management outlined here could be applied to other
types of telemetry-based data-handling systems as well.

LIMITATIONS OF PC-BASED DATA-PROCESSING

A basic premise of the Quick-Look program is that the PC cannot process all
incoming data in real time. Because of DOS and central processing unit (CPU)
limitations, data collection and data-processing are not done at the same time. These
tasks could be combined if incoming data rates are sufficiently slow. However, for
most of our applications, we have found that the typical PC cannot concurrently do
both adequately. If the processes are independent, then the CPU can be fully dedicated
to each task separately. This allows access to higher-rate incoming data and provides
greater data-processing capability.



Table III. Quick-Look Program Features
Hardware Set-Up

Define all parameters related to interfacing the PC with peripheral PCM decoding devices.

PCM Configuration Data-Base  
Define and maintain the characteristics of all potential incoming PCM streams.

Channel Data-Base
Define and maintain information associated with all measured data channels.

Derived-Parameter Data-Base
Establish and organize ancillary derived channel equations.

Acquire Data
Select channels, monitor current conditions, collect data and store them in a disk file.

Display Recorded Data
Comprehensive graphic or alphanumeric display of previously recorded data sets.

Channel Calibration
Generate calibration coefficients using a multiple-channel least-squares linear regression data

processor.

File Maintenance
Organize and catalog experiment-associated data files and channel data-bases.

Test Event Log
Record the sequence of experiment events.

To compensate for the limitations imposed by the PC, two techniques can be used to
effectively reduce the quantity of incoming data to a manageable level. First, the PCM
data streams can be periodically sampled at a controlled rate. This allows the PC’s
CPU to selectively alternate between acquiring and processing data. Second, data can
be contiguously recorded to disk or memory over a given duration of time and then
postprocessed. These techniques are described below.

SAMPLED DATA-ACQUISITION

Sampled data-acquisition is used to provide real-time data-monitoring capability. The
incoming PCM streams are periodically sampled to acquire small segments of
contiguous data. The segments are quickly processed and displayed to show current
conditions. The process is continuously repeated. Up to 135 channels from any
combination of incoming PCM streams can be displayed. Each representative value
for each channel is determined by averaging 1 to 10,000 contiguous samples. The user
selects channels for display and defines an appropriate averaging interval.



For example, selected channels would be displayed on the monitor in the following
format:

The first digit of the channel number identifies the PCM stream, and the next two
digits identify the data word. The mean and standard deviation values continuously
change as data monitoring cycles. The monitor display may lag behind real time by a
few seconds, depending on number of channels displayed and calculation overhead.

CONTIGUOUS DATA-ACQUISITION

In contiguous data-acquisition, data streams are recorded in real time, with no gaps.
Data from up to four streams can be simultaneously acquired to a disk file up to the
limit of available disk space. The data blocks are then postprocessed using features of
the Quick-Look program.

During contiguous data collection, no other process can run on the computer. After the
block of data is acquired, summary statistics are presented on the monitor display.
From these, the user can decide whether the data set meets the necessary criteria.

These data-reduction techniques impose restrictions that the user must be aware of,
and they may not be appropriate in certain situations. For example, transients may be
missed, or aliasing could be introduced. To provide data values representative of
existing conditions, the data segments should be stationary time history records
(Bendat and Piersol 1980). The Quick-Look program provides many features that
allow evaluation of time series data. It is up to the user to ensure that the data
segments are sufficiently long and statistically meaningful to produce adequate
results.

For most of our Quick-Look requirements, the limits imposed by the PC-based system
are not of concern. In typical field experiments, we have found this system to be
extremely useful, especially for monitoring current conditions and conducting channel
calibrations. With high-rate incoming data, we do not use this system for full data-
processing. Usually, we record all PCM data streams independently to provide
complete data sets for comprehensive postprocessing using a full laboratory-based
PCM data-reduction system (Fairchild Weston 1985).



DATA-BASE OF PCM STREAM CONFIGURATION AND
CHANNEL PARAMETERS

The Quick-Look program provides a form into which a set of configuration
parameters defining each PCM stream can be input. The parameters are then used to
set up decoding hardware to access streams whose channels are requested. Typical
configuration parameters are:

1. PCM stream title
2. Number of data words per frame (data channels)
3. Number of sync words per frame
4. Binary sync bit pattern
5. Bit rate in bits/sec
6. PCM data format (Bi-phase L or NRZ)
7. Signal polarity
8. Bits per word
9. Samples to average.

A data-base is kept for each channel of each PCM stream. A maximum of 70 channels
per stream is allowed. The data-base consists of a set of user-definable parameters and
corresponding data. The following list contains a typical set of useful parameters:

1. Channel description
2. Sensor location
3. Sensor type
4. Sensor ID number
5. Anti-alias filter setting
6. Sample rate
7. Engineering data units
8. Slope (engineering units per count)
9. Offset (engineering units)
10. Range maximum
11. Range minimum
12. Reference channel for calibration
13. Low, zero (mid), and high calibration values
14. Flag to print mean values to a log file
15. Date and time of latest revision.

Parameters 2-6 are available for bookkeeping purposes, and except for comprehensive
printouts they are not used elsewhere in the program. Values do not have to be entered
in these fields. Parameters 1 and 7-14 are used in various other places in the software.



It may be necessary to enter values in these fields depending on the program option
selected.

The channel data-base option of the Quick-Look program provides access to these
parameters for any channel on any PCM stream. The user is presented with a form on
the screen that displays current parameter values, which can easily be updated or
modified. If any changes are made, a new version of the data-base file is written and
becomes the current version. Parameter 15 is updated automatically if any changes are
made in any field.

Previous versions of the channel data-base are retained so that a history of the
channel, including calibration coefficients, is available. The program allows previous
versions to be easily recovered. This is especially useful for postprocessing raw PCM
data recorded on tape, allowing ready access to data values in correct engineering
units.

RAPID MULTICHANNEL CALIBRATION CAPABILITY

Only linear engineering-unit conversions are provided, one slope and offset pair for
each channel. The slopes and offsets can be input manually into the channel data-base,
if known. They also can be generated based on measured data obtained during
“calibration runs” and automatically inserted into the channel data-base. It is possible
to quickly generate and update calibration coefficients for many channels from many
PCM streams simultaneously. There are four options for calibration runs:

1. 3-level high/mid/low calibration data
2. 2-level high/low calibration data
3. 1-level zero calibrations (determines offset only)
4. A function of another “reference” data channel.

For the first two options, PCM count data are collected at the constant calibration
levels for a short duration of time and stored in a file. The channel data-base contains
a value in engineering units that should coincide with the measured count value at
each level. The count data are read from a file and compared to the reference values.
A least-squares regression line is generated from which a slope and offset are found,
and correlation statistics are calculated.

For the third option, count values corresponding to the channel zero (or any known
level) are stored to a file. The data-base zero value is used as a reference, and a new
offset is calculated.



For the fourth option, engineering unit data are concurrently measured from a
“reference channel” used to generate coefficients for the channels to be calibrated.
The relation between the reference channel and the channel to be calibrated is limited
to a simple user-defined mathematical function entered in the channel data-base. A
least-squares regression line is generated to obtain the relation between the two
variables. This allows a "ramp" calibration to be done, in which the data values are
distributed over a wide range, as opposed to discrete known levels.

Upon completion of a calibration run, the user is presented with a page of summary
regression statistics, other information pertinent to the least-squares fit, and new
calibration values. The user can opt to accept or decline the calibration coefficients
based on these statistics. He or she can also set up criteria that automate the
acceptance process using defined tolerances. For example, the user can identify
acceptable ranges of standard error and correlation coefficient. If the regression
statistics are within the ranges, calibration coefficients are automatically accepted and
inserted in the data-base. This provides a means to quickly calibrate many channels. It
has proven very useful in some of our experiments which require frequent rapid
calibration of hundreds of data channels.

CONCLUSIONS

In a single PC, the PC-PCM decoding system provides continuous data-acquisition to
memory or disk from up to four streams simultaneously. A variety of software
packages can subsequently be used to read and process the data.

The full complement of boards in a PC permits data-handling from a maximum of 16
PCM streams containing up to 62 channels each. The boards are IRIG compatible and
are designed for use with standard PCM encoders. The data streams can be accessed
by cyclic sampling or simultaneous acquisition or both. Maximum acquisition rates
and data storage capacity depend on PC hardware.

Optional analog interface modules can be used in conjunction with the PC-PCM
decoder boards. These provide digital-to-analog conversion of up to 8 user-selectable
channels per PCM stream, or 32 channels total.

The Quick-Look program, a comprehensive software package designed to work with
the PC-PCM hardware boards, is used to manage data from multiple incoming PCM
data sources. It provides a way to quickly examine field data in an experiment test
environment. Program menus allow easy access to options that facilitate organization,
acquisition, processing, and display of information from many PCM data streams.



