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ABSTRACT

With the advances in high speed, programmable digital signal processing (DSP)
chips, modern communications links are using a combination of DSP techniques and digital
communications methods to realize faster, reconfigurable, and modular systems. This
thesis details the software implementation of a modern digital communication system
combining various DSP functions, channel Forward Error Correcting (FEC) algorithms,
and digital modulation methods. The digital modulation schemes considered here include
both baseband and Quadrature Phase Shift Keying (QPSK) techniques. The proposed
communication system will serve as a practical tool useful for simulating the transmission
of any digital data. The various modules of the system include source encoders/decoders,
data compression functions, channel encoders/decoders, and modulators/demodulators.
Implementation consists of coding the various link functions in C and integrating them as
a complete system. The results show the viability of a QPSK modulated digital

communications link and point the direction of future research towards software radio.
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I. INTRODUCTION

This thesis details the implementation in software of a modern digital
communication link, combining various Digital Signal Procesing (DSP) functions,
Forward Error Correction (FEC) channel coding algorithms, and digital modulation
methods, mainly Quadrature Phase Shift Keying (QPSK). Software implementation is
performed in the C++ and C programming languages and consists of separately coding and
interfacing the various functions of the system. By modularizing the various functions
which are performed on the data from source to destination, it becomes convenient to
change individual sections of the link and model the effects of different transmission
conditions on data as it is passed through the channel. The modules of the link inciude
source encoders/decoders, channel encoders/decoders, modulators/demodulators, and
channel effects.

The possible configurations of the link are numerous, so focus was maintained on
a typical system that might be used in satellite communications. For this reason
convolutional channel coders and QPSK modulation were chosen. Additionally, channel
effects were primarily modeled as the combination of bandlimited additive white gaussian
noise (AWGN) and signal attenuation. The results of this link on speech transmission show
the various gains and tradeoffs that are realized as data passes through the entire system;
the quantitative performance is measured by the probability of bit error, P, and the effect
various signal-to-noise ratios have on this probability.

The bulk of the actual implementation was performed in C and C++ while most of the
algorithm testing and system design was accomplished using MATLAB. This required
writing MATLAB scripts and converting them to C. While the bulk of the operational
routines and algorithms are written using C constructs, all input/output and file accesses are
accomplished with C++ notation; therefore, all of the code has been compiled with a C++

compiler. Full conversion to C is possible with appropriate changes to the file operations.




The thesis is organized in the following manner: Chapter II details the digital
communication model used in this work. Chapter III discusses the DSP methods involved,
specifically source encoding/compression standards used for speech. Chapter IV outlines
the channel coding methods involving FEC and Viterbi algorithms while Chapter V
presents the digital communications techniques used including the baseband and QPSK
modulation schemes. Overall implementation and results are reported in Chapter VI.

Conclusions and areas for further development are contained in Chapter VII. Appendices

A through E include supporting code and documentation.




II. DIGITAL COMMUNICATION MODEL

This chapter discusses the basic digital communication model which is the
backbone of the work presented in the rest of this thesis. The model is broken into its
constituent functions or modules, and each of these is in turn described in terms of its
affects on the data and the system. Since this model comprises the entire system, both the
source coding and communications techniques involved are briefly described. In chapters
III through VI, these two areas will be covered in detail, and the specific algorithms and

methods used in the software implementation will be addressed in detail.

A. SOURCE ENCODING AND DECODING

The basic digital communication model is depicted in Figure 2.1 below. The first

three blocks of the diagram (source encoder, channel encoder, and modulator) together

source —p| source encoder channel encoder modulator
channe] -
|—> demodulator/ channel decoder source decoder | destination
detector

Figure 2.1: Digital Communication Model

comprise the transmitter. The source represents the message to be transmitted which
includes speech, video, image, or text data among others. If the information has been
acquired in analog form, it must be digitized prior to subsequent manipulation. This analog
to digital conversion (ADC) is accomplished in the source encoder block.

The last three blocks consisting of detector/demodulator, channel decoder, and
source decoder form the receiver. The destination represents the client waiting for the
information. This might include a human or a storage device or another processing station.

In any case, the source decoder’s responsibility is to recover the information from the




channel decoder and to transform it into a form suitable for the destination. This
transformation includes digital to analog conversion (DAC) if the destination is a human
waiting to hear or view the infomation or if it is an analog storage device. If the destination
is a digital storage device, the infomation will be kept in its digital state without DAC. [Ref.
1]

B. COMPRESSION

The source encoder block has the additional task of compressing the data. The
essence of digital data compression is to represent a given set of data in a minimum number
of bits such that the original signal can be retrieved from this compact representation with
minimal loss of information. This is achieved by eliminating redundancies that exist in the
original digital signal. By representing the data with fewer bits, the burdens on storage
devices are reduced and transmission requirements are lessened thereby freeing storage
space and bandwidth for other data. The effectiveness of a compression algorithm is

measured by its compression ratio, C, defined as
c=- (1.1)

where b; is the number of bits used before compression, and b,, is the number of bits used
after compression.

