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AIM & OBJECTIVES  
 
 To understand the representation of Discrete and Continuous signals. 
 To understand the Amplitude Modulation Techniques. 

 To understand Angle Modulation Techniques. 

 

PRE-TEST MCQ 
 
 

1. A signal is a physical quantity which does not vary with _______ 
a) Time 

b) Space 
c) Independent Variables 

d) Dependent Variables 
 

2. Most of the signals found in nature are _________ 
a) Continuous-time and discrete-time 

b) Continuous-time and digital 
c) Digital and Analog 

d) Analog and Continuous-time 
 

3. Determine the fundamental period of the following signal sin60t. 

a) 1/60 sec 
b) 1/30 sec                                          

c) 1/20 sec 
d) 1/10 sec 

 

4. Energy signal has zero average power and power signal has zero  

    energy. 
 

a) True 
b) False 

 
5. Euler‘s identity ejθ is expanded as _____ 

a) Cosθ + j sinθ 
b) Cosθ – j sinθ 

c) Cosθ + j sin2θ 
d) Cos2θ+j sinθ 

 

UNIT-1 AMPLITUDE AND ANGLE MODULATION 
 



6. What is the role of channel in communication system? 
 
a) acts as a medium to send message signals from  

   transmitter to receiver 
b) converts one form of signal to other 

c) allows mixing of signals 
d) helps to extract original signal from incoming signal 

 
 

 7. Which of the following is used for Modulation and Demodulation? 
a) Modem 

b) Protocols 
c) Gateway  

d) multiplexer 
 

 
8. Modulation is done in ________ 

 
a) Receiver 
b) Transducer 

c) Between transmitter and radio receiver 
d) Transmitter 

 
9. What is the role of the transmitter in the communication system? 

 
a) to decode a signal to be transmitted 

b) to convert one form of energy into other 
c) to detect and amplify information signal from the carrier 

d) to produce radio waves to transmit data 
 

 10. In TV transmission, sound signal is ________ modulated. 
 

a) Phase 
b) Pulse 

c) Frequency 
d) Amplitude 
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PREREQUISITES 
Basic Knowledge of Electronic Devices, Digital System Design, 

Signals & Systems 

 
 

 
 

The word 'signal' has been used in different contexts in the 
English language and it has several different meanings. In this 

subject, we will use the term signal to mean a function of an 
independent variable that carries some information or describes 

some physical phenomenon.  
Often (not always) the independent variable will be time, and 

the signals will describe phenomena that change with time. Such a 
signal can be denoted by x(t), where t is the independent variable 

and x(t) denotes the function of t.A signal is a pattern of variation 
that carry information. Signals are represented mathematically as a 

function of one or more independent variable. 
A picture is brightness as a function of two spatial variables, x 

and y. In this Lecture signals involving a single independent variable, 
generally refer to as a time, t are considered. Although it may not 

represent time in specific application. A signal is a real-valued or 
scalar-valued function of an independent variable t. 

Some of the Examples: 
 Electrical signals --- voltages and currents in a circuit  
 Acoustic signals --- audio or speech signals   

 Video signals --- intensity variations in an image  
 Noise: unwanted signal 

Continuous-Time Signals 
Most signals in the real world are continuous in time, as the 

scale is infinitesimally fine. 
E.g. voltage, velocity, Denote by x(t), where the time interval 

may be bounded (finite) or infinite 

 
   Figure 1.1: Continuous Time signal 

1.1 Review of signals and systems 
 
 

 
 



 
Discrete-Time Signals 

Some real world and many digital signals are discrete time, as 

they are sampled. 
E.g. pixels, daily stock price (anything that a digital computer 

processes) Denote by x[n], where n is an integer value that varies 
discretely. 

 
                Figure 1.2: Discrete Time signal 

 
Classification of Signals  

• Deterministic & Non Deterministic Signals  
• Periodic & A periodic Signals  

• Even & Odd Signals  
• Energy & Power Signals 
 

Deterministic signals  
Behavior of these signals is predictable with respect to time. 

There is no uncertainty with respect to its value at any time. These 
signals can be expressed mathematically.  

For example Sinusoidal, Exponential, Unit step signal are 
deterministic signal. 

Non Deterministic or Random signals  
Behavior of these signals is random i.e. not predictable with 

respect to time. There is an uncertainty with respect to its value at 
any time. These signals can‘t be expressed mathematically.  