The Quick-Look program presumes that a PC cannot process all incoming data in real
time. It compensates for this by using techniques to reduce the quantity of incoming
data to a manageable level. The data-reduction techniques impose limitations that the
user must be aware of, and they may not be appropriate in certain situations. However,
for most of our Quick-Look requirements, the imposed limitations are not of concern.

In our typical field experiments, we have found the Quick-Look program to be
extremely beneficial, especially for real-time monitoring and for conducting
multichannel calibrations. The ability to grab contiguous time-series data blocks from
multiple streams allows access to high-rate phenomena. Graphic review features
provide the test engineer with a means to quickly interpret results. Data bases
providing histories of channel configurations and calibration coefficients are essential
for accurate postprocessing of recorded raw data sets.

Incorporating the PC-PCM system into small portable computers simplifies remote
test monitoring of PCM data. The complete system provides field test engineers with
the ability to quickly decode and analyze PCM data.
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TELEMETRY IN TESTING OF UNDERSEAS WEAPONS
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ABSTRACT

The performance testing of underseas weapons involves many of the same challenges
as for other “smart” systems. Data sets on the order of GigaBytes must be extracted,
processed, analyzed, and stored. A few KiloBytes of significant information must be
efficiently identified and accessed for analysis out of the great mass of data. Data from
various sources must be time correlated and fused together to allow full analysis of the
complex interactions which lead to a given test result. The fact that the various
sources all use different formats and medias just adds to the fun.

Testing of underseas weapons also involves some unique problems. Since real time
data transmission is not practical; the vast bulk of the test data is recorded and then
recovered with the vehicle at the end of the test. Acoustics are relied on for
identification and ranging.

As systems continue to get smarter; the rates, capacities, and “smarts” of the
equipment and software used to process test data must similarly increase. The
NUWES telemetry capabilities developed to test and analyze underseas weapons
could be of use on other government related projects.

“Key words: Telemetry, data processing, data analysis, undersea weapons, smart
weapons, torpedoes, performance testing.”

INTRODUCTION

Before the attack on Pearl Harbor, the Mark XIV Torpedo was considered one of the
most lethal weapons in the history of naval warfare. It had two exploders. One was a
very secret “magnetic exploder”. It was backed up with a contact exploder.
Unfortunately, the torpedo had a tendency to run about 10 feet too deep which kept
either exploder from doing its job. This was finally established 6 months and 800



warshots later when a group of submariners decided to conduct their own test.
However after some more combat, it was found that the magnetic exploder did not
reliably perform even if the torpedo approached the enemy ship at the proper depth. It
had a tendency to explode prematurely. And finally, after the depth was compensated
for and the magnetic exploders were deactivated, it was discovered that the contact
exploders were faulty. It took 21 months of warfare before all the problems with the
torpedo were corrected. As you can imagine, it is rather disconcerting for a submariner
to shoot a dud torpedo at an enemy ship. Particularly when the bubble trail from the
torpedo marks the spot, and you are the spot.

One of the missions of the Naval Undersea Warfare Engineering Station (NUWES) at
Keyport Washington, is the performance testing and evaluation of undersea weapons
during development and production. The point of testing is to confirm that the weapon
will actually perform as intended or more importantly what specifically will prevent it
from successful performance. You cannot always depend on having developed a
Patriot missile that works fine the first time. Torpedoes these days, just like other
“smart” weapons; are designed to seek out, lock on; and then pursue their targets until
interception. A vast amount of data is required to monitor the complex functions the
weapon must perform to accomplish its mission.

TYPICAL DATA PROCESSING AND ANALYSIS

For example, the Mark 48 Advanced Capability (ADCAP) Torpedo, records on the
order of 1.2 GigaBytes of data on an internal, 14 track, analog tape. Approximately
3,000 variables are distributed across 6 independent data streams. Each data stream is
recorded over 1 to 4 of the 14 tape tracks. Each tape track is Pulse Code Modulated
(PCM) encoded in Pseudo Random NRZ-L code at 1.25 MegaBits per second. The
tape is recovered along with the torpedo at the end of the test.

To process the tape, the analog signals from each track of the tape must first be
filtered, bit synchronized, and then derandomized. The reproduced bit stream is then
collected into words. This portion of the process is referred to as decommutation.
Word frames are formed directly after decommutation for data streams which were
originally recorded over only one tape track in the torpedo. For data streams which
were recorded over multiple tracks, the decommutated words from those tracks are
first multiplexed back together again before frame formation. Synchronization words
are embedded in the data by the torpedo to support collection of the words into frames
which are fixed length per type of data stream. The next step in the process is to feed
the framed data to a computer. The computer supplements each frame of data,
regardless of type of data being processed, with a series of header words. These 



header words signify the approximate test time when the data of the frame was
recorded by the torpedo.

This time tagging is accomplished as follows: One of the single track data streams
includes the values from the torpedo's run clock. The computer always extracts and
stores the current value of the clock from each frame of this data stream. The
computer then assigns each frame of data being concurrently processed with header
words encoding the current value of the clock. It is assumed that data from
approximately the same position along the tape, which will result in concurrent
processing by the computer, should have been sampled at approximately the same
time. However, only a limited number of tracks of data may be concurrently processed
due to throughput limitations. Thus the data stream containing the timing variable is
processed multiple times so that it can supply clock values to all other data frames.
After time tagging, the computer writes each data stream to 9 track digital tape. The 9
track tapes can be directly read by other computers during the subsequent analysis
process. The described process of converting Mark 48 ADCAP recorded data to
parallel digital form was developed in the early 1980s by Hughes Aircraft Corporation
in conjunction with DECOM Systems Incorporated (DSI). A data flow diagram of the
system assembled by DSI is shown in Figure (1).

NUWES actually uses various data extraction and preprocessing procedures. Modern
technology within certain capacity and performance boundaries, has provided a wealth
of various media and techniques for the recording of data. There always seems to be
several systems available which can do the same job. There is also some compulsive
force of nature that makes system developers choose a different recording media for
each project or independent source within a project. And the odds are pretty good that
the extraction and preprocessing system will also be fundamentally different from
anything previous. One result of handling data from multiple projects is a diverse
collection (or zoo) of front end equipment with the common characteristics of being
mutually incompatible and totally useless on any future job.

The technique for time tagging data from the Mark 48 ADCAP, discussed above, is
relatively straight forward and reliable. However, problems may be encountered in
accurately time tagging the data from other sources. Common problems in time
tagging include unreliable or non-existent clocks for a given source. Reliance is then
typically placed on some sort of periodic pulse which is recorded with the data. These
pulses may come from the range or other source. However, the pulses are usually
widely spaced in relation to the data; and accurate time tagging may be further
exasperated by a non-constant recording speed in between pulses. In any case, time
tagging data can turn into quite a computational chore which often leads to the entire
data set having to be reprocessed solely to add time tags.



A common challenge in analyzing test data is just how to handle the great mass of
data available. Particularly when only a few KiloBytes here and there are of
significance. The usual approach is some sort of data indexing, typically time. Once
you have an indexing scheme, you have to match the events of interest to the index.
Up to now, essentially manual means have been relied on. A time log is maintained
during the test or a strip chart is manually reviewed afterwards to identify key times.
Artificial Intelligence (AI) techniques are currently being developed to perform this
event identification task.

Concerning other aspects of data handling and analysis, in 1984, we invested in the
development of an interactive analysis software package called DataProbe by Bolt
Beranek and Newman Inc. (BBN). It was a good decision. Once the data is time
indexed on a per frame basis, and the positions of the variables in a frame are mapped,
DataProbe pretty well takes care of the rest. It can open multiple input devices such as
a combination of tape and disk drives. It then extracts from the various devices all of
the variables of interest in a given time period. The values of interest are cached for
efficient access. DataProbe then provides a wide spectrum of signal conditioning and
other mathematical functions with which to manipulate the cached data. There are also
several choices for output to record results.

COMMON DATA BASES

Since “smart” weapons interact with their situational environments, additional data
from other sources must be analyzed to get a true perspective of the performance of
the weapon. In torpedo testing, there is typically a target vehicle which simulates an
enemy ship. Most of our targets are designed to acoustically respond to an attacking
torpedo. By comparing the signals received and transmitted by the target against the
signals received and transmitted by the torpedo, another perspective of what is
actually occurring under the water is provided. It should be noted that a given vehicle
may generate multiple data recordings of different sets of variable values which are
considered independent sources. When all this data is combined with instrumented
range data, a pretty complete picture of the situation can be developed. (That is the
theory anyway. In practice it’s a little more difficult.)

Time synchronizing all data sources in order to form a common data set adds another
level of complication. Assuming all the sources of data are some how time tagged, the
approach is to locate a common event in each of the data sources and to offset each
source’s time tags to match at that event. However, there are not that many common
events that all the sources will record. The precise location of a given event in each
source’s data set may require either manual inspection or a complex set of search
criteria if done computationally. And even if the original time tagging of each source



is reasonably accurate, some interactive resynchronization (fudging) may still be
required at each point of interest to get a reasonable result.

