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ABSTRACT

An algorithm based on delta modulation for the
transmission of nonuniformly sampled signals through digital
channels by time quantizing and block coding of the sampling
intervals has been investigated and simulated on a digital
computer. The trade-offs between the system parameters such
as the unit time quantum, the run-length constraint, the
buffer size, the transmission rate and signal distortion

have been analyzed and evaluated.

Two different schemes, one using run-length codes and
the other using vector quantization, are proposed for
encoding the signal samples together with the sample
interval which are generated by a non-linear (non-uniformly
sampled) delta modulator. The performance of the two
schemes is evaluated. The algorithms have been tested with
computer-simulated speech signals. A 3 to 5 dB improvement
in segmental—signal—to—quantization—noise (SSQONR) is
obtained over conventional non-linear delta modulation
techniques, operating in the same range of transmission
rate, with the use of run-length codes. A Dbit rate
compression ratio of magnitude of more than 2 is achieved
with the application of vector quantization compared to the
results obtained with the run-length codes in the medium

transmission rate of 16 to 24 kbits/second.
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CHAPTER 1

1.0 INTRODUCTION

With the rapid development of the technology of high
speed integrated digital circuits, digital technigues have
become standard in commmunication systems. These systems
offer certain advantages over their analog counterparts,
such as an ability to operate at lower signal-to-noise
ratios, power requirements, cost and yet smaller size. The
major disadvantage of digital transmission is the
requirement of a wider transmission channel bandwidth.
Hence, data compression is required to reduce the necessary
transmission bandwidth. The development of optimal data
compression techniques has become the main task in the

design of digital communication systems.

Data compression can be achieved either by performing a
block transformation on the data, and then quantizing in the
transform domain [l1] (Transform Coding), for example, the
Fourier, Hadamard, discrete cosine, or Karhunen-Loeve
transforms, or by predictive or interpolative methods in the

time domain (Predictive Coding).

It is often difficult to choose a specific data
compression technique for a given application, because the
quality of the algorithm depends on the statistical
properties of a given source. Most of the comparison

techniques investigated so far perform data compression on



uniformly sampled signals [3]([4)([11]1. 1In such cases, there
is always a risk of oversampling or uvndersampling the
signals of unknown or time varying statistics, (speech and
image signals). If predictive (waveform) nonuniform
sampling techniques are employed, then only the sampling
intervals and the prediction polarities are needed to be
transmitted, since the predictive rule is also known at the
receiving end [2]. As a result, the transmission rate can
be reduced considerably. Although some source encoding
systems [21(3] have been proposed with the latter
techniques, no complete analysis and application has been
developed. It is the goal of this thesis research to derive
such an encoding scheme. Figure 1.1 shows the approximate
performance levels of several quantization techniques used

for speech coding [4].

In this thesis, a time domain model of a comparison
digital encoding system has been developed and simulated.
This system is based on a delta modulation technique with a
nonuniformly sampling method where information is generated
only on those samples which differ from their predictions by
a certain preselected threshold. Buffering is employed due
to nature of the asynchronous sampling technique. The
encoding procedure can be factored into two separate steps,
the source coding and the channel coding. Studies of data
compression often lump the channel encoder with the

communication link. To evaluate the signal encoder itself,
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2 noiseless channel is often assumed. This study is focused
on the problem of source coding while assuming chat the
channel errors contribute no degradation to the system
performance. In practice, an error correcting code is
likely to be employed for the recovery of the signal in

noisy channels.

To verify the validity of the simulation method, the
system performances are compared to different conventional
source encoding systems (Constant Factor Delta Modulation,
CFDM [14]([42], Linear Delta Modulation, 1LDM [6)) with the
same input signals, which in this case is synthesized

speech.

The following paragraphs present an overview of the

thesis.

In chapter two, a general model of an asynchronous
source encoding scheme is outlined. The minimum bandwidths
required for transmission are derived for both sinusoidal
and Gaussian signals. The adaptation schemes in generating
nonuniform information flow are also described. The
sampling information is transmitted with the aid of a store-

and-forward device, such as a buffer.

In chapter three, the proposed corridor asynchronous
delta modulation system is presented. Following the system
description, the sampling interval statistics are derived

for the asynchronous system. The transmission rate, the



channel capacity, and various sources of distortion, such as
quantization noise, buffer overflow and run-length limits,

inherent to the system are presented.

In chapter four, the application of run-length coding
of the nonuniform sampling intervals of the asynchronous
delta modulator is presented. The application of run-length
encoding with Huffman code, differential run-length code and
differential run-length code with synchronization word are

investigated.

In chapter five, the application of widely popular
vector quantization is described. The application of vector
quantization to the nonuniform sampling intervals generated
by the asynchronous delta modulator is introduced. The
performance is thern compared with that obtained by using
run-length coding described in chapter four. A noticeable
improvement, in terms of transmission rate reduction, is

obtained by the use of vector quantization.

The simulation results are discussed in chapter six,
where comparisons of the different coding schemes on the

system and performances with LDM and CFDM are made.

This thesis is concluded by a suggestion for what the

author feels to be an interesting field.



CHAPTER II

2.0 ASYNCERONOUS SOURCE ENCODING SYSTEMS

2.1 INTRODUCTION

In conventional coding methods like Pulse Code
Modulation (PCM), and Differential Pulse Code Modulation
(DPCM), the sampling interval is fixed and restricted to an
upper limit of 1/2f,,, where f;,;y is the highest frequency
component of the modulating signal, according to the Nyquist
sampling theorem [5]. It would be interesting to devise a
system where the sampling intervals could be made to vary to
take advantage of the redundancy of the signals. Hence, the
number of samples to be transmitted wouid potentially be
reduced, and a substantial bit rate reduction would be

achieved.

It is the aim of this research work to realize data
compression with the transmissicn of nonuniformly sampled
data over the synchronous binary channel. In this chapter a
general description of asynchronous source encoding systems
is outlined. The output of such a system consists of
positive and negative pulses nonuniformly spaced in time,
and the information required for transmission is the pulse

interval duration and the polarity of each pulse.

Bandwidth compression can be achieved by reducing the

redundancy of the encoded signal. The results obtained are



shown in Chapter 3. The higher the correlations between the
message samples, the greater the redundancy, and in turn,
the required information rate to be transmitted can be
reduced. In asynchronous source encoding systems,
information is transmitted only when reguired, according to
a particular criterion which aims to remove or reduce

redundancy [6].

2.2 ASYNCHRONQUS SOURCE ENCODING SYSTEM

The general block diagram of an asynchronous source

encoding system is shown in Figure 2.1.

The difference signal, e(t), between the input signal,
x{t), and the reconstructed signal, y(t), is continuously
updated and sampled at appropriate instants according to the
sampling control algorithm. At the nonuniformly sampling
instant, tj, a positive or negative pulse is generated and

conveyed for transmission,
b(t;) =1 (2.1)
where b{t;) is the pulse polarity at time tj

The reconstructed signal y(t) is generated by a

function derived from the information on the duration of the
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preceding intervals and the pulse polarities, i.e.
y(t) = £{pAtj_3,---sBE5-(n+1) P(t3) ..., D(E5_n))
for £ty £t £ ti4
where atj.) = t; = tj-1 (2.2)

In practice, the sampling control algorithm generally
consists of a simple threshold detector applied to the
difference signal, e(t) = x(t) - y(t). For the case of
fixed thresholds, e.g. at values of -a/2 and +a/2, the
system is called a fixed corridor type asynchronous source
encoding system with corridor width, ™a", which is also

called the step-size [7].

2.2.1 Asvnchron Del M ion m

Due to the simplicity of realization of Delta
Modulation (DM), numerous refinements and variations {3] of
the basic invention [8] have been developed. Asynchronous
Delta Modulation (ASDM) systems, which can be easily
implemented, have become the best known asynchronous souxce
encoding systems. ASDM systems have a digital output which
is quantized in amplitude but not in time. Consequently
uniform sampling processes are not required. The systenm

arrangement is shown in Figure 2.2.
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In Figure 2.2, the encoder generates an output waveform
b(t) consisting of short pulses with magnitude 1. Each
pulse is generated when the variation of the signal exceeds
the basic [-a/2, +a/2] interval. The polarity is determined
from the difference signal e(t) by applying the followinqg

rules:

b(t) +1, if e(t) > a/2

I

= -1, if e(t) £ -a/2

= 0, if -a/2 £ a(t) < a/2 (2.3)

In the feedback loop of figure 2.2, the integration of
the generated pulse trains yields the staircase
approximation, having irregular horizontal intervals, of the

input signal.

To obtain satisfactory (Nygquist I) transmission, the
minimum bandwidth, Bpin, required is 2/Atpip, where Atpip is
the minimum value of at. Note that aAtpiy = a/lx’ (EM paxs

where [x’ (t)] nax is the maximum absolute slope of x(t).

Consider a sinusoid x(t) equal to Asin2Wfpt. In a
quarter of a period, the number of steps required to reach
the amplitude of {A| from zero is equal to A/a, where a is

the step size of the delta modulator. Thus, the number of

11



pulses generated in one period is 4A/a, or the average
number of steps per second is
4A 27fqL 4a £,

Ei{n) = = {2.4)
a 27 a

where E(.) is the expectation operator.
The average absolute slope of x(t) is

E(ix’ (£)]) = 42 £5 [sec.”1] (2.5)

and the average number of steps per second is

E(Ix’(t)i)
E(n) = {2.6)
a

If buffering is assumed, then the minimum bandwidth,

Bpins required for this sinusoidal signal becomes 4Afn/a.

In the case of a zero mean Gaussian input signal x(t)
band-limited to fpax Wwith mean square value 02, the
probability density function of the slope of x(t) is also a

Gaussian function with a mean square value given in [10].

£
2 Imax fz

0 fmax

E{(x' (£))%} = 4T df = (27 £pay)? 02/3

(2.7)

12




The average absolute slope, E( .x’(t).) is found to be
;8./3 0-fmax [(10]. The average pulse rate can be found by

substituting this value into (2.6). Thus

'sn /3 0 ¢
E(n) = Tax (2.8)
a

From (2.7), if the maximum slope is assumed to be N
times the root-mean-square value of the derivative, i.e. the

square root of (2.7), then

X' (t)| max = N (2Tfpay) 0/ /3 (2.9)

and consequently the minimum bandwidth:

2 %' ()] max 2N

Bnin = a = /3 a 2T fmax (2.10)

if no buffering is assumed.