There are two types of compression algorithms: lossless and lossy. As the name
implies, lossless compression methods will produce a representation from which the
original signal can be recovered exactly with no loss of data; however, the corresponding
compression ratios are not very high. Lossy compression methods achieve higher
compression ratios but permanently lose some of the information in the original signal,;
therefore, the recreated signal is not an identical replica of the original. If the signal is
destined directly for human consumption, this is not harmful. For many speech and image

signals, the human ear and eye either compensate for the discrepancies or cannot identify

them; however, lossy methods are generally not acceptable if, after recovery, the signal




needs to undergo further processing. The source decoder block performs signal

reconstruction from the compressed data after it is received from the channel decoder.

C. CHANNEL ENCODING AND DECODING

One of the advantages of digital communications over analog communications is its
robustness during transmission. Due to the two-state nature of binary data (i.e,. either a 1
or a 0), it is not as susceptible to noise or distortion as analog data. While even the slightest
noise will corrupt an analog signal, small amounts of noise will generally not be enough to
change the state of a digital signal from 1 to O or vice versa and will in fact be ‘ignored’ at

the receiver while the correct information is accurately recovered.

Nevertheless, larger amounts of noise and interference can cause a signal to be..

demodulated incorrectly resulting in a bitstream with errors at the destination. Unlike an
analog system, a digital system can reduce the effect of noise by employing an error control
mechanism which is used prior to modulation. The channel encoder performs this error
control by systematically introducing redundancy into the information bitstream after it has

been source encoded but prior to its transmission. This redundancy can then be used by the

receiver to resolve errors that might occur during transmission due to noise or interference. -

The channel decoder performs the task of decoding the received coded bitstream by
means of a decoding algorithm tailored for the encoding scheme. Error control of this
variety that allows a receiver to resolve errors in a bitstream by decoding redundant
information introduced at the transmitter is known as Forward Error Correction (FEC). The
price paid for employing FEC is the increased bit rate and complexity of the transmitter and
receiver. The specifics of the FEC encoding and decoding algorithms used will be

expanded upon in Chapter IV. [Ref. 2]

D. MODULATION

The digital modulator serves as an interface between the transmitter and the
channel. It serves the purpose of mapping the binary digital information it receives into
waveforms compatible with the channel. In baseband modulation, the output waveforms

are simple voltage pulses which take predefined values correponding to a 1 or 0. However,




many channels, such as a satellite channel, are not suited for baseband communication and
require the incoming data to be modulated to a higher frequency, referred to as the carrier
frequency, so it can be converted to an electromagnetic wave that will propogate through
space to its destination (e.g., a satellite or a ground station). This type of modulation, known
as bandpass modulation, varies one of the following three parameters of the carrier
frequency based on the the incoming digital bitstream: amplitude, frequency or phase.
These modulation types are commonly known as Amplitude Shift Keying (ASK),
Frequency Shift Keying (FSK) and Phase Shift Keying (PSK), respectively. It is the last of
these which is of primary interest and will be examined in more detail in Chapter V.

The digital detector/demodulator reverses the process and extracts the binary
baseband information from the received modulated signal which has been subjected to
noise, interference, loss, and other distortions. The demodulator produces a sequence of

binary values which are estimates of the transmitted data and passes it on to the channel

decoder. [Refs. 2 and 3]

E. CHANNEL EFFECTS

During transmission, the signal undergoes various degrading and distortion effects -,

as it passes through the medium from the transmitter to the receiver. This medium is

commonly referred to as the channel. Channel effects include, but are not limited to, noise,

interference, linear and non-linear distortion and attenuation. These effects are contributed .

by a wide variety of sources including solar radiation, weather and signals from adjacent :

channels. But many of the prominent effects originate from the components in the receiver.
While many of the effects can be greatly reduced by good system design, careful choice of
filter parameters, and coordination of frequency spectrum usage with other users, noise and
attenuation generally cannot be avoided and are the largest contributors to signal distortion..

In digital communication systems, a common quantity used to determinine whether
a signal will be detected correctly is the ratio of energy per bit to spectral noise power

density, E;/N,,, measured at the detector. The higher the E,,, the lower the resulting bit error

rate (BER), or the probability of bit error, P,,. Unfortunately, a high E;, demands greater

o




power consumption at the transmitter; in some cases, it may be unfeasible to obtain a high

E,, due to transmitter size or power limitations as in the case of satellite transmission. Noise
effects and further study of the parameter E;/N,, will be covered in Chapters V and VI. [Ref.
2 and 3]

The digital communication system described consists of an ordered grouping of
various modules which operate on an input data sequence. In practice, these modules or
resources are not dedicated to a single source/destination, but they are shared by multiple
sources and their destinations to achieve optimum utilization. In a digital system, the
transmission bit rate is an important system resource. A given information source of
bandwidth B, sampled at 2B samples/second using g bits per sample results in a data rate,
R, of 2Bq bits per second. With a compression ratio C, the data rate from the source encodér

is R, = R/C bits per second. Channel coding by a factor n leads to a coded data rate of R, =
Rn bits per second; R, is the system transmission bit rate. These bits are then used by the

modulator to form the transmission waveforms which have to be accomodated within the
available bandwidth. At the receiver these steps are performed in the reverse order to

recover the information sequence.