For example: Thermal Noise. 
Periodic and Non-Periodic Signals  

Given x(t) is a continuous-time signal , x (t) is periodic if x(t) = 
x(t + Tₒ) for any T and any integer n. 

Example: x(t) = A cos (ωt)  = A cos[ω(t+Tₒ)] =  
A cos(ωt+ωTₒ)= A cos(ωt+2π) = A cos(ωt) (Note: Tₒ =1/fₒ ; ω=2πfₒ) 

 
For non-periodic signals x(t) ≠ x(t + Tₒ). A non-periodic signal is 

assumed to have a period T = ∞.Example of non periodic signal is an 

exponential signal. 



Even and odd signals:  
One of characteristics of signal is symmetry that may be useful for 
signal analysis.  

Even signals are symmetric around vertical axis, and Odd signals are 
symmetric about origin.  

Even Signal: A signal is referred to as an even if it is identical to its 
time-reversed counterparts; x(t) = x(-t).  

Odd Signal: A signal is odd if x(t) = -x(-t). An odd signal must be 0 at 
t=0, in other words, odd signal passes the origin. 

 
Energy Signal  

A signal with finite energy and zero power is called Energy 
Signal i.e.  For energy signal   0<E<∞ and P=0 

Signal energy of a signal is defined as the area under the square of 
the magnitude of the signal.   

                        
Power Signal  

 Some signals have infinite signal energy. In that case it is more 
convenient to deal with average signal power.  

For power signals      0<P<∞   and   E= ∞ 

Average power of the signal is given by  

                
Applications 

 Transmission of information (signal) over a channel 

 Speech and audio processing 
 Multimedia processing (image and video) 

 Underwater acoustic 
 Biological signal analysis 

o Brain signals (EEG) 
o Cardiac signals (ECG) 

o Medical images (x-ray, PET, MRI) 
 Active noise cancellation -- Headphones used in cockpits 

 
 

 
 

 
 



SYSTEM 
 
Systems process input signals to produce output signals. A 

system takes a signal x(t) or x(n)  as the input (stimulus, excitation, 
etc.), modifies and processes the signal, and produces a signal  y(t) or 

y(n)  as the output (response).  
 

This process can be modeled mathematically as an operator applied 
to the input to produce an output. 

 
           Input  Output 

           Signal                                                      Signal 
 

A communication system is generally composed of three sub-
systems, the transmitter, the channel and the receiver. The channel 

typically attenuates and adds noise to the transmitted signal which 
must be processed by the receiver. 

 
 
 

 Some examples of system: 

 Electrical/electronic circuit: voltage/current signal to the input 

port, voltage/current from the output port 

 Neuro-visual system: processing light input (photons) and 
generating action potential (electro-chemical signal) 

 Glucose metabolism: converting glucose and oxygen to carbon 
dioxide and water, and generating heat energy 

 TV set: converting electromagnetic signal as input and 
generating sound and image signal as output. 

  
 

 
 

 
 

 
 

 
 

 
 

  System  



 
 
 

 
AIM & OBJECTIVES  

 
To understand the frequency domain representation of signals.  

 
PREREQUISITES 

Basic Knowledge of Signals & Systems. 
THEORY  

The frequency domain refers to the analysis of mathematical 
functions or signals with respect to frequency, rather than time. Put 

simply, a time-domain graph shows how a signal changes over time, 
whereas a frequency-domain graph shows how much of the signal 

lies within each given frequency band over a range of frequencies.  
 

A frequency-domain representation can also include information on 
the phase shift that must be applied to each sinusoid in order to be 
able to recombine the frequency components to recover the original 

time signal. 
 

A given function or signal can be converted between the time and 
frequency domains with a pair of mathematical operators called 

transforms.  
 

An example is the Fourier transform, which converts a time function 
into a sum or integral of sine waves of different frequencies, each of 

which represents a frequency component. The "spectrum" of 
frequency components is the frequency-domain representation of the 

signal. The inverse Fourier transform converts the frequency-domain 
function back to the time-domain function.  

 
A spectrum analyzer is a tool commonly used to visualize electronic 

signals in the frequency domain. 
 

1.2 Frequency domain representation of signals 
 
 

 



    
    Fig 1.3 Representation of signals in Time and Frequency domain 

 
Trigonometric Fourier Series: 

Any periodic function f(t) can be expressed as a weighted (infinite) 
sum of sine and cosine functions of increasing frequency 

  
 

Where  
 

Exponential Fourier Series:  

 

 
The decomposition into sines and cosines is implied by Euler‘s 

formula. 

