UNIT 1
SOURCE CODING

INTRODUCTION
The purpose of a Communication System is to transport an information bearing signal
from a source to a user destination via a communication channel.
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Fig. Block diagram of Communication System.
The three basic elements of every communication systems are Transmitter,
Receiver and Channel.
The Overall purpose of this system is to transfer information from one point
(called Source) to another point, the user destination.
The message produced by a source, normally, is not electrical. Hence an input
transducer is used for converting the message to a time – varying electrical quantity
called message signal. Similarly, at the destination point, another transducer converts
the electrical waveform to the appropriate message.
The transmitter is located at one point in space, the receiver is located at some
other point separate from the transmitter, and the channel is the medium that provides
the electrical connection between them.
The purpose of the transmitter is to transform the message signal produced by
the source of information into a form suitable for transmission over the channel.
The received signal is normally corrupted version of the transmitted signal,
which is due to channel imperfections, noise and interference from other sources. The

receiver has the task of operating on the received signal so as to reconstruct a
recognizable form of the original message signal and to deliver it to the user destination.
Communication Systems are divided into 3 categories:
1. Analog Communication Systems are designed to transmit analog
information using analog modulation methods.
2. Digital Communication Systems are designed for transmitting digital
information using digital modulation schemes, and
3. Hybrid Systems that use digital modulation schemes for transmitting
sampled and quantized values of an analog message signal.

ELEMENTS OF DIGITAL COMMUNICATION SYSTEMS:
The figure below shows the functional elements of a digital
communication system.
Source of Information:

1. Analog Information Sources.
2. Digital Information Sources.

Analog Information Sources → Microphone actuated by a speech, TV Camera
scanning a scene, continuous amplitude signals.
Digital Information Sources → These are teletype or the numerical output of
computer which consists of a sequence of discrete symbols or letters.
An Analog information is transformed into a discrete information through
the process of sampling and quantizing.

DIGITAL COMMUNICATION SYSTEM
Source of
Information

Source
Encoder

Channel
Encoder

Modulator

channel

Received Signal
User of
Information

Source
Decoder

Channel
Decoder

Demodulator

Fig : Block Diagram of a Digital Communication System
SOURCE ENCODER / DECODER:
The Source encoder ( or Source coder) converts the input i.e. symbol sequence
into a binary sequence of 0‟s and 1‟s by assigning code words to the symbols in the
input sequence. For eg. :-If a source set is having hundred symbols, then the number of
bits used to represent each symbol will be 7 because 27=128 unique combinations are
available. The important parameters of a source encoder are block size, code word
lengths, average data rate and the efficiency of the coder (i.e. actual output data rate
compared to the minimum achievable rate)
At the receiver, the source decoder converts the binary output of the channel
decoder into a symbol sequence. The decoder for a system using fixed – length code
words is quite simple, but the decoder for a system using variable – length code words
will be very complex.
Aim of the source coding is to remove the redundancy in the transmitting
information, so that bandwidth required for transmission is minimized. Based on the
probability of the symbol code word is assigned. Higher the probability, shorter is the
codeword.
Ex: Huffman coding.
CHANNEL ENCODER / DECODER:
Error control is accomplished by the channel coding operation that consists of
systematically adding extra bits to the output of the source coder. these extra bits do not

convey any information but helps the receiver to detect and / or correct some of the errors in
the information bearing bits.
There are two methods of channel coding:
1. Block Coding: The encoder takes a block of „k‟ information bits from the source encoder
and adds „r‟ error control bits, where „r‟ is dependent on „k‟ and error control
capabilities desired.
2. Convolution Coding: The information bearing message stream is encoded in a
continuous fashion by continuously interleaving information bits and error control bits.

