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SMART PCM ENCODER

Phillip D. Bondurant
Andrew Driesman

ABSTRACT

In this paper, a new concept in PCM telemetry encoding equipment is described.
Existing “programmable” PCM encoders allow only simple changes in the
functionality of the hardware, such as input gain, offset, and word formatting. More
importantly, these encoders do not provide capability for “in-flight” processing of
signals and in general have not taken advantage of existing hardware and software
digital signal processing technology. In-flight processing of signals can provide a
significant reduction in the required transmission bandwidth, allowing additional data
that may not have otherwise been transmitted to be sent on the telemetry channel. A
modular digital signal processor (DSP) based PCM encoder architecture is described
that has a set of on-board processing algorithms configurable via a simple-to-use
graphical user interface. Algorithms included are compression (lossy and lossless),
Fourier transforms of various resolutions (typically followed by peak detection to
provide a data rate reduction), extreme values (max, min, rms), time filtering,
regression, trajectory prediction, and serial data stream processing. Custom algorithms
can be developed and included as part of the suite of processing algorithms. The
preprocessing algorithms exist as firmware on the DSPs and can accommodate as
many different signals as the processing bandwidth of the DSP can handle. Typically
one DSP can handle many input signals and different algorithms. The encoder is
programmable via a standard RS-232 serial interface allowing the signal input
configuration, telemetry frame layout, and on-board processing algorithms to be
changed quickly.
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INTRODUCTION

This paper describes the architecture for a PCM encoder with on-board data
processing capabilities. The architecture is well suited to a number of applications;
those susceptible to last minute changes in signal input requirements, unavailability of



wider data transmission channels or equipment, or in situations where data is stored to
tape or disk and there is a limited storage rate. Existing telemetry equipment simply
digitizes and formats the data for transmission or storage. In addition to the standard
suite of preprocessing algorithms available on each plug-in card, the Smart PCM
Encoder provides an architecture that allows custom or user programmable processing
algorithms. This feature should be particularly useful in applications where, because
of space or development constraints, there is no other computational capability at the
remote location or vehicle.

HARDWARE

The block diagram shown in Figure 1 provides an overview of the hardware
architecture for the system. During the configuration process, a PC compatible
computer is connected to the command input (RS-232 port) of the PCM control
processor in the base module. Once configured, the system remembers the stored
configuration until reprogrammed, even if the power is removed. The base module
provides basic encoder functionality with a fixed number of analog inputs and a serial
data input. This base module can serve as a simple PCM encoder for applications with
minimal input requirements that do not need any form of preprocessing. A dual data
bus is used to integrate expansion cards into the system for added performance and
functionality. The serial data bus is provided to allow the PCM control processor, as
well as any or all installed preprocessing modules, to interchange data not in the
telemetry stream while the encoder is operating. This is independent from the parallel
data/control bus that is used for the normal transfer of telemetry data to the output
formatter. The five expansion cards shown in Figure 1 represent different cards that
can be plugged into the bus. The functional distribution of the board set is determined
by combinations of the input signal type, analog, digital, or RS-232, and whether the
board has signal preprocessing capability. Expansion boards without preprocessing
capability are provided to allow a larger number of inputs per card (up to 64).
Different applications may require different combinations of cards or multiples of the
same card; the system will support all combinations. The bus is defined so that cards
for different applications can be developed in the future and used in the system.

A preliminary design and layout was completed for four of the cards shown in Figure
1. This included a part count and power consumption estimates. The results are shown
in Table 1.

The area estimates in Table 1 include an area multiplication factor of 1.6 (printed
circuit board space is 1.6 times the actual size of the part), space for a 96-pin DIN
connector for the bus connector, space for the input connectors, and edge clearance. A



standard 3-U form factor card is 3.9 in. (100 mm) wide and typically either 6.3 in.
(160 mm) or 8.7 in. (220 mm) long with corresponding areas of 24.8 in. 2 and 34.1 in.2.
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Figure 1.  Programmable PCM Encoder Block Diagram

Table 1 - PCM Encoder Size and Power Estimates

Card Area (in. 2) Max power @ 5 volts (watts)
Base Module 20.0 5.2
Analog Input 22.7 2.3
Digital Input 19.9 1.2
Analog Input with
Preprocessing