Considering the fact that 2/Atpy;n, is the necessary
transmission bandwidth and 1/E(At) is the average pulse
transmission rate, one can use the ratio E(&4t)/Atpin o
{%’ (£)| pax/E(I %" (t)|) to represent the efficiency of the
channel utilization. It is found that (recall (2.9), (2.8),
(2.5) and (2.4)) the ratio for a Gaussian signal is N/7/2
and that for a sinusoidal signal is 7/2 . For a Gaussian

signal with N greater than /%/2, it is necessary to find an

13



algorithm for further band-compression rather than transmit

the output pulse itself.

2.2.2. Adaptive Schemes

Recall (Figure 2.2) that the sampling instants are
determined solely by the threshold detector. However, more
promising performance improvements are likely to be achieved
by adaptive sampling techniques. Hawkes and Simonpieri [2]
have described a sampling algorithm for ASDM systems, where
the sampling interval is a function of the past intervals.
It is necessary to limit the maximum and minimum sampling
interval lengths, which are denoted as Aty and  Atp

respectively.

The sampling interval is determined by applying the

following rules:

Aty -1 F(b(ts;),b(tj-1),.--)7 if Aty £ At < Aty
Aty = Antp ; if Aty < Atp (2.11)
Aty ; if Aty > Aty

where F is a specific function.

In the simplest form, memorization would be limited to
only the previous sample. Thus F depends on b(t) and

b(tj-1) only. A reasonable logic for F would be:
F(+l,+1) = F(-1,-1) =A< 1

14



F(+1,-1) = F(-1,+1) =B > 1 (2.12)

In order to follow rapid changes in the signal, a

change in the step size can also be adopted.

Jayant [11] has described a step-size adaptation scheme
based on a fixed rate delta modulation system. The step

size A can be generally represented as:

Aj_q G(b(ty), bltj_1),-.) , ifAp < A; £ 4y
Ay =4 Ap , ifAp > A3 (2.13)

where Ay and Ap are the maximum and minimum step sizes

respectively and G is a specific function.

Note that Ay should be limited to avoid excessive
signal overshoot while Ap should correspond to the minimum

quantization interval.

(Weiss et al [12] and Oliver [13] have discussed a
method of overshoot suppression for delta modulation

systems. This method and is described in chapter six.)

In a similar way as for (2.12), if G depends on b(t)

and b(tj_3) only, then the logic G can be stated as follows:

G(+1,+1)

G(-ll _1)

cC>1

G{+1,-1) G(-1,+1) D<1 (2.14)

i5



2.3. UNIFORMLY SAMPLED COMPARISON TECHNIQUES

Because of their similarity with the systems discussed
above, the zero-order interpolator and the fan interpolator
[42], both well known data compression schemes, will Dbe

mentioned briefly.

The Zero-Order Interpolator: First the signal is
uniformly sampled and a horizontal aperture is set around
the samples in such a way that the number of samples staying
in the aperture space is maximized. After the last sample,
the aperture is moved vertically to a new value as shown in

Figure 2.3.

The compressed message includes the aperture levels and
the number of samples that stay within the aperture before
it is readjusted. One variation of such an interpolator is
described in [14], which proposes a finite length,
exponential converging-aperture procédure for speech coding

at an average bit rate of 9.6 to 14.4 kb/s.

16
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Figure 2.3 The Zero Order Interpolator
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The Fan Interpolator: The fan interpolator operates in
a similar way except that the aperture is not constrained to
be horizontal. It tries to approximate the signal by the
longest straight line Joining two sample points in such a
way that all intermediate sample values fall within the

aperture shown in Figure 2.4.

As shown in fiqures 2.3 and 2.4, the fan interpolator
is sensitive to slope changes whereas the zero order

interpolator is sensitive to amplitude changes.

In the next chapter, the analysis of the ASDM system is
presented. The polarities of the output pulses of the
encoder and the durations between them are run-length

encoded so as to achieve synchronous transmission.

18
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CHAPTER III

3.0 ASYNCHERONOUS DELTA MODULATION SYSTEMS

3.1 INTRODUCTION

In this chapter, the proposed asyncﬂfonous delta
modulator is described from a practical point of view. This
is followed by the derivation of the probability density
function (pdf) of the sampling intervals of an ASDM. The
required transmission rate, the quantization noise
characteristics of the system and the channel bandwidth

required for transmission are also analyzed.

The commonly used data compression algorithms, such as
the zero-order interpolator and the fan intexrpolator as
described in chapter 2, require the transmission of
nonredundant sample values, and the time information to
locate them. However, in an asynchronous source encoding
system, instead of transmitting the quantized level of each
nonredundant sample, the differences between the samples are
transmitted. Thus, only one bit is required to represent

the polarity of the output pulse.

To operate on irregular sampling intervals, it is
necessary to include information such as run-length, in
order to permit the reconstruction of the transmitted
signal. It is advantageous to run-length encode the time

intervals of the asynchronous source encoding system output

21



in two ways. First, synchronous transmission can be
achieved by the use of a buffer. Secondly, long run-lengths
can be encoded to represent long idle periods, such as
conversation pauses or silence periods in speech signals and
long black and white scans in video signals. Considerable
reduction is attainable in transmission rates for run-length

encoding in multiplexed channels.

Scuilli [15] has experimentally determined the run-
lengths of the quantized amplitude values for speech signals
sampled at 8 KHz and quantized to 64 levels, as seen in

Figure 3.1.

In a practical data compression system, the information
of the compressed data is usually generated nonuniformly.
In the case where run-length encoding is employed, the code
words are generated at the end of the intervals to be
encoded. Hence, the compressed data has to be fed into a
buffer so that it can be transmitted at a uniform rate and

in the right order.

3.2. SYSTEM DESCRIPTION

The block diagram of the complete data compression is

shown in Figure 3.2.

The output of the asynchronous source encoder consists

of nonuniformly spaced positive and negative pulses. The

~

22
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counter control triggers and resets the two counters
alternately during successive pulse intervals. The run-
length codes assigned for the time intervals appear at the
counter outputs. One period of the counter clock, T sec.
corresponds to a run-length of one. In our system
simulation, as described in chapter six, ¢ is chosen to be

equal to ‘tpinp-

Figures 3.3 and 3.4 shows the run-length encoder and
decoder respectively. In the encoder, the data selector at
counter output selects the run-length code words to feed
into the buffer. The asynchronous source encoding system
output consists of both positive and negative pulses to
indicate upward or downward steps. A sign bit (information

bit) is carried along with each code word.

The counter frequency generators of the encoder and
decoder each oscillate at the same frequency. When the
decoder counter matches the word in the buffer, the
comparator triggers the source decoder. Subsequently, the

word is discarded from the buffer and the counter is reset.

The demodulated signal is subsequently passed through a
low-pass filter (LPF) to remove the edges due to

quantization.

25
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3.3. RUN-LENGTH ENCODING ERRORS DUE TQ THE RON-LENGTH
CONSTRAINT

If the minimum inter-bit-interval time (IBI), Atpjp, 1S
the run-length of one, then the minimum length of the code
word, I, (bits), would be the smallest integer greater than
1ogy (Atpay/ Atpin)» Where Atpax is the longest IBI allowed,
so that all time intervals between arrivals can be encoded
correctly. In the case of asynchronous delta modulated
speech, excessively long IBI’s are likely to appear during
the silence periods. Therefore, it would Dbe more

appropriate to consider Atpayy for the active speech regions.

Wwhen a certain time interval At; is longer than Atpay,
an encoding error occurs. This type of error can be
prevented by employing the encoding scheme shown in Figure
3.3. In this model, the counter starts to recycle when the
jnterval length exceeds Atpay, and Atj is assigned to the
code word corresponding to Atj- kATpay, where k is an
integer. Hence, the transmitted interval length becomes atj;
modulo (Atpax) - In such a case, two kinds of error due to

run-length constraint may occur:

(1) If the buffer storage is not emptied during the
long time interval, the interval measurement error
will be kltp,, seconds, where k is the number of

Atpax counted before the buffer is empty.

(2) If the storage is emptied, then the time intervals

decoded by the receiver will be equal to the
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durations inwhich the buffer remains empty. In
other words, the received time interval is S;/R,
sec., where S; is the number of locations cccupied
in the buffer at the start of Atj and Ry is the
transmission rate. Conseguently, the interval

measurement error will be 2At; = (S;/Ry) sec.

3.4 HARACTERISTT F THE INTER-BIT-TNTERVAL (TRBI
DISTRIBUTION

The statistical behavior of the interval time between
two consecutive samples, At, is one of the factors affecting
the performance of the system. In ai: ASDM system, Lt is the
period between two consecutive corridor crossings. The
analysis of this case can be based on the previous studies
of level-crossing problems [17]. However, due to the
mathematical difficulties confronted in 1level-crossing
problems, analytical derivations of the IBI are available

only for a few kinds of signal distributions [17].

In this section, the IBI characteristics of Gaussian

and Laplacian distributed signals are derived.

Consider a zero-mean Gaussian signal. The average
number of level crossings in 1 second is given by Rice’s

formula [18]:
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(25-1)2 a2
B(nj) = E(ng) exp - { } {3.1)
8 R(0D)

n4 is the number of level crossings by the signal of
the j’th level, which is of amplitude a-j, each level having
a separation of ’a’. E(ng) is the average number of zero
crossings, and R(0) is the zero-autocorrelation coefficient

of the signal, and is the signal power.

The probability density function, pdf, of At, plat),
can be determined approximately from the pdf of the first

derivative of the source signal, given that

a a
or Aty = —
Aty : 1% (£}

n

Txf () ¥ (3.2)

where At; is the i’th interval in time.

This approximation is based on the assumption that the
signal is linear during the inter-bit-interval {(IBI), which
is acceptable for small values of At; and a, and also that

there is no maximum or minimum within the Atj period.