    
 
Relationship to trigonometric series: 
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Continuous Fourier Transform (FT) 
The Fourier Transform (FT) of a continuous, non-periodic function 
f(x) is defined as follows: 

 
Given F(u), we can obtain f(x) back using the Inverse Fourier 

Transform (IFT):  

 
If x represents time in seconds, the units of u are cycles/sec or Hertz 
(Hz). 

F(u) is a complex function:   
 

 
 

Applications: 
Fourier transform, are tools that find extensive application in 

communication system, signal processing, control systems and other 
engineering areas like  

Circuit analysis  
Amplitude modulation 

Sampling theorem 
Frequency multiplexing                                                  

 
 

 
 
 

 
 

 
 

 
 

 
 

 
 

 
 



 
 
 

 
Introduction to Modulation: 

 
Modulation is the process of superimposing a low frequency 

signal on a high frequency carrier signal. The process of modulation 
is defined as varying the RF carrier wave in accordance with the 

information in a low frequency signal. Modulation is defined as the 
process by which some characteristics such as amplitude, frequency 

and phase, of a carrier is varied in accordance with instantaneous 
value of the modulating signal. 

 
Need for Modulation: 

 
The following are the factors which emphasize the need for 

modulation  
• Antenna Height  
• Narrow Banding  

• Poor radiation and penetration  
• Diffraction angle  

• Multiplexing 
 

If two musical programs were played at the same time within 
distance, it would be difficult for anyone to listen to one source and 

not hear the second source. Since all musical sounds have 
approximately the same frequency range, from about 50 Hz to 10 

KHz. If a desired program is shifted up to a band of frequencies 
between 100 KHz and 110 KHz, and the second program shifted up 

to the band between 120 KHz and 130 KHz, Then both programs 
gave still 10 KHz bandwidth and the listener can (by band selection) 

retrieve the program of his own choice. The receiver would down shift 
only the selected band of frequencies to a suitable range of 50Hz to 

10 KHz. 
A second more technical reason to shift the message signal to a 

higher frequency is related to antenna size. It is to be noted that the 
antenna size is inversely proportional to the frequency being 
radiated. This is 75 meters at 1 MHz but at 15 KHz it has increased 

to 5000 meters a vertical antenna of this size is impossible. 
Types of Modulation: 

 The main function of the carrier wave is to carry the audio or 
video signal from the transmitter to the receiver. The resulting wave 

1.3 Amplitude Modulation Systems 
 
 

 
 



due to superimposition of audio signal and carrier wave is called the 
modulated wave.  
The sinusoidal carrier wave can be given by the equation  

                Vc = Vc Sin (ωct + θ) = Vc Sin (2πfct + θ)  

Where Vc – Maximum Value, fc – Frequency and θ – Phase Relation. 

Since the three variables are the amplitude, frequency and phase 
angle, the modulation can be done by varying any one of them. Thus 

there are three modulation types namely:  
Amplitude Modulation (AM) – a change in the amplitude of the 

carrier voltage (Vc), with all other factors remaining constant.  
Frequency Modulation (FM) – a change in the carrier frequency (fc) 

with all other factors remaining constant.  
Phase Modulation (PM) - a change in the carrier phase angle (θ). 

 
Amplitude Modulation 

The method of varying amplitude of a high frequency carrier 
wave in accordance with the information to be transmitted, keeping 

the frequency and phase of the carrier wave unchanged is called 
Amplitude Modulation. The information is the modulating signal and 

it is superimposed on the carrier wave by applying both of them to 
the modulator. Figure1.4 shows the process of amplitude 
modulation. 

 
                      Figure 1.4: Amplitude Modulation  

As shown above, the carrier wave has positive and negative half 

cycles. The carrier consists of sine waves whose amplitudes follow 
the amplitude variations of the modulating wave. The carrier is kept 

in an envelope formed by the modulating wave. 
 
 



Analysis of AM Carrier Wave  
Let c(t) = A sin ωct and m(t) = M (cos ωmt + fm)  

Where  

c(t) – Instantaneous value of the carrier  
A – Peak value of the carrier  

ωc – Angular velocity of the carrier  

m(t) – Instantaneous value of the modulating signal  

M – Maximum value of the modulating signal  
ωm – Angular velocity of the modulating signal  

fm – Modulating signal frequency  
It must be noted that the phase angle remains constant in this 

process. Hence it can be ignored. The amplitude of the carrier wave 
varies at fm.  

