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LEARNING OUTCOMES

After undergoing the subject, student will be able to:

e Explain the concept and need of modulation and demodulation

e Measure the modulation index of the Amplitude Modulated wave

e Measure the frequency deviation of FM wave for different modulating signals
e Use different types of modulators and demodulators

e Obtain modulating signal from an AM Detector Circuit

e Obtain modulating signal from a FM Detector

e Use different types of Pulse Modulation Techniques (PAM, PPM, PWM)

What is Noise in a Communication System ?



What is Noise ?

Communication is the process of transmitting information from one point to another.

In a communication system, during the transmission of a signal, or while receiving the signal, some unwanted
signal enters the communication system via communicating medium, and interferes with the transmitted
signal. Such a disturbance is called as Noise.

A noise signal has no pattern and no constant frequency or amplitude. It is quite random and unpredictable.

Measures are usually taken to reduce it, though it can’t be completely eliminated.
Most common examples of noise are —

= Hiss sound in radio receivers

« Buzz sound amidst of telephone conversations
= Flicker in television receivers, etc.
Classification of Noise

The classification of noise is done depending on the type of the source, the effect it shows or the relation it has
with the receiver, etc.

There are two main ways in which noise is produced. One is through some external source (known
as External Noise) while the other is created by an internal source (known as Internal Noise), within the
receiver section.

External Noise

This noise is produced by the external sources which may occur in the medium or channel of communication.
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This noise cannot be completely eliminated. The best way is to avoid the noise from affecting the signal.
Most common examples of external noise are —

« Atmospheric noise (due to irregularities in the atmosphere).
= Extra-terrestrial noise, such as solar noise and cosmic noise.
= Industrial noise.

Internal Noise

This noise is produced within the receiver by the receiver components while functioning. The components in
the circuits, due to continuous functioning, may produce few types of noise.

Internal noise can be easily evaluated or measured mathematically and can be reduced to a great extent by
proper receiver design .

Most common examples of internal noise are —

« Thermal noise or White noise or Johnson noise

« Shot noise (due to the random movement of electrons and holes).

= Transit-time noise (during transition).

« Miscellaneous noise is another type of noise which includes flicker, resistance effect and mixer generated
noise, etc.

Signal to Noise Ratio

Signal-to-Noise Ratio (SNR) is the ratio of the signal power to the noise power.



The higher the value of SNR, the greater will be the quality of the received output.
Signal-to-noise ratio at different points can be calculated by using the following formula :

Average power of modulating signal

Input SNR = (SNR), =
npu ( )I A‘UETI‘IQQ p{}‘lﬂﬂ'ﬂ“ ﬂf noise at inwt

Output SNR = (SNR)o = Average power of demodulated signal

Average power of noise at output

Average power of modulated signal

Channel SNR = (SNR)c =

~ Average power of noise in message bandwidth

Figure of Merit

The ratio of output SNR to the input SNR is known as the Figure of merit (F). It is denoted by F and it
describes the performance of a device.

~ (SNR)o
~ (SNR);
Since for areceiver , the channel is the input, Figure of merit of a receiver is given as :

 (SNR)o
~ (SNR)c

Explain the radio frequency spectrum used in communication system
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In the radio communication system, the frequencies ranging from a few kilohertz to many gigahertz all are
being used for various purposes.

Let us discuss the applications of various frequency bands.

The frequencies most commonly used in early days were from about 300 kHz to 3 MHz and were called as
medium frequencies(MF).

The frequencies in the range 30 kHz to 300 kHz are known as the low frequencies (LF).

The frequencies in the range 3 kHz to 30 kHz are called as very low frequencies (VLF).

On the higher frequency side, high frequencies (HF) will cover the frequency range from 3 MHz to 30 MHz.
Then very high frequency (VHF) from 30 MHz TO 300 MHz and so on .

Following table presents the details of entire usable frequency spectrum and its applications.



5 No Frequency Band Wavelength Applications
1. 30Hz—-300Hz. 10% km to 10° km Power transmission
Extremely low
frequencies(ELF)
2 300 Hz -3 kHz Voice 10° km to 100 km Audio applications
frequencies (VF)
3. 3kHz-30kHz Vervlow 100 km to 10 km Submarine
frequencies (VLF) communications. Navy,
Military communications
4 30kHz-300kHz . Low 10kmto 1l km. Long Aeronautical and marine

frequencies (LF)

WaVESs.

navigation, these
frequencies act as sub
Carriers.

LA

300 kHz - 30 MHz. Medium

1 km to 100 m. Medium

AM radio broadcast, Marine

frequencies (MF) waves and aeronautical
communications
6. 3 MHz - 30 MHz. High 100 m TO 10 m. Short Shortwave transmission,
Frequencies (HF) waves Amateur and CB
communication.
7. 30 MHz - 300 MHz. Verv I0mtolm T.V. broadcasting.

high frequencies (VHF)

F.M. broadcasting
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30 MHz - 300 MHz. Very
high frequencies (VHF)

10mtolm

T.V. broadcasting.
F M. broadcasting

8 | 300 MHz -3 GHz Ultra high | 1 m to 10 cm. Microwaves UHEF T.V. Channels,
frequencies (UHF) Cellular phones, Military
applications
9 3 GHz-30 GHz (SHF) 10-1mto 10-2m Satellite communications
and Fadar
10. 30 -300 GHz (EHF) 10-2mto 10-3m Satellites and specialized

F.adars.

The radio frequency (RF) spectrum
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Explain the Difference Between Analog and Digital Communications
The difference between analog and digital communication system is explained in the table below :

Analog Communication

Digital Communication

Transmitted modulated signal is analog
in nature.

Transmitted signal is digitali.e. train of
digital pulses.

Amplitude, frequency or phase variations
in the transmitted signal represent the
information or message.

Amplitude, width or position of the
transmitted pulses is constant. The
messageis transmitted in the form of
code words.

Noise immunitv is poor for AM, but

improved for FM and PM.

Noise immunitv is excellent.

It is not possible to separate out noise and
signal Therefore, repeaters cannot be
used.