The relation between At and x’ (t) expressed in (3.2) is
a double-sided function as shown in Figure 3.5 and p(it) can

be expressed as
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x'(t)

it

@)

2(t)

Figure 3.5 Relationship between At and x‘(t)
At = Interbit—bit—interval time
'(t) = slope of input signal
a = step size
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-a d -a

DIt) = Prys (¢)] (—) (—)
7@ 7 g 2t
a d a
+ Prys gy ] (—) (—) (3.3)
e e ‘t

Considering that pdf of the slope is symmetric for
positive and negative values as in the zero-mean Laplacian

and Gaussian distributions, (3.3) can be simplified as

2a a

i) = — —_— 3.4
p(Lit) 02 Prx’ (£)] (;\.t) ( )

Therefore, for signals with a =zero-mean Laplacian

distribution of

1

Prxr (£)1 ) =

exp{ ~ JZ i3 105} , =c0 < T <00
, J20, ! ° ,

the pdf of At is then (by substituting the equation above

into (3.4)),

ve a JZ a
plat) = — exp{ - } o, 0 < At < 00 (3.5)
(at) 20, At Og

Now consider a band 1limited, =zero-mean Gaussian
distributed signal with a slope that is also Gaussian

distributed [16] and the same power 0;, where
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., 2

1
——— expi- — } (3.6)

Prx’ (3) = g
@I " o a7 2 0,2

By substituting equation (3.6) into ecuation (3.4), we

obtain

2a al
p(rt) = —— exp{-
(M) 2/27 O 2(2£)2 042

} (3.7)

Since a/0, is the only variable in (3.5) and (3.7), and
the corridor width can always be expressed as a function of
the standard deviation of the signal, one can conclude that
the only parameter that the IBI depends on is the corridor

width, "a".

In Figure 3.6 the normalized pdf of the IBI are drawn
for different width factors, a/0,, using the results
obtained in (3.5) and (3.7). The Laplacian slope
approximation is found to have a higher average IBI compared
to that of the Gaussian. In other words, the Gaussian
approximation is better for shorter IBI’s or steeper slope,
whereas the Laplacian approximation is better £for longer

IBI’s or the tails of the slope.

3.5 TRANSMI N_RAT

In this section, a contrel algorithm for the

transmission buffer for the proposed asynchronous delta



— Gaussian  signal

Figure 3.6 The PDF of the IBI for Gaussian

and Laplacian Slope Distribution
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modulator is investigated. The transmission rate chosen
affects directly the buffer occupancy level distribution. If
the transmission rate Ry is chosen to be greater than the
average pulse transmission rate, 1/z2t, then the buffer is
expected to underflow frequently, whereas if R, < 1/4t then
it will result in frecuent buffer overflow. Therefore, the
transmission rate is a compromise between the overflow and

underflow conditions.

If the transmission rate R, is chosen to be equal to 1/

't, then the probabilities of buffer underflow and overflow

are the same. However, it is more desirable to chose R,
which is slightly greater than 1/4t, since the underflow

situation is more tolerable than that of overflow [19].

The average input rate into the buffer, 1/At, can be
found if p(At) is known. This was derived for asynchronous
delta modulated speech considering only the active regions.
However, one must also consider the silence intervals which

exist for as much as 50% of the time.

Exponential functions have been used to model the talk
spurts and the silence gaps. Examination of the speech
signal has revealed that besides the numerous short gaps,
there exist gaps as long as 1 to 2 seconds. This suggested
that the silence intervals can be modeled by a combination
of two exponential pdf’s with means approximately 10 msec.

and 1 second [20].
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FRUTF ey

Pg(t) = Aby exp(- bt} + (1-A) by exp(- bt} (3.8)

pg(t) is the total probability of occurrence of gaps,
*A’ is the probability of occurrence of short gaps, whereas
*1-A’ is the probability of occurrence of the long gaps. It
is found by Sherman ([20] that only one out of 20 gaps is a

long one, that is A = 0.95, and the average gap length is

1 A (1-3)
- = e
b by bs

(3.9)

that is, around 50-60 msec.
The talk spurts also have an exponential density
function with an average duration of 50 msec.
pg(t) = c exp{- ct} (3.10)

The ratio of the silence gaps to the entire talk period

et
/)]
"

c/ (c+b) = 50% (3.11)

Then the expected valued of (4t) to be used in the

calculation for the transmission rate becomes

E{At} = Aty (1 + c/b) (3.12)

where At, is the average time interval obtained by

considering only the active regions.

36




Unfortunately, if the transmission rate is kept
constant, then large buffers are necessary to maintain low
probabilities of overflow. This has a disadvantage of long
system delay and high realization costs. However, if the
transmission rate can be varied, considerably shorter buffer
storage would be sufficient to keep the same probabilities
of overflow and underflow. This can be done by using a
control mechanism which monitors the state of the buffer and
regulating the transmission rate accordingly. If the buffer
is excessively full, the transmission rate should be
increased. Conversely, the transmission rate should be

reduced if the buffer is almost empty.

It is necessary both to prevent underflow and to keep
the average transmission rate equal to the average data
arrival rate to the buffer to make the best use of the

transmission channel.

A general form of the control algorithm is,

R(S) = Ry * H(S) (3.13)

where R(S) is the transmission rate when there are S
words in the buffer, R, is the average transmission rate
(bits/sec), and H(S) is the coefficient of adaptation rate

dependent on the number of word in the transmission buffer.

H(S) must satisfy the following restrictions: first, it

must be an increasing function, second, the average buffer
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occupancy level about which § fluctuates is half of the

buffer size, i.e. H(L/2) =1, where L is the buffer size.

Since it is required that the average transmission rate

is Rgy
L 1
E |Pr(s=i)/R(1)} = — (3.14)
i=0 Rq

or
1, Pr(sS=i)
E —— =1 (3.15)
i=0  H(i)

In practice a piecewise linear approximation to H(S) is

used. A typical example for the case
Pr(S < L/10) = 1/10 and Pr(S > 4L/5) = 1/5

would be as shown in Figure 3.7 so that (3.14) is satisfied.

3.6 CHANNEL BANDWIDTH

1f the run-length codes have a fixed length of 1. bits,
the channel capacity required for the system employing the
proposed algorithm will be a fixed increase of the average
transmission rate from Ry to (lot1)R, bits/sec, where one
bit is added for pulse polarity information. In the case of
asynchronous source encoding schemes, the necessary channel

capacity is determined by the minimum inter-bit-interval
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time of the pulses. Therefore, the necessary channel

capacity is 2/Atpip bits/sec.

In the proposed system, if fixed length codes are used,
and only the reduction in the bit transmission rate 1is
considered, the improvement in speed over a synchronous

system achieved can be measured by the following ratio:

2/Atpin E (at)
—_ T a —— (3.186)

1./E (AE) lodCmin
In the case of speech signals where idle period and pauses
constitute 50%, the average information provided by the

code words is:

H(at) = - E p(aty) logplp(atj)] bits (3.17)
J

where j = 1, 2,..., Le. Lg is the nearest integer to Atpay/

Atpmin- In other words, Lc is the longest encodable run-

length with 1. bit-long code word, i.e. Lo = 21c,

Since IBI’s are subject to time quantization, the
asynchronous source encoder output pulses can be assumed to
appear at instants which are integer multiples of the unit
run-length. Consequently, one can consider the pulses to be
nonredundant samples, and the intervals, which are filled
with zeros, between the pulses to be the redundant samples.

A Markov model can be defined with the following parameters:
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Pr
Ppn

Pn/r

Pr/n

Probability of a redundant sample

= Probability of a nonredundant sample

= Probability of a transition from a redundant to a

nonredundant sample

= Probability of a transition from a nonredundant to a

redundant sample

where Py/pn is always equal to 1 in our system because each

nonredundant sample is assumed to be followed by at least

one redundant sample which implies a run-length of at least

l in

all cases.

Consider the following:

Pn/r + Pryr =1, Pp/n *Pr/pm=1

Let 1, denote the length of a redundant run.

length probabilities are expressed as follows:

) -1 =1
Pp(ly = J) = Pr/y Pn/r = Pr/r (1-Pp/r)

The run-

(3.18)
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then
i-1 i-1 i
H(M) = - E Ppyp (1-Pp/y) log [Pryy” (1=Pp/p)| (3.19)
i
= - E Pyt (1-Pr/y) (i-1) log Pr/p
i

- E Ppyr* 1 (1-Py/y) 10g(1-Pr/r)
i

Pr/r

= = ————— 10g(Py;y) = 10g(1-Pyr/r} (3.20)
(1-Pr/r)

The run-length has a geometric distribution [21] and

has a mean of

1

lyy = — (3.21)
(1= Pr/r)

By substituting (3.21) into (3.20), we obtain

(1ay-1) lay-l 1
H(at) = lau— logl ) - log
lav lav lav
= lyy log lay — (lay~1) log(lyy=1) (3.22)

This is the same result as obtained by Huang [22], it
gives an upper bound on the entropy per run, where each run-
length was discretized independent exponentially distributed

random variables.
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P, can be represented as:

n r Fn/r a) (1-Prs»)
1-Pyr/» 2F n-l

P, = =>  Pryy = (3.23)
2'Pr/r Ph-1

Therefore, by substituting (3.23) into (3.21), we obtain

Igy = —— = 1 (3.24)

The system has only one independent parameter, Pr/yp.
Wwhen Py, = 1/2, then 1y, = 2 and H(2t) = 2. If Pyryr
increases above 1/2, the entropy also increases but not as
fast as l,y, and if Pp,, decreases below 1/2, entropy also
decreases but faster than l,,. 1 - H(it)/lzy is plotted in

Figure 3.8 as a function of Igy.

The average rate of information is H(at)/&it,y where as
the transmission rate is I./Atyy if fixed-length coding is
used. Therefore if H(,t) < 1o, less information than that
which is transmitted could be sufficient to resolve the
uncertainty. H{it) = l. only when the inter-bit interval
time has a uniform distribution. However, the examination
of p{(..t) for various cases shows that long and short IBi’s

are quite less probable than those of medium length.
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This suggests that wvariable length coding should be
used, in which case our primarily interest will be in the

average code length, ngy.
Nay = % p(rty) 14 (3.25)

where ~ty is the j’th sample interval and Iy is the number

of bits of the code word associated to that interval.

Because of certain restrictions on the variable length
codes, in order to guarantee unique decodability, most
commcnly prefix codes are used. It is possible to assign

prefix codes so that [22],

nay < H(AL) + 1 (3.26)

where H(At) is the entropy of the sample interval, At.

