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ABSTRACT 

Waveform encoding technique based on pulse code modulation (PCM) and

delta modulation (DM) allow the improvement signal-to- noise ratio,

perform time division multiplexing (TDM) of signals from different

sources over a single communication channel and provide a secure

communication.

However, based on uniform quantizing charachteristic with fixed step-size

approximation yield redundant of information in PCM and granular and

slope-over load distortions in DM.

This thesis aims at analysing the method of adaptive PCM and DM

techniques in which nonuniform-quantizing characteristics with controlled

step-sizes are used.

The control of step-sizes of the quantizing characteristics is performed in

accordance with the rate of variation of the in11ut signal.

The suggested approach described within this thesis allows the decrease of

redundant information in conventional PCM and granular and slope-over

load distortions in DM.
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1. WAVEFORM CODING TECHNIQUES 
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Figure 1.1 Basic Elements of A PCM System.

(a) Transmitter; (b) Transmission Path; (c) Receiver.
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2. DIFFERENTIAL PULSE CODE MODULATION TECHNIQUE 

Comparator
e(nTJSampled

Input ~r
m(nTJ

DPCM
EncoderQuantizer wave

+

m(nT_)
+

Prediction
filter _J mq{nTJ

(a)

Input~ Decoder ~~ı.) • ..,output

I
Prediction

filter

(b)

Figure 2.1 DPCM System. (a) Transmitter; (b) Receiver.
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3. DELTA MODULATION 
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Figure 3.2 DM System. (a) Transmitter; (b) Receiver.
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Figure 3.1 Illustration of Delta Modulation.
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Figure 3.3 Illustration of Quantization Error in Delta Modulation
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4 .. ADAPTIVE PULSE CODE MODULATION TECHNIQUES 

Adaptive Delta Modulation 

Input
x(nTs)

Logic
For

Step-Size

One-Bit
Quantizer

• • .outputI

Logic
For

Step-Size

Delay Ts

(a)

Low-Pass
Filter

Delay Ts

(b)

Figure 4.5 Adaptive Delta Modulator. (a) Transmitter; (b) Receiver.
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Figure 4.6 Adaptive Delta Modulations Waveforms.
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CONCLUSION 

Analysis of digital transmission using PCM and DM shows that, many

advantages such as high noise immunity effeciency using channel band

width (BW) and providing secure communication can be achieved.

However, digital transmission based on PCM and DM require extra

signal processing such as sampling, quantizing and encoding.

The objective of this thesis is a performance analysis of the PCM and DM

systems and design adaptive time-varying step-size approximation

strategy to iınprove signal-to-noise ratio of considered systems that we

achieved, A small step-size generates highly correlated adjacent samples

causing redundancy of information. Applying differential encoding based

on the quantizing differences between current and predicted sample

where removed redundant of information.

In chapter one we have shown the wave coding techniques and how can

we decreasing errors in the output signal of receiver.

In chapter two we found that the optimum signal-to-noise ratio advantage

of DPCM over standard PCM is in the neighborhood at 4-1 ldB.

In chapter three we designed DM system from DPCM by replacing

predictor with time delay element and DM is the I-bit version of DPCM.
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In chapter. four a performance characteristics of adaptor quantizer and

predictor with backforward and forward estimations were analysed, and

supported with examples. Time varying non-uniform characteristics were

achieved by controlling step-sizes in term of rate. of variation of input

signal.

In chapter five, practical implementation using feedback training models

and computer simulation using matlab files have shown the adequancy of

theoretical novel approach.
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ABSTRACT 

Waveform encoding technique based on PCM and DM allow to improve signal-to

noise ratio, perform time division multiplexing (TDM) of signals from different sources

over a single communication channel and provide a secure communication.

However, based on uniform quantizing charachteristic with fixed step-size

approximation yield redundant of information in PCM and granular and slope-over load

distortions in DM.