III. SOURCE CODING METHODS

In the digital communication system model described previously, the source encoder
is responsible for producing the digital information which will be manipulated by the
remainder of the system. After the digital signal is acquired from the analog information,
the source encoder subjects it to a wide range of processing functions, the goals of which
are to compactly represent the information. Speech, image, and textual information each
have their own unique characteristics that require different source encoding techniques.
Depending on the information source, different digital signal processing functions are
implemented to remove the redundancies inherent in the given signal. The specifics of the

speech compression techniques used in this thesis are detailed below.

A. SPEECH COMPRESSION

Since the frequency content of spoken language is confined to frequencies under
" 4000 Hz, it is reasonable to use a sampling frequency of 8000 Hz [Ref. 4]. Using 16 bit
linear pulse code modulation (PCM) as the quantization method results in a bit rate of 128
kbps. Subsequent analysis, coding, and compression of speech are performed on segments
or frames of 20 to 30 ms duration.

There are two broad categories of speech coding/compression. Both categories are
concerned with representing the speech with the minimum number of applicable
parameters while also allowing the speech to be intelligibly reproduced; both are lossy in
nature. The first category deals with waveform coders which manipulate quantities in the
speech signal’s frequency representation. Typical analysis tools of waveform coders are the
discrete fourier transform (DFT) and the discrete wavelet transform (DWT), both of which
transform the time signal to its frequency domain representation. In this case, compression
might potentially be achieved by retaining the frequency components with the largest
magnitudes.

The second category of speech compression deals with voice coders, or vocoders

for short. Vocoders attempt to represent speech as the output of a linear system driven by




either periodic or random excitation sequences as shown in Figure 3.1.

itch period
P P \1/ voiced/unvoiced

impulse switch all-pole

generator v ] / filter
s(n)

VA(z) ——=>
u(n) speech

white noise U | signal

generator Gain,G

Figure 3.1 Basic Model of a Vocoder

A periodic impulse train or a white noise sequence, representing voiced or unvoiced
speech, drives an all-pole digital filter to produce the speech output. The all-pole filter
digital filter models the vocal tract. [Ref. 4]

Additionally, estimates of the pitch period and gain parameters are necessary for
accurate reproduction of the speech. Due to the slowly changing shape of the vocal 1fé__ct
over time, vocoders successfully reproduce speech by modeling the vocal treict
independently for each frame of speech and driving it by an estimate of a separate input
excitation sequence for that frame. Most vocoders differ in performance principally based
on their methods of estimating the excitation sequences.

Linear predictive coding (LPC) or autoregressive (AR) modeling of speech is used

to obtain the parameters of the all-pole model for a given frame of speech:
s(n) = Gu(n)—ays(n-1)-a,s(n-2)— ... —aps(n- P) 3.1
where a; (i = 1, 2,..., P) are the coefficients of the the all pole filter, and P is the order of

the filter. A widely used notation used to describe this AR model is given by LPC-P with P

= 10 being a common choice as in the Federal Standard FS-1015 vocoder scheme. Below,

a specific refinement of the LPC technique known as code-excited linear prediction

(CELP) is detailed.

-



B. CODE-EXCITED LINEAR PREDICTION (CELP)

Although the data rate of plain LPC coders is low, the speech reproduction, while
generally intelligible, has a metallic quality, and the vocoder artifacts are readily apparent
in the unnatural characteristics of the sound. The reason for this is because this algorithm
does not attempt to encode the excitation of the source with a high degree of accuracy. The
CELP algorithm attempts to resolve this issue while still maintaining a low data rate.

Speech frames in CELP are 30 ms in duration, corresponding to 240 samples per
frame using a sampling frequency of 8000 Hz. They are further partitioned into four 7.5 ms
subframes of 60 samples each. The bulk of the speech analysis/synthesis is performed over
each subframe.

* The CELP algorithm uses two indexed codebooks and three lookup tables to access
excitation sequences, gain parameters, and filter parameters. The two excitation sequences
are scaled and summed to form the input excitation to a digital filter created from the LPC
filter parameters. The codebooks consist of sequences which are each 60 samples long,
corresponding to the length of a subframe.

Figure 3.2 shows a schematic diagram of the CELP analyzer/coder. The stochastic
codebook is fixed containing 512 zero-mean Gaussian sequences. The adaptive codebook
has 256 sequences formed from the input sequences to the digital filter and updated every
two subframes. A code from the stochastic codebook is scaled and summed with a gain-
scaled code from the adaptive codebook. The result is used as the input excitation sequence
to an LPC synthesis filter. The output of the filter is compared to the actual speech signal,
and the weighted error between the two is compared to the weighted errors produced by
using all of the other codewords in the two codebooks. The codebook indices of the two
codewords (one each from the stochastic and adaptive codebooks), along with their
respective gains, which minimize the error are then coded for transmission along with the

synthesis filter (LPC) parameters. Because the coder passes each of the adaptive and

11




stochastic codewords through the synthesis filter before selecting the optimal codewords,

CELP is referred to as an analysis-by-synthesis technique. [Ref. 4 and 5]

stochastic synthesis
codebook Q; /\+> : = filter

P | :
| : actual
| adaptive C D +  Speech,
| codebook G . s(n)
| S N
i [ R

error weighting
minimization filter

—————p> coded output

Figure 3.2 CELP Analyzer

1. Speech Synthesis
Figure 3.3 provides a more detailed view of the CELP synthesizer. Indices i, and i,

identify the codewords used to form the input excitation sequence, and the gain parameters

G, and G, scale the codewords before their sum is passed to the linear prediction filter

511 | stochastic
510 | codebook

adaptive

LSP
509 codebook
I 255 \L
254
253 R
: 1/A(2) ‘_s_(_)_>
speech-
2 2 oL — estimate |
1 G, 1 + linear prediction
0 0 G, : filter
A

.....................