By assigning code words to sequences of KAt’s , where K
is > 1, rather than to each At, then we can obtain a better

average code word length.
nyy < H{At) + 1/K (3.27)
In order to find the optimum variable length code, the
Huffman coding procedure can be applied. First, all p(Amj)

should be found, then it is a very systematic procedure to

obtain the Huffman codes [23].
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If we expected that nyy < lo, that is rngy = lg, with r
being the compression ratio achieved by using Huffman codes
instead of fixed length codes, then the necessary channel

capacity will be

logp (Mpax/ SLmin) (3.28)
r Atay

One may try reduce further the necessary channel
capacity by decreasing the number code words. This is
possible either by increasing Atpin OF decreasing Atpax-
However, one must note that increasing itpjp introduces more
time quantization error, whereas decreasing dtp,y means that
more IBI’‘s will exceed Atpax and will be encoded

incorrectly.
3.7 NOISE CHARAGCTERISTICS

In all digital modulation methods, amplitude
quantization is one of the major sources of quantization
error. In the case where run-length encoding is employed,
an additional noise component due to time quantization is
added to the total distortion. A list of the distortion

sources for the system encoder investigation is shown below:
(1) Amplitude quantization
(2) Time quantization

{3) Run-length limit
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(4) Buffer overflow

Expressions for both the amplitude and time
guantization errors are derived in this section, while the
nature of the distortions due to the run~length constraint

and the buffer overflow are to be discussed in chapter 4.

In an asynchronous source encoder, the intervals
between samples, IBI, are measured in multiples of the unit
time quantum, <T. Different run-length codes are then
assigned to different IBI'’s. If 1; is the run-length
corresponding to At; and is allowed to take on integer

values only, then it is always true that

(15 - )T < Aty £ 13t (3.29a)
Alternatively,
l;v =0ty + ¥, 0 £av¥ <«x {3.29b)

where M  is the resulting time displacement of the
reconstructed signal in the receiver. 1In order toc prevent
the accumulation of these time displacements on the receiver
side, a negative bias of ¥/2 can be added to the run-length

decoder.

The effects of the time quantization for an ASDM is

shown in Figure 3.9.

47



The mean squared error for the 3j’th level can be

expressed as,

Xs+ a/2 +aa

J
£ dx
E(ej‘?) = J (x-xj)zp(x) dx, for — > 0 (3.30a)
dt
x4 a/2 +ha
and
x4+ a/2 -Za
¢ dx
E(ejz) = j(x-xj)zp(x) dx, for — < 0 (3.30b)
dt

X5 af2 -Aa

where Aa is the average absolute amplitude

displacement. For a << 1, one can assume that p(x) is

constant for the interval [(j - 1/2)a, (J + 1/2)a].

Let p(x) = p(xy) for (3 -1/2)a < x £ (j + 1/2)a
and Prl(j - 1/2)a < x £ (J + 1/2)a] = pj

then, Py = p(xj)a :+ therefore
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o= 2y — i
:.(e3 ) = p(xj)

x5+ a/2 +ia

By suvbstituting n = X-X4

2y = p(xs
E(ey?) = p(x3)

The same result

The total mean

all the error terms,

S dx

\(x—xj)z dx, for — > 0 (3.31)
J _ dc

X5~ a/2 +:a

a/2 +:a

’ P (x3) a3 —

'n2 an = (— + 3a 3a%) (3.32)
v o 3 4

-a/2 +:a

is obtained if dx/dt < 0.

squared error can be found by summing

p(x-)a3
E(ejz) = E ejz = E —3 + 5 a'p(xj) aaz
3 3 12 J
since
Epj=Eapkxy =1
J J
we obtain,
az
E(eqz) = — 4 5a2 (3.33)
12
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The first term of (3.33) is the familiar amplitude
guantization error, while the second term represents the

contribution of the time quantizing or displacement error.

Recall from Figure 3.9, that if ¥ is chosen such that ¥

</Imins ONE Can write,
. l 21
Lx7 AT = —
or
raz = XA p=rj T3 (3.34)

Assuming &t is independent of !x’(t)! and uniformly

distributed between 0 and ¢£. Let x’'(t) be n, then

Ta = B{At} E{ ! x’(t): } (3.35a)
Julimax
T '.. '
= - < iml P o (iul) dtinh) (3.35b)
2 0o Y ‘

if py(m) = py(-w), then

—_— » U max
2=t up, () du (3.36)
0" :

For a bandlimited signal, if £,y 1is the highest

frequency component, then

127 (©) {max = 2 Xpax 27 fpax
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where Xpay, is the highest amplitude value. Let m be the

number of steps used for the approximation
m= -———- or X' (){pax = fmax "~ ma.
By using (3.36) and the above, {(3.33) becomes

2 ~
a » £ T ma
Elegd) = — +lx [ o upy, (W) du |2 {3.37)
4 12 o I

For a Gaussian input with variance 02 and bandlimited

to fhaxe

E{ [x* ()| } = O0fmax (3.38)

“19

s

Assuming that the maximum value of the slope,
127 (£) lgaxe iS N times its rms value, and t = Atpjp, then

(recall (2.7) and (3.34))

a IB_ a
x = Mpin = - (3.39)
Tk (t)  pax 2N £gaxl

Combining(3.35a), (3.35b), (3.38) and (3.39), (3.33)

becomes
a2 | /3 a T
E(eqz) = ~— + _— — Ofmax
12 4N T £pa 50 3
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5 32 a2
E(eyc) = — +
K 12 2N2y

(3.40)

This result, which is wvalid for small value of a,
indicates that the total time quantization noise power is
also a function of step size and is less than that of the
total amplitude quantization noise power for a bandlimited

Gaussian input, if N > ./6/~ = 1.38.

As seen in Figure 3.10, the maximum amplitude
quantization error is a/2, while the maximum total error is
a/2 +rapax- The time quantization error signal consists of
positive and negative pulses of height (a) and (-a) with
uniformly distributed random width between 0 and <. The
time difference between leading edges of the pulses are

integer multiples of t, namely the corresponding run-length.

In this chapter, the characteristics, such as the
quantization noise, the IBI characteristics, the
transmission rate and the channel bandwidth, on the corridor
asynchronous delta modulation system have been described.
In chapter 4, the application of run-length enceding on the
proposed asynchronous delta modulator output is described.
The non-uniform sampling intervals and the polarities of the

steps are run-length encoded.
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Figure 3.10 Error Waveforms
(2) Asynchronous Delta Modulated Signal

(b) The Amplitude Quantization Error

(c) The error signal resulting from both
amplitude and time quantization

(d) The error signal due to time
quantization only
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CEAPTER IV

4.0 RUN-LENGTH CODING

4.1 INTRODUCTION

In this chapter, a brief overview of the time codes is
given. It is followed by the description of the application
of run-length encoding to asynchronously sampled speech like
signals. Coding techniques which prevent run-length
overflow are also presented. Conditions of buffer overflows

and underflows are also studied.

4.2 ENERAL TIME DE

Before discussing run-length coding, we briefly discuss

the properties of general time codes.

If there exists a certain predictability among the
sampling sequences constituting the message then the samples
can be classified into two categories, namely, redundant and
non-redundant samples. Part of this redundancy can be
eliminated by the use of predictive transformations aiming
at reducing the transmission rate. In some cases, such as
run-length encoding, the parameters derived from this

transformation together with time codes which carry the
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timing information of the sample sequences are sent along

with non-redundant samples to achieve data compression.

The time codes can be arranged in a way that the timing
information is sent separately from the nonredundant sample
values. Such codes are known as total information codes.
Whereas, if the nonredundant sample values are required to
be sent in conjunction with the time codes, then these codes

are known as partial information codes.

Basically there are three different coding techniques
for the sample sequences which have been determined to be
redundant and nonredundant samples by the predictive scheme

selected:

(a) Total Information Codes:
Time Sequence codes that encode a certain fixed
number of samples in such a way that it is uniquely
decodable. The codes are of fixed length and the
redundant samples can easily be distinguished from
nonredundant samples by assigning different code

words.

(b} Partial Information Codes:
Either the sampling time of each nonredundant
sample or the beginning of a nonredundant run, such
as a sampling pulse in the ASDM, is transmitted
within a fixed time frame. The number of

nonredundant samples have to be counted at the



receiving end in order to specify the length of the

redundant run.

(c) Run-length Codes:

In this case, it is possible to encode either both
the redundant and nonredundant runs or only the
redundant runs, i.e. redundant samples together
with the sampling intervals. For a binary source,
a predictive transformation can be placed before
the run-length coding for run-length generation.
In Figure 4.1, successive N-bit sequences are

compared, i.e. added.

It is highly probable that if repeated N-bit sequences
follow each other, then long strings of zeros, redundant
samples, will appear at the output of the module 2 adder.
The sequence can be recovered eventually when a one appears
at the output of the adder given that the same logic is
provided at the receiving end. Hence large compression
ratios can be achieved by run-length encoding the redundant

sample sequences.

If the run-length code has fixed maximum length, i.e. n
bits, an upper limit of 2% code words is imposed on the

encoded run-length.

The three coding techniques described above assume that
nonredundant samples may appear consecutively. If it is not

probable that consecutive samples are nonredundant, then
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each redundant run can be coded after being added to 1 to
indicate the end of the sequence. Thus, if occasionally a
nonredundant sample is followed by another one, then the
corresponding redundant run-length will be encoded as 1.
This procedure will result in an efficient total information
coding, since all run-lengths are uniguely decodable and the
redundant sample sequences, which contain strings of zeros,

can easily be distinguished from the nonredundant ones.

The advantage of run-length coding on the ASDM sampling
intervals is apparent due to the saving from the redundant
samples through the ASDM process and the simplicity of the

coding techniques that can be employed.

In the next section, we describe the application of

run-length coding on the proposed ASDM.

