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ABSTRACT E,

This report studies three methods to solve the buffer overflow problem
introduced by using variable-length codes in digital processing of speech
signals. Two feed-back coders and one feed-forward coder are proposed.
The feedback coders perform adaptive quantization, variable-~length
encoding and buffer management. The feed forward coder performs
quantization, variable-~length encoding and the search for the right .
quantization step~size. The first feedback coder exploits the dual
function of the expansion-contraction factors associated with an adaptive
quantizer. These multipliers are used not only to track the change in
input standard deviation, but also to adjust the bit rate into the
transmission buffer. The other feedback coder controls the bit rate into -
the buffer by changing the quantization step-

size. The feedforward coder takes a vector of samples and adjust the
quantization step-size ﬁntil the total number of bits required to code

this vector is approximately equal to a given value. The design,
simulation and performance of the proposed coders for speech signals
transmitted over a telephone network are then discussed. Comparisons of
the proposed coders and an adaptive non—unifogm quantizer with fixed

length encoding are also presented. The report concludes with the

subjective performance of the coders and the trade—off between complexity

and performance.
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CHAPTER 1 INTRODUCTION

The study is motivated by the problems caused by using variable-length
encoding of speech signals in differential pulse-coded-modulation.
Differential pulse—code-modulation (ppcM) (1) systems and pulse-
code-modulation (PCM)(1) systems are widely used in speech trans-—
mission. In Canada, U.S.A. and Japan, 7-bit and 8-bit‘p—Law PCM systems
with P = 255 is used extensively in telephone speech transmission(2).
Variable-length encoding‘is a source coding technique. Longer code-words
are assigned to less probable source symbols and shorter code-words are
assigned to more probable soche symbols. In this way, the coding
efficiencycan be improved if the source symbols occur with an unequal
probability. Variable-length encoding can be done either in a sample by
sample basis or block by block basis. That is we can encode the source
outputs one by one or encode a sequence of source outputs omne at a time.
The block by block variable-length encoding can always give a better
coding efficiency than the sample by sample scheme. As the block length
-become larger and larger, we can generate a code such that the coding
efficiency are almost 1 if the outputs are ergodic. See Gallager (3)
for a treatment of source models and source coding. In our study here,
the probability distribution of the source outputs, the quantizer out-
puts, allows us to generate a code on a sample by sample basis with a
coding efficiency better than 0.95. Therefore we do not elaborate to
generate a code on a block by block basis. Using variable——length enco-
ding can improve the coding efficienty, however, this can also cause
problems with

(1) buffer overflow,

(ii) buffer underflow,



(iii) code-word synchronization problem and
\ .

(iv) transmission delay T

This study investigates these problems and proposes new methods to solve

the buffer overflow problem.

This report is organized in the followiﬁg way. In the first subsection

of Chapter 2, we discuss evolution of wave-form coders. In the second

subsection, we discuss

(1) the cause for the problems introduced by using variable—~length
encoding

(ii) the method to solve buffer underflow and code-word synchronization
problem and,

(iii) the relationship between buffer overflow and transmission delay.

In Chapter 3, we propose and describe three methods to solve the buffer
overflow problem under the constraint of acceptable transmission delay.
In Chapter 4, we demonstrate how the ideas proposed in Chapter 3 can be
used to design coders for speech signals transmitted over a telephone
network. Comparisons of these coders and an adaptive non-uniform
quantizer with fixed length encoding are also\presented. In Chapter 5,

conclusions based on the results obtained in Chapter 4 are drawn.



CHAPTER 2 REVIEW OF WAVEFORM CODERS

ez

2.1 Evolution

In this study. we concentrate on PCM and DPCM systems. Fig 2.1 shows the
block diagram of a typical PCM system. The sampler samples the analog
input every "T" sampling interval. The quantizer takes the analog sample
and replaces it with an approximate value taken from a finite set of
allowed values. The encoder takes this approximate value and specifies it -

with a code-word. The structure of a zero-memory N-level quantizer is

shown in Fig 2.2 (a). A N-level zero-memory quantizer can be defined by

specifying
(i) a set of N+l decision levels [Ty, T7, ...., Ty] -
(ii) a set of level numbers [1,2,3,...N] and

(iii) a set of output levels [Y1, Y2, ..., YyI-
The step-sizes of the quantizer, being specified by the decision levels,
can be uniform or nonuniform according to the application. Max (4)
had tabulated the optimum step~sizes, in the sense of giving minimum quan-
tization noise, for inputs with a Gaussian probability density function
(pdf). Paez and Glisson (5) have tabulated th% optimum step-size for
Laplacé and Gamma inputs. The operation of a N-level zero-memory quantizer
can be viewed as the combination of two operations. First, the "Q[.]" ope-
ration, Fig 2.2 (b), which maps the input sample to a level number that
indicates into which level it falls. Second the "Q~l [.]" operation,
Fig 2.2 (c¢), which takes the-level number and returns the corresponding
output level. Whenever the input sample Xy falls in the ith bin,.i.e.
Tij-1< Xk =<<Ti, then the combined operation "Q[.] Q71
[.]1" will map Xy to its corresponding approximate output ﬁk.

3
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For a review of the principles of quantization, see Gersho (6). For_

nonstationary inputs, adaptive quantization is usually used to deal with

the dynamic nature of the inputs.

The block diagram of a typical DPCM system is shown in Fig. 2.3. 1In DPCM

systems, the error signal ey is quantized rather than the direct

input.
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The error signal is formed by substracting a linear predicted value'?

ik from the input X;. The linear predicted value is

~ N A
Xk =o<k1X + o¢ X + ... +o<kpk\

k-1 k27 k-2 k-p 2.1

where ki is the predictor coefficient for 1€£i<p and p is the
predictor order. The subtraction reduces the correlation present in the
input. Both the predictor and the quantizer can be either fixed or
adaptive. Adaptive systems can be classified into two categories:

(a) feed-forward adaptive systems and

(b) feed-back adaptive systems
Fig 2.4 shows the feed-forward and feed-back DPCM system with both
adaptive predictor and adaptive quantizer. For feed-forward systems,
those adaptive parameters, e.g. predictor coefficients and quantization
step-size have to be transmitted to the receiver. This kind of
information is called side information. For feedback adaptive systems,
no side information has to_be sent because the receiver can recover this
information from the received signals. In Fig 2.4, the quantization
step-size for the quantizer and the predictor coefficients cxﬂis are
transmitted as side information for feed-forward adaptive scheme. If no
channel errors have been introduced, then the transmitted information

N
should be equal to the received information and Xj ='§'k.
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The signal to quantization noise ratio (SNR) 1is defined as .

SNRe Average enercy of the inputs 2.2
average energy of the quantization noise

From Fig 2.1, the SNR of PCM is

E_ > ox7

k

it

SNR =—% 2.3
2
1 2o q
k
where E,, Eq are the input energy and quantization error energy
respectively. However, for DPCM systems, the SNR is
- E E E
SNR = X X € = Gg_"SNR 2.4
DPCM E E B Q ’
q e q P
where Gp = predictor pain
energy of input signal
energy of difference signal
EX
= —F 2.5
q

and SNR quantizer SNR

- —energy of difference signal - ' 2.6
energy of quantization noise
8



With speech sampled at 8 kHz as input, Gp is about 6 dB for fixed {f
predictor and 7 dB for adaptive predictor for predictor order p equaié
1(7). as p increases, Gp also increases. However, as p

increases beyond 9, Gp is more or less reached its maximum. Noll

(7) concluded from his work that reasonable maximum Gp for fixed

and adaptive prediction are 10.5 dB and 14 dB respectively. Besides
larger prediction gain, adaptive prediction scheme is also not very

sensitve to speaker and speech material while fixed prediction scheme is

inherently very sensitive.

Fig 2.5 shows the probability density'functions of real speech,
theoretical Gamma and Laplace densities. It is clear that speech can be
apprpximated by either Gamma or Laplace density. Fig 2.6 shéws that the
probability density function of the difference signal with p=1 and
predictor coefficient as determined by Stroh (8) can also be
approximated by Gamma or Laplace density if the quantization is “fine”.
Therefore, the SNR of the quantizer alone will not change much whether
differential scheme is used or not. As a result, with differential
configuration, the SNR will be 5 dB to 10 dB greater than the SNR of the
quantizer with the same quantization scheme amd same number of levels
which acts directly on the input speech signals. The differential scheme
would behave in much the same manner as the direct PCM scheme, i.e. the
SNR would increase by 6 dB for each bit added to the code-words, and the
SNR would show the same dependence upon signal level. Similarly, the SNR

of a #-law PCM
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quantizer would be improved by about 5 dB to 10 dB if differential

configuration is used and at the same time its characteristic insen-*

sitivity to input signal level would be maintained.

Speech is a quasi-stationary process. Noll (9) and Jayant (10)

(11) had proposed adaptive quantization schemes to track the variance
of the input speech. Jayant proposed that a multiplier be associated
with each level of the quantizer, see Fig 2.7. The instantaneous

variance of the

M
I_ll__~
]
[ 4
[ 4 -
. M,% I
2
M, ' '
- = ﬂ ——3> INPUT
1,
Mj '
L
[}
[
M . - -
n Mi = multiplier; 1gien

n = integer part of (N+1)/2
= L(I+1)/2)

Pie, 2.7 L-lLevel Quentizer with Adaptation Multipliers

Iy
<

11



~,
difference signal sample e, is estimated to be Ci which is equal to,

.
o

,’}.”k = M, ,ék-l , 2.7
see Fig 2.8. The difference input is normalized by'zi before being
quantized. Note, multiplying the step-size by 81,is equivalent to
dividing the input by?%i. For a treatment of the theory of adaptive

quantizers, see Goodman (12) and Mitra (13), Jayant

T
%LENCODER >

NNVHD

et

T

J MULTIPLIER
1 TARLE

l

|

|

I

|

l

b4 —
STD ESTIMATOR

Iﬁ{e'ﬁdz,s,...,u}
M, € {Ml,MZ,...,Mn}

PREDICTOR

Fig. 2.8 DPCM System with Adaptive Quantizer (DFCM-AQ)
12




found that the adaptation scheme for speech should be fast increasing and

¢
(

[

slow decreasing of step—size. Jayant had also found that adaptive e
quantization outperforms/ﬂhLaw PCM with/1= 100 by about 5dB for speech
input. Table 2.1 shows the comparison of 3/%—Law PCM system and a DPCM
system with first order fixed prediction and a feed-back adaptive
quantizer designed for aJGaussi;n pdf quantizer. This table shows that
4-bit DPCM-AQ is preferred subjectively to a 6 bit/ﬂrLaw PCM. The SNR
improvement for DPCM-AQ with fixed prediction is expected to be 10-12 dB,
or roughtly 2-bits. The 4 bit DPCM-AQ was preferred to the 6—bi§/a—Law
PCM even though the SNR of the 4-bit DPCM-AQ is somewhat lower. This is
because the SNR shows an 8 dB bias for PCM coding, i.e the SNR of the PCM
has to exceed the SNR of DPCM-AQ by 8 dB before the two are judged to be

equally preferable subjectively.

TABLE 2.1 Comparison of Objective and Subjective Performance of DPCM-AQ
and Log-PCM witﬁ/ﬂ=100, \Y =8 0;5 where V. . =
maximum value the input X, can assume without overload
distortion, 6; = STD of the input speech.

(After Commiskey, Jayant and Flanagan (11))

Objective Rating Subjective Rating

(SNR) (Preference)

7-bit PCM 7-bit PCM (High Pref)

6-bit PCM 4-bit DPCM-AQ

4-bit DPCM-AQ 6-bit PCM

5-bit PCM 3-bit DPCM-AQ

3-bit DPCM-AQ 5-bit PCM

4-bit PCM 4-bit PCM (Low Pref)

13



The above discussion shows that for a fixed transmission rate, adaptive
differential quantization has a higher SNR than PCM. 1In other words:\
adaptive differential quantization allows a reduction in bit rate while
keeping the SNR the same. The price paid, of course, is increased
complexity in the quahtization system. One goal of digital speech signal
processing research is to generate coded speech with quality more or less
equal to the original band limited, 300-3300 Hz, speech signal at low
transmission rates, 16 kb/s or below. Differential quantization tends to B
remove the correlation in the signal. For speéch inputs, Fig 2.6 shows

that the pdf of the residual signal ¢ is not uniform. This introduces
another redundancy. This redundancy can be removed by variable-length
encoding. The purpose of using variable-length encoding is to make the
entropy of a code-word, the average value of self- information over all )
posible code~words, as close as possible to the entropy of the source. 1In
our study, this is achieved by assigning longer code~words to less probable
symbols and shorter code-words to more probable symbols. In addition, the
sample is encoded one by one. When all the symbols to be transmitted are
uncorrelated, it is possible to generate codes such that the average
code~word length of these codes is almost equal to the entropy of the

source symbols. Hence, the name entropy encoding is sometimes used instead

of variable-length encoding. H(x) of a discrete memoryless source is

defined as i

H(x) & -2, Dy logz(l/pi) , 2.8
' izl '

14



where p; is the probability of occurance of symbol Y; and the R

surmation is sum over all the symbols of the source. The entropy ofhfhe

output of an N-level quantizer in our study here is

N

#*

H = - Z—} p; log,(1/p;) ;2.9
1=

where p; is the probability of occurance of level i. For a

stationary Gaussian source with independent samples, a uniform quantizer
with entropy coding achieves an SNR only 1.5 dB less than the very best
attainable performance with block quantization. If the source samples
are correlated, a higher SNR can always be achieved, e.g. by block
quantization. Block quantization is the scheme which first takes a block
of samples then de-correlates them through a transformation. Then,

the transformed outputs are quantized individually because the variance
of the transformed outputs are different from one another. See Berger

(14) for a treatment of Rate Distortion Theory.