Itis possible to separate signal from
noise. Therefore, repeaters can be used.

Coding is not possible.

Coding techniques can be used to detect
and correct the errors.

Bandwidth required is lower than that for
the digital modulation method.

Dueto higher bit rates_ higher channel
bandwidthis required.

FDM s used for multiplexing

TDM is used for multiplexing.

Not suitable for transmission of secret
information in military applications.

Dheto coding techniques, it is suitable
for military applications.

Analog modulation svstems are AM, FM,
PM. PAM. AWM. etc.

Digital modulation svstems are PCM,
DM, ADM, DPCM, etc.
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Explain the need for modulation in a communication system

Modulation

In the modulation process, two signals are used namely the modulating signal and the carrier .

The modulating signal is nothing but the baseband signal or information signal while the carrier is a high
frequency sinusoidal signal .

In the modulation process, some parameter of the carrier wave (such as amplitude, frequency or phase ) is
varied in accordance with the modulating signal . This modulated signal is then transmitted by the transmitter .

The receiver demodultes the received modulated signal and gets the original information signal back .
Thus, demodulation is exactly opposite to modulation .

In the process of modulation the carrier wave actually acts as carrier which carries the information signal from
the transmitter to receiver .

Need of Modulation

You may be ask, when the baseband signal can be transmitted directly why to use the modulation ?

The answer is that the baseband transmission has many limitations which can be overcome using modulation .
It is explained below .
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In the process of modulation, the baseband signal is translated i.e., shifted from low frequency to high
frequency . This frequency shift is proportional to the frequency of carrier.

Advantages of Modulation

Reduction in the height of antenna

Avoids mixing of signals

Increases the range of communication

Multiplexing is possible

Improves quality of reception

We will discuss each of these advantages in detail below .

oW

1. Reduction in the height of antenna

For the transmission of radio signals, the antenna height must be multiple of A/4 ,where A is the wavelength .
A=c/f

where c : is the velocity of light
f: is the frequency of the signal to be transmitted

The minimum antenna height required to transmit a baseband signal of f =10 kHz is calculated as follows :

c 3 x 108

A
Minimum antenna height = i g = Ix0x1% - 7500 metersi.e. 7.5 km

The antenna of this height is practically impossible to install .

Now, let us consider a modulated signal at f =1 MHz . The minimum antenna height is given by,
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c 3 x 108
Minimum antenna height = — = 75 meters

4-4f 4x10x10°
This antenna can be easily installed practically . Thus, modulation reduces the height of the antenna .
2. Avoids mixing of signals

If the baseband sound signals are transmitted without using the modulation by more than one transmitter, then
all the signals will be in the same frequency range i.e. 0 to 20 kHz . Therefore, all the signals get mixed
together and a receiver can not separate them from each other .

Hence, if each baseband sound signal is used to modulate a different carrier then they will occupy different
slots in the frequency domain (different channels). Thus, modulation avoids mixing of signals .

3. Increase the Range of Communication

The frequency of baseband signal is low, and the low frequency signals can not travel long distance when they
are transmitted . They get heavily attenuated .

The attenuation reduces with increase in frequency of the transmitted signal, and they travel longer distance .

The modulation process increases the frequency of the signal to be transmitted . Therefore, it increases the
range of communication.

4. Multiplexing is possible

Multiplexing is a process in which two or more signals can be transmitted over the same communication
channel simultaneously .

This is possible only with modulation.
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The multiplexing allows the same channel to be used by many signals . Hence, many TV channels can use the
same frequency range, without getting mixed with each other or different frequency signals can be transmitted
at the same time .

5. Improves Quality of Reception

With frequency modulation (FM) and the digital communication techniques such as PCM, the effect of noise
Is reduced to a great extent . This improves quality of reception .

Block Diagram of Communication System with Detailed Explanation

Communication System

Communication is the process of establishing connection or link between two points for information exchange.
OR
Communication is simply the basic process of exchanging information.

The electronics equipements which are used for communication purpose, are called communication
equipments. Different communication equipments when assembled together form a communication system.
Typical example of communication system are line telephony and line telegraphy, radio telephony and radio
telegraphy, radio broadcasting, point-to-point communication and mobile communication, computer
communication, radar communication, television broadcasting, radio telemetry, radio aids to navigation, radio
aids to aircraft landing etc.

The Communication Process

In the most fundamental sense, communication involves the transmission of information from one point to
another through a succession of process as listed below :



=

The generation of a thought pattern or image in the mind of an originator.

The description of that image, with a certain measure of precision, by a set of oral visual symbols.

3. The encoding of these symbols in a form that is suitable for transmission over a physical medium of
interest.

4. The transmission of the encoded symbols to the desired destination.

5. The decoding and reproduction of the original symbols.

6. The recreation of the original thought pattern or image, with a definable degradation in quality, in the mind

of recipient.

Block Diagram of Communication System

Fig. shows the block diagram of a general communication system, in which the different functional elements
are represented by blocks.

N

Information , . Output
> Input » Transmitter » Channel » Receiver - P
Source [ Transducer [ Transducer ‘
Sound picture speech Information in Information in
data etc. electrical form Noise original form
Fig

The essential components of a communication system are information source, input transducer, transmitter,
communication channel, receiver and destination.

Now, we shall discuss the functioning of these blocks.



(i) Information Source

As we know, a communication system serves to communicate a message or information. This information
originates in the information source.

In general, there can be various messages in the form of words, group of words, code, symbols, sound signal
etc. However, out of these messages, only the desired message is selected and communicated.

Therefore, we can say that the function of information source is to produce required message which has to be
transmitted.

(if) Input Transducer

A transducer is a device which converts one form of energy into another form.

The message from the information source may or may not be electrical in nature. In a case when the message
produced by the information source is not electrical in nature, an input transducer is used to convert it into a
time-varying electrical signal.

For example, in case of radio-broadcasting, a microphone converts the information or massage which is in the
form of sound waves into corresponding electrical signal.

(iii) Transmitter

The function of the transmitter is to process the electrical signal from different aspects.