This thesis aims to analysing the method of adaptive PCM and DM techniques in which

nonuniform quantizing characteristics with controlled step-sizes are used.

The control of step-sizes of the quantizing characteristics is performed in accordance

with the rate of variation of the input signal.

The suggested approach described within this thesis allows the decrease of redundant of

information in conventional PCM and granular and slope-over load distortions in DM.
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INTRODUCTION 

The most widely used pulse modulation technique in the telecommunications industry is

pulse code modulation (PCM) and delta modulation (DM). Currently PCM is the

preferred method of transmission for public switched telephone network (PSTN).

PCM and DM are the methods of serially digital transmitting an analog signal.

PCM signal itself is a succession of discrete numerically encoded binary values derived

from digitizing the analog signal.

DM is a simplified version of PCM in which the analog input is converted to a serial

data stream of,, 1" and ,,O".

Objective of this thesis is a performance analysis of the PCM and DM systems and

design adaptive time-varying step-size approximation strategy to improve signal-to

noise ratio of considered systems.

Chapter one presents the wave coding techniques, basic elements of pulse code

modulation, sampling, quantizing, encoding, regeneration, decoding, filtering,

multiplexing, synchronization, noise consideration in PCM systems, error threshold,

virtues, limitations, and modifications of P.CM, quantization noise and signal-to-noise

ratio and idle channel noise.

Chapter two represents differential PCM techniques, processing gain, multiplexing of

the PCM signals, digital multiplexers, Tl system, M12 multiplexer and light-wave

transmission.

Chapter three discussing illustration of DM, DM system transmitter and receıver,

quantization error in DM like slope overload and granular noise distortions and

illustration of this quantization error and delta-sigma modulation system transmitter and

receıver.



Chapter four represent adaptive pulse code modulation techniques, adaptive differential

pulse code modulation, adaptive sub-band coding, subjective quality and adaptive delta

modulation(ADM).

Chapter five denoted to practical implementations, Matlab implementation, design of

hardware layout and the result of investigation, block diagram of adaptive delta pulse

code modulation (ADPCM) and its input and output and block diagram of continuously

variable slope delta modulation (CVSDM) and its input and output.

In the conclusion are given important results obtained by the author of this thesis and

practical recommendations.
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Waveform Coding Techniques

1. WAVEFORM CODING TECHNIQUES 

1.1 Overview 

Pulse code modulation PCM was devised in 1937 at the Paris laboratories of AT &T by

Alex H. Reeves. He conducted several successful transmissions across the English Channel

using PWM, PAM and PPM. At that time, the circuitry involved was complex and

expensive, so it was not until semiconductor industry evolved in 1960 that PCM becomes

more prevalent. Almost all of the newer long-distance telephone lines carry voice signals in

digital format using PCM. Pulse code modulation (PCM) is one of the methods for digital

transmission of analog signals. In this method of signal coding, the message signal is

sampled and the amplitude of each sample is rounded off (approximated) to the nearest one

of a finite set of discrete levels, so that both time and amplitude are represented in discrete

form. This allows the message to be transmitted by means of a digital (coded) waveform,

thereby distinguishing pulse code modulation from all analog modulation techniques [3].

In conceptual terms, PCM is simple to understand. Moreover, it was the first method to be

developed for the digital coding of waveforms. Indeed, it is the most applied of all digital

coding systems in use today.

The use of digital representation of analog signals (e.g. voice, video) offers the following

advantages:

1. Ruggedness to channel noise and interference.

2. Efficient regeneration of the coded signal along the transmission path.

3. Efficient exchange of increase channel bandwidth for improved signal-to-noise

ratio, obeying all exponential rules.

4. A uniform format for the transmission of different kinds of base-band signals; hence

their integration with other forms of digital data in a common network

5. Comparative ease with which message sources may be dropped or reinsert in a

time-division multiplex system.

6. Secure communication through the use of special modulation schemes or

encryption.
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