The amplitude modulated wave is given by the equation 
y(t) = [1 + m(t)] c(t)  

= [1 + M (cos ωmt )] A sin ωct   

= [1 + M cos (2πfmt)] A sin (2πfc t)  

= A sin (2πfc t) + AM/2 sin (2π(fc + fm)t) + AM/2 sin (2π(fc – fm)t)  
The ratio of M/A is the modulation index given by ‗m‘. The above 

equation represents the sum of three sine waves. One with amplitude 
of ‗A‘ with frequency of fc , the second one with an amplitude of AM/2 

and frequency of (fc + fm) and the third one with an amplitude of 
AM/2 and frequency of (fc - fm) . In practice the angular velocity of the 
carrier is greater than the angular velocity of the modulating signal 

(fc >> fm). Thus, the second and third terms are more close to the 
carrier frequency. 

 
Frequency Spectrum of AM Wave  

Lower side frequency = (fc – fm)  
Upper side frequency = (fc +fm)  

In Figure 1.5, the frequency components present in the AM wave are 
represented by vertical lines approximately located along the 

frequency axis. The height of each vertical line is drawn in proportion 
to its amplitude. Since the angular velocity of the carrier is greater 

than the angular velocity of the modulating signal, the amplitude of 
side band frequencies can never exceed half of the carrier amplitude. 

Thus there will not be any change in the original frequency, but the 
side band frequencies (fc – fm) and (fc +fm) will be changed. The former 

is called the upper side band (USB) frequency and the later is known 
as lower side band (LSB) frequency. It is clear that the carrier 
component does not transmit any information. 



                      
            Figure 1.5 Frequency Domain Representation of AM Wave  
 

Two side banded frequencies will be produced when a carrier is 
amplitude modulated by a single frequency. Thus an AM wave has a 

band width equal to twice the signal frequency produced. When a 
modulating signal has more than one frequency, two side band 

frequencies are produced by every frequency. Similarly for two 
frequencies of the modulating signal 2 LSB‗s and 2 USB‗s frequencies 

will be produced. The total bandwidth is equal to twice the higher 
modulating frequency. 

 
 
Modulation Index (m)  

The ratio between the amplitude changes of carrier wave to the 
amplitude of the normal carrier wave is called modulation index. It is 

represented by the letter ‗m‗.  
m = M/A.  

Percentage modulation, % m = m*100 = M/A * 100  
The percentage modulation lies between 0 and 80%. Generally the 

value of ‘m‗ lies between 0 and 0.8. The value of ‗m‘ determines the 
strength and the quality of the transmitted signal. But if the value of 

‗m‘ exceeds unity, the transmitter output produces erroneous 
distortion. 

 

 

Bandwidth of AM 

The bandwidth of a complex signal like AM is the difference 
between its highest and lowest frequency components and is 

expressed in Hertz (Hz). Bandwidth deals with only frequencies. 

Bandwidth = (fc – fm) – (fc + fm) = 2 fm 

 



Power Relations in an AM wave  
A modulated wave has more power than had by the carrier wave 
before modulating. The total power components in amplitude 

modulation can be written as: 
                       Ptotal = Pcarrier + PLSB + PUSB  

 
The power levels in carrier and sidebands 

                     
             Figure 1.6 Power Levels in Carrier and Sidebands 
There are three components in the AM wave. They are Unmodulated 

carrier, USB & LSB. 

Total    PAM = Pc + Power in USB +Power in LSB 

If R is the load, then Power in AM = V2
c/R + V2

LSB/R + V2
USB/2 

 

Peak carrier Power = V2c/R 
 

Peak Voltage = Vc, therefore RMS voltage = Vc/√2 
 

RMS carrier power =1/R [Vc/√2]2= V2c/ 2R 
 

 
 



 
Advantages of Amplitude Modulation 

 Amplitude modulation is economical as well as easily obtainable 

 It is so simple to implement, and by using a circuit with fewer 
components it can be demodulated. 

 The receivers of AM are inexpensive because it doesn‘t require 
any specialized components. 

 
 

Disadvantages of Amplitude Modulation   
 

 The efficiency of this modulation is very low because it uses a 
lot of power. 

 This modulation uses amplitude frequency several times to 
modulate the signal by a carrier signal. 

 This declines the original signal quality on the receiving end & 
causes troubles in the signal quality. 