There is another practical challenge to merging the data from all sources into a
common data base. How do you form, store, and access in a reasonable amount of
time; a common data base which is GigaBytes in size and includes thousands of
distinct variables. We are still working on that one. Currently, we analyze individual
sources via independent processes and then compare results at times of interest.

I suspect that the above facets of data handling are fairly typical for the testing of any
type of “smart” weapon and have many similarities to large data handling/analysis
efforts in general. Figure (2) is a flow diagram typical for multi-source test data.
However, there are some unique elements to undersea testing.

UNIQUE ELEMENTS OF UNDERSEA TESTING

It must be nice to visually watch a good portion of a test while knowing that
significant quantities of test data are being sent to your ground station via radio
telemetry. On the other hand, it is nice after the test to recover an intact torpedo with
an onboard recording device full of data (hopefully unexposed to sea water) rather
than some scrapes of twisted metal. Since radio telemetry is not possible underwater,
torpedo testing depends on large capacity recording devices and associated encoding
electronics which can be packaged in the vehicle and protected until recovery.

Another significant difference is that range tracking and weapon/target interactions are
all based on underwater acoustics rather than various forms of electro-magnetics.
While the acoustic wave equation is identical to the electromagnetic wave equation
except for a few wrinkles like polarization, there are enormous differences in the
engineering parameters involved. The speeds of propagation differ by a factor of
200,000. The speed of acoustic signals is also significantly variable depending on the
temperature, depth, and salinity of the water along the signal’s path. The variation of
the index of refraction in a few meters of water depth is more than 100 times greater
than it is from the bottom to the top of the atmosphere. The available EM bandwidth
in air and space is at least 1 million times greater than acoustics in water. The relative
Doppler for torpedoes is 10,000 times greater than for air missiles. Multiple paths with
a dispersion of travel times for a given acoustic signal commonly occur. The variable
speed of the signal and the uncertainties as to what path a received signal actually took
makes precise ranging difficult. There is also a lot of noise in any large body of water.
These noises are from the wind, waves, shrimp, fish, sea turbulence, unrelated
shipping, and even the self noise of the vehicle doing the transmitting. All this noise
clutter along with various attenuation effects reduces the signal to noise ratio of the



received signal to pretty low levels. On the other hand, most everything in the water
makes some sort of characteristic noise, particularly target ships. So much use can be
made of passive signal collection with frequency domain analysis to identify items of
interest.

There is an additional aspect to underseas testing which always adds a bit of zest. The
exact state of the test environment is usually unknown. Environmental variables such
as temperature which determine the engineering parameters of the test can only be
approximated along the test route. Further, the very nature of the undersea
environment under varying conditions is still being explored. In essence, every
torpedo test is an experimental probe into the nature of the environment, i.e., the
environment itself is being tested along with the weapon. Needless to say, this adds
additional complexity to the normalization of data and the determination of cause and
effect.

As previously discussed, there are many similarities in torpedo testing to the testing of
other smart weapons as far as data handling and interactive analysis techniques.
However, torpedo testing is performed in an environment remote to the observer and
relies on recovery after the test rather than essentially real time observation and data
receipt. This remoteness combined with the engineering parameters involved and the
uncertainties of the environment make undersea testing a unique undertaking.

IN THE FUTURE

In the future, undersea weapons are expected to continue to get “smarter” along with
other advanced weapons. If past trends are any indication, there will be an associated
increase in required data rates and capacities. As previously mentioned, the bulk of the
data in undersea testing is recorded and stored by the vehicle being tested. In the near
future, we are going to need small, ruggedized, digital recorders; with read/write rates
on the order of 5 MegaBytes per second, and 5 or more GigaBytes of capacity. It
would really be nice if the recorder can be made hardware and software compatible
with a range of hosts. The development of common busses such as the SCSI and
Ethernet busses is a step in the right direction.

However, the translation or emulation software to take advantage of the common
busses across various hosts and operating systems is still lacking. We have run into
this problem while trying to develop a common, intermediate, data storage system. By
intermediate, I am referring to the storage of data after its been processed and prior to
it being re-input for analysis. Data from different sources is typically processed by a
variety of hosts with various operating systems. Along with a broad range of
compatibility, the intermediate storage media needs to be high capacity with



corresponding fast access to handle all the data involved. It must also be capable of
high read/write rates to keep from slowing down the high speed host processors that
have become a reality. And of course, it needs to be relatively inexpensive. We would
also like to use this media for data distribution to other facilities which again requires
compatibility with various computational resources. The digital 9 track tape used to
fill the bill quite nicely. It is now severely rate and capacity limited. We are looking
for something to replace it. There must be 10 different vendor representatives out
there who have labeled me as “difficult” (or worse) after I have told them what I want
to hook up to what, and how fast I want it to go!

In the future, we will be merging multiple sources of data into a common data base
and using AI techniques in data processing and event identification. We are also
considering a greater participation in the area of performance simulation. These plans
will require a significant upgrade of our processing and data storage resources. We
have already started the development of a communications network which will allow
remote terminal access by other government related projects to our interactive analysis
facilities.

SUMMARY

NUWES has been testing and analyzing the performance of undersea weapon systems
since World War II. While undersea testing is a unique undertaking, we have gained a
lot of experience in data processing and interactive analysis techniques which have a
common application to various test situations.

NUWES is committed to a Total Quality fulfillment of its mission of performance
testing and evaluation of undersea weapon systems. As the weapons get “smarter”, so
will we. We are also upgrading our resources to support other government related
projects which can benefit from the data processing and analysis expertise we have
developed over the years.
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Downlink Signal Requirements

Signal Data Type Bandwidth

Vehicle command Digital, TTL level 20.8 kbps
Sonar Digital, TTL level 9.8 kbps
Left Manipulator Digital, TTL level 20 kbps
Right Manipulator Digital, TTL level 20 kbps
Emergency command Digital, TTL level I to 3.5 kHz

Table 1

TELEMETRY CONFIGURATION

Figure 2 shows the major components of the telemetry system. The use of Wavelength
Division Multiplexers permits simultaneous transmission of the uplink and downlink
signals over a single optical fiber. The downlink optical signal is combined with the
received uplink optical signal in an optical duplexer using wavelength division
multiplexing. A duplexer with a dichroic filter is used to separate and integrate the
two optical wavelengths of transmission. The uplink signal is transmitted at an optical
wavelength of 1300 nanometers and the downlink signal is transmitted at the 1550
nanometers. The optical power budget is described in Table 2.

Optical Power Budget
Uplink Downlink
1300 nanometers 1550 nanometers

Source -3.0 dBm -20.0 dBm
Duplexers 2.8 dB 2.8 dB
Slip ring 1.9 dB 4.1 dB
Optical switches 2.6 dB 2.6 dB
Cable loss* 5.6 dB 5.6 dB
Optical penetrator 1.1 dB 1.8 dB
Connectors 6.0 dB 6.0 dB

Received power -23.0 dBm -42.9 dBm
Receiver sensitivity -32.0 dBm -52.0 dBm

Excess power 9.0 dB 9.1 dB

*Cable loss is measured at maximum load and stress conditions.[1]

Table 2



The fiber transmitting the full duplexed signal is connected to an optical slip ring in
the storage reel. The fiber from the slip ring is connected to optical switches which are
connected to the three fibers in the tether cable. The switches route the full duplexed
optical signal to one of the three fibers in the tether cable. The three fibers are 50/125
(core/cladding) micron graded-index multimode fibers.

The three fibers are separated from electrical conductors in a pressurized, oil-filled
breakout housing at the vehicle. Because the ATV was designed with a modular
approach, optical connectors were used in many places to allow quick connect and
disconnect of the fibers. The three optical connector pairs in the breakout housing
must withstand a differential pressure of 10,000 psi. This connector was proof tested
through hydrostatic pressure qualification testing.

Each fiber is then terminated to its own Electro-Optical (E/0) housing through an
optical penetrator that was invented at NOSC [2]. This pressure penetrator was a
developmental item. The survivability of the penetrators was a concern even though
they were hydrostatically tested to 10,000 psi. Therefore, three separate E/O housings
with identical laser transmitter modules and optical receiver circuits were used to
provide redundancy in an event a failure occurs in any of the E/O housings. This
concern was proven to be over emphasized because there were no failures in any of
E/O housing in all the dives.

A special concern during the conceptual stage of the development was the bandwidth
of the multimode fibers over 23,000 feet of cable. As it turned out, the fibers were
manufactured with excellent performance specifications. The three fibers were tested
to have electrical bandwidths of 402, 263, and 297 MHz. If the fibers are band-limited,
then an equalization filter has to be used to compensate for the band limitation. As it
turned out, a simple 200 MHz PINFET optical receiver was used without the need for
equalization.