For example in radio broadcasting the electrical signal obtained from sound signal, is processed to restrict its
range of audio frequencies (upto 5 kHz in amplitude modulation radio broadcast ) and is often amplified.



In wire telephony, no real processing is needed. However, in long-distance radio communication, signal
amplification is necessary before modulation.

Modulation is the main function of the transmitter. In modulation, the message signal is superimposed upon the
high-frequency carrier signal.

In short, we can say that inside the transmitter, signal processings such as restriction of range of audio
frequencies, amplification and modulation of are achieved.

All these processings of the message signal are done just to ease the transmission of the signal through the
channel.

(iv) The Channel and The Noise

The term channel means the medium through which the message travels from the transmitter to the receiver. In
other words, we can say that the function of the channel is to provide a physical connection between the
transmitter and the receiver.

There are two types of channels, namely point-to-point channels and broadcast channels.

Example of point-to-point channels are wire lines, microwave links and optical fibres. Wire-lines operate by
guided electromagnetic waves and they are used for local telephone transmission.

In case of microwave links, the transmitted signal is radiated as an electromagnetic wave in free
space. Microwave links are used in long distance telephone transmission.

An optical fibre is a low-loss, well-controlled, guided optical medium. Optical fibres are used in optical
communications.



Although these three channels operate differently, they all provide a physical medium for the transmission of
signals from one point to another point. Therefore, for these channels, the term point-to-point is used.

On the other hand, the broadcast channel provides a capability where several receiving stations can be reached
simultaneously from a single transmitter.

An example of a broadcast channel is a satellite in geostationary orbit, which covers about one third of the
earth’s surface.

During the process of transmission and reception the signal gets distorted due to noise introduced in the
system.

Noise is an unwanted signal which tend to interfere with the required signal. Noise signal is always random in
character. Noise may interfere with signal at any point in a communication system. However, the noise has its
greatest effect on the signal in the channel.

(v) Receiver

The main function of the receiver is to reproduce the message signal in electrical form from the distorted
received signal. This reproduction of the original signal is accomplished by a process known as the
demodulation or detection. Demodulation is the reverse process of modulation carried out in transmitter.

(vi) Destination

Destination is the final stage which is used to convert an electrical message signal into its original form.

For example in radio broadcasting, the destination is a loudspeaker which works as a transducer i.e. converts
the electrical signal in the form of original sound signal.



Describe the Classification of Electronic Communication System

Classification of Electronic Communication System

The communication systems may be classified into various cataeories as shown in fig. 1.

Electronic Communication System

| } }

Unidirectional/ Bidirectional Mature of Technigues of
Communication Information Signal Transmission
[ — | [ S
i l l Digit Baseband Communication
Simplex Half Fu Analog IErta Transmission using Modulation

System Duplex Duplex

Fig 1: Classification of electronic communication system
It shows that the electronic communication system may be basically categorised into three groups based on :

1. Whether the system is unidirectional or bidirectional

2. Whether it uses as analog or digital signal

3. Whether the system uses baseband transmission or uses some kind of modulation
Classification Based on Direction of Communication
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Based on whether the system communicates only in one direction or otherwise, the communication systems are
classified as under :

1. Simplex System

2. Half duplex System

3. Full duplex System

Fig. 2 shows this classification .

Electronic Communication System

! }

Unidirectional (Simplex) Bidirectional
Systems (Duplex Systems)
Half Full
Duplex Duplex
Fig. 2

Simplex System

In these systems, the information is communicated in only one direction .

For example, the radio or TV broadcasting system can only transmit, they can not receive .


https://electronicspost.com/wp-content/uploads/2016/01/Type-of-electronic-communication.png

Another example of simplex communication is the information transmitted by the telemetry system of a
satellite to earth . The telemetry system transmits information about the physical status of the satellite such as
Its position or temperature .

Half duplex System

These systems are bidirectional, i.e. they can transmit as well as receive but not simultaneously .
At a time, these systems can either transmit or receive, for example, a transreceiver or walky talky set .

The direction of communication alternates . The radio communications such as those in military, fire fighting,
citizen band (CB) and amateur radio are half duplex system .

Full duplex System

These are truly bidirectional systems as they allow the communication to take place in both the directions
simultaneously .

These systems can transmit as well as receive simultaneously . For example, the telephone systems.
However, the bulk of electronic communications is two -way.
The best example of full duplex communication system is telephone system .

Classification Based On The Nature of Information Signal

Fig.3 shows another way of classifying the electronic communication system .



Electronic Communication System

| |
} }

Analog Communication Digital Communication
Systems Systems

| | a

Continuous wave Pulse PCM DM ADM
Systems Modulation
[ s B
AM Fi PM PAM  PWM PPM
Fig. 3

They are classified into two categories namely :

1. Analog communication system
2. Digital communication system
Analog communication

The modulation systems or techniques in which one of the characteristics of the carrier is varied in proportion
with the instantaneous value of modulating signal is called as analog modulation system .

If the carrier is sinusoidal, then its amplitude, frequency or phase is changed in accordance with the modulating
signal to obtain AM, FM or PM respectively . These are continuous wave modulation systems.
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Analog modulation can be pulsed modulation as well . Here the carrier is in the form of rectangular pulse . The
amplitude, width or position of the carrier pulses is varied in accordance with the modulating signal to obtain
the PAM, PWM or PPM outputs .

Examples of analog modulation

Following are the examples of analog modulation systems :

Amplitude modulation (AM)
Frequency modulation (FM)

Phase modulation (PM)

Pulse Amplitude Modulation (PAM)
Pulse Width Modulation (PWM)

. Pulse Position Modulation (PPM)

Advantages of analog communication

oakrwphE

1. Transmitters and receivers are simple

2. Low bandwidth requirement

3. FDM (Frequency division multiplexing) can be used
Drawbacks of analog communication

1. Noise affects the signal quality

2. It is not possible to separate noise and signal

3. Repeaters can not be used between transmitter and receiver

4. Coding is not possible

5. Itis not suitable for the transmission of secret information
Applications

1. Radio broadcasting (AM and FM)



2. TV broadcasting
3. Telephones
Digital Communication

The modulation system or technique in which the transmitted signal is in the form of digital pulses of constant
amplitude, constant frequency and phase is called as digital modulation system .