Hoffman (15) proposed a procedure to generate optimum decodable

codes, i.e. codes with minimum redudancy. However, the codes generated
in this way are neither self-starting nor selfrsynchronizing. 1In this
study, other self-synchronizing codes are used. Virupaksha (16),

Makhoul (18) and Cohn (19) had studied the performance of DPCM

15



systems with adaptive quantizer and adaptive predictor plus entropy‘;

v

coding (DPCM-AQ-AP + EC) for speech digitization. Fig 2.9 shows the

block diagram of a typical DPCM-AQ + EC system.

before the code-words are transmitted through the channel.

because the output of the entropy encoder is of variable rate,

A buffer is needed

This is

ANAICG FIXED
INPUT SAMPLER QL)
SPEECH — :
o'
“k
STD
ESTIMATOR
PREDICTOR
ENTRCPY
CHANNEL < [ BUFFER B ENCCDER
Fig. 2.9 DPCM with Adantive Quantizer and Entropy

Encoding (DPCM-AQ + EC)
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but the channel transmission rate is constant. A buffer is also redgired
in the receiver to store up received code-words before any decoding H
process is being performed. The results of Virupaksha's (16) gtudy
indicated that a simple DPCM-AQ + EC system will perform about 2 dB
better than one without entropy coding at a channel rate of 16 kb/s.
Increasing the channel rate will increase the gain in SNR acheived by
entropy coding. Further objective improvement can be achieved by using
an adaptive predictor and a better adaptive quantizer (17)(19),

Subjective improvement can be accomplished by adaptive shaping of

quantization noise spectrum (18),

2.2 Problems in Variable-Length Encoding

The discussion in section 2.1 shows that DPCM systems with variable-
length encoding are better than those without. However, the requirement

of the buffer between the entropy coder and the channel can lead to

(i) buffer overflow,
(ii) ©buffer underflow,
(iii) code-word synchronization problems and

(iv) transmission delay.

17



Buffer overflow and underflow are caused by the quasi-stationary natﬁre
of speech signals and the changes of the speaking level from speakergfb
speaker and from time to time during the conversation. For speech
signals, the variance of the voice segments are much larger then unvoiced
and silent segments. In telephone transmission, the speech variance is
allowed to have a 40 dB dynamic range while maintaining a minimum
acceptable SNR of 25 dB (6), When the variance of the input to the
quantizer changes, the bit rate into the buffer also changes. This is
because it takes time for the quantizer to adapt itself to the input
power level. Therefore, the buffer input bit rate can be higher or lower
than the channel transmission rate. Buffer overflow will occur if the
input bit rate is larger than the transmission rate for a long time. On
the other hand, buffer underflow will occur if the buffer input bit rate
is smaller than the transmission rate. The buffer underflow problem can
be solved by sending dummy signals to the receiver to mark time until the

buffer has enough information to tramnsmit.

A set of modified Hoffman codes, the so called self-synchronizing Hoffman
codes, is used thrOughOut"this project. Fig 2.10 shows the structure of
the codes for a 19-level quantizer. The receiwver can start parsing the
bit stream after it decodes a “0". The self-synchronizing codes for an
N-point quantizer, with N # 19, can be constructed in the same way.
Makhoul (18) found that, with channel rate at 16 kb/s, the codes in

Fig 2.10 which is optimal for an exponential distribution is almost
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optimum for difference speech signals because the inner most seven bins

is identical to Hoffman codes and these bins account for 997 of the

data.

Figure 2.10 Self-Synchronizing Hoffman codes for a 19-level quantizer.
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Therefore, the initial synchronization problem is solved by using this
set of codes. In addition, the receiver can synchronous itself when a
"0" is decoded. This eliminates the problem of generating a string of

incorrect code-words immediately after a wrong bit is received due to

channel noise.

Telephone transmission delay of 45 msec or more will cause known echo
problems. These problems can be solved by putting echo cancellors or
echo suppressors at appropriate locations throughout the network (3).
Echo free delay had little effect on speaking level. However, round trip
echo free delay of 600 msec is large enough to cause double talking, i.e.
simultaneous speech from both speakers, mutual silent and confusion
between the speakers (20)., Transmission delay can be reduced by

using short buffers, but this will increase the probability of buffer

overflow and loss of information.

In this project, we will develop buffer management schemes that will
eliminate buffer overflow problems for low bit rate speech transmission
with acceptable transmission delay. Channel errors are not considered in

1

this study.
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CHAPTER 3 BUFFER MANAGEMENT

Buffer overflow caused by using variable-length encoding had been studied
by Goyal (21) cohn (19) and Qureshi (17). Goyal shifted

the buffer between "normal"” and "full" regions. Whenever the buffer is
in the full region, i.e. buffer overflow will probably occur, a
quantizer with fewer levels is used. The set of codes used with this
quantizer has the property that the longest code word is equal to or less
than the channel bit rate. The buffer contents, therefore, decfeases
gradually and returns to the normal region. It is obvious that the SNR

is low in the buffer full region. The decision levels of the quantizer

in the normal region have to be carefully chosen to ensure that the
long-term average bit rate into the buffer is less than the transmission i
rate by a reasonable amount. This is to ensure the probability that the
buffer is in the full mode is small. However, with the quantizer output
entropy less than the channel rate most of the time, the system is not
running optimally. This is because the maximum SNR a DPCM-AQ + EC system
can achieve is directly proportional to the average quantizer output bit

rate. Cohn also used a similar technique to deal with the buffer

overflow problem (19), +

In our study, we will concentrate on the quantizer, the entropy encoder

and the buffer of the DPCM-AQ + EC system. Quantization errors can be
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classified into two kinds
(i) slope overload (clipping errors) and

(ii) rounding errors (granular noise)

Clipping errors occur whenever the absolﬁte value of the input samples

is larger than V in Fig 2.2 (a). Clipping errors cause undesirable
degradation in the output speech in the form of "pops"” or "clicks".

Clipping errors can be reduced by using a quantizer with a large number

of levels. Simulation results show that the coders in this study with.
quantizers of 19-levels have a probability of overload less than 0.003.

Gish and Pierce (22) had shown that for quantizers with moderate to

large numbers of quantization levels, uniform quantization minimizes the
entropy for Laplace input, i.e. the transmission rate is minimized, if
variable—-length encoding is used, for a given mean-square quantization

error. Fig. 2.5 and Fig. 2.6 show that both direct and difference speech
samples can be approximated by a Laplace pdf. In this project, a 19-level
uniform quantizer with decoded values taken at the center of each bin is

used. If the decoded values are taken as the centroid of the quantization
bins, the output mean squgfe error will decrease slightly only because of

the large number of quantization levels used.‘ 0dd number of quantization
levels are chosen because this will reduce channel noise during silent
segments.

Transmission rate is fixed at 16 kb/s in this project. At this rate, the codes
shown in Fig 2.10 are nearly optimal. If the transmission rate changes, other

entropy codes have to be derived.

The transmission delay introduced by the presence of a transmission buffer and
a recieving buffer in Fig 2.9 is directly proportional to the buffer size.
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The total number of bits in the two buffers is not constant. Howevet,
the total number of samples in the two buffers is constant. When the
transmitter buffer is full, the receiver buffer is empty and vice versa.

Therefore, the transmission delay D is given by

D = buffer size _ BS 3.1
B channel rate - Tr * )

The acceptable delays are different for different applications. For
telephone speech transmission, the round trip delay for a satellite link
is about 500 msec. Therefore the maximum allowable delay due to the
introduction of transmission and receiving buffer is

600 msec - 500 msec = 100 msec . 3.2

The maximum tolerable delay in any application in turn limits the buffer
size. Increase the buffer beyond this limit may result in an

unacceptable delay.

As stated before, speech is a quasi-stationary. process. Speech
waveforms can be classified into voiced, unvoiced and silent segments.
To deal with buffer overflow problem, we can merge unvoiced, silent and
other low energy segments together and consider speech waveforms are

composed only of high energy and low energy segments.
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In the rest of this chapter, three methods to deal with buffer overflow
are proposed. The first two methods use feedback while the last is a-.

feed-forward scheme.

3.1 Adaptive Expansion-Contraction Factor

3.1.1 Model

As stated in Chapter 2, changes in input standard deviation (STD) can be
tracked by assigning a multiplier to each quantizer level, see Fig 2.7.
If all the multipliers are fixed, and if My to Mj are less than 1

and Mj4] to M, are greater than 1, then the multipliers can be

thought of as trying to keep the input to the quantizer to a power level

6E between the quantization levels with multipliers Mj and

Mij+1. When the input changes state, from high energy to low energy or
vice versa, the magnitudes of the multipliers, especially multipliers of
inner bins and outer bins determine the adaption speed. Inner bins are
quantization levels with code—-words that are shorter than or more or less
the same as the channel rate in bits per sampling period. In our case,
these levels are closer tg-the most inner bin. Outer bins.are quantiza-
tion levels with code-words that are considergble longer than the channel
rate in bits per sampling period. In our case, these level are further
away from the most inner bin. The adaption speed in turn determines the
buffer size. For speech signals, fast expansion and slow contraction is
recommended. In either one of the two states, high energy or low energy,
the magnitudes of M; and Mj4] have dominant effect on the instan-~

taneous bit rate into the buffer if variable~length codes are used. For

codes shown in Fig. 2.10, as Mj4) and Mj increase, the bit rate
into the buffer decreases because the input signals have a higher
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probability of falling into the inner bins. Conversely, as Mj4] gpd.

M; decrease, the bit rate increases. .

For fixed multipliers, the response rate is inversely proportional to the
steady state granular noise (12). Software simulation techniques are
usually used in searching for multipliers which minimize the quantization
noise. The set of multipliers do not lead to a unique minimum. Motivated by

the exponentially increasing nature of the multipliers, we set

A+B(i—1)2
(A+B(i-1)2)0+5

i=1'2'oo|'n 3.3a

=
i

or i=1!21'--1n . 3.3b

where A and B are constants. With multipliers satisfy equation 3.3, the max-
imum segmental SNR (23) (SEGSNR) obtained is almost optimum. See sub-
section 4.2 for the definition of SEGSNR. The maximum SEGSNR obtained with
multipliers not subject to equation 3.3 is less than 0.1 dB better than that
with multipliers satisfy equation 3.3. However, this greatly reduces the
computer time in searching optimum multipliers and highly simplify the buf-
fer management scheme which is going to be discussed in the next subsection.
For adaptive multipliers, it should be the rate of change of the

multipliers magnitudes which is inversely proportional to the steady

state granular noise. All in all, changing the multiplier magnitudes can
change the adaptation speed and can adjust the bit rate into the buffer

when the speech is in either of the two states. A block diagram of the
coder which has control over the bit rate into the buffer is showﬁ in Fig
3.1. The quantizer is fixed. The multiplier of each quantization level

is updated with feed-back knowledge from both the quantizer and the buffer.
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Mathematically, the output of the multiplier logic unit is

- N+1 2

MTk = MTk_l(Ak+Bk(Lk_1-L > <) , k=2 3.4a
- . _N+1 2,05 .

or MTk = MTk—l(Ak+Bk(Lk-1‘L 5 J) ) , k=2 3.4b

where l:J means “integer part of". Ay and By are fixed by the

buffer management scheme. The determination of Ar and By is
discussed in the next subsection. MTy is limited within the range of
MThin and MTpax- The initial multiplier logic output, MTj,

can assume any value between MIyi, and MTp,x. A clipper with

Vmax and -Vpax as clipping levels is included in the coder.

Vmax is the overloading level of the adaptive quantizer. Subsection

4.2.1 gives an exémple of how to determine Vpzyx. Therefore the
inclusion of the clipper will not degrade the coder performance ﬁhen
compared with the DPCM-AQ + EC coder without the clipper because the
input samples with amplitude greater than Vp,y are going to be
clipped off in the quantizer. However, the clipper is needed in
order to deal with buffer overflow problem. This is because it takes
time for the coder to track the change in inp%t STD. If the maximum
allowable input amplitude is not specified, we cannot determine the

minimum buffer size that will not be overflown.
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3.1.2 Buffer Management Scheme

In this method, the quantizer is fixed but the multiplier magnitudes are
changing through changing "A" and/or "B" in equation 3.3. However, if
"A" and "B" can assume any value, they will destroy the primary function
of the multipliers, namely to keep the STD of the input to the quantizer
to a fixed value dc. d% will be between levels with multipliers Mj

and Mj4] if M} to M; are less than 1 and Mi+gto M, are

greater than 1. When A or B decreases,dg will increase because
multipliers Mj41, Mj4o and etc. may be less than 1. If the code

length corresponding to each multiplier is a monotonic increasing func-
tion of multiplier magnitude, which is true in our case, then the bit
rate into the buffer will increase when dz increase. With MTy

limited to be greater than MIyi,, d; may shift up to a much much

higher value in low lenergy states. On the other hand, wheﬁ A or B in-
creases, dé will decrease because multipliers M;j, Mj-1 and

etc. will become greater than 1. Hence, the bit rate into the buffer will
decrease. However, any change in d; to a fixed quantizer will de-

grade its performance. Therefore, we have to limit the ranges of change
of "A" and "B" so that the change in 6; will not degrade the coder
performance significantly. With channel rate equal to 16 kb/s and sam-
pling rate equal to 6.5 kb/s, the channel removes about 2.5 bits from the
transmission buffer every sampling period. For coders using the
variable-length codes in Fig 2.10, in.order to gain control over the bit
rate into the buffer and to eliminate buffer overflow, the minimum range
of change of 6; due to changes in "A" and/or "B" is the step-size.of

the quantizer itself. To be more specific, the lower limit of the power
leveld, is around A;/2 and the upper limit is around 3 8,/2.
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In most application, 84 is more or less the minimum range of change of 62‘

The changes in,d; is the price we have to pay in order to deal with
the buffer overflow problem. However, for quantizers with ranges up to 7
- 8 d%, this little changes in 62 will not degrade the quantizer

performance.