UPLINK TELEMETRY CONFIGURATION

The ATV telemetry system uses Time Division Multiplexing (TDM) to transmit video
and sensor information to the surface. The ATV uplink telemetry is made up of
several tiers of data multiplexers. This multiplexer in the TDM scheme divides the
time domain into time slots or bits. The main uplink multiplexing circuits block
diagram is illustrated in Figure 3. The uplink serial data stream contains 18 bits for
each message frame.

This message frame is divided into two 9-bit fields. The first field consists of a
message sync bit, the 7-bit video, and the analog subchannel bit. The second field



consists of the 8-bit video and the digital subchannel bit. The frame rate was chosen as
11.1 MHZ to meet the Nyquist sampling rate criteria for the NTSC video signal which
is the highest bandwidth signal. The data rate is derived as follows.

7 bits (video) + 1 bit (analog subchannel) + 8 bits (video) + 1 bit (digital
 subchannel) + 1 bit (message sync) = 18 bits

18 bits X 11.1 MHZ = 200 Mbps

This multiplexer uses both high speed ECL circuits wherever needed and low speed
TTL circuits. The use of these high speed ECL circuits demanded special design
considerations. The division of the ECL and TTL circuits were critical to minimize
the use of power hungry ECL circuits and to decrease circuit complexity. All vehicle
electronics were limited to boards with dimensions of 3.5 by 3.5 inches and were
enclosed in an underwater housing with minimal thermal transfer. The circuits were
partitioned to decrease complexity and minimize thermal hot spots. In addition, the
lengths of the coaxial cables between circuits were critical in properly phasing the
clocks with the serial data.

UPLINK MULTIPLEXING

Multiplexers
The top tier is a 9 bits to 1 bit parallel-to-serial multiplexer. The first 9-bit field is
loaded into the 9 to 1 parallel to serial shift register. The two 9-bit fields share the
same bus because only a 9-bit bus was used. This 9-bit bus is actually the second tier
of multiplexer because it acts as a 2 to 1 Multiplexer. After the first field is loaded and
shifted out, the second 9-bit field is then loaded and shifted out. The 9 to 1 parallel-to-
serial shift register loads the data at a rate of 22.2 MHZ and shifts the serial data out at
a rate of 200 MHZ.

Message Sync
In a synchronous system, the successive frames are usually made up of a fixed number
of bits, in this case, the frame is made up of 18 bits. The problem then becomes that of
properly phasing the frame timing. This is usually accomplished by using a preamble
code or reserving one bit for frame synchronization. A message sync bit is used here
to identify the order of the frame as to enable the demultiplexer to synchronize the
frame with the multiplexer.

A unique feature is associated with the message sync bit in order for it to distinguish it
from the other video, digital and analog subchannel bits. An alternating “1” and “0”
pattern is used as the sync bit to distinguish it from the other bits. A logic “1” appears



on a message frame, m (t), and then a logic “0” appears on the next frame, m (t+1).
Because the frame rate is 11.1 MHZ, the “1” and “0” signal appears as a square wave
with a frequency of 5.5 MHZ.

Video Channels
The two video channels use most of the bits in the message frame. Each video signal
is digitized with a Flash Analog-to-Digital-Converter (ADC) and data is placed on the
9-bit bus using tri-state latches at 11.1 MHZ.

Digital Subchannel Multiplexer

On the third tier of the multiplexing scheme is the Digital Subchannel. Eight low data
rate instrumentation bits and one sync bit are sampled at 1.23 MHZ (11.1 MHZ + 9 =
1.23 MHZ). These eight bits are some of the vehicle sensor data such as vehicle
instrumentation, sonar, navigation sync, depth, and the two manipulator data. One
additional bit is used for the digital subchannel synchronization. The same alternating
logic “1” and “0” pattern is used for the digital subchannel sync bit with a frequency
of 0.615 MHZ. The one serial bit stream output of this digital subchannel multiplexer
is multiplexed into the main message frame.

Analog Subchannel Multiplexer
Also on the third tier of multiplexer is the analog subchannel multiplexer. Forty bits of
data are multiplexed into one analog subchannel bit. The 40 bits are divided into four
different analog subchannel words each with 10 bits: words 0, 1, 2, and 3. Each word
is sampled with a 278 kHz clock(11.1 MHZ + 40 = 278 kHz). However, each of the
four ten-bit words is applied onto the bus at different times to avoid bus conflicts.

Twenty bits are from the two ADCs digitizing a narrow band and a wide band
hydrophone at a rate of 278 kHz. One bit is used for analog subchannel sync with the
same alternating “1” and “0” sync pattern at 137 kHz. The last 19 bits are reserved for
spare bits.

UPLINK DEMULTIPLEXING

Clock Recovery/Bit Retiming
After the 200 Mbps serial data is transmitted from the multiplexer, it goes through the
optics and arrives at the uplink demultiplexer. The 200 Mbps serial bit stream is first
sent to a clock recovery module that extracts the 200 MHZ clock frequency from the
NRZ serial stream. The clock recovery module consists of an edge detection circuit
and a Surface Acoustic Wave (SAW) filter that has a center frequency of 200 MHZ.
The edge detection circuit extracts all the rising and falling edge transitions in the



serial data stream. With these edges and transitions, the SAW filter outputs the 200
MHZ fundamental frequency. Synchronization of the 200 MHZ clock with the 200
Mbps data is also performed by the clock recovery module.

Demultiplexer
The demultiplexing scheme is a mirror image of the multiplexing scheme. The
demultiplexer shifts the 200 Mbps serial data into nine parallel bits with the retimed
200 MHZ clock. An 11.1 MHZ clock then latches the nine bits into two 9-bit fields.

Video DAC
Eight of the nine parallel bits are sent to a Digital-to-Analog Converter board. Eight
bits from the first field is latched with one phase of the 11.1 MHZ clock. Then,
another eight bits from the second field is latched with a clock that is 180 degrees out
of phase. Only seven bits of the first field are video information. Two DACs convert
the seven bits from the first field and the eight bits from the second field back to
analog video signals. One remaining bit from the first field is sent to the sync
detection circuit for the synchronization of the message frame.

Digital Subchannel Demultiplexer
The digital subchannel demultiplexer converts the Digital Subchannel serial data to
parallel bits. A 1.23 MHZ clock is used to latch the nine parallel bits. Eight of the nine
bits are usable information for the uplink digital subchannel. One bit is used for the
digital subchannel sync detection.

Analog Subchannel Demultiplexer
The analog subchannel demultiplexer converts the Analog Subchannel serial data to
parallel bits. Four different phases of the 278 kHz clock are needed to extract the 40
bits of data. The same sync detection circuit is used to synchronize the demultiplexer
with the analog subchannel multiplexer.

DOWNLINK TELEMETRY CONFIGURATION

The downlink telemetry is used to transmit low data rate digital channels from the
surface to the vehicle. A block diagram of the downlink telemetry is illustrated in
Figure 4. The highest data rate of the downlink data channel is 20.8 kbps. Since only
low data rate channels are transmitted on the downlink. a Manchester or biphase data
format (Mil-std-1553) is used for transmission. A Universal Asynchronous Receiver
Transmitter (UART) device eliminates the need for clock recovery, retiming, and
synchronization circuits. The UART device is user programmable and requires very
little peripheral circuits.



Downlink Multiplexing
The serial downlink message frame is made up of 12 bits. The first 3 bits are used for
the synchronization of the frame. Eight bits of data are used for the downlink channels
and the last bit is used for a pre-selected parity.

The downlink data channels are sampled at a frequency of 208 kHz or 10 times the
highest data rate of the digital signal. Therefore, a maximum of 10% jitter appears on
the received data bit due to the sampling of the data. This 10% jitter has not caused
any problems to the received data. After the data channels are sampled and serialized,
the output data stream appears as a 2.5 Mbps data. With the Manchester encoding, the
actual downlink telemetry bit rate is 5.0 Mbps. The downlink serial data is then sent
through the optics and is received in the vehicle’s downlink telemetry.

Downlink Demultiplexing
At the vehicle, the downlink outputs from the three optical receivers are sent to the
switching circuit. This switching circuit determines which output has the valid data
and then sends this valid serial data into the Manchester UART. The fiber switching
technique will be discussed in the next section. The UART then performs the bit
retiming, frame retiming, and data conversion. The UART output is a NRZ format
data with the sync and parity bits stripped off. The NRZ serial data is then shifted
through a 1 to 8 demultiplexer which outputs the individual downlink data channels.

FIBER SWITCHING

As stated previously, the ATV telemetry system employs only one optical fiber to
meet the full duplex communications requirement. Thus, the two additional fibers
provide dual redundancy. The ATV design incorporated a switching scheme that
enabled the operators to select any one of the three fibers even while the ATV was
deployed. This switching capability has proven to be a versatile and valuable feature
in the telemetry design. It has allowed diving operations to continue even when a
problem occurred in the fiber link or the E/O housing circuitry. Also, this switching
capability facilitated fault isolation. It enabled the operators to quickly isolate
problems to either the surface equipment, the vehicle, or the fiber. This fault isolation
feature helped decrease the ATVs mean-time-to-repair.