 
 
APPLICATIONS  

 
 Air Band Radio 

 Broadcast transmissions 
 It is used for HF radio links 

 
GENERATION OF AM WAVES 

 
There are several different methods for generating AM 

modulated signals. Since the process of modulation involves the 
generation of new frequency components, modulators are generally 

characterized as nonlinear and time-variant systems. 
 

Power-Law Modulator 
Let us consider a nonlinear device such as P-N diode which has 

a voltage-current characteristic as shown in Figure 1.7. Suppose that 
the voltage input to such a device is the sum of the message signal 

m(t) and the carrier Ac cos 2πfct. The nonlinearity will generate a 
product of the message m(t) with the carrier, plus additional terms. 

The desired modulated signal can be filtered out by passing the 
output of the nonlinear device through a band pass filter. 
 

https://www.elprocus.com/different-methods-of-soldering-the-electronic-components/
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Suppose that the nonlinear device has an input–output (square-law) 
characteristic of the form 

                                        
                       Figure 1.7 VI Characteristic of a PN Diode 
 

                                          
Figure 1.8 Block diagram of Power law modulator 

Where m(t) and carrier Ac cos 2πfct are the input signals, u(t) is the 

output signal, and the parameters are constants. Then, if the input 
to the nonlinear device is 

 

 
The output of the band pass filter with bandwidth ‗2W ‗centered at  
f = fc yields 

 
DETECTION OF AM WAVES 

 
Envelope Detector 

 
Conventional DSB AM signals are easily demodulated by means 

of an envelope detector. A circuit diagram for an envelope detector is 

shown in Figure 1.9. It consists of a diode and an RC circuit, which 

is basically a simple low pass filter. 



                                       
Figure 1.9 Diode Envelope Detector 

 

During the positive half-cycle of the input signal, the diode is 
conducting and the capacitor charges up to the peak value of the 

input signal. When the input falls below the voltage on the capacitor, 
the diode becomes reverse-biased and the input becomes 

disconnected from the output.  
During this period, the capacitor discharges slowly through the load 

resistor R. On the next cycle of the carrier, the diode conducts again 
value of the input signal and the process is repeated again. When the 

input signal exceeds the voltage across the capacitor, the capacitor 
charges again to the peak. The time constant RC must be selected to 

follow the variations in the envelope of the carrier-modulated signal 
so that 
                                           

 
 

 
In such a case, the capacitor discharges slowly through the resistor 

and thus, the output of the envelope detector follows the message 
signal. 

 

The amplitude modulation is classified into the following types 

 

 DSB-FC Double Sideband Full Carrier 

 DSB-SC Double Sideband Suppressed Carrier 

 SSB Single Sideband Suppressed Carrier 

 VSB Vestigial Sideband Suppressed Carrier 

 
 

 
 



 
 
 

 
 

Double Sideband Suppressed Carrier (DSBSC) 
 

A double-sideband, suppressed carrier (DSB-SC) AM signal is 
obtained by multiplying the message signal m(t) with the carrier 

signal c(t). Thus, we have the amplitude modulated signal as 

                             
The spectrum of the modulated signal can be obtained by taking the 
Fourier transform of u(t). 

 
 

           
Figure 1.10 Magnitude and Phase spectra 

 
From Figure 1.10, the magnitude of the spectrum of the message 

signal m(t) has been shifted in frequency by an amount fc. The phase 
of the message signal has been translated in frequency and offset by 

the carrier phase φc. Moreover, the bandwidth of the amplitude-
modulated signal is 2W, whereas the bandwidth of the message 

1.4 DSB-SC, SSB and VSB modulation 
 
 

 
 



signal m(t) is W . Therefore, the channel bandwidth required to 
transmit the modulated signal u(t) is Bc = 2W . 

The frequency content of the modulated signal u(t) in the frequency 
band |f| > fc is called the upper sideband of U( f ), and the frequency 

content in the frequency band f < fc is called the lower sideband of U 
( f ). It is important that either one of the sidebands contains all the 

frequencies present in M( f ). Since U ( f ) contains both the upper 
and the lower sidebands, it is called a double-sideband (DSB) AM 

signal. The modulated signal u(t) does not contain a carrier 
component. That is, all the transmitted power is contained in the 
modulating signal m(t). Hence u(t) is a DSB-SC AM signal. 

 
Power Content of DSB-SC Signal 

In order to compute the power content of the DSB-SC signal, 
without loss of generality, the phase of the signal must be set to zero. 