To simplify the buffer management scheme, only "B" will be changed and

"A" is kept fixed. The reasons are:

(i) it will give a larger range of variation for Mp,M3...,

Mo | .
(ii) My and M3 more effective in controlling the bit rate into

the buffer when the speech input is in one of the two states and

the coder using codes in Fig 2.10, is running at 16 kb/s or above;

(iii) it will limit the maximum range of change of dc due to changes in
"B" close the limit as stated in the previous paragraph
N
if B is allowed to change with certain prefixed limits

[1] ” B .
and mi

” ”
Bmax n '
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i

"Bpmax " and " Bpin depend on the code-word structure, the N
channel rate and the sampling rate. The rule to determine Bhax is tgﬂ
make sure that the buffer contents will decrease even under the worse
case once "By" and "MTy" reache§ their upper limits "By,x" and

"MT,ax respectively. The worst case will occur if the input signals
remain at the maximum allowable level Vpgy for more than one sampling
period. The following shows how "Bp,y" and "Bpip" are

obtained for coders using codes in Fig 2.10 with channel rate equal to 16

kb/s and sampling rate equal to 6.5 kSample/s. For "By, set

A+ By, (2-1)2 = 1/40.5 3.5a
or A + Bpax (2-1)2 = 1/A " 3.5b
or A+ By, (2-1)2 = 1/A2 ... 3.5¢ )
etc.
Therefore
Bpax = 1/A0-5 = A . 3.6a
or Bpax = 1/A - A ' 3.6b
or Bnax = 1/AZ - A 3.6c
etc.
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With MT.y, being fixed by the designer, large enough to make the

samples with amplitude equal to Vp,y4 fall in the most inner level,

eq. 3.5a guarantees that, under the worst case, the input samples will
fall in the 10th and 1lst levels in the ratio of 1 : 2. As the code-
words of these two levels are 3 bits and 1 bit long, and the channel
removes 2.5 bits from the buffer every sampling period, therefore the
buffer contents reduce at a rate of 0.5 bits every 3 sampling periods.
Eq. 3.5b guarantees that the input samples will fall in the 10th and 1lth
levels in the ratio of 1 : 1 under the worst case. Therefore the buffer
contents reduce at a rate of 1 bit every 2 sampling periods. Similarly,
eq. 3.5c guarantees the input samples to fall in the 10th and llst bins
in the ratio of 2 : 1 under the worst condition. As a result, the buffer
contents reduces at a rate of 2.5 bits every 3 sampling periods. 1In this
study , eq. 3.6c is adopted because it brings the buffer contents back
to the "0" reference point faster than eq. 3.6a and eq. 3.6b. The reader
should notice that if, instead of adaptive multipliers, fixed multipliers
Mis satisfy eq. 3.3 with "B" given by eq. 3.6 are used, there wiil be

no buffer overflow. However, experimental results show that the coder
with these multipliers performs worse than an ‘adaptive non-uniform

quantizer with fixed length code-words. 1If another set of fixed
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multipliers is used in order to improve the SNR, then buffer overfldw may
occur. This is because, depending on the speaker and the speech conﬁént,
the bit rate into the buffer may tend to increase when the speech is in

the high energy state. This may fill up the buffer before the transition

comes .

The rule to determine "Byi," is that when "By" reaches "Bpin"

and "MTy" reaches "MTpin", the buffer contents should increase if
"MTp,in" is small enough to map the input samples to levels with
code~words longer than the channel rate in bit per sampling period.

Again, channel rate is equal to 16 kb/s and sampling rate is equal

to 6.5 kSample/s . Set

A+ Bpin (3-1)2 =1 ' 3.7

Buin = (1 —A) /4 : 3.8

As the code lengths corresponding to M3 is larger than 2.5 bits, see

Fig. 2.10, therefore the buffer contents will increase.

There is more than one way to change "B" in order to deal with the buffer
overflow problem. A very simple way is adopted here, see Fig 3.2. Only
two pieces of information are required to implement this. First, is the
buffer occupancy BFOC, number of bits in the buffer, increasing or
decreasing? Second, is the buffer occupancy greater than or less than
the "0" reference point? The "0" reference point can be set at anywhere

within the buffer. 1In this study, it is set at the middle of the buffer.
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If the buffer occupancy is increasing, i.e. the k-1lst code-word 1eﬁgth

(%
LRV

is greater than the channel rate in bits per sample, then

Bhin€ BkéBmax & k»2 3.9

o=y

(ii) BFOC &£ 0

& kz2 3.10

For decreasing buffer contents, i.e. the k-lst code-word length is less

than the channel rate in bits per sample, then

(iii) BFOC 3z O

Bk = Bk—l + ABB i BminéBkéBmax & k»2 3.1
(iv) BFOC < 0
Bk = Bk—l * ABLI- i Bmin"' BksBmax & ka2 _3°12
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Bpax and Bpj, are obtained from equations 3.6 and 3.8

respectively. The intial value of B, B;, can assume any value

between Bpax and Bpin-

We end this subsection by listing the steps which should be followed to
design a coder which can eliminate buffer overflow by the method proposed

above.
Steps

(1)  Fix MT;.. and MTyi, such that
(a) they will provide the required dynamic range for speech
signals, and
(b) MT ,x is large enough to bring the maximum allowable input
Vnax down to a magnitude thag will fall into a bin with
code-word length less than the number of bits taken out by the

channel per sampling period.

(i1) optimize A, AB;, AB,, AB; and AB,

IS

- for speech signals.

(iii) Test the coder with a square wave under the worst condition and
note the maximum buffer occupancy. This maximum buffer occupancy
in turn is used to calculate the required buffer size; an example

is given in subsection 4.1.
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(iv) Calculate the maximum possible delay Dp,y.

(v) If Dy,x obtained from (iv) is too large, increase 4B] and

return to step (iii) until Dp,, is acceptable.

3.2 Adaptive quantization step-size

3.2.1 Model

In this subsection, we describe a method in which the buffer management
scheme has very little influence on the STD estimation of the input
signals. The block diagram is shown in Fig 3.3. As we want to separate
STD estimation from buffer overflow strategy, we cannot use Ly to
derive z?k, the estimated kth sample STD, which is equivalent to
MTy in section 3.1. This is because Ly does not reflect Xy's
amplitude for a non-fixed quantizer. Therefore, the output of Q‘l
[-]1, Y;s, must be used for STD estimation. stroh(8) suggested a
block average approgimation. The estimated signal variance is

~ M-1 -

& - 4 2 (?k-l-m_)z ‘ 1

m

where M = block length

g =& .Y | 3.14
k-1 k-1 L, ,
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Castellino(24) suggests an exponential average

k-1 n ~
m=

0¥ <1 & k2 2.

This can be rewritten as

A CT I S L J/(LLZX (ka1 +
k-2 ~ 2
(2 3,%)
SO SN SIS A 3.16

Substitute 3.14 into 3.16, therefore

-
\%
N
w

.17

where
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-
Ly

For the detailed relationship between an adaptive quantizer and a STﬁ
estimator, see cohn(25), As a matter of fact, equation 3.3(b) is

analog to equation 3.18. The effect on the STD estimator due to changes
in quantization step—size is to degrade the accuracy of the estimated STD

when the step-size is large. Equation 3.18 shows that

e, &1 if Y <1 3.19
k L,
and
= >1 if Y >1 3.20
X L,

independent of X’. Therefore, for an odd-level quantizer with O,,¢
= 2, the STD estimator which performs 3.17 and 3.18 will always track the
input STD and adapt the input to the quantizer to unit standard

deviation. Whenever the input speech signals changes from low energy to

high energy state, the bit rate into the buffer increases because it
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takes time for the STD estimator to track the change and so the input
signals have a higher probability of falling in the outer bins duriﬁé”
this transition. Buffer overflow may or may not occur. This depends on
whether (i) the coder can adjust the bit rate into the buffer when the
input is in one of the two states,

(ii) the STD estimator can adapt fast enough to the transition from low

energy state to high energy state.

3.2.2 Buffer Management Scheme

The width of the bins (quantization step-size) has an influence on which
bin an input sample is going to fall. When the quantization step-size is
large, the sample has a higher probability of falling in the inner bins. -
When the step~size is small, the sample has a higher probability of

falling in the outer bins. Therefore, we enlarge the step—-size when the
buffer occupency increases and decrease the step-size when the buffer
occupency decreases. A simple way of changing the step-size, similar to
that of changing "B" in subsection 3.1.2, is shown in Fig 3.4. When the
length of the k-lst code—;;rd is greater than the number of bits out of

the buffer by the channel per sampling period,, then

(i) BFOC=20

Byk = Bxk-17 gax b AninS 8,8, & k22 3.21
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(ii) BFOC <« O

Ay = Byg-1” gAXZ i ByminS 8y €l & k32

"
-

3.22"

When the length of the k-1th code word is less than the channel rate in

bits per sample, then
(iii) BFOC =0

Ay =Axk-1+gAx3 i Aymin<Ax£hgmax & 2

(iv) BFOC <L O

Axx =Axk—1+‘§Ax4 P Aymin<Ay €hnay & K32

The initial bin width,Ay), can be of any value between

Axmax and Axmin The value of Bypax is:

2 for odd-level quantizer

A

xmax .
1 for even level guantizer

3.23

3.24

3.25

This limit on the quantization step-size eliminates the possibility that

the buffer management will destroy the function of the STD estimator.

The value of A, ;  depends on the channel rate, the code-word

structure and the sampling rate. The rule to determine Aynin is that

~ ~
when "Axk" reaches "Axmin" and " "’k" reaches " dmin", the

buffer contents should increase if " g/min"is small enough to map the

input samples to levels with code-words longer than the channel rate in

bits per sampling period.
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The values chosen for the parameters g;xi have strong effect on SNR !

and delay. éiaxl and égxz will speed up the standard
deviation adaptation in the transient period of transition from low
energy to high energy state and reduce the probability of occurance of
outer bins. Therefore the minimum buffer size that will not result in
buffer overflow is directly proportional to the sizes of SAxl and

S;Xz. However, if Oaxl is too large, SNR will decrease because of
large fluctuation in the quantizer's decoded outputs when the input is in
one of the two states. As 8,x] becomes larger and larger, the
reduction in delay will be less significant and finally the step-size
will increase faster than E?. Obviously, SNR will degrade a lot at this
stage. SAX3 and S;x4 will reduce the bin width if the
output bit rate of the entropy encoder is less than the channel rate.
éﬁx4 will also improve the SNR of the silent state. All in all,
the STD estimator tracks the changes in input speech signals while the
buffer management strategy maintains the buffer contents to the "O"
reference position of the buffer. The following lists the steps to

determine values for parameters of the proposed coder.

Steps- L

. ~ ~, .
(1) Select d%in and daax, the minimum and maximum of the STD

estimator output, such that this will provide the required

43



~,
dynamic range for speech signals. In addition, d;ax should be
large enough to bring the maximum allowable input Vmax to less than
unity.

(ii) Determine Ay, .

(iii) Optimize Saxl, Saxz, 50x3 and gax4 with a test speech

utterance.

(iv) Test the coder with a square wave under the worst condition and

note the maximum buffer occupancy.

(v) If the maximum possible delay obtained in (iv) is not acceptable,

increase Opy] until the delay is acceptable.

3.3 Block Quantization

3.3.1 Model
The concept of block quantizaion is used to solve the buffer overflow

problem. Fig 2.5 shows the block diagram of the coding process. The

samples are first stored up in a buffer. Every M sampling periods, a
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vector of samples of dimension M is fed to the quantization and encd@ing
logic unit. Unlike conventional block quantization, the vector does ﬁot
undergo any transformation for the purpose of decorrelation. All samples
of the vector are quantized with quantizers of equal step—size and equal
number of quantization levels. Each quantizer output is encoded with
codes shown in Fig 2.10. Then the total number of bits By required

to code the whole vector is checked. If

Tr
Sr - Bs - Bmax ’

where Tr is the channel rate in kb/s and

BT (threshold bit) BN M x

. _ 3.26
Sr is the sampling rate in kSample/s ,
t hen the code-words are dumped into the idle buffer which is not

transmitting. Bt in equation 3.29 is fixed by the designer. One
reasonable choice for codes in Fig 2.10 is

Bp = Bpax - (N-1)/2 3.27
B, is the number of bits used to code the step-size. If By does
not satisfy 3.26, then the quantization and enEoding logic unit will
adjust the step-size, quantize and encode the whole vector again. This

process will be repeated until By satisfies 3.26. The strategy for

adjusting By will be discussed in the next subsection.
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In a practical realization, another constraint has to be met. The time
required for the quantization and encoding logic unit to process the
vector and dump the code-words into the idle buffer (either buffer 2 or

buffer 3) has to be less than or equal to (M/Sr) sec.

3.3.2 Buffer Management Scheme

Once again, the idea of changing the step-size is used to change the
probability of occurence of each bin of the quantizer. For any given
input vector, the probability of occurence of the inner bins will
increase as step—-size increases and will decrease as step-size decreases.
By, therefore, will decrease as step-size increases and will increase
as-step-size decreases if entropy codes shown in Fig 2.10 are used. We
can conclude that By is a monotonic decreasing function of

quantization step-size, Fig 3.6 shows this function with an assumption
that when the quantization step-size equals to 0, all elements of the
vector fall into the two outer most bins. As the step-size increases
indefinitely, the whole vector will finally fall into the most inner

bin.

For stationary input and constant transmission rate, the quantization
distortion decreases as the dimension of the vector M increases. 1In the
limit, as M increases to infinite, the minimum distortion approaches a
limiting value depending on the transmission rate(13), However, this

is not true
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for non-stationary processes like speech in our application here. If M
is large, the vector may include both high energy and low energy seé&ents.
The distortion in the silent periods will be large. This is because each
element of the vector is being quantized by quantizers with equal step
size and equal number of quantization levels subjected to equation 3.26.
This may result in a step size which is fairly large for the silent
period. The other factor which limits the size of the vector is the
transmission delay D which is approximately equal 2M/Sr sec. Therfore, we
have to find an optimum M such that it will give best SEGSNR and will

introduce a delay which is less than the maximum allowable delay.

. There are 3 conditions which govern the strategy for adjusting the

step—-size. They are

(1) By must be less than Bpay,

(ii) The final step-size should give best SNR for the corresponding
vector and

(iii) The final step-size must be determined within M/Sr sec.