The Channel decoder recovers the information bearing bits from the coded binary
stream. Error detection and possible correction is also performed by the channel
decoder.
The important parameters of coder / decoder are: Method of coding, efficiency, error
control capabilities and complexity of the circuit.
MODULATOR:
The Modulator converts the input bit stream into an electrical waveform suitable
for transmission over the communication channel. Modulator can be effectively used to
minimize the effects of channel noise, to match the frequency spectrum of transmitted
signal with channel characteristics, to provide the capability to multiplex many signals.

DEMODULATOR:
The extraction of the message from the information bearing waveform produced
by the modulation is accomplished by the demodulator. The output of the demodulator
is bit stream. The important parameter is the method of demodulation.

CHANNEL:
The Channel provides the electrical connection between the source and
destination. The different channels are: Pair of wires, Coaxial cable, Optical fibre, Radio
channel, Satellite channel or combination of any of these.
The communication channels have only finite Bandwidth, non-ideal frequency
response, the signal often suffers amplitude and phase distortion as it travels over the
channel. Also, the signal power decreases due to the attenuation of the channel. The
signal is corrupted by unwanted, unpredictable electrical signals referred to as noise.

The important parameters of the channel are Signal to Noise power Ratio (SNR),
usable bandwidth, amplitude and phase response and the statistical properties of noise.

SAMPLING PROCESS:
A message signal may originate from a digital or analog source. If the message signal is
analog in nature, then it has to be converted into digital form before it can transmitted
by digital means. The process by which the continuous-time signal is converted into a
discrete–time signal is called Sampling.
Sampling operation is performed in accordance with the sampling theorem.

SAMPLING THEOREM FOR LOW-PASS SIGNALS:Statement:- “If a band –limited signal g(t) contains no frequency components for ׀f > ׀W, then it
is completely described by instantaneous values g(kTs) uniformly spaced in time with period Ts ≤
1/2W. If the sampling rate, fs is equal to the Nyquist rate or greater (fs ≥
2W), the signal g(t) can be exactly reconstructed.
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Fig : Sampling process

QUANTIZATION
The process of transforming Sampled amplitude values of a message signal into a
discrete amplitude value is referred to as Quantization.
The quantization Process has a two-fold effect:
1. the peak-to-peak range of the input sample values is subdivided into a finite set
of decision levels or decision thresholds that are aligned with the risers of the
staircase, and
2. the output is assigned a discrete value selected from a finite set of
representation levels that are aligned with the treads of the staircase..
A quantizer is memory less in that the quantizer output is determined only by the value
of a corresponding input sample, independently of earlier analog samples applied to the
input.
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Fig: Typical Quantization process.

Types of Quantizers:
1. Uniform Quantizer
2. Non- Uniform Quantizer

UNIFORM QUANTIZER:
In Uniform type, the quantization levels are uniformly spaced, whereas in nonuniform type the spacing between the levels will be unequal and mostly the relation is
logarithmic.
Types of Uniform Quantizers: ( based on I/P - O/P Characteristics)
1. Mid-Rise type Quantizer
2. Mid-Tread type Quantizer
In the stair case like graph, the origin lies the middle of the tread portion in Mid –Tread
type where as the origin lies in the middle of the rise portion in the Mid-Rise type.
Mid – tread type: Quantization levels – odd number.
Mid – Rise type: Quantization levels – even
Fig: Input-Output Characteristics of a Mid-Rise type Quantizer
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QUANTIZATION NOISE AND SIGNAL-TO-NOISE:
“The Quantization process introduces an error defined as the difference between the
input signal, x(t) and the output signal, yt). This error is called the Quantization Noise.”
q(t) = x(t) – y(t)
Quantization noise is produced in the transmitter end of a PCM system by
rounding off sample values of an analog base-band signal to the nearest permissible
representation levels of the quantizer. As such quantization noise differs from channel
noise in that it is signal dependent.
Let „Δ‟ be the step size of a quantizer and L be the total number of quantization levels.
Quantization levels are 0, ± ., ± 2 ., ±3 . . . . . . .
The Quantization error, Q is a random variable and will have its sample values bounded
by [-(Δ/2) < q < (Δ/2)]. If is small, the quantization error can be assumed to a uniformly
distributed random variable.
Consider a memory less quantizer that is both uniform and
symmetric. L = Number of quantization levels
X = Quantizer input
Y = Quantizer output
The output y is given by
Y=Q(x)
which is a staircase function that befits the type of mid tread or mid riser quantizer of
interest.