4.3 RUN-LENGTH DIN R_ASYNCHRON AMPLIN YSTEM

If the inter-bit-interval times are continuous random
variables, choosing the unit time quantum for the run-length
coding becomes a matter of compromising between the noise
introduced by the time quantization process and the given
channel bandwidth. However, in (3.36), time quantization

noise power is given by:
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» 2 max

E(eth) =1F o

upy, (u) dpl?

where t is the unit time cquantum, u is the slope of the
processed signal. It is shown in (3.40) that the time
guantization noise 1is negligibly small with respect to the
amplitude gquantization noise. Therefore it may be
advantageous to choose the unit time interval in run-length,
¥, larger than the minimum inter-bit-interval (IBI), Lpjip-
In order to make a rational decision on the choice of €, one
would need to analyze the time quantizing noise spectrum and
find the poxtion that lies within the signal bandwidth,

which directly affects the signal to noise ratio, SNR.

In this section, we concentrate on the determination of
the maximum allowable run-length for an assumed value of the
unit time quantum. The curves in Figure 4.2 show the
probabilities of the erroneous encoding, p(e), for different
values of ¥ due to the occurrence of time intervals longer
than L., where L. is the fixed maximum run-length N°T, and N
is an integer. (Note that, in this case, the p(e) is
associated to the error of an upward or downward step in DM,
due to the run-length encoding the maximum allowed, and not
to the encoded signal amplitude as often defined in PCM).
For example, if 5 bit (1 sign bit and 4 run-length bits)
coding is employed, we assume that all IBI’s longer than 25¢

seconds will be encoded erroneocusly since linear coding is
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Figure 4.2 P(e) vs L for different value of

unit time quantum T
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assumed. The curves in Figure 4.2 are obtained with a
Gaussian signal whose inter-arrival-time pdf is as defined

in (3.7):

2a 1 a2

pl{at) =

exp{ —_——}
(ae)2 2 02 2 (2t) 202

As shown 3in Figure 4.2, as the coder capacity
increases, the p(e) decreases, at the cost of longer code
words. Lower p(e) is obtained with longer T due to the fact
+hat the encoder is capable of handling longer IBI’s,
however, at the same time contributing a higher time-

quantizing noise.

The measure of the encoding error depends on how the
run-lengths that are longer than L. are being handled. If
the counters of the run-length coder are forced to stop
counting at the instant when the run-length exceeds L., it
is suspected that only the code words corresponding to L.
may be erroneous since a sign bit is always included in the
run-length code. Thus an upward or downward step 1is
interpreted. In this case, code words corresponding to Le
can be decoded as the expected value of the run-length given
that it is greater than or equal to L. This precaution is
expected to reduce the timing errors. This is described in

more detail in section 4.5.
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The timing errors due to confining the run-length cause
the signal to be displaced in time since the time interval
between two level crossings is effectively shortened or
lengthened. To compensate for this distorticn,
synchronization words can be inserted and transmitted
between blocks of code words [22]. The synchronization word
bears knowledge about the cumulative difference between the
actual run-lengths and the run-lengths corresponding to the
code words. Thus a correction is made in the demodulator by
shifting the signal by the appropriate amount. With this
scheme some degree of freedom is also achieved in decreasing
the maximum run-length by decreasing the synchronization
interval. In Figure 4.3 the signals before encoding and
after decoding in the presence and absence of
synchronization are shown, in c¢ase timing errors occur
because of excessively long IBI’s. In Figure 4.3 (a), the
solid line shows the original signal before encoding,
whereas the dashed line is the decoded signal where the
shift results from encoding errors within the interval
it1,ta! . Figure 4.3(b) shows the decoded signal if
synchronization words are used. t’; is the synchronization
time and t’,-t’; is the shift produced Dby the

synchronization word.

The application of a sychronization woxrd has been
simulated and a slight improvement is obtained and presented

in chapter 6.
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Although most of the redundancy in a signal can be
removed by zero-order prediction, the time intervals between
the corridor crossings of an ASDM can still be correlated.
Since the time intervals between the corridor crossings are
directly related to the slope signal, .t remains more or
less the same if the slope of the signal does not change
very rapidly. This suggests that a further reduction in the
transmission rate can be achieved if differential run-length

encoding is employed.

In the simulation presented in chapter 6, certain run-
lengths are assumed to be transmitted for synchronization in
certain intervals. Upon the reception of the sychronization
word, the decoder recovers the correct run-length wvalue.
This prevents the random time displacements in the
reconstructed signal. Since both forward and backward time
shifts are likely to occur, the building up of time

displacements in a single direction is not considered.

The simulation results in chapter & show that no improvement is

achieved by the use of differential run-length codes.
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4.5. PREVENTION QF RUN-LENGTH QVERFLOW

Three different coding technigques for run-length coding
are described below for preventing data 1loss due to

excessively long IBI’s.

(1) If nonredundant sample values are also transmitted,
together with redundant samples the sampled data
stream can be coded in frames of length M symbols,
where M is less than or egqual to 213, where 1. is
the code word length in bits. The first symbol of

each frame is always considered to be nonredundant.

(2) Only when a run exceeds Zlc, then the sample at

position 21C€ will be nonredundant.

(3) In this scheme, rather than regarding redundant
samples values as nonredundant, the run-lengths are
encoded with a variable number of code words. This
method is called run-length coding with standard
run-lengths. With this scheme the run-lengths can
be encoded effectively, no matter how long they

are.

Bradley [23] and Molinder [24] have discussed such
techniques, which are worth restating. The codes generated
by these techniques are considered to be optimal for run-

length encoding, if certain parameters are properly set.
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Consider a binary source where each redundant sample is
represented by a "0" and each nonredundant sample 1is
represented by a "1". For runs of 0 or 1, one code word
from a set of K code words is assigned, where each code word
represents a unique but fixed-length run-length. The
optimal choice of K will be the one that provides the

maximum compression ratio.

Certain output sequences are encoded with code werds

Cij, for example Huffman, as shown below:

01 —> Ci1.0
001 —> Cz:o

Aoo...6‘1 —> Cj.o0
i
‘000 000_ — CK, 0
K
1...110 —> Ci,l 1
i
1...111 —> CK,l

K

1A

i < K-1

A 2K standard run-length is chosen in the above and the code

symbols C; can be of variable length.

Now consider the asynchronous source encoder output
sequence where sample occurrences are represented by 1’s and
the intervals are filled with 0’s. The above procedure can

be modified as shown below:
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01 —> Cy
0...01 —> Cg, K zeros -> Cg41
A — 2K zercs => Cki2
K-1 -

NK zeros -> CganN

Let (K+N) be chosen such that logz(K+N) = n, where n is
an integer. Each code word have fixed length logs (K+N) = n.
Run-lengths less than K are coded with a single code word
whereas longer ones are made up of more than one code word.
As an example, if K = 5 and N = 3, then a run-length of 25

will be encoded as
C8+C6+C5=15+5+5

By using one set of code words, the maximum length that
can be encoded is K. With a combination of two sets code
words, it becomes NK+K. Let W; be the maximum encodable

run-length with i code words, then

W; = K + (i-1)KN (4.2)

If i code words are necessary to encode a set of run-
lengths then the average number of bits required is B =
(ni), where n=logy(K+N). If Py is the probability that the
run-length is equal to Jj, then the average number of bits

required per run-length is
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W Wz
Bav—nE Pj+2n _E Pj+...
j=1 J=Wi41
Wi
= Z ni = Pj, where Wy, = 0 (4.3)
i=1 j=Wi_1+1

This code can be optimized by finding the values of N and X

for which By, is minimized.

4.6 BUFFER QVERFLOW AND UNDERFLOW

If data flow into the buffer storage is at a2 higher
rate than the data readout rate for a long enough period,
then the buffer would eventually overflow. Since during an
overflow period no data can be allowed into the buffer, the
data is lost, causing a signal distortion and a loss of

synchronism.

If, on the contrary, the data read-in rate is lower
than data read-out rate, then the buffer would underflow.
In other words, attempts are made to remove data from the
buffer even when the buffer is empty. In many ways, buffer
underflow is not as detrimental as overflow. It is only of
concern in terms of redundancy. During underflow periods
the channel is occupied dispute there beiag no data in the

buffer.
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For smaller buffer sizes, overflow and underflow both
occur more frequently. In most applications buffer overflow
is the most important design consideration. The necessary
buffer size is determined for a given overflow probability,
which is expected to distort the specific input signal by no
more than an acceptable amount. The buffer length is
limited mainly Dby the delay introduced and the

implementation cost.

Overflow and underflow probabilities are affected
severely by the transmission rate. A slight increase of the
transmission rate reduces the overflow  probability
appreciably and this is usually recommended to prevent data
losses, although it brings along the disadvantage of

frequent underflow.

An increase in buffer size leads to the reduction of
both overflow and underflow. Altering the transmission rate
increases one, while decreasing the other. The data
transmission rate is determined for a given buffer size only

by the relative importance of overflow and underflow.

An infinite buffer model is considered for the
derivation of analytical expressions of overflow
probability. The overflow probability is defined as the
probability that the buffer exceeds a prescribed threshold,
L. In fact this probakility is an upper bound to the
overflow probability that one would obtain by considering a

finite buffer.
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H,

or a finite buffer the probability of overflow is

L-1
PI(overflow) =E P1(3) = 1 - EPg {S) (4.4)
S>L $=0

where P7(S) is the probability that $ words are present in

the buffer queue.

Considering a finite Dbuffer, aésuming the state
probabilities P3(S), $=0, 1,...,L-1, are  expressed
recursively and are approximated for a finite buffer with

the normalization condition

L-1
E Pp(S) =1 (4.5)
$=0

where the subscript F indicates the finite buffer, such that

the work presented hereafter can be applied.

The overflow occurs when the sum of the data in the
queue during the last transmission and the new word (z) that
arrives in the buffer before the transmission time, exceeds
the buffer 1length, L. Therefore the cénditional buffer
overflow probability for a given buffer length S can be

expressed as:

Pr(overflow!S) = Pr [z > (L-S)]

and the probability of overflow is
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Pr{overfliow) = ) Dr(i)Priz > (L-S)] (5.6)

This probability alone is not a good measure of the
subjective quality of the recovered message, especially in
the case of asynchronous waveform encoding. A
characteristic of overflow is a dc shift in the
reconstructed signal voltage if ASDM pulse intervals are
encoded and buffered. The amplitude of this dc shift is
directly proportional to the number of the sampling pulses
arrive during an overflow period. Although, the probability
of overflow may be the same for two different signals, the
one which has more samples missed due to the overflow will
be affected more. It is obvious that the distortion caused
by overflow is closely related to the statistical properties
of the IBI of the processed signal. The maximum possible dc
shift in one overflow period can be found if the maximum
slope of the band limited signal is known. Figure 4.4 shows
the signal distortion due to overflow for ASDM. At; is the
only IBI lost due to overflow, therefore the reconstructed
signal is shifted by ‘a’ volts, i.e. one upward step is

missed.