The following describes how the fiber switching scheme is incorporated in the system.
At the surface, optical switches located in the tether storage reel are connected to the
three fibers. The operator selects the fiber to be used by controlling the optical
switches. At the vehicle, each of the three fibers is connected to its individual uplink
transmitter and downlink receiver located in the E/O housing. The same electrical 



uplink signal is simultaneously inputted to all three uplink optical transmitters. Thus.
the same uplink optical signal is transmitted on all three fibers at all times.

The downlink electrical signal output from each of the optical receivers is checked for
data validity. This validity check Is performed by monitoring the detection circuit of
one of the digital subchannel signals. A switching circuit in the Main Electronics
housing sequentially checks the three downlink received signals. When a valid
downlink signal is detected, this circuit locks onto this valid signal.

DEVELOPMENTAL TESTING & PROBLEMS

BIT ERROR RATE TESTING
The telemetry system was tested extensively throughout the development phase of the
project. Because the fiber optic telemetry system is the only data link between the
vehicle and the control station, the system must operate error free. The system went
through system functional checks and was induced to environmental screening.

The entire vehicle telemetry electronics including the uplink multiplexing circuits, the
downlink demultiplexing circuits, the uplink E/O components, and the downlink E/O
components were subjected to environmental screening from temperatures of -20 to 60
degrees C (-4 to 140 degrees F). Bit error rate of the uplink and downlink were
measured to be less than 10 e-9.

MODAL NOISE PROBLEM
The low data rate and the low fiber loss at 1.55 microns allow for the use of an LED
source for the downlink transmitter. During the early stages of development when a
laser transmitter was used, it was found that the bit error rate was very sensitive to any
physical distortion of the optical fiber. This random source of noise, commonly called
modal noise is typically seen in multimode fiber systems that use a coherent laser
source. Modal noise can be generated at joints with a mode selective loss, such as at
connectors or splices, and even at microbends.

Initial efforts to solve this problem resulted in the optimization of the connector losses
and the use of different 1.55 micron laser transmitters. Better success was obtained by
adding a high frequency square wave to the 5 Mbps data stream as means of
decreasing the coherence of the laser by forcing it to oscillate in multi-longitudinal
modes. This, however, was only partially successful in preventing bit errors from
occurring when the optical fiber was moved. The only viable solution was to use an
optical source with a broad optical spectrum. Modal noise was not observed when an
LED was used.



OPERATIONAL TESTING

During the test and evaluation phase of the ATV system, 21 dives were performed
with a total operational time of 248 hours using this fiber optic telemetry system. The
deepest dive was to 20,060 feet with a bottom time of 10 hours. The ATV system
demonstrated a reliability exceeding 90% based on having no critical failures in over
248 hours of operations. Critical failure is defined as one which prevents the system
from performing its operational mission, and requiring it to be returned to port for
repairs, spares, or supplies. During these tests, the fiber optic telemetry system
operated reliably at all depths.

SUMMARY

The ATV fiber optic telemetry system is incorporated on a tethered, undersea, work
vehicle. It simultaneously transmits a 200 Mbps uplink and a 5 Mbps downlink over a
single optical fiber using wavelength division multiplexing. This telemetry system has
contributed significantly to the overall success of the program because of its reliability
and redundancy. The reliable operation of the telemetry system greatly contributed to
the successful test evaluation of the ATV System.
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Introduction
There is a requirement to digitize certain wide-band analog signals in telemetry
applications. Typically, an analog-to-digital converter (ADC) with eight or more bits
of resolution is used. The resulting signal requires a much larger transmission
bandwidth than the original analog signal. The frequency domain information is of
primary interest for many applications. In these cases, there are several methods for
minimizing the transmitted bandwidth. One method is to perform fast fourier
transforms (FFTs) on the signals and only transmit information about the largest
signals. The disadvantages of this approach include: relatively long time delay before
transmission, resolution bandwidth fixed when FFT performed (unless phase
information is also transmitted), and extra complexity in the telemeter. This paper will
discuss some effects of minimizing the transmitted bandwidth by quantizing to a small
number of bits. The performance will also be compared with analog frequency
modulation (FM). Measured performance will be presented for four different input
signals and one-, three-, and eight-bit quantization. These signals are amplitude
modulation, angle modulation, sum of sine waves, and frequency sweep. The test
setup is shown in figure 1. The analyses presented in this paper were performed using
either fast fourier transforms (FFTs) or a Kay DSP Sonagraph. The FFT length was
1024 points and a Hann (cosine) window was used. The analysis hardware used for
these tests has an analog input, therefore, all digitized signals were converted to
analog signals before analysis. The signals were low pass filtered before analysis to
minimize aliasing in the analysis and display process.

Sampling and Quantization

Sampling and quantization can create several undesired effects. Two of these effects
are the creation of signals which were not present at the input to the telemeter and the
modification of signals that were present at the input to the telemeter. One-bit
quantization does not preserve amplitude variations in the input signal. However, one-
bit quantization does preserve the approximate locations of the zero crossings. Three-



bit quantization preserves coarse amplitude variation information and also provides a
better estimate of zero crossing locations than one-bit quantization. Eight-bit
quantization preserves both amplitude variation and zero crossing information with
reasonable accuracy.

The performance of an ADC is frequently specified by signal-to-noise and distortion
ratio (SINAD) or effective number of bits. If the quantization errors are assumed to be
uniform, the rms value of the quantization noise can be shown to be 0.2887q where q
is the quantization step voltage (often presented as variance = q /12) . The maximum2 1

rms signal amplitude for a single sine wave is 0.7071×2 q where n is the number ofn-1

bits in the ADC output. Therefore, the maximum rms signal-to-noise ratio  (SNR)2

expressed in decibels is 20 × {log(2 ) + log(.7071/.2887)} = 6.02(n-1) + 7.78 orn-1

6.02n + 1.76 dB. The maximum SINAD for a three-bit ADC is therefore 6.02×3 +
1.76 = 19.82 dB. The noise plus distortion term is the sum of all the noise and
distortion components between DC and the Nyquist frequency. The nominal power in
the individual noise components will be reduced by 3 dB each time the transform
length is doubled. Spurious spectral components caused by distortion will not decrease
in amplitude with larger FFTs. Therefore, low level signals can be recognized more
easily when the number of points in the FFT is larger and the ADC is not saturated .1

However, using large FFTs or averaging several FFTs will not work well when the
signal frequencies are changing rapidly.

Sum of Sine Waves
This test signal consisted of the sum of five sine waves. The relative amplitudes were
(lowest to highest frequency): -40 dB, -30 dB, 0 dB, -10 dB, and -20 dB. Figure 2
shows that this signal has variations in both the envelope and the location of zero
crossings. Figure 3 shows the spectrum with eight-bit quantization. All extraneous
signals are nearly 60 dB below the amplitude of the largest signal. The effective
resolution of the ADC was slightly greater than 7 bits. Figure 4 illustrates the effects
of one-bit quantization. The “*”s indicate the frequencies and relative amplitudes of
the input signal. One-bit quantization of a signal with one dominant sinusoidal results
in conversion of the lower amplitude signals to signals with the characteristics of
angle modulation (constant amplitude with information in the location of the zero
crossings). The effective modulation index is equal to the arcsin (in radians) of the
ratio of the amplitude of the small signal to the amplitude of the main signal. The
reconstructed output was applied to a frequency modulation discriminator. The
measured effective modulation index of the -10 dB signal was approximately 0.3. This
result agrees well with the calculated value of 0.32. The effective modulation index of
the -20 dB signal was only one-third of the calculated value. This reduction occurs
because one-bit quantization suppresses the smaller signals. The conversion to angle
modulation resulted in sidebands on each side of the main signal. The amplitude of



each sideband was 6 dB lower than the amplitude of the original small signal. The
large high frequency signals are the carrier and sidebands resulting from the third and
fifth harmonics of the input signal. The modulation index of the third harmonic is
three times the modulation index of the fundamental and the modulation index of the
fifth harmonic is five times the modulation index of the fundamental. The fifth
harmonic is aliased because the sampling rate is less than twice the frequency of the
fifth harmonic.

Figure 5 shows the result of averaging two FFTs with three-bit quantization. Three-bit
quantization preserved the relative amplitudes of the -10 dB, -20 dB, and -30 dB
signals fairly accurately. All spurious signals were below -30 dB. The effective
number of bits was approximately 2.5 (SINAD of slightly greater than 17 dB). This
value is the expected value because the signal level was set to give an input amplitude
to the ADC that is less than full scale. This setting allows for moderate peak to
amplitude ratios before clipping occurs. Figure 6 shows the variation in noise levels
between two FFTs. Figure 7 shows the result of averaging eight 4096-point FFTs. The
-30 dB component is now easily recognizable. Signals with relative amplitudes of -40
dB have been detected with sufficient averaging and a linear 3-bit ADC.