Pulse code modulation (PCM) and delta modulation (DM) are the examples of digital modulation .

In PCM and DM , a train of digital pulses is transmitted by the transmitter . All the pulses are of constant
amplitude, width and position . The information is contained in the combination of the transmitted pulses .

Advantages of Digital Communication

1.

2.

Due to the digital nature of the transmitted signal, the interference of additive noise does not introduce
many errors . Hence, digital communication has a better noise immunity .

Due to the channel coding techniques used in digital communication, it is possible to detect and correct
the errors introduced during the data transmission .

Repeaters can be used between transmitter and receiver to regenerate the digital signal . This improves the
noise immunity further .

Due to the digital nature of the signal, it is possible to use the advanced data processing techniques such as
digital signal processing, image processing, data compression etc .

TDM (Time Division Multiplexing ) technique can be used to transmit many voice channels over a single
common transmission channel .

Digital communication is useful in military applications where only a few permitted receivers can receive
the transmitted signal .

Digital communication is becoming simpler and cheaper as compared to the analog communication due to
the nvention of high speed computers and integrated circuits (ICs) .



Drawbacks of Digital Communication

1. The bit rates of digital systems are high . Therefore, they require a larger channel bandwidth as compared

to analog system .
2. Digital modulation needs synchronization in case of synchronous modulation .

Applications of Digital Communications

1. Long distance communication between earth and space ships .
2. Satellite communication

3. Military communication

4. Telephone systems

5. Data and computer communications

Classification Based on the Technique of Transmission

Based on the technique used for the signal transmission, we can categorise the electronic communication
system as under :

1. Baseband transmission system
2. Communication systems using modulation

Baseband Transmission

In baseband transmission systems, the baseband signals (original information signals) are directly transmitted .

Example of these type of systems are telephone networks where the sound signal converted into the electrical
signal is placed directly on the telephone lines for transmission .

Another example of baseband transmission is computer data transmission over the coaxial cables in the
computer networks .



Thus, the baseband transmission is the transmission of the original information signal as it is .

Limitation of Baseband Transmission

The baseband transmission can not be used with certain mediums e.g., it can not be used gor the radio
transmission where the medium is free space . This is because the voice signal can not travel long distance in
air . It gets suppressed after a short distance . Therefore, for the radio communication of baseband signals, a
technique called modulation is used .

Modulation

In the modulation process, two signals are used namely the modulating signal and the carrier .

The modulating signal is nothing but the baseband signal or information signal while the carrier is a high
frequency sinusoidal signal .

In the modulation process, some parameter of the carrier wave (such as amplitude, frequency or phase ) is
varied in accordance with the modulating signal . This modulated signal is then transmitted by the transmitter .

The receiver demodultes the received modulated signal and gets the original information signal back .
Thus, demodulation is exactly opposite to modulation .

In the process of modulation the carrier wave actually acts as carrier which carries the information signal from
the transmitter to receiver .

Frequency Translation in Modulation Process



The baseband signal or modulating signal is a low frequency signal . For example, the audio signal is present in
the frequency range from 20 Hz TO 20 kHz . But due to modulation, the same signal now gets translated to a
higher frequency range .

Explain Delta Modulation in detail with suitable
diagram.
Delta Modulation

In PCM the signaling rate and transmission channel bandwidth are quite large since it transmits all the bits
which are used to code a sample. To overcome this problem, Delta modulation is used.

Working Principle

Delta modulation transmits only one bit per sample. Here, the present sample value is compared with the
previous sample value and this result whether the amplitude is increased or decreased is transmitted.

Input signal x(t) is approximated to step signal by the delta modulator.This step size is kept fixed.

The difference between the input signal x(t) and staircase approximated signal is confined to two levels, i.e.,
+A and -A.

Now, if the difference is positive, then approximated signal is increased by one step, i.e., ‘A’. If the difference
IS negative, then approximated signal is reduced by ‘A’ .

When the step is reduced, ‘0’ is transmitted and if the step is increased, ‘1’ is transmitted.



Hence, for each sample, only one binary bit is transmitted.
Fig.1 shows the analog signal x(t) and its staircase approximated signal by the delta modulator.

Amp::tude ()

T

Generated
binary data

Fig.1. Delta Modulation Waveform

Mathematical Expressions

The error between the sampled value of x(t) and last approximated sample is given as:

e(nT.) = x(nT,) — ¥ (nT,)

Where e( nTs) = error at present sample
X(nTs) = sampled signal of x(t)

% (nT,) = last sample approximation of the staircase waveform
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If we assume u(nTs) as the present sample approximation of staircase output, then
ul(n —1)T,) =% (nT,)

= last sample approximation of staircase waveform

Let us define a quantity b( nTs) in such a way that,
b(nT,) = Asgn[e(nT.)]

This means that depending on the sign of error e( nTs) , the sign of step size A is decided. In other words we
can write

_(+A if x(nT,) = ¥ (nT,)
ver) = £ x(nT,)E < (nT,)
Also if b (nTs) =+A then a binary ‘1’ is transmitted
and if b (nTs) =-A then a binary ‘0’ is transmitted
Here Ts=sampling interval.
Transmitter

Fig. 2 (a) shows the transmitter . It is also known as Delta modulator.
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Sampled Error

input 1- hit b(nT,)
x(nT,) Quantizer Eﬂput
«——Summer

%(nT,) u(nTy)

Accumulator
Fig.2 (a) Delta Modulation Transmitter

It consists of a 1-bit quantizer and a delay circuit along with two summer circuits.

The summer in the accumulator adds quantizer output (+A) with the previous sample approximation . This
gives present sample approximation. i.e.,

u(nT.) =u((nT, —T,) + [+A]

or u(nT,) = u[(n — VT.] + b(nT.)