Figure 3.3 CELP Synthesizer. After [Ref. 6]




which is formed with line spectrum pairs (LSPs). The coded CELP frame includes the
indices of the codebook entries, their gain parameters, and the LSP parameters.

The adaptive codebook entries are 60 samples long and are used to estimate the
pitch period. The codebook consists of a 147 stage shift register. On odd subframes, the
input excitation sequence used by the prediction filter is fed into the shift register, and the
values on the other side are shifted out and discarded 60 samples at a time. The shift register
values are used to form the codebook for use on the odd and the next even subframes;
therefore, the synthesis filter excitation sequences used on even subframes are not sent to
the register and are discarded. Of the total 256 sequences in the codebook, 128 represent
integer delay which can be accessed directly from the shift register, and the remaining 128
represent non-integer delay which are formed by interpolation from the integer delay
sequences. [Ref. 5]

As implied in the above description, synthesis of the speech is carried out with a
different filter excitation sequence at every subframe. A coded CELP frame contains four
sets of indices (one per subframe) corresponding to the codebook and gain values for each
of its four subframes. During synthesis at the destination, the indices of the optimal
codewords are used to reference the correct code sequences. Similarly, the indices of their
respective gains are used to access the scaling parameters prior to use by the prediction
filter. Both gain parameters are found in two separate fixed indexed codebooks of 32 entries
each. [Ref. 5]

2. Linear Prediction Filter

The LPC prediction filter is a tenth-order filter derived using standard linear
predictive techniques. A 30 ms Hamming window is used to window the data and the filter
coefficients are found by the autocorrelation method [Ref 7]. Instead of transmitting tfie
filter coefficients or the pole locations of the prediction filter, the corresponding line
spectrum pairs (LSP) of each of the poles are encoded and transmitted. The reason for this
is that the LSPs provide efficient channel error resilient coding and can also be transmitted
using fewer bits than the corresponding poles or filter coefficients [Ref. 5]. The description

on LSPs roughly follows the presentation given in Deller and Frerking [Refs. 4 and 5].
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The poles of the prediction filter, 1/A(z), are the roots of the polynomial

N B
Ay =1- Y az" (3.2)

H
i=1

where a; are the LPC parameters. The idea behind LSPs is to use A(z) to construct two .
functions

P(z) = A -z " TPAET (3.3)
and

02) = A +2 M VA (3.4)

where the orders of P(z) and Q(z) are N+1. Then A(z) can be recovered from P(z) and 0(z)

by the relation

A(z) = %[P(z)iQ(z)]q (3.5)

Polynomials P(z) and Q(z) can be expressed as

N/2 jZEJ%’ 1 e
P(z) = (l—z_l)n(l—e 'z Il~e 'YZ—IJ (3.6)
k=1

and
1N/2 jzn% 1 _ﬂn% 1
0(z) = (1+Z_)H[l—e ‘7 Il—e :z—], (3.7)
k=1

where f; is the sampling frequency (8000 Hz). Other than the real zeros at z = 1 for P(z)

and at z = -1 for Q(z), the remaining N zeros each of P(z) and Q(z) are complex conjugate

pairs which lie on the unit circle and can be represented by the real frequencies fy, and Jrg

respectively, in equations (3.6) and (3.7). Furthermore, these complex conjugate pairs are




interleaved as shown in Figure 3.4, so each zero of A(z) corresponds to a pair of zeros, one

z plane x: zeros of A(z)

; >— zeros of P(z)
zeros of Q(z) X

4 kHz

(lower half of plane is a mir-
ror image of the upper half)

Figure 3.4 Relation Between the Zeros of A(z) and its LSPs

each from P(z) and Q(z). The closer a pair of zeros of P(z) and Q(z) are to each other, the
closer the corresponding zero of A(z) is to the unit circle.

To more accurately reflect the time changing nature of the vocal tract, the 30 ms
frame over which the LPC parameters are computed is displaced from the 30 ms speech

analysis frame which determines the input excitation parameters as shown in Figure 3.5.