Considering that the expected number of words lost in a
transmission period due to overflow as a distortion measure,
we will express this quantity for the general case. Let
P(i) be the probability that the buffer overflows and i

words
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are lost in a transmission period. Assuming that Pr(z>L) =

0,

Po(l) = P(L-1)Pr(z=2)

4

... + P(1)Pr(z=L)

Po(2) = P(L-1)Pr(z=3) + ... + P(2)Pr(z=L)

or in short notation,

L-1
Poli) = E P(J) Priz
5=1

L+i-j) (4.7

Thus the expected number of words lost in a

transmission period is:

L-1 L-1
E{k} = E k E P{j)Pr(z= L+i-3J) (4.8)
k=1 j=k

The fractional word loss Ry, is

Ry, = E{k} / E{2} (4.9)
where E{k} is equal to the fractional word loss when E{z}=1.

Now we wish to express Rp in terms of underflow
probability, P,. P, can be alternatively defined as the
probability o: not removing a word in a transmission period.
Assume that N samples are attempted to be stored in the
buffer, and the transmission of all data that could be
stored lasted MT seconds, where T is the transmission

period. Thus there are M attempts to remove N sample data.
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In the limit, as N goes to infinity, N/M is the mean data
arrival rate E{z}. Further, assume that m attempts failed
ro remove data. Then m/M is the probability of not removing
data in a transmission period, or P,;. On the average, (1~
Py) words leave the buffer. Only (M-m) words are read out,

and consequently 'N-(M-m): words are lost due to overflow.

Therefore, the fractional word loss Ry is:

N - {(M-m) M m
Ry, = ———— =1--(1 - -}
M N M
Thus
1 =Py
Ry, =1 - (4.10)
E{z}
Py can also be expressed as
Py = P(0) - Pr(z=0) (4.11)

The results show that for given buffer size L and P(z),
Py and Rp can be determined independently, but they are

related to each other as a function of E{z} only.

If E{z} =1, Ry, = Py for any for any buffer size. For
higher data flow rates Py is lower and Rj is higher, and

vice versa for lower data flow rates.
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4.7 OVERFLOW AND UNDERTLOW CONTROQL

Rather than designing the buffer for a given
probability of overflow and underflow, it may be more
desirable to regulate information input to the buffer. One
88way of regulation is to introduce errors by adding bits in
a controlled manner according to a practical criterion. The
information rate to the buffer is monitored. If a condition
of overflow is predicted, the least significant bit(s) of
the run-length code words may be removed at a cost of
distortion to the signal. In this case, the code words
assigned to the run-lengths will have to be generated in a
fashion that removal of the significant bit(s) will not

introduce excessive distortion.

More effective procedures can be found, depending on
the coding scheme and signal statistics. The method of
overflow control investigated in the literature
[25] [26] [27]1, concerning image and speech data compressors
generally consisted of monitoring the queue length of code
words within the buffer, and reducing the data rate into the
buffer when necessary by relaxing the accuracy requirements
on the compressed data. These algorithms have proven to be
more effective than increasing the buffer size. Restricting

overflow by merely increasing the buffer size is relatively

inefficient.
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when cdesired, the rate of data flow can be recduced by

one of the following methods:

(1) Filtering:
If the signal is uniformly sampled and the run-
length information can be recovered, moving average
filtering can be employed. For asynchronous
sampling, analog filters can be used. As the queue
length increases, the filter parameters are made to
vary in such a way that the equivalent low-pass
filter cut-off frequency decreases. For example,
the number of samples averaged together may be
increased, in which case longer run-lengths are

more likely.

(2) Sample Deletion:
One out of K uniform samples is retained and others
are deleted. The quantity K is made to vary in
such a manner that the resulting sampling rate,
fg/K (fg is the original sampling rate), varies

inversely with the queue length.

(3) Adaptive Tolerance:
The adaptive parameter is the aperture for
synchronous data compressors, the step size for the
ASDM. The aperture or step size is recomputed
according to buffer fill immediately after the

oldest word has bean removed from the buffer.



The control method can be improved by examining other
features, such as the most recent sample sent to the buffer
or the time integral of the queue length. The disadvantage
of this control method is that the compression processing
error or signal quantization error increases during periods
of high data activity. However, this method apparently
gives better results for most applications, and so far it
has received the most interest among the competing

algorithms.

For multiplexed data compression systems, channel
priority can be assigned for data that are too important to
risk a loss to buffer overflow. 1In such a case, when the
buffer overflow becomes imminent, the low priority data are
more heavily compressed to allow channel usage for high

priority data.
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CHAPTER V

5.0 VECTCR QUANTIZATION

5.1 INTRODUCTION

Vector quantization (VQ) has recently emerged as a
powerful and widely applicable coding technique. It was
first applied to analysis and synthesis of speech, and has
allowed Linear Predictive Coding (LPC) rates to Dbe
dramatically reduced to as low as 1500 b/s with a very
slight degradation in quality and further compressed to
rates as low as 800 b/s while retaining intelligibility [28]
[29]. More recently, the technigque has found its way to
encoding the speech waveform and speech-like signals

(301(31].

Because of its potential and versatility, we propose to
use vector quantization as a building block in our
asynchronous system. Vector quantization is applied to the
CASDM, Corridor Asynchronous Delta Modulator, for a

performance comparison with run length codes.

Vector quantization is a technique for mapping a
sequence of continuous or discrete vectors into a digital
sequence suitable for communication over, or storage in, a

digital channel.
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The encoding scheme is to select a reproduction vector
(codeword) from a finite set of reproduction vectors {code
book) for an input vector, which can be a vector of binary
quantized samples. The selected codeword index, which is in
binary format, is then transmitted over the channel. At the
receiving end, the codeword is decoded by a simple "lookup
table"™ for the correct reproduction vector. In such a way,
instead of transmitting the signal sample itself, a codeword
which represents a sequence of samples is sent over the

digital channel. Thus data compression can be achieved.

5.2 VECTOR QUANTIZER DESIGN

Let {x;} be a sequence of vectors obtained by blocking

a scalar source. A vector quantizer is defined by:

(a) A finite set of vector output points {yjl,

-

i=1,...,N, constituting a codebook.

(b) An encoding rule which assigns to any input vector

x; an output point or vector y; = Q(x;).

A non-negative distortion measure, d(xi,yj), defined between
each input vector, xj and each output point or vector, Y3,

is used to evaluate or optimize performance.

Associated with any N-point vector quantizer in the Rk

vector space is a partition of a disjoint set S; where:



s; = { x € R® :Q(x)=y; } (5.1)
Given an input Jjoint density, p(x), the vector
quantizer is optimal if it minimizes the average value of

the encoding distortion, D:
D = E{d(x,Q(x))} (5.2)

where Q(x) is the mapping associated with the gquantizer
defined above. This optimality definition corresponds to a

fixed-N constraint.

The necessary conditions for minimization of (5.2) are
a generalization of the Lloyd-Max conditions for the scalar

case [33]:

(1) Given a partition {Sj}, the optimal output points,
Y3e should be chosen to minimize the distortion

corresponding to the "cells" Sj:
E{d(x,y5) X% € Sj} < E{d(x,u) x € S5} any u € RK  (5.3)
(2) Given the output alphabet {y;j}, the optimal
partition {851} is defined by the nearest-neighbor

rule:

X € 83 iff d(x,y3) £ d{x,yy) m=l,..., N (5.4)
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The iterative algorithm for designing a quantizer which
satisfies the necessary conditions for optimality was
analyzed by Linde, Buzo and Gray [34], and is sometimes
called the LBG algorithm. This is a generalization of the
Lloyd algorithm [33] for the scalar case. Linde et al.[34]
pointed out that there is no need for a variational approach
or for taking derivatives of (5.2) to find the necessary
conditions. Actually, the form presented above may be
derived by the manipulation of inequalities between the
centroids and their associated output points. Further, if
the input has a probability of distortion and the fidelity
criterion is the usual Mean Square Error (MSE)}, it can be

shown that the first condition is equivalent to:
yy = E{x | x € S5} (5.5)

j.e. the output vectors should be the centroids or the

centers of mass for each partition $5-

The codeword generated with this algorithm achieves a
local optimum (stationary point) under the given error
criterion (distortion measure). One of the problems which
frequently occurs when using this algorithm is that an
output point vector may be assigned to 2 cluster containing
onlyia few, if any, input vectors and hence may contribute
very little to the reduction of the overall distortion. The
main remedy for this “empty cell problem" is the choice of

an initial codebook which would avoid empty cells. This
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requires knowledge about the final codebook, which 1is

generally unavailable.

An approach to solve this problem, is to begin a
codebook of only two output points (one bit) and to build a
codebook of b+l bits from a codebook of b bits by splitting
every output point into two new output points. Although
this technique provides good experimental results [36], it
does not gquarantee the absence of empty cells from the

resulting- codebooks.

An alternate solution to the "empty cell problem™ is to
use some features of the ISODATA algorithm in pattern
recognition [37]. This algorithm allows for splitting and
lumping of clusters at every iteration at the cost of a

substantial increase in complexity.

As a compromise for the design complexity and the empty
cell problem, a modified LBG type algorithm is proposed.
The flowchart of this algorithm is presented in Figure 5.1.
As can be seen from the flowchart, after the clustering
operation, the number of input vectors assigned to every
cluster is checked. 1If the cell is empty, the corresponding
output point is deleted and a new output point is defined by
splitting the previously obtained output point representing
the cluster with the highest distortion. The splitting is
executed by multiplying all the components by a constant
factor. The splitting operation preserves the highest

distortion output point and replaces the empty cell output
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by a perturbed version of the highest distortion output
point (this operation splits the highest distortion
cluster). This results in a decrease 3in the overall

distortion so that the convergence of the modified algorithm

is assured.

5.2 DISTORTION ITERIA

A general distortion criterion commonly used to
quantify the performance of a system is the average
distortion E{d(x,y)} between the input and the reproduction.