The previous sample approximation u[(n-1)Ts] is restored by delaying one sample period Ts.
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The samples input signal x(nTs) and staircase approximated signal x"(nTs) are subtracted to get error signal
e(nTs )

Thus, depending on the sign of e(nTs ), one bit quantizer generates an output of +A or -A .

If the step size is +A, then binary ‘1’ is transmitted and if it is -A, then binary ‘0’ is transmitted .

Recelver

At the receiver end also known as delta demodulator, as shown in fig.2 (b) , it comprises of a low pass
filter(LPF), a summer, and a delay circuit. The predictor circuit is eliminated here and hence no assumed input
Is given to the demodulator.

Accumulator

Fig.2 (b) Delta Modulation Receiver
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The accumulator generates the staircase approximated signal output and is delayed by one sampling period Ts.
It is then added to the input signal.

If the input is binary ‘1’ then it adds +A step to the previous output (which is delayed).
If the input is binary ‘0’ then one step ‘A’ is subtracted from the delayed signal.

Also, the low pass filter smoothens the staircase signal to reconstruct the original message signal x(t) .

Advantages and Disadvantages of Delta
Modulation

Advantages of Delta Modulation

The delta modulation has certain advantages over PCM as under :

1. Since, the delta modulation transmits only one bit for one sample, therefore the signaling rate and
transmission channel bandwidth is quite small for delta modulation compared to PCM .

2. The transmitter and receiver implementation is very much simple for delta modulation. There is no analog
to digital converter required in delta modulation.

Disadvantages of Delta Modulation



The delta modulation has two major drawbacks as under :

1. Slope overload distortion
2. Granular or idle noise

Now, we will discuss these two drawbacks in detail.

1.Slope Overload Distortion

This distortion arises because of large dynamic range of the input signal.

Granular noise

Slope-overload
distortion

x(t)

Staircase
approximation

u(t)

Fig.1 : Quantization errors
in Delta modulation

We can observe from fig.1 , the rate of rise of input signal x(t) is so high that the staircase signal can not
approximate it, the step size ‘A’ becomes too small for staircase signal u(t) to follow the step segment of x(t).

Hence, there is a large error between the staircase approximated signal and the original input signal x(t).

This error or noise is known as slope overload distortion .


https://electronicspost.com/wp-content/uploads/2018/05/quantization-errors-in-delta-modulation.png

To reduce this error, the step size must be increased when slope of signal x(t) is high.

Since, the step size of delta modulator remain fixed, its maximum or minimum slopes occur along straight
lines. Therefore, this modulator is known as Linear Delta Modulator (LDM) .

2. Granular or Idle Noise

Granular or Idle noise occurs when the step size is too large compared to small variation in the input signal.

This means that for very small variations in the input signal, the staircase signal is changed by large amount (A)
because of large step size.

Fig.1 shows that when the input signal is almost flat , the staircase signal u(t) keeps on oscillating by +A
around the signal.

The error between the input and approximated signal is called granular noise.
The solution to this problem is to make the step size small .

Explain Differential Pulse Code Modulation

Differential Pulse Code Modulation
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It may be observed that the samples of a signal are highly correlated with each other. This is due to the fact
that any signal does not change fast. Which means , its value from present sample to next sample does not vary

by a large amount.
The adjacent samples of the signal carry the same information with a little difference.

When these samples are encoded by a standard PCM system, the resulting encoded signal contains some
redundant information.

Redundant Information in PCM

Fig.1 shows a continuous time signal x(t) by dotted line. This signal is sampled by flat top sampling at intervals
Ts, 2Ts, 3Ts ..... nTs.

Fig.1 : llustration of redundant information in PCM
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The sampling frequency is selected to be higher than nyquist rate.

The samples are encoded by using 3 bit (7 levels) PCM.

The sample is quantized to the nearest digital level as shown by small circles in fig.1 .
The encoded binary value of each sample is written on the top of the samples.

We can observe from fig.1 that the samples taken at 4Ts, 5Ts and 6Tsare encoded to same value of (110).
This information can be carried only by one sample.

But three smaples are carrying the same information means that it is redundant .

We consider another example of samples taken at 9Ts and 10Ts. The difference between these samples only
due to last bit and first two bits are redundant, as they do not change.

If this redundancy is reduced, then overall bit rate will decrease and number of bits required to transmit one
sample will also be reduced.

This type of digital pulse modulation technique is called as Differential Code Modulation (DPCM).

Working Principle

The differential pulse code modulation works on the principle of prediction. The value of the present sample is
predicted from the past samples.

The prediction may not be exact but it is very close to the actual sample value.

Fig.2 shows the transmitter of DPCM system.



x(t)

Sample

The sampled signal is denoted by x(nTs) and predicted signal is denoted by x"(nTs).
The comparator finds out the difference between the actual sample value x(nTs) and predicted sample value

XA(nTs).
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e(nT;) eg(mT:)
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Fig.2 : A Differential pulse code modulation

This is known as prediction error and it is denoted by e(nTs).
It can be defined as

e(nTs) = X(nTs) — x"(nTs)

-----

The predicted value is produced by using a prediction filter.

The quantizer output signal gap eq(nTs) and previous prediction is added and given as input to the prediction

filter. This signal is called Xq(nTs).
This makes the prediction more and more close to the actual sampled signal.
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We can observe that the quantized error signal eq(nTs) is very small and can be encoded by using small number
of bits.
Thus number of bits per sample are reduced in DPCM.

The quantizer output can be written as,

eq(NTs) = e(NTs) + q(NTs)eneneniiiiiiien (2)
Here, q(nTs) is the quantization error.
As shown in fig.2, the prediction filter input Xq(nTs) is obtained by sum x"(nTs) and quantizer output. i.e.,

Xq(nTs) = XA(nTs) + eq(nTS) .......................... (3)
Substituting the value of eq(nTs) from eq.(2) in the above eq. (3) , we get,
Xq(NTs) =x"(nTs) + e(NTs) + q(NTs) wovvrveneninnnnnnn, 4)

eq.(1) is written as,

e(nTs) X(nTs) — x"(nTs)

e(nTs) + x"(nTs) = x(nTs)
Therefore substituing the value of e(nTs) + x"(nTs) from the above equation into eq. (4), we get,
Xq(NTs) =x(NTs) +q(nTs) oo (5)

Reception of DPCM Signal

Fig.3 shows the block diagram of DPCM receiver.