LPC window LPC analysis window
of previous frame used for current frame

/\_/\/\/\/\/\

—+——|——{ : { : i—_l__+_

<+ — — -30ms- — — »
current speech analysis frame

Figure 3.5 CELP Speech Analysis and LPC Analysis Frames

Specifically, the current LPC frame straddles the last two subframes (15 ms) of the current
analysis window and the first two subframes (15 ms) of the next analysis window.
In the CELP algorithm, ten fixed sets of LSPs (corresponding to ten different

prediction filters) are available in a lookup table during analysis and synthesis (see [Ref. 5]
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for the lookup table values), and the closest set is chosen for a given solution of the
prediction filter. This is done for coding efficiency; however, once the values of the LSPs
have been obtained from the lookup table, they are adjusted throughout the CELP analysis
and synthesis routines. Just as the input excitation sequence, gain, pitch period, and pitch
gain are adjusted every subframe, the LSPs are interpolated each subframe by different
weighting factors provided in Table 3.1. For example, if LSP1 of the previous frame is 420
Hz and LSP1 of the current frame is 280 Hz, then LSP1 for subframe 1 (of the current
frame) is: 7/8(420 Hz) + 1/8(280 Hz) = 402.5 Hz. LSP interpolation every subframe causes
the corresponding prediction filter to change every 7.5 ms thereby producing a smoother
representation of the changing filter characteristics of the vocal tract compared to the

relatively abrupt characteristics produced by non-overlapped, uninterpolated 30 ms

windows.
TABLE 3.1: Interpolation Factors for LSPs

Subframe Previous Current Frame ’
Frame ‘

1 7/8 1/8

2 5/8 3/8

3 3/8 5/8

4 1/8 7/8

3. Speech Analysis

The analysis stage of CELP comprises the synthesizer described above along with
the weighting filter and error minimization function as shown previously in Figure 3.2.
After a pair of adaptive and stochastic codewords have been scaled, summed, and filtered
with the prediction filter, the result is compared to the actual speech. The difference
between the two represents the error and is sent to the error weighting filter, also know as
the perceptual weighting filter. This filter modifies the error signal by emphasizing the

areas of the spectrum to which the human ear is most sensitive. After perceptual weighting

16




of the error, the filter output is squared and summed to yield the error energy for the given
stochastic and adaptive codebook pair.

The general procedure is to first pass every adaptive codeword (pitch period) and
gain (pitch gain) through the synthesis filter to find the best scaled adaptive codeword.
Once this has been found, each entry in the fixed codebook is filtered while carrying ou: a

simultaneous search for the corresponding gain. [Ref. 5]

4, Compression Results

The CELP coder produces a 144 bit word for each 30 ms analysis frame of speech.
This results in a total bit rate of 4800 bps or a compression ratio of approximately 27:1. The
exact bit allocation per frame can be found in the federal standard [Ref. 6].

Although CELP has a bit rate twice that of the LPC-10 algorithm, it provides much
better intelligibility. The improvement in performance is due to the dynamic use of the
gain-scaled stochastic and adaptive codebooks in determining the input excitation
sequences to the linear prediction filter. However, this increased performance is at the cost
of increased computational load. The exhaustive search of the two codebooks and gain
value lookup tables, and the interpolation routines for the adaptive codebook and LSPs
combine to produce approximately an order of magnitude increase in computation over
LPC-10 [Ref. 4]. The Federal Standard [Ref. 6] allows for the adjustment of the codebook
sizes and of the interpolation routines used for the adaptive codebooks to reduce
computational overhead, but this comes at the cost of reduced accuracy in the reproduced

speech.

C. CELP VARIATIONS

There are two important variations of the CELP method, namely, the low delay

CELP (LLD-CELP) and the vector sum excited linear prediction (VSELP).

1. LD-CELP

As the name implies, LD-CELP attempts to reduce the delay incurred by the heavy
computational load of the standard CELP routine. The main differences of this method with

the standard CELP are the addition of a tenth-order, backward-adaptive linear gain
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predictor which scales the excitation sequence and the elimination of the pitch estimation
process, thereby removing the adaptive codebook/gain functions. Without the adaptive
codebook, LD-CELP uses a 50th order prediction filter to compensate for the loss of pitch
information. Additional differences include more frequent updates of the LPC coefficients
(every 2.5 ms), significantly shorter excitation sequences (5 samples versus 60), and
smaller frame/subframe lengths (10 ms/2.5 ms). The result of these modifications is an
output data rate of 16000 bps with one-way delay of approximately 2 ms compared to other
non-CELP based vocoders operating at the same data rate but with delays on the order of
20-40 ms [Ref. 4]. For full details on the parameters of LD-CELP and its implementation,

the reader is referred to the ITU-T recommendation G.728.

2. VSELP

VSELP is an important variation of CELP because it is now the standard for North
American digital cellular phone systems as defined in the IS-54 standard. The encoder uses
the sum of three scale-adjusted sequences to form the input to a tenth-order synthesis filter.
Each of the three codebooks contains 128 sequences that are 40 samples long. An analysis
frame length of 20 ms is used, and the corresponding subframes are 5 ms each. Two of the
codebooks are formed from two separate sets of seven basis codewords, and together théy
form an excitation sequence similar to that produced by the stochastic codebook in CELP;
however, unlike CELP, the seven basis codewords of each codebook are optimized over a
training database to minimize the perceptually weighted error [Ref. 4]. The third codebook
plays the role of the adaptive codebook in CELP and is formed from the summed sequence
input to the synthesis filter, and during every subfréme 1ts entries are correlated to the actual
speech signal to yield the best pitch estimate. The output data rate of VSELP is 8000 bps.
[Ref. 4]