This is because the power in a signal is independent of the phase the 
signal. The time-average autocorrelation function of the signal u(t) is 

given by 

 
By taking the Fourier transform on both sides of the above Equation, 

the power spectral density of the modulated signal can be obtained 
as 

                        
This shows that the power-spectral density of the DSB-SC signal is 

the power-spectral density of the message shifted upward and 
downward by fc and scaled by A2c/4. To obtain the total power in the 

modulated signal, the power-spectral density of the modulated signal 
can be integrated and given as 



                         
Generation of DSBSC: 

 

DSB-SC is generated by a mixer as shown in Figure 1.11. This 
consists of a message signal multiplied by a carrier signal. The 

mathematical representation of this process is shown below, where 
the product-to-sum trigonometric identity is used. 

 

                
                   
                    Figure 1.11 Generation of DSBSC Signal 

 
Balanced Modulator: 

 
A simple method to generate a DSB-SC signal is to use two 

conventional AM modulators arranged in the configuration shown in 
Figure 1.12.  
 



                          
Figure 1.12 Block Diagram of a Balance Modulator 

 

These two modulators are arranged in a balanced configuration in 
order to suppress the carrier signal. Hence, it is called as balanced 

modulator.  
The same carrier signal c(t) = Ac cos(2πfct) is applied as one of the 

inputs to these two AM modulators. The modulating signal m(t) is 
applied as another input to the upper AM modulator.  

 
Whereas, the modulating signal m(t) with opposite polarity, i.e., −m(t) 

is applied as another input to the lower AM modulator. 
 

Output of the upper AM modulator is 
s1(t) = Ac [1+kam(t)] cos(2πfct) 

Output of the lower AM modulator is 
s2(t) = Ac [1−kam(t)] cos(2πfct) 

 
The DSBSC wave s(t) can be obtained by subtracting s2(t) from s1(t). 
The summer block is used to perform this operation. Thus, the 

summer block produces an output s(t) which is the difference of s1(t) 
and s2(t). 

⇒ s(t) = Ac [1 + kam(t)] cos(2πfct)     −      Ac [1 − kam(t)] cos(2πfct) 

 
⇒ s(t) =Ac cos(2πfct) + Ac ka m(t) cos(2πfct) − Ac cos(2πfct) + Ac ka    

            m(t) cos(2πfct) 

 
⇒ s(t) = 2Ac ka m(t) cos(2πfct) 

 
The standard equation of DSBSC wave is s(t) = Ac m(t) cos(2πfct) 

 
By comparing the output of summer block with the standard 

equation of DSBSC wave, the scaling factor can be obtained as 2ka. 



 
Demodulation of DSB-SC Signals: 
 

The de-modulation of a DSB-SC signal requires a synchronous 
demodulator. That is, the demodulator must use a coherent phase 

reference, which is generated by means of a phase-locked loop (PLL) 
to demodulate the received signal as shown in Figure 1.13. The 

output of the balanced modulator is passed through a low pass filter 
that passes the desired signal and rejects all signal components 

above ‗W’ Hz. 

                        
                    Figure 1.13 Synchronous Demodulation for DSBSC 

 
The below equation shows that by multiplying the modulated signal 
by the carrier signal, the result is a scaled version of the original 

message signal plus a second term which can be removed by a low 
pass filter. 

 

 
 

Single Sideband Suppressed Carrier (SSBSC): 
 

A DSB-SC signal requires a channel bandwidth of Bc = ‗2W’ Hz 
for transmission, where W is the bandwidth of the baseband signal. 

However, the two sidebands are redundant. Hence the transmission 
of either sideband is sufficient to reconstruct the message signal at 

the receiver. Thus the bandwidth of the transmitted signal can be 
reduced to that of the baseband signal. 

Spectral Characteristics 
 



Let m(t) be a signal with Fourier transform spectrum M( f ). An 
upper single-sideband amplitude-modulated signal (USSB AM) is 
obtained by eliminating the lower sideband of a DSB signal. Suppose 

the lower sideband of the DSB AM signal, uDSB(t) = 2 Ac m(t) cos 2πfct 
can be eliminated by passing it through a high pass filter whose 

transfer function is given by 

                                  
H ( f ) can be written as 

                  
where u−1 (·) represents the unit step function. Therefore the 
spectrum of the USSB AM signal is given by 

 
Taking inverse Fourier transform on both sides of the above Equation 

and using the modulation property of the Fourier transform 

 
Using Euler‘s relations in the above Equation, it is obtained 

                
which is the time-domain representation of an USSB AM signal?  
 