> }Cq{ nTs)
Output

DPCM Input
Decoder

Prediction
Filter

i

Fig.3 : DPCM Receiver
The decoder first reconstructs the quantized error signal from incoming binary signal.

The prediction filter output and quantized error signals are summed up to give the quantized version of the
original signal.

Thus the signal at the receiver differs from actual signal by quantization error g(nTs), which is introduced
permanently in the reconstructed signal.

Advantages of DPCM

1. As the difference between x(nTs) and x"(nTs) is being encoded and transmitted by the DPCM technique, a
small difference voltage is to be quantized and encoded.

2. This will require less number of quantization levels and hence less number of bits to represent them.

3. Thus signaling rate and bandwidth of a DPCM system will be less than that of PCM.
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Comparison Between PCM, DM, ADM and
DPCM

In this article we will compare Pulse Code Modulation (PCM), Delta Modulation (DM), Adaptive Delta
Modulation (ADM) and Differential Pulse Code Modulation.
We have already discussed all these modulation techniques in our previous articles.

Comparison between all these modulation techniques is shown in the table below.
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Parameter of Pulse Code Delta Modulation Adaptive Delta Differential Pulse
5.NO Comparison Maodulation [PCM) (DM) Modulation (ADM) Code Modulation
(DPCM)
1. Mumberof bits Iltcanused,8 orl6 | Itusesonly one bit ltusesonly one bit Bits can be more
bits persample. forone sample forone sample thanone but are
lessthan PCM.

2 Levels and step The numberof Stepsizeis keptfixed | Accordingto the Mumberof levelsis

size levels depends on and cannot be varied. | signalvariation, step | fixed.
number of bits. size varies.
Levelsize is fixed.

3. Quantization Quantization error | Slope overload Quantization noiseis | Slope overload
errorand dependson distortionand present but other distortion and
distortion number of levels granular noise are errors are absent. guantization noise

used. present. is present.

4, Transmission Highestbandwidth | Lowestbandwidthis | Lowestbandwidthis | Bandwidth required
bandwidth is required since required. required. is less than PCM.

numbers of bits are
high.

5. Feedback Thereisno Feedback existsin Feedback exists. Feedback exists.

feedbackin transmitter.
transmitteror
receiver,
&. Complexity of Systemis complex. | Simple Simple Simple

Implementation
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Conversion of Analog Signals to Digital Signals

In communication systems, sometimes it happens that we are available with an analog signal, and we have to
transmit a digital signal for that particular application.

In such cases, we have to convert the analog signal to digital signal. That means that we have to convert a
continuous time signal in the form of digits.

To see how a signal can be converted from analog signal to digital form, let us consider an analog signal x(t) as
shown in fig.1(a).



Fig.1: (a) An Analog Signal, (b) Samples of Analog signal, (c) Quantization
First of all , we get sample of this signal according to the sampling theorem.

For this purpose, we mark the time-instants to, t1 ,t-and so on, at equal time-intervals along the time axis.
At each of these time-instants , the magnitude of the signal is measured and thus samples of the signal are
taken. Fig.1(b) shows a representation of the signal of fig.1(a) in terms of its samples.

Now, we can say that the signal in fig.1(b) is defined only at the sampling instants.
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This means that, it no longer is a continuous function of time, but rather, it is a discrete-time signal.

However, since the magnitude of each sample can take any value in a continuous range, the signal in fig.1(b) is
still an analog signal.

This difficulty is neatly resolved by a process known as quantization. In quantization, the total amplitude range
which the signal may occupy is divided into a number of standard levels.

As shown in fig.1(c), amplitudes of the signal x(t) lie in the range (-mp, mp) which is partitioned into L
intervals, each of magnitude Av =2mp/L .
Now, each sample is approximated or rounded off to the nearest quantized level as shown in fig.1(c) .

Since each sample is now approximated to one of the L numbers, therefore, the information is digitized.

The quantized signal is an approximation of the original one. We can improve the accuracy of the quantized
signal to any desired degree simply by increasing the number of levels L .

What is meant by the term ‘Channel’ as applied
to communication system ?

The term channel means the medium through which the message travels from the transmitter to the receiver.

In other words, we can say that the function of the channel is to provide a physical connection between the
transmitter and the receiver.



Depending on the mode of transmission, we may classify the communication channels into following two
categories .

1. Channels based on guided propagation
2. Channels based on free propagation
The classification of channels has been shown in fig.1.

Fig.1. Classification of Communication Channels
Some of the important characteristics of a channel are as under :

= Power required to achieve the desired S/N ratio
« Bandwidth of the channel

= Amplitude and phase response of channel

« Type of channel (Linear or non-linear)

- Effects of external interference on the channel

1. Telephone Channels
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It is designed for providing service to voice signals such as telephones. The telephone channels are also used
for the worldwide internet connection. Therefore, telephone channel is the best possible option for the data
transmission over long distances.

Salient Features :

« Bandpass characteristics over 300 to 3400 Hz as shown in fig.2 .
= High signal to noise ratio of about 30 dB .
« Approximately linear response .

Fig.2 : Characteristics of telephone channel
The amplitude response is flat over the entire passband as shown in fig.2.

However, no particular attention is given to the phase response because human ears are not very sensitive to the
phase delay variations.

But the data and images (pictures) are strongly affected by the phase delay variations. Therefore, for digital
transmission over the telephone channels, it is essential to use an equalizer as shown in fig.3 (a) .
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Fig. 3 (a) Use of Equalizer

As shown in fig.3 (b) , the equalizer maintains a flat amplitude response and linear phase response over the
passband. Also the telephone channel is a bandwidth limited channel.