D. IMPLEMENTATION
The standard CELP routine used in this thesis is based on FS-1016, and the code

was developed by AT&T but available free as public domain software. It was modified by

the author to compile and run on Sun SPARC workstations. The complete source code




listings and a compiled routine are now stored in the /tools_res directory of the ECE
Department computer system.
The compiled encoding routine accepts only 16-bit linear PCM speech sampled at

f; = 8000 Hz and outputs the 144 bit long words in packed hexadecimal format (36 hex
characters per frame). Since SPARC workstations process speech using the Sun ‘.au’
format which is 8 bit p -law compressed data, all speech files recorded on SPARCstations

were converted to 16 bit linear PCM prior to usage by means of public domain conversion
routines released by Sun Microsystems, Inc. Similarly, the decoding routine output was
converted back to 8 bit | -law data.

All intermediate processing from source encoder output to source decoder input
was performed in binary, so the hexadecimal output from the CELP coder was converted
to unpacked unipolar binary format (O or 1) with the routine hex2bin.C, and the reverse
process was accomplished with bin2hex.C. Both routines are included in Appendix A.

The CELP algorithm provides an effective means of speech reproduction while
maintaining a high compression ratio with a corresponding low bit rate. Due to the growing
use of CELP based coding methods in commercial systems, it is useful to study these
schemes. The CELP code is available as public domain software which enables a study of

CELP and its performance in conjunction with a digital communication system.
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IV. CHANNEL CODING

Unlike source coding which seeks to remove redundant information in a signal, the
goal of channel coding is the opposite in the sense that it adds redundancy to a bit stream
which allows the detector at the receiver to detect and/or correct errors which might have
been introduced during transmission. As mentioned in Chapter II, we are concerned
specifically with FEC codes.

A parameter used to define a FEC code is its code rate, r, where

, =k (4.1)
n

where k represents the number of bits into the channel encoder, » is the number of bits out
of the encoder, and k < n. The code rate, equivalently represented using the notation (7, k),
is a measure of the information contained per codebit. Large values of n relative to k are
better for error-free coding, but the cost is in increased transmission bandwidth require-
- ments. The two most common types of FEC codes encountered in communications systems
are block codes and convolutional codes. [Ref. 1]

For block codes, the encoder partitions a given input information sequence into k-
bit words and represents each input word by an n-bit codeword, where the codeword is

often the input word appended with n - k bits. If an input message sequence is partitioned

into words that are k bits long, there are a total of 2¥ possible information words and 2*
corresponding codewords. These codewords are designed to meet some predetermined
error-correcting requirements and are fixed after they have been computed. Encoding is just
a mapping of an information word to its respective codeword. At the decoder, the received
codeword, which may have been altered due to noise, is mapped to the codeword with
which it has the least difference followed by recovery of the corresponding information
word. For more detailed information on block codes see Gibson [Ref. 1] and Roden [Ref.
8].
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Convolutional codes form the second major category of FEC codes but are encoded
and decoded in a very different manner than block codes. Today they are used in a variety
of communication links, such as modern satellite communication systems. For this reason,

the remainder of this chapter will deal exclusively with the encoding, decoding, and
implementation of convolutional codes. The development will be limited to rate 1/n codes

with specific attention focused on r = 1/2 codes because they are a good representation

of convolutional codes.

A. CONVOLUTIONAL CODES

For (n,1) convolutional codes, each bit of the information sequence into the encoder
results in an output of n bits. However, unlike block codes, the relationship between
information bits and output bits is not a simple one-to-one mapping. In fact, each input
information bit is ‘convolved’ with K-1 other information bits to form the output n-bit
sequence. The value K is known as the constraint length of the code and is directly related
to its encoding and decoding complexity as described below in a brief explanation of the
encoding process.

For each time step, an incoming bit is stored in a K stage shift register, and bits at
predetermined locations in the register are passed to n modulo-2 adders to yield the z output
bits. Each input bit enters the first stage of the register, and the K bits already in the register
are each shifted over one stage with the last bit being discarded from the last stage. The n
output bits produced by the entry of each input bit have a dependency on the preceding K-
1 bits. Similarly, since it is involved in the encoding of K-1 input bits in addition to itself,
each input bit is encoded in nK output bits. It is in this relationship that convolutional
coding derives its power. For larger values of K, the dependencies among the bits increase,

and the ability to correct more errors rises correspondingly. But the complexity of the

encoder and especially of the decoder also becomes greater.




Shown in Figure 4.1 is the schematic for a (2,1) encoder with constraint length K =
3 which will serve as the model for the remainder of the development of convolutional
coding. In the coder shown, the n = 2 output bits are formed by modulo-2 addition of the

bits in stages one and three and the addition of bits in stages one, two, and three of the shift

K = 3 shift register

input bit v; —p

stage 1 2 3

Upy Ui -
output bits

Figure 4.1 K =3, r=1/2 Convolutional Code Encoder

register. For example, consider the input sequence given by
v = 11011....