Obviously, conditions (i) and (iii) have to be met at any cost. A fast

algorithm to determine the optimum step—-size has to be developed. Now let

us take a close look at condition (ii). Overload distortion increases

with decreasing step-size. The relationship between the step-size and

granular distortion is not as simple. For a given sample Xk, the

granular distortion is not a monotonic function of the step-size. The

error’ik—Xkllies in the shaded area of Fig 3.7. That is, reducing

the step-size does not guarantee the reduction in granular noise. However,

if the step-size is adjusted according to equation 3.28,
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then granular noise will not change in the opposite way the step-size is

chbanging. This is also true for a finite dimension vector

_ o1
Axx= 2 Axk-l ;i 1le {Integer}
3.28

k=2,3,4,... & Ayq=initial
guess

of samples. For M tends to infinite and with continuous input, we reduce
to the well known result that granular noise is approximately

Ax2/12 for uniform quantizer. Adjust the step—size according to

equation 3.28 has the defect that the resolution is not good enough. Let
Bi and By,with corresponding step-sizes 4Ax] and 2

Ax1 ,satisfy 3.29.

By & Bpaxy < Bl 3.29

In between Ayl and 2 Ay1, Fig 3.7 shows that there will exist

other step-sizes which may give substantial improvement in SNR over 2
A&i . Statistically, with M reasonable large, a smaller step-size will

give smaller granular noise. Therefore, we adopt the following strategy

for changing the step-size.
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(i) Sort out 441 and 24,; with corresponding Bj and

B, satisfy equation 3.29
(11) Let Ay = 2 x By, Axs =8x1

(iii)let Ay =841, - (Bpax — B2) (4x1 — Ay )/(B,-B,)

and calculate the corresponding By.

(iv) Let Ay = Ay and By=By if By > B, .,

Let Ayp, = Ay and Bp=By if By <BT

(v) Repeat (iii) and (iv) until By <By<B ... Then

Axk is the step size for the corresponding input vector.

A detail flow-chart for the quantization and encoding process is shown in
Fig 4.12. The above method of adjusting the s‘tep—size without regard of
SNR favourite granular noise at the expenses of overload noise. If the
input signals changes abruptly, the vector may accidently contain only
samples of the two extremes, i.e., samples with amplitude very close to

either "0" or "Vp,4". If this happens and the number of samples with
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amplitude close to Vp.. is smaller than ((Tr/Sr)-1) xM/(N-2), -
assuming codes in Fig 2.10 are used, then the above strategy to sorgnout
the step-size will end up with a step-size which will result in a very
large overload distortion. Fortunately the energy rises graduaily before
the pitch pulses come and decays gradually from voice to silent period,
see Fig 4.1. Another way to eliminate the possibility of large overload
distortion is to use as many quantization levels as possible to totally
eliminate clipping error. Besides the above proposed method to sort out
the right step-size, there are other ways to do this too. For example,
one can calculate the STD of the vector and adjust the step-size

according to the calculated STD until equation 3.26 is met.

We end this section by adding a few more comments on this method to solve ~
buffer overflow. In order to satisfy the speed requirement, the number
of iterations to determine the step—size has to be limited. In hardware
implementation, quantized step—size should be used in the transmitter as

well as the receiver, and, the maximum allowable step-size should be

large enough to make input samples with amplitude equal to Vmax or

—Vmax fall in quantization levels with code-words shorter than the.

channel rate in bits per sampling period.
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CHAPTER 4 MODELS SIMULATION AND RESULTS

In this chapter, we describe the computer simulation for the buffer
management schemes discussed in chapter 3, experimental set up, input
signal characteristics and the comparisons of the proposed coders with an

adaptive non-uniform quantizer with fixed length codes.

4.1 Experimental Set up

Computer simulation is used to investigate the performance of the
discussed buffer management schemes. Software implementation has some
inherent advantages over hardware implementation. Software
implementation permits

(i) experimental optimization and

(ii) easy modification of system parameters.

The steps for the simulation procedure adopted in this study are listed

below:

(i) The analog signal is sampled at 6.5 kHz, digitized by a 15 bit A/D

converter and band-pass filtered by an FIR (finite impulse response)
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digital filter with a pass-band equal to 200 Hz to 3.2 kHz.

(ii) Carry out any necessary pre—-processing operations. 1In this study,
linear prediction technique (1) is used to remove the format
energy and pitch prediction technique (1) is used to remove the

pitches.

(iii) The software than simulates the adaptive quantizer, entropy encoder
and buffer management in non-real time with input

generated in (ii).
The outputs produced above can be converted back to analog signals by a 15
bit D/A coverter and playback under computer control. The simulation
discussed above is performed on a VAX-1l mini-computer in FORTRAN.
Appendix A gives a listing of the FORTRAN programs and subroutines
relevant to the simulation.
The utterances used in this study are:

(1) A: "Sorry the number you have dialed is not in service." and

(ii) B: "It's easy to tell the depth of a well.”
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The speech utterances used as input for the simulation of the coders are:
(1) SRFMT; utterance A with formant structure removed.
(ii) SRFMP; utterance A with both formant structure and pitch removed.
(iii) FA3; utterance B spoken by a female speaker.
(iv) MB3; utterance B spoken by a male speaker.
The average STD of these four utterances are tabulated in Table 4.1. The
waveform of SRFMT is shown in Fig 4.1. Speech utterance SRFMT is used to
obtain optimum parameters for the quantizer and the buffer management

logic unit.

TABLE 4.1 Average STD

SRFMT SRFMP FA3 MB3

315.53 258.14 2816.4 1575.7

4.2 Simulation results

The simulation results are presented in four subsections. The first deals

with adaptive quantizer (AQ) + entropy encoder (EC) + buffer management
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(BM) using adaptive expansion-contraction factors (AECF). The secon@
deals with AQ + EC + BM using adaptive quantization step-size (AQSS)Y\‘The
third one deals with AQ + EC + BM using the concept of block quantization.
For all three coders, the number of quantization levels, N, is set equal
to 19 and the entropy codes in Fig 2.10 are used. The fourth one presents

the comparisons among the above three simulations and an adaptive non-

uniform quantizer + fixed length'encoder (ANQ + FLC).

The performance of the three proposed coders are examined by the following

- two methods.

(i) Plots of input waveforms to the coders, decoded quantizer output
waveforms at the receiver under the assumption of error—free
transmission, waveforms of buffer occupancy and waveforms of sliding
SNR(15). " The SNR for sliding SNR waveforms is computed by
equation 4.1 over 100-sample (15.4 msec) segments of the decoded

quantizer output.

100
(x,)?
SNR (Sliding) = 10Log, (1 + —=% y 4l
k=1

SLISNR

The "1" in equation 4.1 restricts the SNR of individual segment to

positive values.
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(ii) Segmental SNR (SEGSNR) as an objective distortion measurement. °
Conventional SNR tends to give more weight to high amplitude segments
of speech. Segmental SNR eliminates this bias by averaging SNR over
short intervals (10 ~ 30 msec). In our simulation, all the intervals

are of the same length.

Let:-

Ng = number of samples each interval, and

Nggg = number of intervals of the input speech utterance

Then
N *xNsrg 5
. o 1 4.2
SNR (convention) £ 10xLoglo( T — ),
: 6 D
but -
SEGSNR £ 10 Log,, q° 4.3
with
Ny
2
N X
> 1 SEG k=(j—1)NS+1
i=1 S s \2
k=(j_1)NS+1
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eo 4
o’s SEGSNR = 10 x logig (10Z - 1)

Again, the "1" added to %2 in equation 4.4 restricts the
contributions from the individual segments to positive values. This
allows one to take into account the effect of noise both in the present
and absense of speech. In our simulations, Ng is set equal to 100 .
samples, i-.e. 15.4 msec, for coders proposed in subsection 3.1 and 3.2.
Ngrg depends on the length of the utterance. For SRFMT and SRFMP,

Ngrg equals 212 segments. Optimum parameters for the proposed coders

are obtained by maximizing segmental SNR with SRFMT as input.

4.2.1 Adaptive Expansion - Contraction Factors

In this subsection, the coder shown in Fig 3.1 with buffer control
parameters satisfying the delay requirement for speech transmitted over
the telephone network is simulated. For convenience, the equation of

MTy and those related equations are repeated here.

_ R N+1 2y
MT, = WD, (AB (D - S0P 5 ke,

,é 5 ',é' 'é'
MTmln MTk MTmax & B min B k’B 1 B max
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or _ N+1 2,0.5
MT, = MTk_lx(A+ka(Lk_1— |_-——2 1))
k=2, MTminé MTk' MT1_4_ MTmax
& Bminé Bk' Blé Bmax
] - _AY . ? - ' 2
B' s, = (1-AY/4 ; B' g = 1/(A")% -
- (1~ ; 2
Bmin - (1 A')/Ll' y Bmax - 1/A - A

and
] -— ' B .
B k(Bk) = B k—l(Bk—l) + ABi :

i=112'3 & Ll' H k=22

To simplify the search for optimum AB;s,

set

AB, = A B/2
AB3 = 4 By/2
&By, = A By/2

61

~
L 4.7(b)
Al 4.8(a)
4.8(b)
4.9
4.10



Now, follow the steps listed in subsection 3.1.2. We first have to fix

MTyin and MIpax. The minimum dynamic range for telephone
transmission is 40 dB (6). As 7-bit and 8-bit #-law PCM wit9ﬂ=255

are used is telephone networks, therefore Fig. 4.2 is used to determine

MTpax and MIpin- In this simulation, a dynamic range of 45 dB

which is larager than the minimum 40 dB is used. With reference to Fig.

4,2, for minimum requirement of 25 dB,

20 log]_o V/Pmax = 12 dB

where V = overload factor of the Law PCM coder
Ppax = maximum inpuf level to the/éFLaw PCM system for minimum
performance of 25 dB,
With 45 dB dynamic range,
20 log1o (Pmax/Pmin) = 45 dB
where Ppip = minimum input level to th%/M—Law PCM system for minimum
performance of 25 dB.
Therefore,

V =102.25 x 1006 x Py,

In telephone networks, V is set equal to 84, where dx is the
operating signal level of the network. In our study, we set d% = 10.
Therefore

vV = 80
From eq. 4.13 and eq. 12

Ppin = 0.113 and

Pmax = 20-1

62

bh.o11

h.12

h.13

.1k

h.15
h.16



With reference to Table 4.1, it is noticed that the signal levels of. the
difference signals are about 10 times less the direct speech signaléf As
SRFMT is used to determine optimum parametars for the coder. Therefore

MTpin and ﬁémax of the coder are

MTpin = Ppin/10 = 0.0113 - b.17
~
MTpax = Ppax/10 = 2.01 . 4.18

Therefore the coder will give a roughly flat response for differential

inputs with levels lie in between MIpip and ﬁﬁmax- We cannot

obtain V.. of the coder by just scaling V with a factor of 0.1. This

is because the predictor in DPCM coders do not remove the pitches in

speech utterances. These pitches can have amplitude 15 to 20 times the power level
of the difference signals. As dy for the//(—Law PCM is 10, so the v )
corresponding level for our cdder is 1. This is obtained by scaling down

the d; of the/ﬂELaw PCM by 10. Therefore, the maximum allowable

amplitude to the coder is

Vmax = 20 . h.,19
With N = 19, therefore the quantization step-size is
~ <
By = (2xVpax/MTnax) (1/(N-2)) - k.20
= (40/2.01) (1/17) .
= 1.1706 . b2
Taking into account the requirement of buffer management in our coder,
MT,ax of the coder is
MTpax = (2Vpax/@x) = 34.2 . - b2z
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With reference to Table 4.1, we see that all the input speech utterances
stored in digital form have to be rescaled to a more appropriate range

between MI,,y and MTyin such that the limitations of the coder

parameters MTp,., MTpiq and‘VmaX will not degrade the coder

‘performance for any of the testing utterances. As there are two types of
inputs, direct and difference, therefore we rescale different type with
different factors. SRFMT is scaled down to a level of 1 and other
difference inputs are reécaled with SRFMT as reference. For direct
inputs, the STD of FA3 is saled down to 3 and the rest direct inputs are
scaled with respect to FA3. Table 4.2 shows the new overall STDs of the

utterances.

Table 4.2 Rescaled STDs of SRFMT, SRFMP, FA3 and MB3 for Coder

Simulation
SRFMT SRFMP FA3 : MB3
1 0.8026 3 1.6785
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The second step requires the calculating of optimum, A'(A) andABj.

This can be done in two methods.

Method 1:

(i) Use a pattern search method(26) to maximize the penalty function F

in equation 4.23. The penalty function tries to maximize SEGSNR while

keeping'i near R, (with K = 500).

F = SEGSNR - K|[I-R |

with ]
K = 500
Re = Tr/sr = 16/6.5 b/sample = 2.46 b/sample
T = average number of bits/sample
) Np
= > Bk/NT b/sample/;

Bx = code-word length of the kth sample,

= total number of samples

=4
=
i

21248 for SRFMT
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and

-

= ' v i"-l_ 2 R
MT, =MD, x (AT 4B x (L, - [<5r—])P)
’ 4.25a
k>2, NI . <MD, MD,LMD |
or
_ I_N+1 J 2,0.5
MP, = M, . x ( A+ Bx (L, - 5 )7
» 4,25b
< NT. <
k=2, MTmin‘ MTk' MTl“‘MTmaX -

Note, there is no buffer management in the coder because both A'(A) and

B'(B) are kept fixed thoughout the whole utterance.

(11) Substitute A'G,t (Agpt) obtained in (i) into equations

4.7(a), 4.7(b), 4.8(a), 4.8(b).

With MT, = 4.7(a) or 4.7(b) ]
A, = 1.1706
: B (By) = B'y (B ,)+aBy 5 i=1,2,384 | k.26
and
B'nin(Bpin) and B'mayx(Bpax) = 4.8(a) & 4.8(b), ]

maximize SEGSNR with SRFMT as input. This can be done by trying

different values for ABl.
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(iii) Readjust A'opt (Aopt) obtained in (i) to see if there is any increase

in SEGSNR.