Non – Uniform Quantizer:
In Non – Uniform Quantizer the step size varies. The use of a non – uniform quantizer is
equivalent to passing the baseband signal through a compressor and then applying the
compressed signal to a uniform quantizer. The resultant signal is then transmitted.
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Fig: 2.14 MODEL OF NON UNIFORM QUANTIZER

At the receiver, a device with a characteristic complementary to the compressor
called Expander is used to restore the signal samples to their correct relative level.
The Compressor and expander take together constitute a Compander.
Compander = Compressor + Expander
Advantages of Non – Uniform Quantization :
1. Higher average signal to quantization noise power ratio than the uniform
quantizer when the signal pdf is non uniform which is the case in many practical
situation.
2. RMS value of the quantizer noise power of a non – uniform quantizer is
substantially proportional to the sampled value and hence the effect of the
quantizer noise is reduced.

COMPANDING:
In a uniform or linear PCM system the size of every quantization interval is determined
by the SQR requirement of the lowest signal to be encoded. This interval is also for the
largest signal - which therefore has a much better SQR.
Example:A 26 dB SQR for small signals and a 30 dB dynamic range produces a 56 dB SQR
for the maximum amplitude signal.
In this way a uniform PCM system provides unneeded quality for large signals. In speech
the max amplitude signals are the least likely to occur. The code space in a uniform PCM
system is very inefficiently utilised.
A more efficient coding is achieved if the quantization intervals increase with the sample
value. When the quantization interval is directly proportional to the sample value (
assign small quantization intervals to small signals and large intervals to large signals)
the SQR is constant for all signal levels. With this technique fewer bits per sample are
required to provide a specified SQR for small signals and an adequate dynamic range for
large signals (but still with the SQR as for the small signals). The quantization intervals
are not constant and there will be a non linear relationship between the code words and
the values they represent.
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Originally to produce the non linear quantization the baseband signal was passed
through a non-linear amplifier with input/output characteristics as shown before the
samples were taken. Low level signals were amplified and high level signals were
attenuated. The larger the sample value the more it is compressed before encoding. The
PCM decoder expands the compressed value using an inverse compression
characteristic to recover the original sample value. The two processes are called
companding.
There are 2 companding schemes to describe the curve above:
1. -Law Companding (also called log-PCM)
This is used in North America and Japan. It uses a logarithmic compression curve
which is ideal in the sense that quantization intervals and hence quantization noise is
directly proportional to signal level (and so a constant SQR).
2. A- Law Companding
This is the ITU-T standard. It is used in Europe and most of the rest of the world. It is
very similar to the -Law coding. It is represented by straight line segments to
facilitate digital companding.
Originally the non linear function was obtained using non linear devices such as special
diodes. These days in a PCM system the A to D and D to A converters (ADC and DAC)
include a companding function.

ENCODING
Encoding is the final step in what we call analog-to-digital (A/D) conversion.Sometimes,
encoding is considered as a separate stage that follows the A/D stage. The encoding
stage takes a bit stream of 1‟s and 0‟s and converts it into voltages appropriate for
transmission on a physical channel. Encoding schemes are usually divided into: Source
encoding, Channel encoding and Line encoding .