Figure 8 shows the FFT of the same signal transmitted using analog FM techniques.
The receiver carrier-to-noise ratio was 12 dB. The peak deviation and receiver
intermediate frequency bandwidth were similar to values used in current telemeters.
The “FM THEORY” line is the calculated average noise spectrum with no low pass
filtering. The analog FM signal has less noise than the 3-bit ADC signal at low
frequencies but more noise than the 3-bit ADC signal at high frequencies. The relative
amplitudes of the noise components will decrease by one dB for each one dB increase
in the carrier-to-noise ratio. Optimum pulse code modulation/FM systems have a bit
error rate of 10  for a carrier-to-noise ratio of 12 dB. Therefore, 31 out of 32 FFTs-5

would be error free at a 12 dB carrier-to-noise ratio with a three-bit ADC and 1024-
point FFTs.

A similar test was performed with two equal amplitude signals summed with signals
at -10, -20 and -40 dB. The amplitudes of the four largest signals were preserved
within ±2 dB for both one- and three-bit quantization. The amplitudes of the third
order intermodulation products were approximately -12 dB for one-bit quantization
and -24 dB for three-bit quantization. The higher peak/average ratio of this signal
caused saturation of the 3-bit ADC. The lower level signals were not converted to
angle modulation signals with this input signal.



Angle Modulation
This test signal consisted of a sine wave carrier frequency modulated by a single sine
wave. This test signal is more accurately called an angle modulated signal because
frequency and phase modulation are identical with a single sine wave as the
modulation signal. The modulation index of this test signal was .0.62. Therefore, the
amplitudes of the first three sideband pairs are approximately -10 dB, -26 dB, and -46
dB with respect to the modulated carrier amplitude. Figure 9 shows that this signal has
a constant peak amplitude with variable spacing between zero crossings. Figure 10
presents the spectrum with eight-bit quantization. The extraneous signals are again
nearly 60 dB below the amplitude of the largest spectral component. Figure 11 shows
the results of one-bit quantization. The relative amplitudes of the first sideband pair
are accurately preserved. The relative amplitudes of the second sideband pair are
within 3 dB of the correct values. The large high frequency signals are the spectral
components of the third and fifth harmonic of the input. The large low frequency
signals are the spectral components of the seventh harmonic of the input signal. The
largest mid-band signals are the first sidebands of the ninth harmonic of the input
signal. Figure 12 shows the results of three-bit quantization. The amplitudes of the
first sideband pair are preserved very accurately. The amplitudes of the second
sideband pair are preserved to within 3 dB. All spurious signals are at least 29 dB
below the amplitude of the main signal.

Amplitude Modulation
This test signal consisted of a sine wave which was amplitude modulated by the sum
of three sine waves. Analysis of figure 13 shows that the peak amplitude varies from
cycle to cycle but the distance between zero crossings is constant. The relative
amplitudes of the spectral components with eight-bit quantization is illustrated in
figure 14. The largest spurious signal is approximately 55 dB below the amplitude of
the carrier. Figure 15 shows the results of one-bit quantization. The spectral
components due to amplitude modulation have been essentially eliminated. The large
spectral components are the third, fifth, seventh, etc. harmonics of the input carrier. If
the input also contained noise or other signals, the zero crossings would be perturbed
to some extent and some indication of the amplitude modulation may appear in the
frequency spectrum of the output. However, the relative amplitudes of the spectral
components due to amplitude modulation would be decreased relative to the
amplitudes at the telemeter input. Figure 16 shows the results of three-bit
quantization. Much of the amplitude modulation information is preserved. All
spurious components are at least 26 dB below the amplitude of the main signal.



Frequency Sweep
This test signal consisted of a slow sweep between two frequencies. This signal was
only analyzed using the Kay DSP Sonagraph because one or two FFTs would not
show the “big” picture. The spectral variation with eight-bit quantization is shown in
figure 17. The effect of one-bit quantization is illustrated in figure 18. The lines
crisscrossing the graph are aliased versions of the harmonics of the input signal. The
slope is proportional to the harmonic number. The relative amplitude of any harmonic
is just one over the harmonic number. Therefore, the ninety-ninth harmonic is only 40
dB below the fundamental. The dynamic range of the display exceeds 40 dB,
therefore, many harmonics are displayed. Figure 19 presents the effect of three-bit
quantization. The number and intensity of harmonics is greatly reduced when
compared with one-bit quantization.

Conclusions
The effective dynamic ranges of one- and three-bit quantization are a function of the
characteristics of the input signal. One- and three-bit quantization perform best for
angle modulated signals and worst for amplitude modulated signals.
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Software Development of a Standardized

User Interface for the HAFB Telemetry Ground Station

Otto P. Seebold, Jr.
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The Systems Development (SD) group at the Physical Science Laboratory (PSL) has
developed and integrated many telemetry data acquisition systems for both
government and non-government customers. PSL/SD normally only develops
telemetry hardware when there is no commercially viable equipment available within
the cost restraints of the contract. Over the years, PSL/SD has chosen the best
commercially available hardware that fulfilled the requirements of the specific project.
Each project presented a unique set of requirements that necessitated a custom
designed user interface for the setup of each vendor’s telemetry hardware. PSL found
that it was redeveloping the telemetry definition user interface for each vendor’s
product and this was consuming a larger percentage of the development budget.
Therefore, in the development of the user interface for Holloman Air Force Base
(HAFB) Telemetry Processing System (TPS), PSL decided to develop a user interface
that could be easily modified to support new telemetry hardware with a minimum
effort and present a common user feel to all future telemetry systems.

HAFB TPS Description

The HAFB TPS incorporated requirements for multiple streams of multiple format at
very high data recording rates. This single telemetry ground station would accept input
for 4 PCM (Pulse Code Modulation) streams at up to 10 Mbits/second, 1 PAM (Pulse
Amplitude Modulation) stream, 3 MAD (Multichannel Analog Demultiplexer)
streams, 1 A/D (Analog-to-Digital) stream sampling up to 10 channels with an
aggregate sampling rate up to 3.2 Msamples/sec, 2 simultaneous time sources from a
selection of three time formats, and up to 8 independent discrete-event recording
streams. The aggregate data storage rate for all the data streams was over 16 Mbytes
of raw data/second. The contract required that the system be capable of storing on
temporary disk up to 5 minutes of data with all streams active at the maximum input
data rates.



The contract specified that for the PCM data stream, both hardware and software,
should meet or exceed all requirements in IRIG 106-86 in both Class I and II input
stream formats. The contract required that for the PAM data stream, both hardware
and software meet or exceed all requirements in IRIG Standard 106-86. The contract
required that the MAD streams meet or exceed IRIG Standard 106-86. The A/D
stream was to be composed of any combination of one to ten input channels with an
aggregate data input rate up to 3.2 Msamples/sec and any channel being capable of
sampling at the full sampling rate of 3.2 Msamples/second. The TPS would be capable
of handling 3 different time source formats with two input time sources active during
any mission. These three time formats were IRIG-A, IRIG-B, and a HAFB specific
time format specified as GTC (General Time Code, a T ! to T+ launch time format) .
In addition to the collection, generation, and/or storage of the three time formats, the
system was designed to have time stamping of data with 10 microsecond accuracy.

In addition to the telemetry front end (TFE) equipment, the TGS was to support three
graphics workstations for user interface and display of both real-time and post-mission
data. The host computer was to be supplied with the capability of printing 30
pages/minute of graphics, and archiving a minimum of 60 Gbytes of on-line data.
Many additional requirements were specified in the contract that are to numerous to
be listed in this paper.

To allow the HAFB track personnel control and setup of this complex set of hardware,
the contract required a user interface that was menu driven, of consistent form, and
with on-line help at all menu levels. The contract implied that the user interface be
designed to allow quick manipulation of large data formats up to the maximum
allowed size as specified by the appropriate telemetry standard. As can be seen by the
complex requirements for so many different data streams and formats, a user friendly,
easy to use user interface had to be designed and developed for the HAFB TPS.

Early Decisions

HAFB TPS presented a perfect opportunity to design this generalized user setup
interface from scratch. The hardware by Acroamatics came with a very rudimentary
user interface which did not fulfill the contract requirements for the user setup
interface. Therefore, PSL was required to design and develop the user interface.

Early in the design, a strategy was accepted that was based upon three compelling
goals for this software development which were:

1) Fulfill the contract requirements for the HAFB TPS
2) Minimize the cost impact of any decision for standardization upon the

development of the HAFB TPS user interface



3) Maximize standardization of the user interface so that the interface could
easily be adapted for future project

To fulfill both the contract requirements and the desire to standardize the user
interface, decisions had to be made at the outset of the project that would guide the
development of the user interface.