Thus, the time domain representation of a SSB AM signal can in 
general be expressed as 

 
where the minus sign corresponds to the USSB AM signal and the plus 

sign corresponds to the LSSB AM signal. 
 

Generation of SSB: 
 

A single-sideband (SSB) AM signal is represented 
mathematically as 

             



Where mˆ(t) is the Hilbert transform of m(t) and the plus-or-minus 
sign determines which sideband to obtain. The Hilbert transform 
may be viewed as a linear filter with impulse response h(t) = 1/πt and 

frequency response 

                                       
Therefore, the SSB AM signal u(t) may be generated by using the 

system configuration shown in Figure 1.14. 

                         
Figure 1.14 Generation of SSB using Phase Shift Method 

 

The method shown in Figure 1.14 for generating a SSB AM signal is 
one that employs a Hilbert transform filter. Another method, 
illustrated in Figure 1.15 generates a DSB-SC AM signal and then 

employs a filter which selects either the upper sideband or the lower 
sideband of the double-sideband AM signal. 

                                    
Figure 1.15 Generation of SSB using Filter Method 

 

Demodulation of SSB: 
The demodulation of SSB AM signals requires the use of a 

phase coherent reference. In the case of signals such as speech, that 
have little or no power content at dc, it is appropriate to generate the 
SSB signal using Filter Method shown in Figure 1.16 and then to 



insert a small carrier component transmitted along with the 
message.  

                   
Figure 1.16 Synchronous Demodulation for SSB 

 

Thus, for the USSB signal, we have 

 
By passing the product signal in the above Equation through an 
ideal low pass filter, the double-frequency components are 

eliminated, leaving the result as 

 
The effect of phase offset is not only to reduce the amplitude of the 
desired signal m(t) by cos φ, but it also results in an undesirable 

sideband signal due to the presence of mˆ(t) in y (t). Thus, the 
undesirable sideband signal component is eliminated using 

synchronous demodulation method at the receiver. 
 

Vestigial Sideband Modulation (VSB) 
 

The frequency-response requirements on the sideband filter in a 
SSB AM system can be relaxed by allowing a part, called a vestige, of 

the unwanted sideband to appear at the output of the modulator. 
Thus the design of the sideband filter is simplified at the cost of a 
little increase in the channel bandwidth required to transmit the 

signal. The resulting signal is called vestigial-sideband (VSB) AM. 
Generation of VSB 

To generate a VSB signal, a DSB-SC signal is generated and 
passed through a sideband filter with frequency response H ( f ) as 

shown in Figure 1.17. In the time domain the VSB signal may be 
expressed as                               

 



                              
Figure 1.17 Generation of VSB Signal 

 
where h(t) is the impulse response of the VSB filter. In the frequency 

domain, the corresponding expression is 

 
To determine the frequency-response characteristics of the filter, let 

us consider the demodulation of the VSB signal u(t). The signal u(t) is 
multiplied by the carrier component cos 2πfct and passed through an 

ideal low pass filter, as shown in Figure 1.18. Thus the product 
signal is 

 

                         
Figure 1.18 Demodulation of VSB Signal 

 

 
The equivalent expression for v(t) is given by 

                            
Substuiting the value of U(f) in V(f) 

                      
The low pass filter rejects the double-frequency terms and passes 
only the components in the frequency range | f | ≤ W. Hence, the 

signal the output of the ideal low pass filter is 

                  



The condition to be satisfied for undistorted message signal at the 
output of the low pass filter is given by 

                  
This condition is satisfied by a filter that has the frequency-response 
characteristic shown in Figure 1.19. From the Figure, it is noted that 

H ( f ) selects the upper sideband and a vestige of the lower sideband. 

              
Figure 1.19 VSB Filter Characteristics 

 

In practice, the VSB filter is designed to have some specified phase 
characteristic.  

To avoid distortion of the message signal, the VSB filter should be 
designed to have linear phase over its pass band  

fc − fa ≤ | f | ≤ fc + W.  
 

Demodulation of VSB Signals: 
In VSB a carrier component is generally transmitted along with 

the message sidebands. The existence of the carrier component 

makes it possible to extract a phase-coherent reference for 
demodulation in a balanced modulator as shown in Figure 1.20. 

                          
   Figure 1.20 Demodulation of VSB Signals with a carrier component 

 
In some applications such as TV broadcast, a large carrier 

component is transmitted along with the message in the VSB signal. 
In such a case, it is possible to recover the message by passing the 

received VSB signal through an envelope detector. 
 