Method 2: -

(i) Maximize F in equation 4.27

F = SEGSNR - K IE-RC| 4.27
with K, L R. given by 4.24 gnd
NT, = eq. 4.7a or b.7b h
k2 , M, = MT .
1 min .
. _ p .y
B'\(B) = B, ,(B__,) + 4B, ; 4,28
k?z ’ i=1929391"’ ’
B'4(By) = B in Brin) '
B min(Bmin)éB'k(Bk)éB'max(Bmax) ' 4

MThin, MIpax, B'mins B'maxs Bmin and Bpax

given by equations 4.17, 4.22, 4.8(a) and 4.8(b) respectively.

The optimum A'(A), and4B} obtained by the two methods match with

each other. A'opt (Aopt), ABlopt,
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AX’ MIpins MTpax> B'min (Bmin) and B'max (Bpax)

are tabulated in Table 4.3.

Table 4.3 Optimum Coder Parameters with SRFMT as input, Pr=16 kb/s,
Sr=6.5 kSample/s & N=19.

A’ A B . ' !
opt opt A lopt Ax MTmln MTmax B min B max Bmin Bmax

.982 .959 .0002 1.1714 .0113 34.17 .0045 .055 .01 .126

Now we proceed to the third gtep listed in section 3.1.2. A'(A),
AB1, Ax, MTpin, MTmaxs B'min (Bmin) 2nd B'pax
(Bpax) are set equal to the optimum values listed in Table 4.3. Set
MT; = MTpin
B'y (B1) = B'min (Bpin)

4.29
BFOC; = middle of buffer = 0

-This is the worst condition for the coder. Now, simulate the coder with a
periodic square wave Fig 4.3 as input. T; is just long enough to

bring the buffer occupancy to its maximum. Buffer occupancy reaches the
maximum value one sampling period before MTy reaches its maximum

limit MI,,y. T2 is the time required by the multiplier MTy
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to reduce back to MI,;,. With coder parameters as fixed, buffer

occupancy reduces back to 0, middle of buffer, faster than MTy back to

MThin and B'x (Bk) back to B'min (Bmin)-

Therefore,

BS

]

Buffer size

2 times maximum buffer occupancy

reached by the testing square wave

1]

2 x BFOCp,x 4.30

It is not a must to set the ;0" reference point at the middle of the
buffer. However, the positive buffer range must be equal to or greater
than BFOCp,.. With buffer size given by equatid; 4.30, the results

are tabulated in Table 4.4 with maximum delay Dy,yx equals BS/Tr. As

the maximum delay Dyyx for coder with MIk equals to either 4.7(a)

or 4.7(b) are well below the maximum allowable delay 100 msec, therefore

the optimum parameters listed in Table 4.3 can be adopted.

AMPLITUDS
- A
+ P |
= PERICD = T1+I‘2
Vv =8

Fig. 4.3 Periodic Testing Square Wave
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Table 4.4 Tl’ T

Sr= 6.5 kSample/s & N=19

o+ Buffer Size & Delay with Tr=16 kb/s

Coder with

' N+1 }42y,
MT, =T, (.982+B', (I, .- |25])?);

k=2, MT1= .0113

0113 < MTké 34,17

Coder with
_ N+1 2y.°
MTk_MTk_l(.959+Bk(Lk_1-|:—Er—j y2)-:
k> 2, MI,=.0113
L0113 L NI, < 34.17

B'k=B'k_1+ABi; i=1,2,3,4 Bk=Bk-1+ABi ;7 i=1,2,3,4

B1=.001L5 B1=.01
0045 £ Bk$.055 .01 Bk 126

B1=O.OOO2=2ABZ=-2AB3=—2AB4 B1=‘,..OOO2=2AB2=-2AB3=-2ABLL

Ay = 1.1706 Ax = 1.1706

T1 T2 BrOCmax BS Dmax T1 T2 BFOCmaX BS Dmax

msec msec Bits Bits msec msec msec Bits Bits msec

26.6 42,2 401 802 51 45,7 59.1 560 1120 70

The objective coder performance is tabulated in Table 4.5. T is given by

equation 4,24 and

Efficiency = Entropy/ (L x Log22) = Entropy/L
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The decoded output at the reciever for coder with M; given by 3.3(b)
is shown in Fig 4.4(a), (b) & (c). The decoded output for coder with

M; given by 3.3(a) is almost the same as Fig 4.4 and therefore is not

appended. A close examination of Fig. 4.1 & Fig. L .4 shows that they are very
much identical with each other. The buffer occupancy waveform and the

sliding SNR for M; given by 3.3(a) and 3.3(b) are shown in Fig 4.5,

4.6, 4.7 and 4.8 respectively. These figures together with Table 4.5

show that coder M; equals to 3.3(a) is almost the same as coder with

M; equals to 3.3(b). With M; given by 3.3(b), a longer buffer is

required.
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Table 4.5 Coder Performance with Tr=16 kb/s, Sr=6.5 kSample/s, N=19

and INPUT=SRFMT

Coder with

, N+1 2y,
MT, =T, (.982+B', (L, ,-|—3+])%);

k=22, lVITl = ,0113

0.0113<MT, < 34.17

B'y=B'y ¢

k22, B'1=.0045
.0045 éB'ké.OSS

ABi; i=1v2v3vu‘v

=.0002=2AB2=—2AB —-2AB4

AB 3=

1

Ax=1.1706

" BS = 802 Bits

Coder with
i N+1 2
k ?2' MTl = 00113

0. OllBéMTkéBLL. 17

BBy 1788y

k=22,

i=1 v2v3pu‘v

B1=.01

< .126

<
L01<€ B, &

4B

1;_'.OOOZ=2AB

=-24B

2 3=—2AB4

B =1.1706

BS = 1120 Bits

SEGSNR ENTROPY ‘E EFFICIENCY SEGSNR ENTROPY T EFFICIENCY
dB bits b/sample dB bits  b/sample
12,47 2.34 2.44 .959 12.49 2.34 2.44  .959

Amplitude Distribution of
Quantized Qutput

Amplitude Distribution of
Quantized Output

Level Dist. Level Dist. Level Dist. Level Dist.
Number Number Number Number
1 0.23% 19 0.0997 1 0.188% 19 0.0667%
2 0.094% 18 0.033% 2 0.0947 18 0.051%
3 0.13% 17 0.167% 3 0.21% 17 0.12%
4 0.21% 16 0.19% 4 0.16% 16 0.227%
5 0.267% 15 0.25% 5 0.28% 15 0.28%
6 0.447 14 0.467% 6 0.43% 14 0.437
7 1.67% 13 0.97% 7 1.6% 13 1.0%
8 6.7% 12 4.5% 8 6.8% 12 4.47
9 24% 11 207% 9 23.9% 11 207
10 39.5% ' 10 39.5%
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4.2.2 Adaptive Quantization step-size

The coder shown in Fig 3.3 is simulated in this subsection. For

convenience, we repeat here the equations which govern the coder

operation.

' o
J) (estimated input STD) = &, &

-1

where o(k = ((1—{)3{1Ik 12 +3’)'5 ; 0<Y<1

A = Ag g *opps ¢ kB2, i21,2,3,k

and A <A =2 for N=odd=19 levels

To simplify the search forgAxi s, set

-
Ssz = gAxl/z

gaxj = —SAxl/ 4 (
Sz:\x)+ = - gAxl/ 3 ]

Now we follow the steps listed in subsection 3.2.2.

reasons in subsection 4.2.1, we have

~ =
& iy = 0.0113

zvmax/2¥unax

i

5*3
o
L]

!

A
max
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With channel rate equal to 2.5 bits per sampling period and the code—words

of level 8 and level 12 are 4 bits and 5 bits long respectively, therefore

Aypin = 1/2.5 = 0.4 4,40

Step (iii) requires the optimization of X;nd Ax1- Now we only have
two parameters to optimize. This was done by changing one parameter while
keeping the other fixed alternatively to maximize the segmental SNR. The

optimum results are tabulated in Table 4.6. Now we proceed to the forth

Table 4.6 Optimum Y&émd_with Tr = 16 kb/s, Sr = 6.5 kSample/s,
~
N =19, Bypax = 2, Bxpin = 0.4, Tyin =

o~
0.0113 & Opay = Vpax = 20

¥

0.96 0.02

opt SAxl

_step listed in subsection 3.2.2. k/& é;xl. are set to the optimum

values listed in Table 4.6. For the worst condition, set

1
Axl = Bgmin = 0.4
¥-d
L= Snin = 0.0113 4.41
BFOCy1 = 0 = middle of buffer
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The coder is then simulated with a square wave as shown in Fig 4.3. Again
T]_ is just long enough to bring the buffer occupancy to its maximum.

Here, it is noted that Bék reaches its maximum long before the buffer
occupancy reaches its maximum. T9 is the time required for /Xk to

reduce back to %min' In this case, B/’k reduces back to %’/min

much faster ..-than the buffer occupancy. But, Axk shrinks to
Aynin slower than the buffer occupancy. Therefore the required

buffer size is still given by equation 4.30 The results are tabulated
with Tr=16 kb/s,

Table 4.7 Tl’ T Buffer Size & Dma

2‘
Sr=6.5 kSample/s & N=19

X

Coder with
~ ~ . 2,0.5 ~
g, =d x (.96 + (1-.96) x(Y <) : kZz2, J,=.0113
k k-1 Lk-1 1
rgmin = '0113‘4-2?1{520 =ef’max
xk™ Bxx-1 ¥ gAxi : 1=1,2,3,4, k=2
gaxl 02 = 28,5 = —4égx3 = "34;x4
0.h= AininS Axx& Armax = 2
Axl = Axmin
Tl TZ BFOCmax Bs Pmax
msec msec Bits Bits msec
12.3 36.9 351 | 702 43.9
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in Table 4.7 As Dpay in Table 4.7 is well below 100 msec, therefore
the optimum values listed in Table 4.6 can be adopted. The coder
performance is listed in Table 4.8. The waveform of the decoded output at

the receiver, the buffer occupancy and the sliding SNR are shown in Fig

4.9, 4,10 and 4.11 respectively.
Table 4.8 Coder Performance with Tr=16 xb/s, Sr=6.5 kSample/s,
N=19 & Input=SRFMT

Coder with
N 2,0.5 .
G = ey (0-96 + (1-96)(r,  )P) k2,
_~ ~ e - . ~ _
.0113=4q . €0, ¢q . =20; dl“”min
Axk = Bxk-1 * gAxi PokZ2, 1=1,2,3,4 v Bx1"8min”
gAxl =0.02 = 28,5 = - = 3hu

Buffer Size = 702 Bits

AMPLITUDE DISTRIBUTION OF QUANTIZED OUTPUT

Level Distribution Level Distribution
‘Number Number
1 0.2167% 19 0.07%
2 0.155% 18 0.05%
3 0.136% 17 0.12%
4 0.16 % 16 0.26%
5 0.25 % 15 0.22%
6 0.43 % 14 0.4 7
7 1.4 % 13 0.89%
8 6.7 % 12 4.46%
9 23.9 % 11 20.0 7
10 39.89 7%
SEGSNR ENTROPY T EFFICIENCY
dB BITS b/sample

12.2 2.32 . 2.42 0.957
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4.2.3 Block Quantization

In this simulation, we assume that the problem of quantizing and encoding
the side information can be separated from the quantization and encoding
of the input samples. Therefore, the side information, quantization
step—éize, is not quantized in this simulation. However, we do indeed
taken into account the number of bits Bg required to send this side
information for meaningful comparisons with other coders. As the
quantization step~size is the only side information we have to send off,

therefore By depends only on the range of variation of the step-size.

Parallel the same reasons in subsection 4.22, we have

Agpin = 0-0113 x 0.4 = 0.00452 4.42

and

2 x 20 Lo . 4.43

Axmax

In this simulation, By is set equal to 20 bits because

220 = 1048576 A

and therefore, the resolution is small enough even for fixed equal length

encoding of the step—size. Equation 3.26 thus reduces to
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< B, < - =
Bp< By < (Tr/Sr) x M -20 = B___ 4.5
where
-~

Bhax = buffer size = BS
BT = Bpax - (N-1)/2
Tr = 16 KB/S
Sr = 6.5 samples/s 4. 46
N =19
M = input vector dimension

' y,

The flow-chart for searching the right step-size for the kth vector that

results in By satisfies equation 4.45 is shown in Fig. 4.12.

Now, we first proceed to find the optimum vector dimension M. Fig. 4.13
shows the segmental SNR verse vector dimension curve. The maximum is
around M=300 samples. With M=300 samples, transmission delay

D =2x MSy =2 x 300/6.5 msec = 92.3 msec L., L7

This is close to 100 msec, but is still acceptable. The coder
_ performance with M=300 samples is tabulated in table 4.9. The decoded
output waveform at the receiver and the sliding SNR are shown in Fig.

4.14 and Fig 4.15 respectively.
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OPEN INPUT
DATA FILE

\
RESACLE INPUT

DATA

y

INPUT THE kth VECTOR OF SAMPLES

OF DIMENSION M. k=1, 2, 3, ...

v

SEARCH ‘FOR INITIAL INTERVAL
(Ax1 , 2Ax1)‘s.t. B.<B___<B

2 "max "1
v

SEARCH FOR Axk SUCH THAT B éBNé

T

INITIAL GUESS

OF AX = A

1 Xxk-1

CALCULATE AND STORE ALL THE
REQUIRED STATISTICS

END
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byq = INITIAL GUESS FROM MAIN PROGRAM

CALCULATE B

1

CALCULATE B1<«

RETURN




1

JAN =N
xk x1 . YES from SII

ﬁ[ By t=By 1~ (Bmax'Bz)X(AgL-é&s)'

CALCULATE BN

P 3

Axk Ax‘c

4

;' RETURN ()

Fig. 4.12 (a) Flow-Chart of Main Program
(b) Flow--Chart of Subroutine SII, Calculate {Ax ,bel
(¢c) Flow-Chart of Subroutine SDELXK, 1 1
Calculate Axk
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Table 4.9 Block Quantization Coder performance with
M=300 samples, N=19..Axmax=40, A in=O.00452,

Tr=16 kb/s & Sr=6.5 kSample/s,

SEGSNR ENTROPY T EFFICIENCY
dB Bits b/sample
12.9 2.27 2.35 0.966

A

Amplitude Distribution of the Quantized Outputs.