PULSE CODE MODULATION (PCM)
Pulse Code Modulation (PCM) is an extension of PAM wherein each analogue sample
value is quantized into a discrete value for representation as a digital code word.
Thus, as shown below, a PAM system can be converted into a PCM system by adding a
suitable analogue-to-digital (A/D) converter at the source and a digital-to-analogue
(D/A) converter at the destination.
PCM is a true digital process as compared to PAM. In PCM the speech signal is converted
from analogue to digital form.
PCM is standardised for telephony by the ITU-T (International Telecommunications
Union - Telecoms, a branch of the UN), in a series of recommendations called the G
series. For example the ITU-T recommendations for out-of-band signal rejection in PCM
voice coders require that 14 dB of attenuation is provided at 4 kHz. Also, the ITU-T
transmission quality specification for telephony terminals require that the frequency
response of the handset microphone has a sharp roll-off from 3.4 kHz.
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In quantization the levels are assigned a binary codeword. All sample values falling
between two quantization levels are considered to be located at the centre of the
quantization interval. In this manner the quantization process introduces a certain
amount of error or distortion into the signal samples. This error known as quantization
noise, is minimised by establishing a large number of small quantization intervals. Of
course, as the number of quantization intervals increase, so must the number or bits
increase to uniquely identify the quantization intervals. For example, if an analogue
voltage level is to be converted to a digital system with 8 discrete levels or quantization
steps three bits are required. In the ITU-T version there are 256 quantization steps, 128
positive and 128 negative, requiring 8 bits. A positive level is represented by having bit 8
(MSB) at 0, and for a negative level the MSB is 1.

LINE CODES
Line coding refers to the process of representing the bit stream (1‟s and
0‟s) in the form of voltage or current variations optimally tuned for the specific
properties of the physical channel being used.
The selection of a proper line code can help in so many ways: One possibility is to aid in
clock recovery at the receiver. A clock signal is recovered by observing transitions in the
received bit sequence, and if enough transitions exist, a good recovery of the clock is
guaranteed, and the signal is said to be self-clocking.
Another advantage is to get rid of DC shifts. The DC component in a line code is called
the bias or the DC coefficient. Unfortunately, most long-distance communication
channels cannot transport a DC component. This is why most line codes try to eliminate
the DC component before being transmitted on the channel.Such codes are called DC
balanced, zero-DC, zero-bias, or DC equalized.Some common types of line encoding in
common-use nowadays are unipolar, polar, bipolar, Manchester, MLT-3 and Duobinary
encoding. These codes are explained here:
1. Unipolar (Unipolar NRZ and Unipolar RZ):
Unipolar is the simplest line coding scheme possible. It has the advantage of being
compatible with TTL logic. Unipolar coding uses a positive rectangular pulse p(t) to
represent binary 1, and the absence of a pulse (i.e., zero voltage) to represent a binary
0. Two possibilities for the pulse p(t) exist3: Non-Return-to-Zero (NRZ) rectangular pulse
and Return-to-Zero (RZ) rectangular pulse. The difference between Unipolar NRZ and
Unipolar RZ codes is that the rectangular pulse in NRZ stays at a positive value (e.g.,
+5V) for the full duration of the logic 1 bit, while the pule in RZ drops from +5V to 0V in
the middle of the bit time.
A drawback of unipolar (RZ and NRZ) is that its average value is not zero, which means it
creates a significant DC-component at the receiver (see the impulse at zero frequency in
the corresponding power spectral density (PSD) of this line code

The disadvantage of unipolar RZ compared to unipolar NRZ is that each rectangular
pulse in RZ is only half the length of NRZ pulse. This means that unipolar RZ
requires twice the bandwidth of the NRZ code.
Polar (Polar NRZ and Polar RZ):
In Polar NRZ line coding binary 1‟s are represented by a pulse p(t) and binary
0‟s are represented by the negative of this pulse -p(t) (e.g., -5V). Polar (NRZ and RZ)
signals .Using the assumption that in a regular bit stream a logic 0 is just as likely as a
logic 1,polar signals (whether RZ or NRZ) have the advantage that the resulting
Dccomponent is very close to zero

The rms value of polar signals is bigger than unipolar signals, which means that polar
signals have more power than unipolar signals, and hence have better SNR at the
receiver. Actually, polar NRZ signals have more power compared to polar RZ signals.
The drawback of polar NRZ, however, is that it lacks clock information especially when a
long sequence of 0‟s or 1‟s is transmitted. The receiver consists of a decoder to
reconstruct the quantized error signal.
Non-Return-to-Zero, Inverted (NRZI):
NRZI is a variant of Polar NRZ. In NRZI there are two possible pulses, p(t) and –p(t). A
transition from one pulse to the other happens if the bit being transmitted is a logic 1,
and no transition happens if the bit being transmitted is a logic 0.