In practice, the long-term sampling average or time average

1 n-1
lim - E dx;,vi)
n i=0

is used to evaluate the system performance. If the vector
process is stationary and ergodic, then, with probability 1,

the limit exists and equals the expectation E(d(x,v)) 37].

In the case where the objective of the VQ design is to
maximize the segmental SNR (SSNR) rather than the overall
SNR, using criteria based on distortion would be more
suitable than using the mean square error [38]. The energy-
weighted mean-square-error (EWMSE) introduced by Cuperman
[39] is one such distortion criterion. Minimizing the EWMSE

is equivalent to maximizing the SSNR. This suggests that
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higher SSNR can be obtained by designing the codebook using
the EWMSE criterion instead of the MSE criterion. This was

proven by Cuperman [39].

For an 1input signal extending over X consecutive

frames, the EWMSE is defined as:

1 K EB{ [l x,(& - ¢ (D)[12
- g --l.l S AN S (5.6)
K i-1 E{ .xp 1) 2

EWMSE =

where xn(i) and yn(i) are the input vector and the quantized
vector in the i th frame. In practice the expectation is

implemented by time averaging.

It should be noted that the nearest-neighbour codebook
search in actual VQ coding is not affected by the use of the
EWMSE and only the codebook is affected. Thus only the
codebook design needs more computation and the encoding
complexity remains the same as in the case where MSE is use

as the distortion criterion.
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5.3 MPLEXITY IN VECTOR TIZA N

Given a vector quantizer with N output vectors, the
coding procedure assigned to each input vector xj, the
"closest™ output point y¥; which minimizes the distortion
measure d(x;,¥;). The direct way to do this is to compute
the distances between the input vector x; and each output
point Y3 for j35=1,2,...,N. This "full search®™ procedure
requires N distance computations for each input vector. 1If
the MSE criterion is used and N is expressed as N = 2kr,
where r is the rate in bits/sample, and K is the dimension,
the number of multiplications per input wector, MUL, is

given by:

MUL = kN = k2kr

Hence, if the rate in bits/sample is fixed, then the
computational complexity grows exponentially with the
dimension. It is easy to see that the required memory, MEM,

for storing the N output points is given by:

MEM = k2XX words

where a "word" denotes the amount of storage needed for a

real number.

Thus, the computational and memory complexity of a full
search vector quantizer both increase exponentially with the

dimension for constant rate. The only known results in
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waveform vector quantization cf speech using full search
quantizers are limited to dimension 4 for a rate of 2
bits/sample and 8 for 1 bit/sample [30]. The resulting
quantizers compare favorably with linear PCM coding, but the
achieved overall performance is not adegquate for practical

systems due to their high complexity.

Theoretically, it should be possible to reduce the
number of computations in a full search vector quantizer by
exploiting the geometric structure of the partition. For
example, if the distortion criterion is the regular MSE,
then the regions S; are separated by hyperplanes, and by
checking on which side of a hyperplane a given input vector
lies, a part of the output points might be eliminated from
the full search procedure. An alternative to reduce the
complexity of vector quantization is presented by sub-

optimal vector quantizers described in [28) [34]).

Although vector quantization is an asymptotically
optimal coding procedure (for large dimension), the results
obtained, a signal-to-quantization-noise ratio in the range
15 to 20 dB, are not competitive with the prior state of the
art in speech coding. This is due to exponential growth of

the complexity versus dimension, characteristic of optimal
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vector quantization {28]1[29]. Suboptimal vector
quantization reduces the complexity, but it results in a
significant degradation in performance. The performances
obtainable with this constraint are not adequate for
applications where communications or toll quality speech
coding are needed [38][39]([40]. Nevertheless, the vector
quantizer achieves an impressive improvement in performance
over the conventional scalar qgquantizer: over 9 dB in

dimension k=4 at a rate of 2 bits/sample [38][39].

To expleoit the versatility of vector quantization, we
propose to use a vector quantizer as a building block in our
asynchronous system. The general configuration proposed for
our vector quantized asynchronous delta modulation (VOASDM)
system is presented in Figure 5.2. The asynchronous samples
and their corresponding IBIs generated by the CASDM are
translated by the time quantizer, with a built-in delay
unit, into a sequence of synchronous signal samples whose
signs, positive and negative, and amplitudes represent the
upﬁ;rd/downward steps and IBIs of the ASDM samples
respectively. These sequence samples are equally spaced
with an interval equal to the average IBI’s, J2t, of the
asynchronous samples generated by the CASDM. The sequences
of such synchronous samples are then block coded with a

vector quantizer.

The transmitter output is the index of the codebook

entry chosen to represent a block of samples and IBI’s
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generated by the ASDM. Unless otherwise specified, a full

search through the codebook is assumed for finding the

nearest neighbor to the klock under the chosen mean square -

error criterion.

The receiver retrieves from its codebook the vector
corresponding to the transmitted index, i, and uses a

reverse process to decode and reconstruct the signal.

The advantage of such composition is that a low
transmission rate can be achieved. However, higher
quantization noise 1is expected due to fact that a vector

quantizer is being cascaded to the ASDM.

The simulation results are presented in chapter 6.
Different values of r, bits/sample, and k, dimension, are
used for the vector quantizer. A training sequence of 1024
samples is used to generate the code book. A transmission
bit rate reduction of up to 30% over the Huffman coding
scheme, as described in chapter 4, is obtained by the use of

the vector quantizer.

91



CEAPTER VI

6.0 SIMULATION RESULTS

6.1 INTRODUCTIQON

In section 6.3, wvarious run~length encoding schemes,
Huffman coding, differential run-length coding and run-
length coding with synchronization word, are compared with
respect to transmission rate and the signal-to-quantization

noise ratio. Error-free channels are assumed in all cases.

The following coding techniques, which are described in

chapter 4, sections 4.3, 4.4 and 4.5, are simulated:

1. Huffman coding
2. Differential run-length coding

3. Run-length coding with synchronization word

Various adaptation schemes, step size, corridor size
and overshoot suppression, are simulated on the Corridor

Asynchronous Delta Modulator, CASDM.

In section 6.4, vector quantizers of different
dimensions are simulated. A full search technique is
employed, as our main interest is in reducing the
transmission rate while maintaining the same signal-to-noise

ratio as that obtained by using run-length codes.
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&  speech simulator consisting of both a pulse
generator, Ior generating a voiced signal, and & noise
generator, for producing an unvoiced signal, is used for
speech-like signal generation. The model is as shown in
Figure 6.1. In this model, samples of speech excitation-
like waveform are assumed to be the output of a time varying
digital filter that approximates the transmission properties
of the wvocal tract ang the spectral properties of the
glottal pulse shape. Since the vocal tract changes shape
rather slowly, it is reasonable to assume that the band-pass
filters, which model the wvocal tract, have fixed
characteristics over a time interval of on the order of 10
ms. For a voiced signal, an impulse train is fed through
the filters. The spacing between the impulses corresponds
to the fundamental period of the glottal excitation. For an
unvoiced signal, the filters are excited by a random-number
generator that produces flat-spectrum noise. 1In both cases,
the amplitude control regulates the intensity of the input
to the filters to Provide smooth transitions from voiced
signal to unvoiced signal, and vice versa. The simulated
signal has a bandwidth of 4000 Hz. The signal is sampled at
8 times the Nyquist rate, i.e. 64 KHz, hence the sampling
period is 15.6us. For each speech segment, we specify the
Pitch period, the voiced/unvoiced decision, and the

bandwidth and the center frequencies of the four formants.



The ranges of the parameters chosen in our speech model are

shown below:

Pitch overiod : 6 ms < p < 12 nms
Voiced/Unvoiced time ratio - i/1
Voiced/Unvoiced cycle : 100-120 ms
Voiced/Unvoiced power ratio : 30dB - 40dB
Formant Bandwidth - 50 < By < 110
50 < By < 110
100 < B3 < 400
100 < B4 < 400
Formant Center Freg : 400 < £1 < 700
700 < £, < 1800
1800 < f3 < 2900
2800 < £4 < 3900

The choice of the particular values listed above is
driven by a Gaussian distributed function.

The simulator is driven by a clock with period tpj, =
15.6us. The system is allowed to step up or down ocnly at
each clock instant and the time intervals between the
corridor crossings may assume only integer multiples of the
clock period. Thus the resulting multiplicity becomes the

run-length to be encoded for transmission.

Before stating the results, we have to define the

parameters which evaluate the performance of the simulation.
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(1}

Signal to noise ratio, SNR (dB):

z 3-15_2
SNR = 10 logyg (6.1)
E (x5 - yi)2

where x; is the input signal and ¥Y; 1s the reconstructed
signal.

However, a more suitable evaluation to the proposed model

would be a subjective (listening) test with real speech

signal applied.

(2)

(3)

6.2.

Oversampling factor, k :

# of samples taken by CASDM in the segment
k = (6-2)
# of Nyquist samples in the same segment

where the Nyquist rate is 38 KHz.
Transmission rate, B :

B = k x Nyquist frequency x b

where b = average bit/signal sample.

A typical simulated CASDM waveform is shown in Figure

The estimated signal obtained at the output of the

CASDM is shown tracking the input signal.

The relationship between the over-sampling factor, k,

and the signal-to-noise ratio, SNR, of the CASDM is obtained

through simulation and is shown in Figure 6.3. The result

obtained is as expected; a higher value of k provides a

higher SNR at a cost of a higher transmission rate.
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6.2 ADAPTIVE SCHEMES

Recall that in section 2.2.2, several guantization
adaptation schemes are mentioned. For the sampling time
interval, the minimum sampling time is chosen to be 15.6us
whereas the maximum allowable sampling time interval is
dependent on the run-length code employed. 1In section 6.3,
the simulation results of different run-length encoding

schemes are described.

6.2.1 Step Size Adaptation

In the case of step size adaptation, recall (2.14), the
step size is increased by a factor of C > 1 when {(+1,+1) or
(-1,-1) occurs and is reduced by a factor of D < 1 if an
alternating pattern (+1,-1) or (-1,+1) occurs. Different
C,D pairs (1.5, 0.€Gj, <{1.40, 0.75), (1.15, 0.95), (1.95,
0.4) are used in our simulation, however no noticeable

improvement is observed.