LEVEL DISTRIBUTION LEVEL '_, DISTRIBUTION

NUMBER NUMBER
1 0.071% 19 0.13 %
2 0.03 % 18 0.047%
3 0.13 % 17 0.2 %
4 0.24 % 16 0.22 %
5 0.28 % 15 0.3 %
6 0.61 % 14 0.45 %
7 1.5 % 13 1.04 %
8 5.8 % 12 | 4.2 %
9 22.4 % 11 18.1 %
10 44,1 %
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Fig. 4.14 a,b&c Decoded Output at Receiver verse Time with Buffer
Management Achieved by Block Quantization
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4.3 Comparisons o

In this subsection, we compare the performance of all the proposed coders
and the ANQ + FLC coder. For the last coder, we assume the code-word

length of each quantization level can be of non-interger. As

Tr = 16 kb/s and 4,48

Sr = 6.5 kSample/s, L.49
therefore

N =2 Tr/Sr = 2 16/6.5 = 5.5 .. L,s50 .

Therefore we study the performance of an optimum ANQ + FLC coder with N=5
and 6. For fair comparisons, MIpi, and MTpax for this coder are

set equal to 0.0113 and 34.2 respectively same as those in Table 4.2.
Other optimum parameters which minimize the quantization noise are
tabulated in Table 3.10. The output levels of the quantizer in this
table are obtained by using the iteration method proposed by Max (1),

and, lapacian density function with STD equals to 1 is used as the pdf.

The multipliers are experimental optimum values with "SRFMT" as input.
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Table 4.10 Optimum Parameters for ANQ + FLC Coder

Level N=>5 N =26
Number Output Output
Multiplier Level Multiplier Level

1 1.90425 -2.2031 2.04875 -2.5037
2 1.03325 -0.8206 1.14325 -1.1163
3 0.73775 0 0.84425 -0.2969
4 1.03325 0.8202 0.84425 0.2969
5 1.90425 -2.2031 1.14325 1.1163
6 2.04875 2.5037

The performance of the coders are tabulated in Table 4.11. The data
under the column "% of quantizer overload” is obtained by adding the
percentage of occurance of the two outer most levels of the quantizer.
This table shows that the ‘BLKQNT coder performs best. The BLKQNT coder
is insensitive to different types of inputs. This is because the BLKQNT

1S
coder can calculate the statistics of the input vector. 1In our

application here, it has an adaptive adaptation rate during the
transitions from low energy to high enery and high energy to low energy.
Both AECF and AQSS coders perform more or less the same. The AECF coder

performs about 0.2-0.3 dB better than the AQSS coder.
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.-

With optimum parameters obtained by using "SRFMT" as input, the o

(N

performance of these two coders degrade for "FA3" and MB3" inputs. This
is because the difference in STD between low energy and high energy
segements is much larger in "FA3"/"MB3" than in "SRFMT"/"SRFMP". As the
decaying rates of these two coders are so small and are not adaptive,
therefore, the SNR during the transition from high energy to low energy
segments is very low. In additon, the SNR during transition from low
energy to high energy is also degraded because the increase in the
adaptation rate is limited by either ABj oréLxl, the prefixed

parameter. On the other hand, BLKQNT does not process these two
shortcomings. 1If the application of the coder is restricted to only one
type of inputs, i.e. either difference or direct speech signals, then
different optimum parameters can be obtained for different types of
inputs. In that case, on the average, BLKQNT coders are only 0.4 dB
better than AECF coders and 0.7 dB better than AQSS coders. The ANQ +
FLC coder 1s indeed the worst! 1In addition to comparatively low
segemental SNR, the percentage of quantizer overload is absolutely
unacceptable. Table 4.11 shows that, on the average, Both AECF and AQSS
coders are more than 2dB better than the ANQ + FLC coder. If the
application of the coders is restricted to oné type of inputs, than the
ANQ + FLC coder will give a segmental SNR about 3 dB less than the other

two feedback coders.
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Table 4.11 Comparisons of Coder Performance

(with the parameters of each individual coder same as in those in table

3.5, 3.8, 3.9 & 3.10 respectively)

CODER SENTENCE SEGSNR ENTROPY L EFFICIENCY % of Quantizer
db Bits b/sample Overload

AFCF with SRFMT 12.47 2.34  2.44  0.959 0.32%
(1) SRFMP 12.22 2.34  2.44  0.961 0.36%
MTk=eq. FA3 11.45 2.34  2.42  0.967 0.06%
b.7a  wmB3 11.70 2.35  2.42  0.971 0.11%
(ii) SRFMT 12.49 2.34  2.44  0.962 0.24%
NI, =eq. SRFMP 12.30 2.35  2.42  0.967 0.29%
.7 FA3 11.54  2.34  2.42  0.967 0.05%
MB3 11.78 2.35  2.43  0.967 0.10%
AQSS SRFMT 12.2 2.32 2.42  0.957 0.28%
SRFMP 12.1 2.32  2.42  0.959 0.34%
FA3 11.34 2.31 2.4 0.963 0.07%
MB3 11.76 2.34  2.42  0.965 0.13%
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Table 4.11 Comparisons of Coder Performance, (Cont'd)

—

CODER SENTENCE  SEGSNR  ENTROPY T. EFFICIENCY % of Quantizer
dB Bits b/sample Overload
BLKONT SRFMT 12.9 2.27  2.35 0.966 0.20%
SREMP 12.78 2.27  2.35  0.966 0.28%
FA3 13.3 2.30  2.36 0.975 0.03%
MB3 13.1 2.31  2.36  0.979 0.05%
ANQHFLC  SREMT 8.1 2.05  2.32  0.883 13.4 %
with SRFMP 8.4 2.05  2.32  0.883 13.5 %
(i) N=5  FA3 8.9 2.02  2.32  0.870 11.2 %
MB3 8.7 2.00  2.32  0.861 10.6 %
(ii) N=6  SRFMT 9.3 2.24  2.585 0.867 7.1 %
SRFMP 9.5 2.24  2.585 0.867 7.2 %
FA3 10.2 2.21  2.585 0.855 5.0 %
MB3 9.6 2.22  2.585 0.855 5.1 %
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CHAPTER 5

CONCLUSIONS

The results presented in the previous chapter show that of the three
buffer management methods, namely (i) adaptive expansion and contraction
factor, (ii) adaptive quantization step—-size and (iii) block
quantization, proposed to solve the buffer overflow problem introduced by
using variable-length codes (entropy codes), block quantization scheme
gives the largest segmental SNR. With transmission rate -equals to 16
kb/s and sampling rate equals to 6.5 kSamples/s, block quantization
scheme with block dimension of 300 samples gives a segmental SNR about 13
dB for both difference and direct speech inputs. With optimum parameters
obtained by using difference speech signals as input, adaptive expansion
and contraction factor scheme gives a segmental SNR of 12.5 dB for
difference inputs and 11.7 dB for direct inputs. Adaptive quantization
step—size scheme performs more or less the same as adaptive expansion and
contraction scheme. It gives a segmental SNR of 12.2 dB fof difference
inputs and 11.6 dB for direct inputs.

At 16 kb/s, feedback systems using variable—léﬁgth codes plus buffer
management strategies proposed in this study perform about 2 dB better
than those using fixed-length encoding « If the application is
restricted to either difference input or direct input, then using entropy
coding + buffer management will be 3 dB better than using fixed-length

encoding.
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In addition, coders using entropy encoding + buffer management are -,
subjectively much better than coders using fixed-length encoding because

the percentage of quantization overload of entropy coders is more than 50

times less than those not using entropy coding.

After all, a few comments have to be made on the trade-off between the
complexity of hand-ware implementation and the performance of the

proposed coders. Block quantization coders, obviously, are comparatively
more complicate to build. On the other hand, the other two types of
feedback coders are fairly easy to iImplement physically. If the
application of the coder is restricted to either difference inputs or
direct speech input, then it is better to use the feedback coding scheme. R

This is because a coder with adaptive expansion and contraction factors

performs only 0.4 dB worse than a block quantization coder.
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i CEREIN, SFIM.

1 rRELEL, DELZL 2.
1 CDELERE, DELZE .
1 CDELEZ. DELZED
1 CDELEY. DELE 4-.
1 v CRELTIO PROED

Initizlizse HWEL zmd MT

Calculats BMIN snd BHAX

EMIMN=C1-R> 4
BHA ”—lf'H+*LJ*H

et initial walue of B sgual to

E=EMIN

DO odgEe T=1. Il

METL =T 3 v R 4B T e 20
MeTU+I-L =Ml TL~T+45
COMTIHLE

Initialize E a2nd BFOCL

1
QC L=

o=
BLERR )

- Shget simalate the input

2
-
J
5
]
4
1l
2

I b

o

CRLE20, CTBRAME. ZMAR:.
1 'EEIEL-DFL:°}: CDELEZE.

EMIM

the nultiplisrs

1928

CELZZ .

aszociated



I A

iR

Determine the input o the guascatizer

D B I A

TFOABSOH(TNY. LE YHANY THEM
BIMPLUT=RT AT
ELSE

SIGHE=1,
TEoMeTa. LT, &0
EHTRUT=YRA S TGRS HT
END IF

L

w Gat the quantizsticn lewel runber for the input
e
CALL GHERTCRIMPUT. L WEL HLEV D

aze the number of ccowrance of the coreesponding
C guarntizaticon lewel by 1L

GELTAC L =5l TOO L b4l

pubmf g R inE- i aTug ¥}

D A ]

CALL BFMANCEFOCL, BRSA. CLOLDY, DELEL, DELES. DELEZ, DELE4,
1 FEFR. HEFF, BUAX, BMIN, B BFOCCID. OFFT. UFFT)

e
C Check for buffer ocwerf Llow
G-

IFCOFFT. EGL 1Y THEHR

o d
!
i
i

-
H
M
[11]

2 of buffer ouarflow, then

P increazs the number of samples lost dus o buffer
owerf low by 1 3nd

there iz mo decoded cutput at receiver

i
[ ]

I
o TALX

MEL=MEL+1
ELEE

ot currarntly cverflown. tThen

" DI lrzegase bhe numbeer of samples receliuvsd Dy L

LR T
o=kl
Sl IF
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Update the sdaptive buffer mansgemant wvarizble B and the buffer

snoded guantizer owkput st receluvsr and



o

Update

Unedate

the multiplisrs azsocisted with sach guartizstion lewel

ML a=CA+EH L -0 b

thoe owtpat of the pulitiplisr Logic unit

MT=R T ML
IFCMT. LE MTHMIMY WMT=MTHIH

CIFCMT. GE. MTHMAR? MT=MTHAR

St BFOCL equal +o BFOCCI

RN

Fetyrn

FEET
EMD

BFOCL=EFOC(T )
TIHUE

oo malt o am

LR
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E. Adaptive Buzntizavion Step~Size Module

MODULE MAME:
AGES

PLIRRGE

Firn interactive program bo sim

ulate +the coder which performs
D adaptive uniform guantizstion.
cidx  enhropy ecoding snd
CALir Rufter manEzasnent schieved by chanoing the guantization
step-size,

-
Doy 2 A S T A T O I o T 2

L)

-
1

I IR Y

MELTIA:

- e
LG, R

1T

EEYHORDE:

~
[

I o VL
- S B
i

IPSAGE:

LA I A

FRUM [HGE AREZIAR

L FORE

o

SPECIAL REGUIREMEHTE:

D |

Mene
LRAMGUAGE:

FORTRAM IV FPLUS .~
PHEHHETEES:

Marne

D I B R o T I T e I

i~
3

IMPORTAMT YARIARELES:

b}

ALFHA fad A caonstant for the sagusticon to celculste

- the sztimated standard devisticr (STD)
N ot e irpot

L

RCWL R Fiverage code—word Length

BFQC R e array of buffer ococupancy with zach
slemert egqual to the bhuifse contents
ezt before the next comming Sampling
Irnstant

DELHFARX R Mgmimuan value of ths sdaptive buffer
menagemsnt wariabls DELR

[ A

v

il

o DEL I R finmiman walue of the adsptive buf ey
- mardgenent variable DELR
- i EFSA R Mundier of bits takern out of the buffer poer

i

mampling interual
CL R =OFr areay ofoorode—word  detigth

—
E

l-
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N

N

I o

1

DO TN A

A ]

[ N I

W

P

10}

i

[

[

1T

[y

033

]

[ I o R

1T

'n

PRI N N

-

g

DEL®
DELDEL®L

DELDELSZ
DELGELAS
DELDEL=S

EFF
ETF
ESTDO
FILE_SPC
Tl

IHPUTT

T
HEFR

HELE

FLEY
ME

HEFMPR

HEEG
HEL

FEFR

FROE
GELTOC

FLNIT
SEGL
SEGESNRE
SLISHRE
SE
STOMAR
STOMIM

TR
HURTIT

e
I

See [HG.

FOUTIHNES REOUIRED:

AUG_AREDS_EC
EFMAN
CHRENT
EHTROPY
BUANT

ST _SHE

Rk dh
R4

Frate

R

oo
[
Foste e}
P

T4
P

Ty
T

T}
T4
T

Tt

Tk}

Tl

Rod

oot

Twd
Teedd
Freg
Fokd
B
Fekd
R#d
Forsds o}
T

Fech

COMMONEBIFETO

T DG, P
Ter DG,

CHumbier of guantizstion

Husntization 2tep-sziz
Delts DELY for imcreasing
stid BFOC greater than B
Lelta DELS for incrsssing
armd BFOC le=zs than O
Lelts DELY for decrsasing
s BFOCS greater fthan @
Deltz DELS for decreazing
aind BFOC le=ss than B
Coding efficiency
Buaritizer ouwtput entropy
Imitial cutput of the ZTH
File specification

Lowwer guantizer lewesl
Iopat type. either
cDEFEY Lmput
Uppeer guantizer
tlegative buffer Witk
Erocdn: 't arny posichioen
B ¥ @

Total ramber of blocks of imput dats with
recordzize of gach block egqual o HSAMPE
Jewels

samples

[

buffer occuparoy
Blffer oooupancy
Buffer nocuparmoy
buffer occcuparnoy

eztimator
Do T L4 ERCRIE )

differernce

g

Wi hiir

fl= T - g T =
thyer

=t

Total rnumber of ingut
Humber of storags unitvsSzamples
Cmaching dependerhd

rutmbier of ssdgments or blo
Total ramber of samples Lost due to
IR -3 el A N v H

Fozitive

record

D

=l - -

buffer

buffer rarpge wilth U@
pasdint oset 2t oany poziftion within
Eroad ey _
A array of probability of occurence of
zzch guantization lewvels .