DIFFRENTIAL ENCODING
As we know synchronization is very essential in digital communication system. This is
needed in the receiver to detect the transmitted data from the received corrupt input
signal waveform. Three types of synchronization need to be performed in the receiver
viz. bit synchronization, frame synchronization and carrier synchronization. Bit
synchronization help distinguish bit intervals.

Fig. System block diagram
Differential encoder is used for this. It removes unintentional inversion of the binary
input waveform. Polarity of the differentially encoded signal cab be inverted without
having any effect on the decoded signal waveform.

Differential Encoder

In the differential encoder, input data bits are modulo 2 SUM with the previous output
bits. Modulo 2 SUM is same as EX-OR. The differential encoder equation is mentioned
below.
en = dn ⊕ en-1

Differential Decoder

In the differential decoder, current input and delayed version of the same is fed to the
module 2 sum. This produces the output bits. The differential decoder equation is
mentioned below.

d'n = e'n ⊕ e'n-1
This combination of encoder and decoder help in clock recovery and hence data
bit streams can be easily derived even after corruption and phase inversion.

DELTA MODULATION
Delta modulation converts an analogue signal, normally voice, into a digital signal.
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The analogue signal is sampled as in the PCM process. Then the sample is compared
with the previous sample. The result of the comparison is quantified using a one bit
coder. If the sample is greater than the previous sample a 1 is generated. Otherwise a 0
is generated. The advantage of delta modulation over PCM is its simplicity and lower
cost. But the noise performance is not as good as PCM.

To reconstruct the original from the quantization, if a 1 is received the signal is
increased by a step of size q, if a 0 is received the output is reduced by the same size
step. Slope overload occurs when the encoded waveform is more than a step size away
from the input signal. This condition happens when the rate of change of the input
exceeds the maximum change that can be generated by the output.

Overload will occur if:
dx(t)/dt  q /T = q * fs

where: x(t) = input signal,
q = step size,
T = period between samples,
fs = sampling frequency
Assume that the input signal has maximum amplitude
Granular noise occurs if the slope changes more slowly than the step size. The
reconstructed signal oscillates by 1 step size in every sample. It can be reduced by
decreasing the step size. This requires that the sample rate be increased.
Delta Modulation requires a sampling rate much higher than twice the bandwidth. It
requires oversampling in order to obtain an accurate prediction of the next input, since
each encoded sample contains a relatively small amount of information. Delta
Modulation requires higher sampling rates than PCM.
Delta Modulation is a special case of DPCM. In DPCM scheme if the base band signal is
sampled at a rate much higher than the Nyquist rate purposely to increase the
correlation between adjacent samples of the signal, so as to permit the use of a simple
quantizing strategy for constructing the encoded signal, Delta modulation (DM) is
precisely such as scheme. Delta Modulation is the one-bit (or two-level) versions of
DPCM.
DM provides a staircase approximation to the over sampled version of an input base
band signal. The difference between the input and the approximation is quantized into
only two levels, namely, ±δ corresponding to positive and negative differences,
respectively, Thus, if the approximation falls below the signal at any sampling epoch, it
is increased by δ.
Provided that the signal does not change too rapidly from sample to sample, we find
that the stair case approximation remains within ±δ of the input signal. The symbol δ

denotes the absolute value of the two representation levels of the one-bit quantizer
used in the DM.
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Input-Output characteristics of the delta modulator.
Let the input signal be x(t) and the staircase approximation to it is u(t).
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Block diagram for Transmitter of a DM system
In the receiver the stair case approximation u(t) is reconstructed by passing the
incoming sequence of positive and negative pulses through an accumulator in a manner
similar to that used in the transmitter. The out-of –band quantization noise in the high

frequency staircase waveform u(t) is rejected by passing it through a low-pass filter with
a band-width equal to the original signal bandwidth.
Delta modulation offers two unique features:
1. No need for Word Framing because of one-bit code word.
2. Simple design for both Transmitter and Receiver
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Block diagram for Receiver of a DM system