Fig. 3 (b) Amplitude and phase response of the telephone channel with equalizer

Fig.4(a) shows the variation of insertion loss with frequency and fig.4 (b) shows the variation of envelope
delay with frequency, for a telephone channel .
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Fig. 4 (a) Insertion loss

Insertion loss may be defined as :

Insertion loss = 10 logio (Po| PL)

where Po = load power from a source to load via channel

PL= load power when the load is connected directly to source

An envelope delay is defined as the negative of the phase response with respect to o =2xf .
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Fig.4 (b) Envelope delay

The telephone channels are built using the twisted pair of wires.The construction of twisted pair cables has
shown in fig.5.

Fig.5 Twisted pair
This is also commonly used medium and it is quite cheaper than the co-axial cable.

A twisted pair consists of two insulated conductor twisted together in the spiral form as shown on fig.5 .
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It can be shielded or un-shielded.

The un-shielded twisted pair cables are very cheap and easy to install. However, they are badly affected by the
noise interference .

The noise immunity can be improved by using shielded twisted pair cable.

As shown in fig.6, a metallic braid can be used around the twisted pair. Protective plastic coating is then
provided .

Fig.6 Shielded Twisted Pairs

Transmission Rates

If we use the sophisticated modulation techniques along with equalizer, then it is possible to attain the
transmission rates upto 16.8 kilobits/sec (kb/s).

2. Co-axial Cables

Fig. 7 shows the construction of co-axial cable.
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Fig.7 Construction of a co-axial cable

It consists of two concentric conductors separated by a dielectric material. The external conductor is metallic
braid and used for the purpose of shielding. The co-axial cable may contain one or more co-axial pairs.

These systems are operated in the range of 8.5 Mb/s to 274 Mb/s .
An important application of co-axial cable is cable modem, with the cable modem termination system(CMTS).
One more application is Ethernet LAN using the co-axial cable.

The co-axial cable is used for its large bandwidth and high noise immunity .

Salient Features
The important characteristics of a co-axial cable are :

= Two types of cable having 75 Q and 50 Q impedance are available.
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« Because of the shield provided, this cable has excellent noise immunity.

= It has a large bandwidth and low losses.

« This cable is suitable for point to point or point to multipoint applications. Actually, this is the most widely
used medium for local area networks (LANS).

« These cables are costlier than twisted pair cables, however, they are cheaper than the optical fiber cables.

= Itis essential to use closely spaced (after every 1km) repeaters to achieve that data rates of 8.5 Mb/s to 274
Mb/s.

3. Optical Fiber Cables

The construction of an optical fiber cable is shown in fig.8.

Fig.8. Construction of Optical Fiber Cable
It consists of an inner glass core surrounded by a glass cladding which has a lower refractive index.
Digital signals are transmitted in the form of intensity-modulated light signal which is trapped in the glass core.

Light is launched into the fiber using a light source such as a LED or laser.
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It is detected on the other side using a photo detector such as a phototransistor.

The optical fiber cables are costlier than the other two types but they have several advantages over the other
two types.

Special Characteristics

« Higher bandwidth therefore can operate at higher data rates.
» Reduced losses as the signal attenuation is low.
« Distortion is reduced hence better quality is assured.
« They are immune to electromagnetic interference.
= Small size and light weight.
Used for point to pint communication.

Appllcatlons

= Optical fiber transmission systems are widely used in the backbone of networks. Current optical fiber
systems provide transmission rates from 45 Mb/s to 9.6 Gb/s using the single wavelength transmission.

= Optical fibers are now used in the telephone system.

« |tisused in the local area networks (LANS).

Advantages of Optical Fibers

(i) Small size and light weight : The size (diameter) of the optical fibers is very small (it is comparable to the
diameter of human hair). Therefore, a large number of optical fibers can fit into a cable of small diameter.

(if) Easy availability and low cost : The material used for the manufacturing of optical fibers is silica glass.
This material is easily available. Hence, the optical fibers cost lower than the cables with metallic conductors.
(ii1) No electrical or Electromagnetic interference : Since the transmission takes place in the form of light
rays, the signal is not affected due to any electrical or electromagnetic interference.



(iv) Large bandwidth : As the light rays have a very high frequency in the GHz range, the bandwidth of the
optical fiber is extremely large. This allows transmission of more number of channels. Therefore, the
information carrying capacity of an optical fiber is much higher than that of a co-axial cable.
(v) Other advantages : In addition to the above mentioned advantages, the optical fiber communication
system has the following other advantages:

No crosstalk inside the optical fiber cable.

Signal can be transmitted upto 100 times faster.

Intermediate amplifiers are not required as the transmission losses in the fiber are low.

Ground loops are absent.

Installation is very easy as the fiber optic cable are flexible.

These cables are not affected by the drastic environmental conditions.

Dlsadvantages of Optical Fibers

(i) Sophisticated plants are required for manufacturing optical fiber.
(if) The initial cost incurred is high.

(ii1) Joining the optical fibers is a difficult job.

4. Wireless Broadcast Channel

These channels are used for the transmission of radio and TV signals.

The information signal which represents the speech, music etc. modulates a carrier frequency.

The carrier frequency is different for every transmitting station.



A transmitting antenna radiates the modulated signal in the form of electromagnetic radiation into the free
space.

These waves are radiated in all directions or in some specified directions.
The transmitting antenna is mounted on a tower or a hall in order to reach the farther receiver.

The ground wave, sky wave and space wave are three types of propagation techniques used for the propagation
of EM waves.

At the receiving end, the receiving antenna is used for picking up the transmitted signal.

The receivers are superheterodyne type.

5. RF(Radio Frequency) Link (Microwave Link)

This is actually a type of point to point wireless communication.

The radio frequencies used for RF links are in microwave range, therefore, RF links are also called as
microwave links. This is shown in fig.9.



Fig.9 . lllustration of Microwave Link

Although any wire communication systems use copper wire or optical fiber, some just send the signal into the
air. This happens when infrared, lasers, microwaves and radio are used for the transmission of data, as they do
not need any physical medium.

For long distance communication, microwave radio transmission is widely used as an alternative to coaxial
cable.