If the left-most bit is the earliest in time and enters the shift register first, then assuming the
register is empty (i.e., filled with zeros) at the beginning of the encoding process, the first

two output bits, #;; and u;,, produced by the coder by input bit v; = 1 would be

u, =190 =1

The @ symbol represents modulo-2 addition. The rest of the output sequence is:
u=101000 10 ...

Each pair of output bits, u;; u;;, can be more conveniently written as codesymbol u;

It is also common to identify the coder by its code vectors. These length K vectors
identify the bit locations in the shift regitster which are used by the »n modulo-2 adders;

therefore, there are n code vectors which represent the éoding scheme. For the example
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case, the code vectors are ¢; = [1 0 1] representing stages one and three, and ¢, = [1 1 1]

for all three stages.

1. State Diagram

To assist in analyzing the code and determining its output for a given input
sequence, there are various representations of convolutional codes which are helpful. These
include polynomial representations, state tables, code tree, state diagrams, and trellis
diagrams. All of these contain the same information but they each provide different insights
into the workings of the code. For detailed information on all of the descriptions and their
mathematical foundations, see Sklar [Ref. 2]. We will briefly focus on state and trellis
diagrams.

Figure 4.2 shows the state diagram for the coder introduced in the previous section.

0/11

state bubble

state
transition
path

1710

el

v/U;1u;p = input bit/output bits

\

Figure 4.2 State Diagram for K=3, r = 1/2 Convolutional Coder

There are four states associated with the coder and represented by the state bubbles lettered

A through D. Each state is uniquely identified by the two bits in the first two stages of the
shift register: since the input data is binary, there are 22 states. In general, for an (n,1) con-

volutional coder of constraint length K, there are 25! states. The state transition paths show

the state changes that occur for a given input bit, v;, along with the correponding output bits,




u;1u4;7, produced during the transition. Given the initial state of the coder, the coded output
for an input data sequence can be easily determined by moving from state bubble to state
bubble along the appropriate state transition path for each input bit (either 0 or 1) and rez;;i—
ing the associated output bits. The state diagram representation can also be put in tabular

form which is more manageable as K gets larger.

2. Trellis Diagram

Another insightful representation of convolutional codes is the trellis diagram. The

trellis diagram in Figure 4.3 can be quickly obtained from the state diagram shown above.

ni
A-00 &
~

B-10 @

C-0le

D-11 e

Input bit O
- —— - Inputbit 1

Figure 4.3 Trellis Diagram of k=3, r = 1/2 Encoder. After Ref. [2]

In the trellis representation, states A through D are represented by four nodes and all of the
possible state transitions are shown beginning at some initial state (which is at A = 00 in

this case). As a new bit is input to the coder at each time sample, n;, the trellis depicts the

possible progression of the codeword from state to state where solid lines represent an input
bit of 1 and dashed lines indicate a O input bit. In other words, given the initial state of the
coder, Figure 4.3 shows all of the possible paths through the trellis corresponding to all of
the possible input sequences. It is clear that a repetetive pattern emerges a few time steps
from the initial condition, and it continues forever. The pattern is merely the ‘unwrappédj

state transition diagram of Figure 4.2 where each state transition path between state bubbles
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in Figure 4.1 is replaced by a trellis branch between the corresponding nodes. The trellis
representation is a very important tool when implementing the Viterbi decoding algorithm

to be described later.

3. Systematic vs. Nonsystematic Codes

A code is systematic if the encoder forms the output codeword by appending n - k
bits to the input information word. In the case of block codes, any non-systematic code can
be reduced to a systematic form and still keep its designed error correcting abilities. The

performance of convolutional codes depends on its free distance, dg. The dris a measure of
the code’s error correcting capability such that a code with a larger dywill be able to correct

more errors. The number of errors a code can correct is given by

t = [dj_*_lJ (4.2)
2

where the | x | operation indicates the integer closest to but not greater than the argumant
x [Ref. 2]. For convolutional codes, the non-systematic version will generally have a largier
dythan its systematic version and will be able to correct more errors. In the case of the K =
3, r=1/2 coder, the codevectors ¢; and ¢, listed earlier are the non-systematic codevectors
which yield a drof 5 and ¢ = 2. More detailed information concerning systematic codes and

calculations of free distance can be found in Sklar [Ref. 2] and Riccharia [Ref. 9].

B. VITERBI ALGORITHM

In general, there can be errors in the received data stream. For the correct code
sequence to be recovered, these errors need to be resolved. Channel decoding is performed
at the receiver after demodulation and prior to source decoding to attempt to resolve these
errors. Convolutional decoding involves uncovering the transmitted message sequence by
using the inherent coupling of information between bits introduced at the encoder to
remove the errors. Because the size of the transmitted code sequence is unknown to the

receiver, it must allocate enough memory resources to store and decode large sequences. If

the initial state of the coder is not known, the decoder must also keep track of all of the




possible code sequences in order to perform an accurate decoding operation. The best
decoding schemes attempt to quickly locate and update the most likely sequences while
quickly discarding the least likely ones. Two of the more commonly used decoding
algorithms are the sequential decoding and Viterbi decoding algorithms of which only the

Viterbi method will be discussed here [Refs. 2 and 7].