23.4 3.2

PRE-PROCESSING ALGORITHMS

We worked with the engineers at Hanscom AFB to develop a set of candidate
preprocessing algorithms to include as part of the system. Table 2 provides a summary
of these preprocessing algorithms and their operating parameters. Most of the
algorithms work with blocks of input data, with any combination of computations
performed on each block. The amount of data reduction is the ratio of the number of
outputs divided by the length of each input block. Each algorithm will be configurable
to use overlapping windows where data from previous windows are rolled forward for



Table 2.  PCM Encoder Preprocessing and Telemetry Parameters

Function Parameters Valid Values Default
Fourier  (FFT) Transform Resolution 64 to 1024 in 2N steps 256

Input Shaping Rectangular, Hamming,
Hanning, Blackman

Rectangular

Trend Removal None, DC Subtraction,
Input Differentiation

None

Window Width ≤ Transform Resolution 256
Input Overlap 0 to Window-1 0
N Peaks Reported 1 to Window 1

Time Filtering
(FIR)

Input Window Width 2 or more 4

Coefficient Vector
Length

Input Window Width N/A

Coefficients 0 to ±1 0.25
Output Rate Input rate to the

Input rate/window width
Input rate

Extreme Value Type Min, Max and/or R.M.S.
Input Window Width 2 or more 64
Overlap 0 to Window-1 0

Threshold Type High or Low High
Threshold Level ± word width/2 0
Input Window Width 1 or More 1
Overlap 0 to Window-1 0

Regression Polynomial Order 1 to 4 1
Input Window Width At least Order + 1 Order + 1
Overlap 0 to Window-1 0

RS-232/422
Parsing

Header Characters Format specific none

ASCII to Binary
Scale

none

Trajectory
Predictor

Input Filter Length
(FIR)

2 or more filter
coefficients

none

Calibration Parameter 1
Output Rate ≤ Input sample rate Input rate

Compression Method Differential
Huffman,ADPCM

None

Compression Ratio Greater than 1 2
Block Size Typically > 512 1024



use in subsequent computations. If a particular signal requires filtering (such as low,
high or bandpass), sequential windows could overlap by all but one input sample per
computation of the filter algorithm. A DSP based real-time operating kernel is resident
on each plug-in card with preprocessing capability. The kernel handles the
coordination required to parallel process multiple algorithms and inputs. The DSP
selected operates at 28.5 MIPs (mega-instructions per second) and will be able to
handle multiple inputs and multiple algorithms in parallel. The algorithms are broken
into the general areas of frequency domain processing, time domain processing, and
compression, and are discussed in the following three sections.

Frequency Domain

This algorithm will provide a Fourier analysis of the input signal using the fast Fourier
transform algorithm. The algorithm preprocessing steps will be operator configurable.
The first step, input shaping, provides one of three different windowing functions
applied to the data to mitigate the effects of spectral leakage or Gibbs phenomena. The
next step, trend removal, reduces the effects of low frequencies in the spectrum that
can mask frequency components of interest. Normally, the input window width
(number of input data samples in a block) is equal to the Fourier transform resolution.
If the window width is less than the selected spectral accuracy, the data block is zero
filled. This can provide additional spectral resolution. The input overlap setting
controls the percentage of new data that is processed in each successive data block.
The final setting is the number of peaks reported from the spectrum. Optionally, the
phase at each peak can be reported as well.

Time Domain

FIR Filter  - This function provides filtering for the input data in the form of a digital
finite impulse response (FIR) filter. The filter coefficients supplied through the
configuration computer determine the frequency response of the filter. The function
performs as a standard FIR filter when the input data rate is equal to the output data
rate. If the output rate is less than the input rate then it is considered a decimating
filter and would provide a data reduction ratio equal to the input window width. Any
number of commercially available filter design software packages can compute the
required filter coefficients to obtain a particular time or frequency response. If a
simple running average is required, the filter coefficients can be set to the inverse of
the input window width.

Extreme Value - This function allows the maximum, minimum, or the root-mean-
square value of a block of data to be computed. The algorithm can be configured to
place any combination of the values into the telemetry stream.