 The following guidelines were the requirements of the HAFB TPS contract and for
conformity to the goals of designing a generalized user interface:

" Incorporation of software standards
" Incorporation of telemetry standards
" Isolation of the user interface software from vendor hardware dependence

wherever possible
" Isolation of contract specific requirements

Software Coding Standards

Software coding standards are important. The trend by both government and
nongovernment contracts is to require software coding standards for all developed
software systems. The software coding standards applied to this development effort
were divided into three categories:

1) Programming language standards
2) Graphics language standards
3) Presentation standards

To complete the project, a particular standard for each of the three categories had to be
chosen.

Programming Language Standard

The contracts for new systems appear to stress that the software be developed in one
of the accepted high-level languages. To meet these future government and
nongovernment requests for proposals, three standard software coding languages were
considered by development team. These three high-level languages were considered
by the development team to be the generally most universally accepted programming
languages for telemetry specific contracts. The three languages are ADA, “C”, and
FORTRAN.



After reviewing previous experience, future trends, and user acceptance, FORTRAN
was chosen to be the base programming language for this software development.
FORTRAN is a mature language which is supported by most if not all computer
platforms. There is a large pool of experienced FORTRAN development personnel.
Finally, FORTRAN appears to be acceptable in most requests for proposal except
where the DoD is promoting ADA for mission critical systems. FORTRAN appeared
to the development team to be the most acceptable high-level language when both
government and non-government agencies requirements are considered.

Graphics Language Standard

Integrated within the user interface, the HAFB TPS contract required graphical
support for realtime strip charts and bar graphs, and a graphical post-test editing
capability. To satisfy these requirements, a graphics language had to be selected.
There are many high level graphics packages such as DISPPLA, PV-WAVE,
TEMPLATE, and others that supply complete packages for such data manipulation.
However, in keeping with the desire to use recognized standards whenever feasible, it
was decided that the graphic portion of the user interface would be selected from the
available graphics standards. Two possible standards were considered. These
standards were GKS (Graphic Kernel System, ISO IS 7942 and ANSI X3.124-1985)
and PHIGS (Programmers's Hierarchical Interactive Graphics Systems, ISO/ANSI
PHIGS standard). GKS was designed to be a standard two-dimensional device-
independent graphics system. PHIGS was designed to be a sophisticated three
dimensional graphics support system. Since the contract required only two-
dimensional graphical data presentation, GKS was chosen as the graphical standard.

Presentation Standard

The software world of presentation standards is one of the hottest and most contested
arenas of debate in todays software universe. Currently, many user presentation
systems such as “X”, “OPENLOOK”, “DECwindows”, “MOTIF”, “MICROSOFT
WINDOWS”, and others are competing to be recognized as the user presentation
standard. However, when a decision was made upon the presentation standard to be
used in HAFB, “X” appeared to be the top runner in the presentation standard race and
was supported by most of the computer platforms that were considered. Therefore,
“X” was chosen to be the presentation standard for the HAFB TPS.

As the project proceeded, the development staff realized that to develop the extensive
user interface in native “X” would be to costly and time consuming for the HAFB
TPS contract. Therefore, for the first version of the user interface, many of the
displays were developed using the “DECwindows” tool kit. The development staff



will attempt with time and later versions of this standard user interface to convert the
software to native “X” or whatever presentation format becomes the defacto standard
for the industry.

Telemetry Standards/Hardware Isolation

The HAFB TPS contract was very explicit in its requirements that the hardware and
software must be capable of handling input data streams that comply with the
accepted standards for that input data stream format. Below is a table of the input data
streams and the guiding standards specified by the contract for the HAFB TPS
hardware and software:

Data Stream Type HAFB TPS Contract Specified Standard

PCM IRIG Standard 106-86, Chap. 4
All Class I and most Class II

PAM IRIG Standard 106-86, Chap. 5
MAD IRIG Standard 106-86, Chap. 3

Class I, Class II available manually
ADS IRIG Standard 106-86 Class II analog data
TIME IRIG-A, IRIG-B, IRIG Standard 200-70

For briefness, to illustrate the handling of the telemetry standards by the user interface
and the isolation of the vendor hardware dependencies, only the PCM portion of the
user interface will be discussed further.

PCM User Interface

The contract specified that the PCM input hardware and software comply with IRIG
Standard 106-86 both Class I and II input data formats. The hardware purchased from
ACROAMATICS to handle the four PCM streams was capable of handling all the
IRIG Standard 106-86 requirements if properly setup by the user.

The goal of the development team in the design of the user interface for the PCM was
many fold, but, the major objectives are listed below:

" Meet requirement for compliance with IRIG Standard 106-86 Class I and
II support

" Isolate hardware dependence from user setup software
" Minimize cost of the first version of the user interface



Compliance with IRIG Standard 106-86

The version of the user interface for the HAFB TPS was designed to allow the user
the widest ability to define information both at the parameter and stream level. All
IRIG Standard specified capabilities are available to the user with the proper
definition of the parameter list, basic map attributes, and decommutation map layout.
Due to time and cost limitation, the first version of the user interface does not have
extensive error checking and allows the user to define PCM formats that would be
unacceptable to the IRIG Standard. However, this lack of error checking is both a
benefit and a problem. The benefit is that the user can define a setup that is not strictly
IRIG Standard. The problem lies in the fact that the user is not guaranteed that the
proposed format is in the compliance with the IRIG Standard. The next version of the
standard interface will incorporate more extensive error checking but will allow the
user to override any error check when required.

Isolation of Hardware Dependence

To isolate the user interface and its associated database from hardware dependence, a
structured information file format was developed that retained all the user definition
information. This structured file system supported all the necessary information for
the definition of the standard input data streams and their processing. No hardware
dependence was incorporated into these structures. To generate the device specific
download information required for the hardware, the structured files were input to a
hardware dependent interpreter that generates the necessary device specific download
modules.

This interpretation method allowed for the isolation of any hardware dependence from
the user interface and its associated file system. If new hardware is incorporated in the
next delivered TFE, only the interpreter software need be modified.

PCM User Interface Screens

To support the implementation of the IRIG standard for PCM, three user interface
screens had to be developed.

PCM Parameter Definition Screen

The first screen (Figure 1, top) allowed for the input of information specific to
parameters in a PCM data stream where a parameter is a logical grouping of data
normally associated with a physical measurement, for example, a pressure or
temperature.



For those information fields that IRIG specified a known range, for example, data
word bit length (4 to 64 bits), a table of possible values was established and the user
need only toggle through the list until the desired value was displayed.

For those information fields that were more site specific or hardware dependent, for
example, archive format, a comprehensive list of possible states was establish with an
associated truth table indicating system support for that state. To illustrate, the archive
format state/truth table is shown below:

State Truth Table

Unsigned Byte Not Supported
Unsigned Word Not Supported
Unsigned Longword Not Supported
Unsigned Quadword Not Supported
Signed Byte Supported
Signed Word Supported
Signed Longword Supported
Signed Quadword Supported
Discrete Bit Supported
Discrete Bit Cluster Supported
4 Byte Floating Point Supported
8 Byte Floating Point Not Supported
etc.

Again the user need only toggle through the list until the desired state was displayed.
This establishment of IRIG Standard 106-86 specifications and state tables allowed
the definition of a parameter to be expandable, hardware-independent, easy for the
user definition, and easily modifiable in future versions to meet changing
requirements.

PCM Map Basic Definition Screen

The second screen (Figure 1, middle) defines the basic structure of the PCM map.
Most of the information fields in this screen has value ranges that were dictated by
requirements in the IRIG Standard 106-86. Again, each the user need only toggle
through the list of acceptable IRIG Standard 106-86 values until the desired value is
displayed.



PCM Map Decommutation Screen

The final screen (Figure 1, bottom) is used to allocate parameter fields to the word
positions in the major/minor frame map. The user is presented with the list of
parameters defined in the parameter definition screen and by choosing a parameter
from the list and clicking on the brick wall word position, the data content of the PCM
map is defined.

Conclusion

The PSL development team has developed an initial version of a standard user
interface that will allow minimization of the cost of implementing a user interface to
any telemetry front-end equipment included in a telemetry data handling system. This
development was accomplished by 1) incorporating software standard; 2)
conformance to telemetry standard; 3) software independence from hardware and 4)
isolation of contact specific requirements.



 



DESIGN PARAMETERS FOR A FM/FM SYSTEM
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ABSTRACT

Design parameters for a FM/FM telemetry system are determined in terms of the IRIG
specifications for proportional bandwidth channels. Three mathematical models used
by designers of the above processes are extended and compared. That is, FM multi-
tone models are used to establish the relationship between frequency deviations,
modulation indices, signal-to-noise and IF bandwidth for the IRIG channels. Since
spectral efficiency and signal quality are of major importance, a goal of the design is
to have a minimum IF bandwidth, while fixing as large as possible the values of the
modulation indices for the subcarriers modulating the carrier in order to achieve as
large as needed output signal-to-noise ratio.