Fire array of the pumber of oocurence of
gquantization lewsl

urit

Humber of zamples
SGegmental SHE
Slicding SNE
Zampling pate in kSampleds

Plexmimuay cutput of the STR estimator
Mimdmum cutput of the ZTD estimator
Clanmel transmission rade in kkASs
Wirite unith

firi array of input =amples

reference
the

segient or black

ERCR FDR

subdirectorg

TLFGHI subdirectory
IH -

7 ot ot e s et e I e o e i v oy
< ———
-— - — i [ - o - s o
ot o e e s P W ———— TN
7 s e ot 1t e s ) 1 o T o te



[ ]

o SIDE EFFECTS: )
I

= Morme

o OSFECTAL TEOHRIGUES:

e Hiorye

o

COPROGRAM SIZE GMD ZFEED

o '

E Medium and spead length of thse szpsech
v ittt snrpre Lol

BUTHOR:

T

Iy

i M 5. G —
TODRTE CREATED
N

= Ploag, o A9EG
C

[
.
e
H
=
—5
ey
[
I
A
TTi
)
-C

;
ot
=
e
£

S A N
o
n
=
D
-
"
[

E 4”“( HH{
R

LT T T e e e e e HCSillwﬂommuf9P~¥isia - Hp- brdphl = LEbQPEt‘PH ———————————————

e
) Include feedback coadey compos block

THCLUDE “[HG COMMORBIFRCORERDRE, FOR”
o L4pn D NDELDELSL DELZL Y,

LDLan-thT%“

CDELDELM
; ﬂﬁﬂTn~ CRELTON PRORY.,
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CESTLE,

N

-~
[

= Specify the type of s
C IMPUTT

INTEGER+Z

i Ix,

1 IYGRE.
1 FARIT,
1 WURTT
CHERRCTER

L TOL
CRTDPFE MTHAM .

CERTEIH

CRELSAMEES ZRFR D,
COELAMIM. ZFIH.

fITE .,

L RRDOED,

T

IHaR, RUNIT.

1 FILE_SROwHE.

1 LHFUTT

by ]
1
1
i

DIMEHSTON

B

Initialize ALPHA, ACHL,

D I o B

DATA

b

ALFHAL. S&l
ACWLS | o
(M

A

Id

< e e T

-

T O o ol i Sl S o Tl

Boob bR oo UF L RS TO B (00 B PE R R e

TRIE O

DELDEL=4, DELW, DELXMAX
FBFR. RUNIT, SLISHR. STDMAK. STDRHIHN,

T HERMFE T
TR CHERMPR
BELTOC MAELE
0 LS AP R P
SR HE AR

[RE N S A

WURIT .

Specify +the dimensicorn of IH, IVER. QSLTOC

FILE_SPD &

W YOR

Che DRELDELXL. DELDELRZ.

o DELWMIMN. EFF.

WA
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ESTDE,

WUMIT

DELDELRE,

HEBFR.

&

N L E "n'l K}

Ran



e

l—l

D I v B
]
]
f

]
I
|
I

i " m tm —
™~
s

[~

al
113
fu

T - e i O e e

iv

oo pe
PO s ¥
_.\: "

b

[FL[EL 1
DELDELWES
DELDELS f~.5f
DELOEL g -~ Sfais
E&LHIU.JzJ
DELEMARSE. &
GELUHEMINA 4.
EFFA 8. .

ESTDR S @ld3858361 7,
HEFRA-32517,
HLEUHLﬁh
FEFR/ZE1

RUMNIT 5
SLISHREAMBEMDEGwE
STOMAMNSES, 47

STOMINS Bll3n83a1.,

WHANSEE. S
WLINET
WOLMAKLEY#E,

chamrmsl Brsnsmlssion

EREOR=1

WRIT
FREAD

ERRD
WMEIT

ECHINIT, 1588
CREUNIT, ¢ ERE=1G800

d inm zanpling rahs

E=1¥
ECHMUMIT. 11686y

READCRUNIT, = EFF“. AGEER

Fead imn

i:! p -3 a

ERRO
WMEIT

REFD

P

i

file specificstion

Fe1S
ECHUNIT. 12080

1Y Fod A LifrEs

wal fFile

b

SR

BUMIT. 13608, ERR=10553

FILE_SPC

LHELTY
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ERROR=Z
IDUMN=28
I-’l:E“‘ T T=T
HHhL

TR,
FILE_SF

ULLHTE”
e BEEE

N

ERROR=3
HEL K =

MAHELK
ERD=1

BOodEE J=2,
READCTOIN T,
MEL K =hEL L
R s
WL T2 RS RNPR
COMTIHUE
ERROIR=5

GO0 7O Lausg
TFoWBLE LT, 43
ERROR=D
CLOSECUNTIT=I0M,
3 DLSPJﬁ
1 ERR=

Ao i

|,J-
]
)

(]

Calculate

o

the tokal

(]

ME=HELR NS AMPR

£ ot e
I Calocuwlate the total
C per zampling period

Il —

i
el
[
o]
i
._,
)

Fescale ths input

IFCINPUTT. EQ. 7070

SCRLE=3, ARads 4

=T T SRALE
O T IHUE

fahs

MEED

1. FEANFE
IasF

T

DHWEH-

e

T

LamT.

I EEEE

o

ridmbier ol

samples

HEH

irput

B
[

s e
Lol
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wohal

takeEn

o4t of

R iwi=t

ot

iviput

Tl buffer



==

NESEG= (M3, S

GLY»—&

m

Calculate L & IU

VT )

L= HLEW+1, 5 7
TU=ERLEVY AT b ed

i
1
l

- Simuwlate the laput daiss

CriLL. AU Aess _BECOME, B YEfD
e —

[ Fegd in output fils nsoe from LSer

ERROR=ES
5 WRITES NUHI.J;Jj@p
READCRUNIT, 1706, ERR=10685> FILE.SPC

» Shore decoded output st receiver in file

ERRORE=Y
TOFUN=%2G
TORFTIHDES=
HPEH' UHIT=TOFLN,
HAME=FILE_SF.

TYWPE="NEM"
ACCESS= ‘EIEEPT“
RESOCTIATEYARTIRELE=TORIHLEX,
RECORLDETIZE=MIRMFE,

ERE=106HER
ERpORE=1
B 448 J=g, HBELKE+1

LOo438 Iri,NCHWrF
IYRR T A=IF I VYRR O I8 s lESAMPR+T 2 ASTARLE D
COMTINUE
MEITECIORUN - J, ERE=1885G> (IYORITr, IT=1, NSAMPR»
COMTIHUE
ERREOE=S
CLOSECLURMIT=TORUM.
1 nIs TERVES

1 ERRE=1 A

N

EY

=3
Ta)
[xX]

5%
R
b}

Rl

57 e e
i

[ Celowlate the zlidin i S omnd =e CHITE +al SHE
(=
TRl SLTLSkER O, YRR HEEG, SEGL, HLEY, ME, SLTENR, SELENR
! —————
o Sdvope bhe slidivg SHE into file
17—
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ERROR=E

ITEHRUR=%1

TEMREINDER=4 -
QREMNCUINTI T=T5HREUM.

1 PR E = 2l TSHE DET 7,

1

RS o= CIIF:E': T
DCTATEWARTARL!
CORDETZE=L, ERF=18

3 458 I=1, HSEG ) :

WRITECTSHE N TSMETHDES, EER=1OE60 SILTISMNROT
158 COHTIHNUE

EREOR=11

ERRE=1REaGE

= Store Lt fer R g BN E-T T & i File

EREOR=11
TEOUN =52
TEOTHDNE
U EM L 2 LR,

' HAME= " BFOC. DRT 7.
TP E= " pEW
FCESS="DIRECT .
HE‘?'C.”:.1F;TEl,‘,'HF'IHF:\LFE:IE:]:;I?’:[IE><:‘
FECORLNSTSE=1,

I..a.

N/
[zl ol el ol o

D ERROR=12

DO LEE T=1, HE

WRITECIBOUN IBOIHDES. ERR=10888> BFOCCT)

COMT INLE -

ERREOR=LT

CLOSECUHIT=TE0IH,
1 LISE =" SAVE .

‘ i ERR=1GE5EE Y

-

o Tharnge the number of eoccursnce oF each gquantization lewsl to
= probability of ooccursnce

) e—

o/
!..-‘l.
(A5
[

GO ATE T=d, HLEY
J FROB: T =RSLTOC T ) AHE
1T CORT THUE

" Calowlate the guantizer owtpot erndbraopy

CRLUL ENTROPYCRLEM, FROG ETP

o
[ Calouwlste the averasgs code_woed length
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3 T O S A

63 00

[
|
}
!

347
|
|
t

P
o
=

ACLWL =6,
DO dE6 =1, HLEY

AL =ACL S PROECT 2 CL ST
COMHTINIE

LA

Calculste the codimg efficiency

EEF=ETE A WL

Shere the Total rumber of oz Iz lost due to transmissilion
puaf fer overdlow, entropy. zusrage code-word length,. coding
sfficiency. Sagmental SHE and the probability of ocoowrence
of emch guantizer lewel in {ile

TR
4o

it B LI
[SXERY N

A

rn-%-4ﬁ

T
T
A

HlfT TETTL.
NHHE" SETTS. AT .
THFE="HEW.
RACCESS="DIRECIT ",
IS IATEVARIABLE= 1..1IHwW
Fﬂ&H~'FﬂPMﬁTTED
RECORDERIZE=S42,

ERR= l@BGU;

ERpOR=1%

WEITECISTTUN ISTTIMNDES, 1e88x MSL,
1 ETF.
1 ACHL.
1

3

O S

EFF.
. SEGIMR,
1 : CPROBCT N I=4 HLEY

':r"un_!l am =top
ETOR

Promph "the srror messioe

53 TRYERROR. GT, L& OF SRREOR. EQL L THEN

MERR=1
ELSE
MERE=ERROE

Erl I

WEITECIFNTI T, &0 “HSERROR 3533 ¢/ /ERBORMESSHGE CHERR X
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12

1

1Ly

1

T

[

]

g

R B

Ft T o 0 s T B

T

1T

o S e T A O |

L A i S T e SN e O

T

i

LAY

FLG

FUREFOSE:

Wit -

To simudlate i
CAD a =+ <o deyistion estimnator
Ll a

gtep-zize

slimination

} e auerf low preoblem
CLLLY aen erntrond enooadsr

MELTA:

[HS RECFIAUGRQSSED. FOR

Supply the parametersz az 2tated below

Moe
LEMIUAGE:

FORTEAM IV PLUEZ
FRERMETERS:

TE: - HE Towe} Total rumper of input samples
ﬁ R i aryay of input zpesch =zamnples

From: = 5GR R g Fry grray of decodsd guantizer cutputs

a2t the receiluver

IHMPORTANT VYREIRSLES:

FLPHR frrste o) B oconstant

e zdap

i

ench JQuantization lswsel

=
1

BT fe g Hre areay of Duffer ocoupancy Just before

statt

et Commniled Ssmpling iy

-
BFEOCL R Buffer ooouparcy uEt bhefore the present

sEmpling instant
D Mumber of bits
mpling pericd

g of oads -t
DELY for incrs
BFOT oreater dhan f

EFER

ot

DELDELYL

argth

138

ot the sguation o calculate
rdltiplisers zssocizted with

taber awt af the buffer

1
iy butffer ooCupanoy
&



g
e

.
-

W

—
L

Il

3 I}

e

(A8

oo

RN

\

~

DELRELRE R felta DELY for incresasing buffer ocoupancy

g

o BFOC lesz than 8
DELDELEZ e ok <) elta DELYE for decresasing buffer occupanoy

znd BFQC grezter tThan 8§
GELDEL S Rt g Delts DELY for deoremnsi

g BFOC lezs than £
DrEL A Rk Tive quantizstion shep-

it e manazgement
LELSMFR Rag Mlawimun walue of the nd1p+1Ue Bt f e
marizaensnt wariable DELR
DELHMIH TR Mimimum walue of the adatpive bufier
marizgemnent variable DELR
Cutpot of STD esstimstor
Ieitisl cutput of STD estimator
Lowgr gusntizer leus]l
#ech Uppear guantizer lewel
= bty dzcoded sample at hh
quartization leuwl b that the
ample Falls
at a2y positicn within the buffer
(Gae buffer rangs with 8" reference
peinth
Rl 1n+41 pagiber of gquantization lewvels
numbew of  trout zpeech samples

oy = -D
ExTia
TL

T

1
1

L

s T

F!H L B

e I

o]

ek

=
Mo e
4

p@ with 6T reference
"ulti@ﬁ within the

Bysntizer  input

Ay array of tThe aumber of aoourance of

zacl gquantization level

OFFT g EBuffer ousrdlow {flat

ZTOMAN : Mzximun cutput of the multiplier logic
i

SZTLHIN ke Miviimum cutput of the multiplier logic

weit

Burfer underflow lat

Mlazximurw zllowabls input amplitude

The quantizsr gquantization rangs

Arr array of quantizer output levels

A areay of decoded ouantizer ocutput at

ECR e

2y
L
i
b=
i

,
-

|:|
: H
5
o
X
Lo

ey
3
Ja

T

COMHON BLODKS:

Zee [NG COMMONBIFECODRERCE. FOR

EOUTIHES REGUIREDR:

DT?PH D ORED UTLEGEMD
CHEOMT S
aUHMT e s
EFFELTE
i et thie areay of roar of of smach auantizer

Livg peeadreanm theough conmmon blULH FREMELY

i aricay of buffer occupancy BFOC o calling
Tiesw CLroudly common blo BFELEK
) ; of zmamples lost dus o byffer cuerflaw

A 1'ﬁ|u\, v e
1} oroge s theough cormon blook PREBLK
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!