1. Maximum Likelihood Decoding

If every output data sequence produced by the channel encoder is equally likely and
if the probability of bit error, Py, is the same and independent for each transmitted O or 1 ii}
the sequence, then a maximum likelihood decoding procedure can be used by the channc;]:;

decoder [Ref. 2]. The decoding procedure involves finding the channel encoder output

sequence, U m”, which satisfies the following relationship:

P(ur|Um°) = max{P(urIU”’)}, for all U™ (4.3)

where u, is the received code sequence, U™ is one of the possible message sequences, and

P(url U™) represents the conditional probability of receiving the code sequence u, given

the sequence U™. Since the solution involves a complete search over all possible message
code sequences, the answer represents the most likely transmitted sequence. The condition-
al probability for each message sequence can also be calculated based on the conditional

probability of occurence of each bit in u,. given the bit for that time step in the correponding

message sequence,

P(u rIU'") = I1 P(u|U;") (4.4)

i=1
where uy; and U, are the ith bits in the received sequence and the reference message se-
quence, respectively. Sometimes it is useful to take the logarithm of this result in order to

simplify the calculation to a series of addition operations. See Therrien [Ref. 7] for more

details.
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2. Viterbi Decoding Algorithm

The biggest practical constraint imposed by the maximum likelihood decoding
method is that for long message sequences produced by large constraint coders, the amount
of memory and time required to store and calculate all of the conditional probabilities for
all of the sequences becomes prohibitive and in practice it is unrealizable. The Viterbi
algorithm uses the method of maximum likelihood decoding with a few modifications to

reduce this workload.

a. Preliminaries

Before explaining the Viterbi procedure, two quantities need to be defined:

the Hamming weight and the Hamming distance. The Hamming weight, wy, of a binary
sequence is equal to the number of 1s in the sequence. For example, the codeword uy =1
001 10]has wy(uy) = 3. A related quantity is Hamming distance, dj;, which is the numbér

of bit by bit differences between any two binary words of the same length. For the

codewords uy above and uy =[1 10 1 00], dy(uy, up) = 2 since they differ in a total of two

bit locations (at positions 2 and 5). The Hamming distance and Hamming weight are related

as follows:
wy(u; ®u,) = dy(ug, u,) 4.5)

where the ® symbol once again indicates modulo-2 addition. Using the two codewords

above,

u®u,={010010]
and using equation (4.5),

wp(u; ®uy) = 2 = dy(ug,u,).

b. Decoding Procedure

Instead of using the conditional probabilities of the received code sequence

as the decision criterion, the Viterbi algorithm uses the metric defined by the Hamming

distance to determine the most likely transmitted code sequence. Specifically, the code




sequence with the smallest total Hamming distance from the received sequence is the most
likely transmitted message.

The Viterbi procedure can be more easily understood by referring to the
trellis representation of Figure 4.4, with specific attention on the repetetive pattern which

emerges at step n3. The important feature to notice is that each node has two entry branches
and that these remain fixed. These branches are denoted as i; and ip (where

(i, jl1, j2)e {A, B, C, D} ) wherej1 and ;2 are the source nodes which lead to node i. Each
branch is associated with the output code symbol resulting with a transition from state j to

state i. For example, A 5 and A are the two branches which originate from nodes A and C
and lead to node A with A ,=00 and Ac=11. As the received code sequence u,. arrives, it is
parsed into code symbols of length two bits, u,; (I =0, 1, 2,...), and these code symbols are
fed to the decoder. At iteration step /, the Hamming distance between code symbol u,; and

each of the 8 branches is calculated resulting in two Hamming distances per node. For node

A, these are dy(uy,A o) and dy(u,A), for example. Each node also has an associated total
path metric, p,(Z). This is the Hamming distance between the entire path in the trellis which
leads to node i at step /, i,,4,,(), and the received code sequence u,(l) as of step /,

Pi(0) = dg(ue(D i paup(D) (4.6)
computed at the end of step /. The two Hamming distances per node are summed with the
respective total path metrics of the source nodes calculated during the previous iteration:

dy(upisg) + praG1) |
and
dy(agip) + pr1(2).
The total path metric for node i at step [ is the smaller of the two values,
pi® = min{dg(ugi;1) + priG1), dp(upip) + pr1G2)} (4.7)
In this way, the path which corresponds to the lesser total distance is kept while the other

is discarded. After a number of codesymbols of u, have been processed, the nodes in all of
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the i,,,, sequences some y steps behind the current iteration will converge to the same path

for all of the states such that at step /,

P1y(A) = pp,(B) = p.,(C) = p.,(D). (4.8)
This common path is part of the desired sequence and can be easily decoded to the original
bit sequence. The process continues until only one path is left through the entire trellis and
the entire sequence has been decoded. This bit pattern is the most likely transmitted infor-

mation sequence and is subsequently fed to the source decoder for final processing.

c. Hard vs. Soft Decisions

So far in this section, the assumption is that the input to the decoder is either
a0 or a 1 bit, correponding to some defined two-level voltage assignment. This method is
called hard decision coding because the detector preceding the channel decoder determines
whether or not the received bit from the channel is a O or a 1. There is another
implementation in which the detector outputs a multilevel voltage 