6.2.2 Corridor Width Adaptation

Another adaptive scheme for CASDM is to change the
corridor size according to the signal amplitude after each
sampling instant. For example one can assign a larger

corridor size if the signal amplitude is large or vice
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versa, With such a scheme one allows for =zougher
quantization at larger signal amplitudes, thus incurring
into some SNR loss for a trade off of less samples for
transmission. The corridor adjustment is implemented
according to Max-Lloyd quantizer steps, i.e., the corridor
size 1is expanded by the same ratio as that of the
Corresponding step size in the quantizer to its minimum step
size. However, no significant improvements are brought

about on the simulated signal by the use of this scheme.

Consider a corridor of fixed size within a speech
segment as seen in Figure 6.4. The corridor aperture tends
to be smaller tangentially to the signal when the slope of
the signal is greater and vice versa. In other words, the
tangential corridor width is inversely proportional to the
slope of the input signal. One advantage of keeping the
corridor aperture constant is that the estimated signal is
forced to track the rapidly changing input signal and as a

result the error due to slope overload can be reduced.

The sample signal is processed through a CASDM with a
corridor width factor of 0.2, which is 20% of the variance

of the input signal.

6-2.3 OQvexshoot Suppression

It is known that overshoot c¢an cause considerable

subjective annoyance, but since it has a limited effect on
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Figure 6.4 CASDM with Constant Corridor Aperture
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the mean SNR [13], it is important to examine the effect of

overshoot suppression on the estimated signal.

An example of overshoot is shown in Figure 6.5. In
order to limit the overshoot, a digital comparator is used

to detect the condition:

Xn = Yp-1' < (Upax~J)

where X = input signal,
Y = estimated signal,
{ max = maximum step size and

J = maximum overshoot permitted.

The simulation results show a slight improvement of
less than 0.5 dB in the SNR over the scheme with no

overshoot suppression.

6.3 RUN-LENGTH ENCODING
6.3.1 Huffman Coding

For the simulated speech signal, the average Huffman
code word lengths are found for different maximum allowable
run-length, L. Figure 6.6 shows that if the maximum
encodable run-length is 128, an average saving of more than

2 bits (out of 7) can be achieved by the use of Huffman

coding.
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(b) CASDM with overshoot suppression
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If the minimum run-length <uantum is chosen to be
15.6ps, in which case the probability that a run-length is

equal to 1 is 0.001, then the Huffman code generated is

listed as given below for Lo = 16:

Run-length Code Word

000001
0010
011
010
101
111
0001
1000
1001
1101
00001
00110
00111
11000
11001
000000

wo-Jand WK

N e
AN WNNEO

The average transmission rates corresponding to
different fixed maximum run-lengths, L., are shown in Figure
6.7. The transmission rates are obtained by using (6.2),

(6.3) and the values of k from Figure 6.3.

6.3.2 Huffman Coding with Svnchronization Word

As described in section 4.3, if a fixed maximum run-
length is imposed, then the demodulated signal will be
displaced in time. In the simulation of the CASDM,
synchronization words are inserted between blocks of code

words before transmission. The improvement, in terms of
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for Huffman Coding with T = 15.6ps

106




signel distortion is found for various wvalues of ng, the

number of code words transmitted between two synchronization

words.

The simulation results in Figure 6.8 show that the SNR
is very low for L. < 32 when no synchrenization words are
transmitted. However, the calculated SNR may not be a good
criterion for the subjective performance. As shown 1in
Figure 6.3, although low values of SNR are obtained as a
result of the build-up of the time displacements, the shape
of the estimated signal is not necessarily seriously
distorted. The same SNR value is obtained whether or not
synchronization words are employved when Lo is 128, because

none of the simulated run-lengths have exceeded 128.

It is known that for speech signals, the
intelligibility is less disturbed if the phase information
is degenerated. A mcre uaeful criterion would be the
absolute difference of the magnitude spectrum of the input
signal and the reconstructed signal. However, for video
signals, such“a criterion will not be appropriate, since

visual perception is very sensitive to phase distortion.

6.3.3 Differential Run-length Encoding
The simulation results presented in the following
paragraphs are based on the use of fixed length encoding on

the run-length differences. The run-lengths are assigned
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Figure 6.8 SNR as a function of Run—length constraints
for different synchronization intervals
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()

Figure 6.9 Signel Reconstruction

(a) Input Signal
(b) Demodulated signal with no synchronization words
(c) Demodulated signal with synchronization words
inserted within blocks of 75 code words.
(arrows indicate instants of synchronization)
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positive values if the level chance of the CASDM corresponds
to an upward step, and negative values are assigned
otherwise. The algebraic difference between two consecutive
run-lengths is then encoded by a sign bit. If the absolute
run-length exceeds the encoder capacity, then the difference
is encoded as the greatest integer that could be expressed
by the encoder. Unfortunately, if an error is made in
encoding, then the true value of the run-~lengths can never
be recovered. Thus, a faster accumulation of distortion may

occur.

In the simulation, certain run-lengths are assumed to
be transmitted for synchronization in certain intervals.
Upon the reception of the synchronization word, the decoder
recovers the correct run-length value. This prevents the
random time displacements in the reconstructed signal.
Since both forward and backward time shifts are likely to
occur, the building up of time displacements in a single

direction is not considered.

For the simulated speech signal, the SNR values are
shown in Figure 6.10. A SNR of 39.5 4B is obtained even if
no synchronization words are transmitted when L.=128,
because none of the simulated differential run-lengths

exceeded 128.

If the synchronization words carry information about
both the actual run-lengths and the quantized signal

amplitudes, then better values are obtained as seen in
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Figure 6.10 Differential Run—Length Encoding
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Figure 6.11. However, an increase in the transmission rate
is expected since additional bits are required to carry the
synchronization information. The simulation results show
that the performance is as satisfactory as those provided by

Huffman codes with a synchronization word.

The performance of the Huffman coding CASDM is compared
to that of the Constant Factor Delta Modulator, CFDM, [42]
at 24 Kb/s, using the same speech model. The results are
shown in Figure 6.12. As seen in the figure, the only
short-coming of the CASDM is that it provides a narrower
dynamic range, of about 40 dB, as compared to those of the
CFDM, about 60 dB. However, in speech applications, a

dynamic¢ range of 40 dB is considered to be sufficient [41].

6.4 VECTOR OUANTIZATION

In order to verify the performance of the vector
quantizer, as described in chapter 5, simulated speech-like
signals (Gaussian and Laplacian) are applied. Results in
Figure 6.13 show that the performance is comparable to that

of conventional vector quantizers [41].

In the application of vector quantization, we expected
to attain a lower transmission rate compared to the run-

length code. However, a lower SNR is also expected since
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Figure 6.12
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SQNR COMPARSIONS OF CFDM AND CASDM FOR
SIMULATED SPEECH SIGNAL AT 24 KB/S
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additional quantization is introduced by the vector

guantizer.

In order to compare the performances of the vecrtor
gquantized CASDM and that of the run-length coding, output
rates of the wvector quantizer are fixed by selecting
appropriate parameters, i.e. the total number of waveform
patterns and the dimensions, k. The bit output rate of the

VQ (vector quantizer) is given as :

logs (total # of patterns)
r= bits/sample (6.4)
Dimension of the VQ

The transmission rate is then :

B = k x Nyquist frequency x r bits/sec. (6.5)

where k is the over-sampling factor defined in (6.2)

The splitting algorithm, as described in section 5.2,

is used to generate the waveform patterns.

Figure 6.14 shows the SNR of the vector quantized CASDM
versus the transmission rate. A higher SNR ratio is
obtained compared to that obtained by using Huffman coding

(Figure 6.7), at a cost of higher complexity.

The results show that higher compression ratio can be
obtained by the use of vector quantization over run-length

encoding. However, we should focus our interest on the
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transmission rates below 24 Xb/s, since the complexity of
the VQ at higher bit rate is so high that it is not

practical for implementation.
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CHAPTER VII

7.0 CONCLUSION

Although asynchronous delta modulation systems are more
robust compared to delta modulation and PCM, their
potentials have not been fully exploited. This is mainly
due to the problem of the transmission of asynchronous
samples over synchronous channels. However, if we run-
length encode the asynchronous samples as well as the
sampling intervals, both synchronous transmission and
transmission bandwidth reduction can be accomplished. The
time quantization error introduced by this process is found
to be negligibly small [less than (1/8)'th, as found in

(3.27), wiht N=4] compared to the amplitude quantization

distortion.

Run-length encoding, run-length encoding with
sychronization, and differential run-length encoding have
been compared on the basis of simulation results for
simulated speech signals and also to several conventional
speech modulation systems. An improvement of up to 5 dB in
SNR is obtained by the use of Huffman coding on the run-

length over CFDM at 24 Kb/s.

Another method of transmitting the non-uniformly spaced
samples on synchronous channels is by block coding the
asynchronous samples and the sampling intervals with vector

quantization. Higher data compression is achieved compared
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to run-length encoding. A compression ratio of over 0.25
(Figure 6.14) is obtained in transmission rates, 16 to 24

Kb/s, over the Huffman coding.

The run-lengths generated by the CASDM are encoded,
either by Huffman codes or vector quantization, and are
transmitted synchronously by the use of a buffer. Thus the
transmission bandwidth required is that corresponding to the
average rate, rather than the maximum, of the information
contained in the signal. The main problems concerning the
buffer are the overflow distortion and the system delay.
Especially in two-way communication systems, the delay
introduced by the buffer is a limiting factor on the choice
of the buffer size. Although this research is concerned
with non-uniformly sampling systems, the analysis of the
buffer is made on a more general basis. In-depth studies on

the buffer requirements are required for speech signals.

In this research, only computer simulated speech was
used for the evaluation of the proposed system.
Experimental work needs to be carried out with real speech

signal to verify the system performance.

In the course of this research work, channel coding
problems have not been considered. A remaining line of

investigation is the employment of unified signal and

channel coding techniques.
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This study is also confined to single channel
communication systems. However, the development principles
can Dbe used in a multiplexed system, such as the Tl

networks, where it is possible to use either one buffer for

each channel or a common buffer.

The vector quantized or run-length encoded CASDM yields
2 viable and attractive alternative for speech coding in the
range of 12 to 24 Kb/s. Further improvement is feasible if

one can provide an effective encoding scheme for the non-

uniform sample intervals.
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