Threshold - This function keeps track of how many times a signal has been above a
configurable threshold setting. If the input data rate and the output data rate are equal,
it is simply a threshold detector. If the input rate is faster than the output rate, then a
count is returned that represents the percentage of time the signal is above the
threshold setting.

Regression - This is another time series processing function that performs a least
square fit to an input block of data. The operator selects the polynomial order and the
input window width. The smallest window width would be the polynomial order plus
one.

Trajectory Predictor  - We investigated several trajectory prediction algorithms that
could be implemented reasonably easily and would deliver acceptable performance.
Our method of choice uses a fixed step size Runge-Kutta differential equation
integrator. This technique will employ the fourth order Runge-Kutta method that is
superior to its lower order counterpart in terms of computational efficiency. For a
rocket trajectory, its minimum step size is much larger than for the second order
method, yet it only requires about twice the processing steps. A finite jump
discontinuity occurs when the rocket motor shuts down. Replacing the jump with a
transition region produces a very steep slope that can cause the numerical calculation
to become very inaccurate. We will solve this problem with the one-step method
simply by not integrating during the interval containing the shutdown through the use
of a mesh point at the discontinuity. The implementation investigated during this
project used data from a longitudinally oriented accelerometer and integrated a stored
set of differential equations computing altitude, range, velocity, and flight path angle.
The output data rate can be set as fast as the input rate and as slow as the major frame
rate. A simple FIR input filter can be used to filter the input data before it goes to the
integrator.

Compression

As with all compression techniques, the amount of compression is a function of the
randomness of the data. If the data is completely random, there can be no compression
and thus the only option is to represent the signal with less accuracy. If the statistics of
the data tend toward random, either the data must be buffered, sent at a faster rate,
represented with less resolution, or partially lost. The only reasonable solution is to
represent the data with less resolution during those less “predictable” portions of the
data stream. This will allow the data to be represented very accurately at any DC level
when there are smaller variations around this level. The data will be represented less
accurately when there are large variations across the entire input range and will



accommodate fixed compression ratios required for implementation in the smart PCM
encoder. Our plan is to include two different compression techniques with the system.

Differential Pulse Code Modulation  - The first technique will use a form of the
adaptive pulse code modulation (ADPCM) commonly used in the telephone industry
for compressing speech. This technique exploits the fact that, in typical data
sequences, adjacent sample points are correlated. In this model, the transmitted signal
(telemetry stream) is the input signal minus a predicted value. The predicted value is
computed from a linear combination of previous input signal values. The prediction
coefficients are computed from the autocorrelation of the input data. A complete
discussion of the basics of this approach is provided by Orfanidis  (1985) as well as
Rabiner and Shafer (1978). A prototype version of this algorithm was implemented in
MATLAB and longitudinal accelerometer data from a rocket test flight was
processed. The accelerometer data was originally digitized to 12 bits. Table 3 provides
the results of the ADPCM algorithm for different compression levels (quantization
levels). The first column in the table is the number of bits the transmitted signal is
quantized by. Since the original data was 12 bits, a quantization level of 6 bits would
represent a compression of 2:1. The second column is the worst case reconstruction
error obtained if the lower order bits are discarded to achieve the compression (no
prediction algorithm). The last two columns are the peak and mean reconstruction
errors (in bits) using a second order predictor. It is significant to note the average
reconstruction error does not exceed 1 bit until the data is compressed by a ratio 4:1
(quantization level 3). The peak error (worst case over the entire data set) does not
exceed one bit until the compression level exceeds 2:1. This means that 2:1
compression can be achieved without loss of signal resolution. Figure 2 shows the
results of the compression for a 4:1 compression ratio. The upper graph shows the
original signal overlayed by the reconstructed signal. The bottom graph shows the
compressed signal (dark gray) and the reconstruction error (light gray). The
reconstruction error is the original signal minus the reconstructed signal (Bondurant
et. al., 1995).