The signal transmission takes place in the form of electromagnetic waves which have wavelengths of few
centimeters.

Parabolic antennas can be mounted on the towers to send a beam of waves to another antenna, tens of
kilometers away.

The transmitting and receiving antennas are highly directional to enable point to point communication.
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This system is widely used for both telephone and television transmission.

The higher this tower which holds the antenna, the greater is the coverage. With a 100 meter high tower, the
distance of 100 km can be easily covered.

Salient Features

Installation of towers and associated equipment is cheaper than laying down a cable of 100 km length.
Less maintenance as compared to cables.

Repeaters can be used. Therefore, effect of noise is reduced.

No adverse effects such as cable breakage etc.

Because of the use of highly directional antenna, these links do not make any interference with other
communication systems.

6. Size of transmitter and receiver reduced because of the use of high frequency.

Disadvantages

oOkowpE

1. Signal strength at the receiving antenna reduces due to multipath reception.
2. The transmission will be affected by the thunderstorms, and other atmospheric phenomenons.

Range of Frequencies

Generally, the microwave transmission takes place at frequencies between 2 and 40 GHz. This will correspond
to a wavelength of 15cmto 0.75cm .

6. A Mobile Radio Channel

In mobile communication, the sender and the receiver both are allowed to move with respect to each other.



The radio propagation takes place due to scattering of EM waves from the surface of the surrounding buildings
and diffraction over and around them. Hence, the transmitted energy reaches the receiver via multiple paths.
This is called as multi path communication.

The signals taking different paths will have to travel different path lengths. So, they have different phase shifts
when they reach the receiver.

The total signal strength at the receiver is equal to the vector sum of all the signals.

Therefore it keeps changing continuously. Hence, mobile channels are called as the linear time varying
channels and it is statistical in nature.

7. Satellite Channel

Satellite microwave systems transmits signals between directional parabolic antennas.

They use low gigahertz frequencies and line of sight communication.

These systems use satellites which are in the geostationary orbit (36000 km above the earth) .

The satellites act as repeaters with receiving antennas, transponder and transmitting antenna.

Satellite microwave systems can reach the most remote places on earth and communicate with mobile devices.

This systems work in the following way : signal is sent through cable media to an antenna which beams the
signal to the satellite, the satellite then transmits the signal back to another location on earth as shown in fig.10



Fig.lo, lllustration of Satellite System

Satellite microwave systems experience delays between the transmission of a signal and its reception back to
the earth (540 ms).

Characteristics

It uses frequency range between 11 GHz and 14 GHz.

Attenuation depends on frequency, power, antenna size and atmospheric condition.

The signals are affected by EMI effect, jamming and eavesdropping.

The installation of satellites is extremely difficult and the alignment of earth station antennas must be
perfectly aligned.

The cost of building and launching is very high.

The satellites can provide point to point or broadcast services.

The message signal transmitted by the earth station to the satellite is called as an uplink signal.

It is amplified and down converted in frequency by the transponder and then re-transmitted back to various
earth stations.

o

O N o o
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9. The signal from satellite to earth station is called as the downlink signal.
10. The uplink signal frequency is 6GHz and the downlink signal frequency is 4 GHz.
11. Inthe 6/4 GHz band, a typical satellite is assigned a 500 MHz bandwidth which is divided among 12

transponders on the satellite.
12. Each transponder uses approximately 36 MHz bandwidth. A transponder can carry at least one TV

channel, 1200 voice channelss or a digital data at the rate of 50 Mb/s .

Comparison of PCM and Analog Modulation
Compairing PCM and Analog Modulation

In this tutorial we shall compare PCM and Analog Modulation in detail.
The threshold effect in PCM is similar to a property of analog modulation methods such as FM or PPM.
The property is that , these systems tend to reduce the wideband noise above the threshold levels.

The PCM also provides the wideband noise reduction if it is operated above its threshold which is given by:
s
(E}D = qus.r

Where g=2"for binary PCM and g= M" for M-ary PCM.
We assume that the sampling frequency is close to the Nyquist rate and bandwidth BW = Nfm Hz.



Then, g=M"= MP where b = BW/ fnis known as the bandwidth ratio.
Therefore, we have,

s
(Do =3x (M")?25, =3 x M*S,

Here, (S/N)o = Signal to noise ratio at the destination

Sx = Signal power at the destination

Here, it may be noted that the signal to noise ratio (S/N)p is proportional to M?* which is much higher than
the (S/N)p of the wideband FM which is proportional to only b or b2.

Hence, PCM performs better than FM .

Fig.1 shows the performance of various modulation types as a function of vy .
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Fig.1

All the curves in fig.1 have been plotted for Sx= 1/2. The dots indicate the threshold points. The PCM curves
have been drawn for M =2 and v = b.

Conclusions

Some of the important observations from fig.1 may be listed as under:

1. For PCM if b is constant , then increase in y beyond the threshold value yth (corresponding to the
threshold point) does not increase (S/N)p at all . Let us observe the flat PCM curves in fig.1. hence, PCM

must be operated just above the threshold.



2. Near threshold, the PCM does offer some advantages over FM and PPM, with thesame values of b

and (S/N)p.
3. However, this advantage is gained at the expense of more complicated and expensive circuitry.
4. The (S/N)p for FM and PPM increases linearly with increase in the value of y and becomes better than that

of PCM for higher values of y .
Benefits of PCM

Fig.1 reveals the following benefits of using the PCM :

1. PCM allows the use of regenerative repeaters. This improves its noise performance.
2. PCM allows the transmission of analog signals in the form of digital signals.

PCM is not used for Radio Broadcasting

In Radio Broadcasting, a relatively large signal to noise ratio (typically of the order of 60 dB) is required.

To get this level of (S/N)p , the PCM with b>8 is needed.
However, we can obtain the same performance with an FM system with b = 6 and with much simpler

transmitter and receiver circuits.

Therefore, higher bandwidth requirement and complicated circuitry are the drawbacks of PCM which does not
allow its use fr the radio, TV broadcasting applications .
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