Disadvantage of DM:
Delta modulation systems are subject to two types of quantization error:
(1) slope –overload distortion, and
(2) granular noise.

Applications
1. Hierarchy of Digital Multiplexers
2. Light wave Transmission Link

DIFFERENTIAL PCM (DPCM) AND ADPCM
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DPCM is also designed to take advantage of the redundancies in a typical speech
waveform. In DPCM the differences between samples are quantized with fewer bits that
would be used for quantizing an individual amplitude sample. The sampling rate is often
the same as for a comparable PCM system, unlike Delta Modulation.
For the signals which does not change rapidly from one sample to next sample, the PCM
scheme is not preferred. When such highly correlated samples are encoded the
resulting encoded signal contains redundant information. By removing this redundancy
before encoding an efficient coded signal can be obtained. One of such scheme is the
DPCM technique. By knowing the past behavior of a signal up to a certain point in time,
it is possible to make some inference about the future values.
Transmitter: Let x(t) be the signal to be sampled and x(nTs) be it‟s samples.
scheme the input to the quantizer is a signal

In this

e(nTs) = x(nTs) - x^(nTs)
where x^(nTs) is the prediction for unquantized sample x(nTs). This predicted value is
produced by using a predictor whose input, consists of a quantized versions of the input
signal x(nTs). The signal e(nTs) is called the prediction error.
By encoding the quantizer output, in this method, we obtain a modified version of the
PCM called differential pulse code modulation (DPCM).
Quantizer output, v(nTs) =
Q[e(nTs)]
=
e(nTs) + q(nTs)
where q(nTs) is the quantization error.
Predictor input is the sum of quantizer output and predictor output,
u(nTs) = x^(nTs) + e(nTs) + q(nTs)
u(nTs) = x(nTs) + q(nTs)

ADAPTIVE DIFFERENTIAL PULSE CODE MODULATION
ADPCM is standardised by ITU-T recommendations G.721 and G.726. The method uses
32,000 bits/s per voice channel, as compared to standard PCM’s 64,000 bits/s. Four bits
are used to describe each sample, which represents the difference between two
adjacent samples. Sampling is 8,000 times a second. It makes it possible to reduce the
bit flow by half while maintaining an acceptable quality. While the use of ADPCM (rather
than PCM) is imperceptible to humans, it can significantly reduce the throughput of high
speed modems and fax transmissions.
The principle of ADPCM is to use our knowledge of the signal in the past time to predict
the signal one sample period later, in the future. The predicted signal is then compared
with the actual signal. The difference between these is the signal which is sent to line - it
is the error in the prediction. However this is not done by making comparisons on the
incoming audio signal - the comparisons are done after PCM coding.
To implement ADPCM the original (audio) signal is sampled as for PCM to produce a
code word. This code word is manipulated to produce the predicted code word for the
next sample. The new predicted code word is compared with the code word of the
second sample. The result of this comparison is sent to line. Therefore we need to
perform PCM before ADPCM.
The ADPCM word represents the prediction error of the signal, and has no significance
itself. Instead the decoder must be able to predict the voltage of the recovered signal
from the previous samples received, and then determine the actual value of the
recovered signal from this prediction and the error signal, and then to reconstruct the
original waveform.
ADPCM is sometimes used by telecom operators to fit two speech channels onto a
single 64 kbit/s link. This was very common for transatlantic phone calls via satellite up
until a few years ago. Now, nearly all calls use fibre optic channels at 64 kbit/s.