INTRODUCTION

Since the noise spectral density after the carrier demodulator is parabolic, it is
necessary to vary system parameters such that the signal quality in each individual
channel is the same. In these channels the frequency deviation of the subcarrier
oscillator by the signal is a constant percentage of the frequency of the subcarrier and
the deviation ratio is nominally set to 5. Since the only remaining unspecified
parameters are the frequency deviation of the carrier by the individual subcarriers they
must be used in order to achieve equal signal to noise ratios in all the channels. The
frequency deviations by the individual subcarriers on the carrier is related to
maximum specified peak frequency deviation of the carrier. The FM/FM spectrum is
complex and is basically multi-tone. Three mathematical models used by designers of
the above processes are extended and compared. That is, FM multi-tone models are
used to establish the relationship between frequency deviations, modulation indices,
signal-to-noise ratios and IF bandwidth for the IRIG channels. These models are then
used to determine parameters such that specifications are met.



The output signal-to-noise ratio, numerically, in the i  subcarrier channels is given byth

[1]

[2]

where

Bc= Carrier IF Bandwidth
fmi= maximum information frequency in the i  channel,th

fdci=deviation of the carrier by the i  subcarrier,th

fsi=frequency of the i  subcarrier,th

fdsi=deviation of the i  subcarrier by the message,th

Dci=modulation index of the carrier and the i  subcarrier,th

Dsi=modulation index of the i  subcarrier and the message.th

[S/N] = carrier-to-noise ratio in the carrier IFC

A bandwidth equation, known as Carson's rule, which predicts the necessary IF
bandwidth is given by

[3]

where
fd=peak frequency deviation of the carrier by the message
fm=maximum frequency of the message.

For single tone modulation and modulation indices greater than one it is known that
the Bc predicted by this equation contains all but one percent of the sideband power.
However for multi-tone modulation it has been found that a better prediction for the
necessary bandwidth is given by

[4]

where

[5]

It is instructive to look at the maximum peak deviation, say fdp, the carrier could have
if all the individual peak subcarrier deviations occurred at the same time although this
is an extremely low probability event.



This peak value is given by

[6]

This worst case deviation will be determined and compared for the three design
procedures.

It is also instructive to look at the spectrum of fm/f m for the simple case of only two
subcarriers. For two-tone fm [1] the carrier spectrum is given by

[7]
 where

$ =modulation index of the first tone1

$ =modulation index of the second tone2

and n and n are summed from !infinity to +infinity.

A simple but illustrative case occurs for small modulation indices and when T >>T . 1 2

The resulting spectrum is shown in figure 1. The higher frequency establishes
sidebands as in single tone modulation. The lower frequency creates sidebands around
the carrier and the higher frequency sidebands with the sum and difference
frequencies. Each higher frequency sideband appears to be a tone with fm modulation.
The net result is that the bandwidth of the two tone fm signal is determined primarily
by the higher frequency. Although this is for a simple case of only two tones, it will be
seen from the models for the general fm/fm case that the higher subcarriers basically
set the required bandwidth.

DESIGN PROCEDURES

I. The first design procedure [2] considered, uses equation [1] and specifies the desired
signal-to-noise ratio of the individual subcarrier channels, then solves for the deviation
of the carrier by each subcarrier in order to achieve the desired signal-to-noise ratio. In
order to use equation [1] using this procedure, the IF bandwidth must be established
by some rule of thumb. Rearranging equation [1] such that fdci, the deviation of the
carrier by the i  subcarrier is given explicitly,th

[8]

Setting the carrier-to-noise to 12 db and inserting factors for filter attenuation which
results in an effective subcarrier channel output signal-to-noise ratio of 40 db (ibid)
gives



[9]

Equation [9] (ibid) will be used to design an fm/fm system by computing fdci for
fifteen proportional bandwidth subcarriers from fsi=93KHz down to 1.3kHz. Bc is set
equal to 500 KHz, one of the available IF bandwidths. On the first iteration, fdci for
the highest subcarrier is found to be 40KHz which will not utilize the chosen IF
bandwidth therefore a factor of 2 is inserted into equation [9] giving

[10]

Using equation [10] to compute the deviation of the carrier by the 93KHz subcarrier
gives

[11]

Table 1 lists the deviation of the carrier by the fifteen individual subcarriers computed
from equation [10]. The second column lists the deviation calculated from equation
[10], while the third column list the deviation of the carrier by the subcarriers
modified such that all subcarriers will deviate the carrier by at least 10% of the
anticipated total deviation.

The rule of thumb used to insert the factor of two into equation [9] leading to equation
[10] is that the RMS deviation of the total signal will be 1.3 times the deviation due to
the highest subcarrier and that this deviation due to the total signal should be about 1/6
of the IF bandwidth (ibid).

Using equation [4] to compute the fdn or the norm for this case and using the
deviations before being modified for the 10% requirement gives

[12]

Computing fdn after increasing the deviation of the lower subcarriers gives

[13]

Computing fdn for only the highest five subcarriers gives

[14]



The predicted IF bandwidth based upon the RMS of the individual deviations is given
by equation [3] and is

[15]

The increase in required bandwidth is marginal after increasing the deviations of the
lower frequency subcarriers. Further, using only the highest five subcarriers to predict
the bandwidth is a good first cut and supports the multitone model developed for only
two tones that suggests the bandwidth is predominantly determined by the higher
frequency tones.

The peak carrier deviation, fdp, is

fdp=310 KHz.

II. The second design procedure also employs equation [1] but does not assume an IF
bandwidth [3]. Solving equation [1] for fdci gives

[16]

Bc is factored out of equation [16] since it is unknown and a preliminary fdcpi is
solved for each subcarrier modulating the carrier. This preliminary deviation is given
by

[17]

Using equation [5] and letting fdcl be the deviation of the carrier by the highest
frequency subcarrier and fdcn be the deviation by the lowest and normalizing with
respect to fdcl gives

[18]

[19]
[20]

where

[21]



Note the relationship between fdci and fdcpi is

[22]

or
[23]

That is by substituting the preliminary fdcpi into the expression for A and noting the
Bc term divides out in each term which allows each A  and hence A to be calculatedi

knowing only the fdcpi's. Further, this allows the calculation of Bc in terms of fdcl.
Using equation [3] and [22] gives

[24]

Using equation [23] and specifying [S/N]c, fml, fdsl, and fsl allows fdcl to be solved
for. Since each A  is known, multiplying each by fdcl gives fdci the necessaryi

deviation of the carrier by the i  subcarrier to achieve the specified and uniformth

signal-to-noise out. Also knowing fdcl allows the required IF bandwidth to be
calculate using equation [23].

A design process for the fifteen PBW used in process I was completed with a
specified [S/N]c=12db and [S/N]oi = 46 db. The calculated deviations of the carrier by
the individual subcarriers are shown in table 1 column 4.

The RMS deviation and fdp are given by

[25]
[26]

III. The third method [4] does not use equa [1]. In proportional bandwidth fm/fm the
peak subcarrier frequency deviation, fdsi by the ith subcarrier is set as a constant
percentage of the subcarrier frequency f . The subcarrier deviation ratio, D , is also seti si

as a constant. Therefore, the message bandwidth, f , capability is proportional f . Thatm i

is
[27]

[28]

[29]



In order for the signal-to-noise ratios to be equal for all of the subcarrier channels

[30]

The peak carrier deviation is equal to or less than the sum of the individual subcarrier
deviations and is given by

[31]

The equality only holds whenever all the subcarriers are in alignment, an event of low
probability. Further constraints and relations are,

[32]

[33]

where

Bi=bandpass filter bandwidth in the ith subcarrier channel.

In order to determine the deviation of the carrier by the individual subcarriers,
equations [27], [28], [29], [30], [31], [32], and [33] are solved giving

[34]

In the IRIG proportional bandwidth channels P=.075 or .15 or .3.

Using equation [34] for the .075 channels gives values as shown in Table 1 for N=15.
Column 5 shows fdci in terms of a specified fdp.

Column 5 was generated assuming the carrier peak frequency deviation was specified.
Observing both fdn and fdp from procedure I and II it is seen that their relationship is
approximately fdp = 3fdn.

This procedure does not specify Bc therefore assume Bc = 500Khz. Using the rule of
thumb that fdn = Bc/6 and fdp = 3f  gives fdp = (500/6) 3 = 250KHz. Using this value dn



of fdp, column 6 shows the resulting fdci's. The actual calculated fdn and fdp from the
deviations are fdn = 96 KHz (assumed 83) and fdp = 253K Hz (assumed 250).

Summary

All three procedures produce similar subcarrier deviations of the carrier. Estimates of
fdn are comparable. Peak deviation of the carrier exceeds the RMS deviation by a
factor of 3 on the first two procedures and is so constrained in the latter.

In all procedures the deviation by the lower frequency subcarriers should be increased
to 10% of fdn which will have a very small effect on Bc. All three are sound
approaches, but the first two seem to furnish more insight into the system parameters.
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