Table 3.  ADPCM Compression Results

predictor order = 2, adaptive block method, block size = 500, Median prefilter

Quantized
Level

Peak Error No Predictor Peak
|Error|

Mean of |Error|

12 0 0.0135 0. 0022
10 4 0.0542 0. 0089
8 16 0.2173 0. 0358
6 64 0.8802 0. 1438
4 256 3.6796 0.6031
3 512 7.8940 1.2950
2 1024 18.4566 3.0217

Figure 2.  Rocket Accelerometer Data Set Compression Results

Differential Huffman Coding  -  Huffman coding is the classical “lossless” technique
that looks at the probability distribution of the input data and applies shorter symbols
to the more probable values and longer ones to the less probable symbols. Huffman
coding is a component of the JPEG image compression standard. In this technique, the
input block of data is analyzed and different length codes are applied to each symbol



in the input buffer. The advantage here is that depending on the input signal, only a
small percentage of possible codes output by the A/D converter may be present in the
buffer. This shortens the data representation at the outset. Furthermore, if the
occurrence probability of these codes is not uniformly distributed, the data can be
compressed further.

This technique will work well for reasonable signals. However, if the signal suddenly
randomly varied across the entire input A/D range, some loss of signal would be
inevitable. This presents the difficulty with using lossless encoding techniques to
telemetry applications. Lossless techniques are well suited to still image or file
compression (like PKZIP) where it is acceptable to have larger data files if the data is
less compressible. For telemetry applications where there is typically only small
amounts of buffering and fixed input and output data rates, some loss of signal may be
unavoidable during long periods of more random data.

We evaluated a technique, which we call differential Huffman coding, that combines
the principle behind differential pulse-code modulation with Huffman coding. This
technique exploits the point-to-point correlation of data samples by Huffman encoding
the difference between successive samples instead of the samples themselves. This
technique was applied to the accelerometer data set and the results are shown in Table
4. Uncompressed, the data block is 500, 12 bit data samples or 6000 bits in length. For
each compression ratio, the table lists the transmitted block length, the deepest data
buffer required in the preprocessor, and the number of symbols that must be
transmitted in subsequent data blocks to average out changes in data compressibility.
For this data set, a compression ratio of 1.9:1 could be achieved without data
buffering. This is very consistent with what has been reported for lossless
compression techniques. Hard disk compression utilities such as Doublespace and
Stacker typically report 2:1 average compression ratios. Notice in Table 4 that even
for small increases in compression ratio, the amount of buffering required rises
substantially, and once the buffer length has been exceeded, the remaining data for
that block must be discarded. It is important to select a conservative compression
ratio to minimize data loss.



Table 4.  Differential Huffman Encoding with Buffered Overruns.

Compression
ratio

Maximum bits
per block

Deepest buffer
in bits

Blocks with
abnormal item

count
1.9 3047 0 0
2.0 2999 53 4
2.1 2857 453 8
2.2 2727 841 10
2.3 2608 1297 13
2.4 2499 1852 24

CONCLUSION

In this paper we outlined an expandable and modular architecture for a PCM encoder
that will allow on-board processing of signals to reduce the amount of data that is
either transmitted or stored. A preliminary electrical design was completed to estimate
power consumption and physical size. A variety of pre-processing algorithms were
discussed and results from testing two compression techniques that would be suitable
for on-board data compression were reported. The on board computational capability
described should prove to be very useful for sensor fusion requirements such as
combining GPS with inertial sensors for computing position in real-time.

The method described here of preprocessing PCM data has applications in any system
where bandwidth is either limited or expensive. There are three major areas for
application of the PCM encoder being considered. They are scientific data acquisition,
military test data transmission, and commercial data transmission.

The inception of this idea was in the realm of scientific data acquisition where the
quantity and quality of the instrumentation being used aboard scientific payloads is
constantly increasing. A preprocessing PCM encoder would allow scientists to have
greater control over and increase the quantity of data being transmitted.



In military systems, during the test and evaluation phase, large arrays of sensor are
placed in, around, and on the test object. This data often needs to either be recorded or
transmitted off site. As with many applications, the number of sensors (or evaluation
points) is limited by the bandwidth of either the recording device or the transmitter. A
preprocessing PCM encoder would allow for the acquisition of more data points and
thus a more complete evaluation set.

Civilian applications for this type of encoder are many; from in-flight data recording
(black box) to housekeeping links on communications satellites to data
transmission/recording in remote locations.
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