LI A A B

(I |

i

i

b

[

Bl

=

ot

5L

"

FECIAL TECHHIBUES:
Mo

FROZRAM SIZE RHD SPEED:

Small zrnd speesd depsrnds or bthe length of Anput spesch utteranceliz)

RUTHORE:

MRIMTAIMED EY:
WG =, O
WFDATES:
Mot pet

o e e o e o e e P"hl_J‘l”ml“‘Hr”‘A s Ao arng-ay leFt“L bur;,mru —————————————————

SUBROUTIHE AUR_PAUSS ETORS, M, YRR

Inciude feedbachk ocodsr common bloc

/

IHCLURE 7 OHG COMMOMEIFBOOLERCE, FOR”

Set up the sguinalencs: beluesn CELFHA Ay, CDELDELYA. DELZL).
CRELDELME. DELZE ., (DELDELEZE, DELZZY. (DELDELXE4, DELZ4 2. CDELXMAR, ZMRAKS,
COELAEMIMN, ZRIN>, CESTLG MTE, (RSLTOD PROBY, CSTUMAR MTHAXY &

CETOMIN, MTHIM

EQUTWALENTE

£ L F R

'DL‘[FL

R

[ERy S

[
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C Zpecific the type of OFFT & UFFT

IHTEGER

ENES
=4

==
o Zpecify the dimersicon of BELTOL. ¥ & YOR
1™ o

LIMERZTON
CEEL T O ML EY X,
LS,

VRO

ekl

O
Iz Trhitialize ADWL, BFOCL. [, RSL, QSLTHE,

[———

DHJH
ST I v TN
BEOCL

" \, _|
N s

HquBﬁJ
CELTOCATRMLE Vs,

N

i

HX
[

STHE

Imi

Wl

Th=

L0 d@n I=l,H&E

EFOC o y=31
188 CONTINIE

HREANGE=DEL S+ FLORTINLEY A2, &
CARLL CHMPOMTOHLEY, ARAMNGE, Witk

" Start zimulate the ifput

g
1 ——

g

= Determine Tthae input fo The guantizer
]:......._.

FoRBSLHEITr GE VMARY THEN
IFECEoTy. GE & THER

[SAPIK TF

AR

”JHFHTw%nUzSTﬂ

[
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Iy
fr
o

' — ——
CALL GLIANT COIRFPUT. L, Y,
I axe the mumber of oo anoe

) I
by 1

ELTOCOL =5l TOCIL 2 +1

G Dodate the sdaptiuve bafises
o DT CUR ST
==
CALL BFHAN(BFOCL, BFSA, C
i FEFRE: HEFE. DELEMAR, DEL:
i

H

Checik Buf e owerf Lo

for

[
IFCOFFT. EQ 1 THEH
1 ——

of  bud fer
lh""»"-‘:s.'_-

o by 4

I Ciin Lhisr s

Case [ INE=3 aX SN w I N
l L l

e e,
W

fg

ML =MEL+L

ELSE

[———

o In case buffer iz mot

- Cis

[ Lid increaze the
o ——

(=l
WERCK D=0 LY #ESTD
EHD IF

sztimated STD

SORT
Th+BETH

LE. STOMIND
b, GT. STDMAN

BETA=

l___—-—.
[ Update dhe guatizers ouabput
[ —m

MRANGE=DEL M4 FLOAT CHLEW 3
CRLL CMPEMTIHLEY. HRARGE,

cleodded

e rarrh Ly

ridmer

lewels

MLEY

of the

managenent
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Specify the

i WLINTT, I, THELTOD. FILE_ZPC
INTEGER
1 B F.
A ma,
4 BT,
i P LM.
1 QP IHDES,
1 FURIT.
i WNIT
THTEGERSZ Ix
FERL
1 IS T
CHRABRACTER
4 FILE _SPC#aE,
i THPUT T
i Specify the dimenszion of DELTL
1™ e~ —
DTMEMNSTION
i
i
1

Imitialize

e

LRTR

1 BESE

[t N bl &3

ESUIVALEHDE

ELEERNT

CLHG COMMONBIFFCOD

Set up the eguivalencs beltween

CRROB, TELTOC

tuoe of BMARE. BRI

cpaaErE iz sty Somnarn

b ilcshk

ERCE FOR7

CRREOR, TELTOC

BT. OFUM. OPTIHREX,

& THFUTT

O SE R R o]
e £ !l—/-'. Al ¥ '.:'lr
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DELEMIHS. BE4z55%
DELSMAN .4:.'
TELTOCAMARLEY=E.,
HLEW A3,
PEOBAMASLEM G 7,
RURIT A5
SLTSHEAMASBL 8,

n”-u i

=
LILIMIT

K3
Lo

IR o S e S ot ot B Sl S Sl o S S St il el el ol ol ol

i
-1

2ad in charmel Tramsmizzion

ERROR=1 .
MEITECHINIT. 1ﬁﬁn-
READCRUNIT, . ERRF=15085

il
=4
m

Resd in ssmpling

ERROR=17
WREITE CWUHIT, 418
RERALD PUHTT,«.[¢F=1F1GBb

memd in o wecthor dimsssion

ERROR=1&
WRITECWUHIT, 1286
Frﬂoaﬁuuia,¢ ER =L SEmEa

Fead in iopud dests fFils name

TR

ate
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ERROF=1%
4 WMRITECWUMTT, 43660
RERDCRUMIT, 1460, ERE=10006) FILE_SPC

[ ——
i Fead inm ioput tupe
[immm

ERREOR=28
b HPITE"MUHTT 15
FREAD CRUNIT. 14061

i
g, ERRE=1GGGEGY THRFUTT

[

C Opern input file

Cmmm
ERROR=E
Tk =28
IDINDER=,
OFEMCUHTT=T0LUH,
1 HMAME=FILE_SFT.
1 TYRE=-0LD
i ACCESS=" [IRELT'
1 RSO TATEYARIFRELE=TDIMDE |,
i ERP=1G@aan

Lo

EIE]

Fead in input dsta and cslouwlste the total number of input
Blocks '
#Hote the Flle hesder. the {irst records iz not read

5

Pg

ERROR=3

HELK=E

LOo4sd J=2, MASEBLE

READ CIDUN I, EHD=116, ERFE=1182 (TH{IY, I=1, NSRMPRD
MELE=NBELK+4 _

DO 4889 =1, HSAMPR

M TRl SAMPRE+ T =FLOATIH I

103 CONTINUE

ERFOR=5 ’ .
GOOTO AuDan
119 TEOMELE. LT, 43 GO T 1ogas
ERROR=5
CLOSEVUMIT=TI0UN.
i DIGP="SAYVE .
1 CRE=1QHEE

» Calcoculate the totzl number of input s:

u_n

mples

MEa=MEL KRS ANPR

e
" Calcocuwlate the fotzld vumber of lnput westors of sanples

TR K=0MS -, TRLKLS
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C Simulate

Lo

h
i

3 g D) ir", g

b HRS=TRLE=TELKL
Fezcale the input

D IFCIMPUTT. E@ ‘00 THEN
SCALE=7F. A284is. 4
ELSE
) SCALE=L. A245. 54
e EMpTIE
GO AEE L=l WS
W WE T r =L SOALE
CONT THUE

}_.L
i
[

Caloulate GOELEA. BHAF ANHD BT

[ A

GLELHi=DELXMAR _
EMAX=TFIHC cFLOATCTELKEL Y "SR TR ~RS
) ET=BMAN—HLEY 2

EIR B s

=

DO 148 K=1,IBLE

) IET=Ck-1+TRLKL+1

2

IEMD=T8T+IELEL-1 N

_ C
b 1 I5T. TEHD. DELSEA, BDELKL

) B 433 TTaT. TEHD
CCALL BUAMTCMOT0. Lo Y0 HLEW
WR T =Y RCL

TELTOCCL a=TRL TOCCL 2+

3 149

copresponding decoded output 2t the receiver

ALL SITOMLEY. DELSMAR, DELSPMIIN, GDELXL. BMASK.

CALL SDELMECDELSE: DEL=L, BT, BHMAK, TET, TEND, DELKE., Y22

Specify the
bkeginmning

of the kth
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ernd of the
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2+delki]
Search delXk
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i hropLy

CRLL EY'-!TF;‘I'\F'T"'HLE".-'.- FROE, E

TE

c‘[r

i L

ACWL=8

DO 188 I=4, HLEY

ACHL=RCWL+PROEY I-*tL I
58 CONTINUE

Read in ouwbtput file nsme

ERROR=
WRITEY NHH'LT

READ CRUMIT. l

Shore The deoo

ixﬁFT:ulNJTi”-HrllH
MAME=FTLE P2,
W 'HEH’
EG=DIRELDT
IATE HkEH‘
FECORDSIZE=SMSANMPR,

TR, TRLKL.

=R TR E R,

RLENW, NMHS, SLISHE. SE

eazh quantization

code~word  length

i file
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1 ERE=1 GEHEG 2
ERFOR=4
HELKP=HHS
Doo1g8  J
OO 178 I=
IaR T y=1F]

T CONTINLE

MREITECOFUN - Xy CIYORCT, =1, MIRMFR

CONT IHUE

ERROR=5S

CLOSEJUNIT=0/UR,

1 DIsP="5AVE .

i3 ERR=1 50060

L0 T-E e MEAMPRAI Y ASCRLE

‘,.-':.
¥

&3
hixl
fxl

-
o SEore =sliding SHE in file

=

ERROR=X

TSR L=

TEHNR IHDER=1

CFEM S NI T=Ta MR,
HAME="SLISHE, DRAT .,
TYHE= "HEH’

TR LHDEY
RECORDS I r 1 i
ERR=4i @G
ERROR=9
L 4538 I=1, TRLE
WRITECLSHREUN S ISHEIHDE Y SLISHRII
198 COMTINLE
ERROR=13
CLOSECUNTIT=T3rRELUN,
1 DISP="SAYE".
1 ERE= BEEE

il ol il
H X
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U
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I
]
~
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l
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|
I
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Stare entropy, auerage code-—y

ieecl lergthe segmentzl SHE and the
prabability of oocwance of szoh

guantizer lewsl in file

ES

{
|
|

[ T e B

ERROR=1

ISTTUH=22

ISTTIMDER=4

DPENiUHITzTPTTH“

HAFE="STTZ, OET 7,

TVFF*’HE"

W TLIRECT

4T 'HRIHLLiwIBTTEH&EH,
FnruRTTEﬁ”.

FITE LJT’UH STTIMDE R, 4708

ETF.

AL

SELTHE,
CRPROBCTI Y, I=L, WLEY S

MR TR R

FROR=C
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CLOSECURTIT=T3TTUH,
: DTSP = SRVE ",
ERR=4BGE

B

= End of program

SZTOR

2rrGE MeSEaoe

[ Froe S Y

Tu]

IrFe &FPHP GT. 16, OF.

tPJD Er

WRITECWMUHIT, +3 “HERROR 235
l_—.—--—
C Frompt the enter message agsin

[

IFCERROR. EQ.
IFCERROR. EQ.
TFLERRDORE. EQ.
IFCERRBOR. EQ.
IFCERRGR. EQ.
IFLERROR. Ef.
IFCERROR. E&.

GooTO
GOOTD 4
D ToDOE
O S S I B
I 0 0 T A
OLEOOTO oSN
.UH.?? GO 1O

mrﬁ“‘P#im

[ l'_:i _Ll (XX BN

[ Program stap

fi———

K )

Formats

(]
i
5 D i
i

FORMATC?
FORMAT S " SENTER WEUTOR
FORMAT " $EMTER
FORMAT ¢
FORMATC ZENTER THPUT T9PE
FORMAT Y SEMTER OUTFUT FILE
FORMAT CEEF4S 70

=

P 5

il

Db [0 B
i
o

LAY
[

,,.
X B

jeviiiy

o T

~] T
]
(Y]

ERROR. B0,

FORMATL “FEWNTER CHAMHEL TRAMSHMISSION RATE
FENTER SAFPLIMG RATE
DIMENSTON
IHRFUT FILE MRME

SERROR_MESSRCECHERR Y

,..

R T 70
l‘: I 3 ‘j-' l R ::‘

CHEEY I Tl

(TYFE D OR DF3 333 )
MAME (ReS@) 333 70
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e total mumbee of BitE eregudresd ta cods
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CHG, BLEGHT IBEHTRF. FOR
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VHE-11
UEHGE:
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SPECTRL REQUIREMEHTES:
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LANGUAGE:
FORTRAMK IV PLUE
FARAMETERS:
Ta: = TERD

TS
e

Froam: —  BR

IMPORTAMT WRRKIABLES:

oL Towed
TsLTOC Iwd

QIMPUT
W

COMMOR BLD
Gew [HG COMFMOHE
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WURRT

e e o 'CLrE bl

Iad End of the Hth input wector
Tkt Begirring of the kth input wectar
ot} A array of output lewvels of the
cuanrntizer
3
Fueal C Total number of bits reguired to code the
kth input wector for a2 Qiwven
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Frr erray of code-word Length
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FEr o3 s

I DHG UTLRPGIT subdirectory
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RUTHOR:
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DRTE CREATED:

MELIHTARAINED BY:
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Horme yeh
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EH=3
DO 498 I=1i, HLEY

Do 2ea I=TIT. TEHWD

X, ST WMARED

EHD IF
CRLL GUART CQIMPUT. Lo WEL MLEY S

TELTOCAL =I5 TOn oL 2+4
s 1% COMNTINUE
- Caloulate BH

DO 288 I=1. HLEY

EN=BN+ISLTOC I CL LD
Z3a CONTINUE
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EMHD
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of eackh guantization =lo+t
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C Specifiy the types of BMAX. BN, BT, Bl and BE

Eifd s

C Create ocommon bhlock BITELE

[
COoOmMoM SBRITELEABL BE
[
(. Initializatian —

B

‘__———-—
S =i
[
- Caloulate the rgroge that B bhasz 4o fal
[
ITH=EBMRAX~-ET
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o afpdi ol

SEFLORTORLEY A2, 8
[ e e e
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(O
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o e
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