 



 
COMPARISON OF AM MODULATION METHODS: 
 

S.No Modulation Advantages Disadvantages Applications 

1.  DSBFC 
Widearea coverage 
compared to FM Low efficiency 

Radio 

broadcasting 

2.  DSBSC 

Lower power 

consumption. The 

modulation system is 

simple  

Complex detection 

Analog TV 

systems: to 

transmit color 

information 

3.  SSB 

Better management of 

the frequency 

spectrum Low power 
consumption  

The generation of 

exact SSB is rather 

difficult. Complex 
detection  

Two way radio 

Frequency 

division 
multiplexing 

4.  VSB 

It is a compromise 

between DSB and 

SSB. Therefore it is 
easier to generate 

than SSB-SC 

Demodulation system 

is still complex. Its 

bandwidth is about 
25% greater than 

SSB-SC 

Analog TV 

broadcast 
systems 

 
 

 
 

 
 

 
 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 

 



 
 
 

 
A Super-heterodyne receiver (often called as Super-het) uses 

frequency mixing to convert a received signal to a fixed intermediate 
frequency (IF) which can be more conveniently processed than the 

original radio carrier frequency. 
Block Diagram and Functionality 

The basic block diagram of a super-het receiver is shown in 
Figure 1.21. This figure illustrates the various blocks of the receiver 

and their functions. The way in which the receiver works can be seen 
by tracing the path of the signal as it passes through the receiver. 

                                                  

 
Figure 1.21 Block Diagram of Basic Super-heterodyne Radio Receiver 

 
Front End Amplifier and Tuning Block 

Signals enter the front end circuitry from the antenna. This circuit 
block performs two main functions: 

 
Tuning: The purpose of this is to reject signals on the image 

frequency which is at a frequency equal to twice that of the IF away 
from the wanted frequency. It must also be able to track the local 

oscillator so that as the receiver is tuned, the RF tuning remains on 
the required frequency. As the tuning within this block provides all 

the rejection for the image response, it must be at a sufficiently 
sharp to reduce the image to an acceptable level. However the RF 

tuning may also help in preventing strong off-channel signals from 
entering the receiver and overloading elements of the receiver, in 

particular the mixer or possibly even the RF amplifier. 
Amplification: In terms of amplification, the level is carefully chosen 
so that it does not overload the mixer when strong signals are 

present, but enables the signals to be amplified sufficiently to achieve 
a good signal to noise ratio. The amplifier must also be a low noise 

1.5 SUPER-HETERODYNE RECEIVER 
 
 

 
 



design. Any noise introduced in this block will be amplified later in 
the receiver. 
Mixer / frequency translator block: 

The tuned and amplified signal enters one port of the mixer and 
the local oscillator signal enters the other port. The performance of 

the mixer is crucial to many elements of the overall receiver 
performance. It should be as linear as possible. Otherwise, spurious 

signals will be generated and these may appear as ‗phantom‘ received 
signals. 

 
Local oscillator  

The local oscillator may consist of a variable frequency oscillator 
that can be tuned by altering the setting on a variable capacitor. 

Alternatively it may be a frequency synthesizer that will enable 
greater levels of stability and setting accuracy. 

 
Intermediate frequency amplifier (IF block) 

Once the signals leave the mixer, they enter the IF stages. These 
stages contain most of the amplification in the receiver as well as 
filtering that enables signals on one frequency to be separated from 

those on the next. Filters may consist simply of LC tuned 
transformers providing inter-stage coupling, or they may be much 

higher performance ceramic or even crystal filters, depending upon 
the requirement. 

 
Detector / Demodulator stage 

Once the signals have passed through the IF stages of the 
super-heterodyne receiver, they need to be demodulated. Different 

demodulators are required for different types of transmission, and as 
a result some receivers may have a variety of demodulators that can 

be switched to accommodate the different types of transmission.  
 

Different demodulators used may include 
 

AM diode detector: This is the most basic form of detector and this 
circuit block consists of a diode and possibly a small capacitor to 

remove any remaining RF. The detector is cheap and its performance 
is adequate, requiring a sufficient voltage to overcome the diode 
forward drop. It is also not particularly linear and it is subject to the 

effects of selective fading that can be apparent, especially on the HF 
bands. 

Synchronous AM detector: This form of AM detector block is used 
in where improved performance is needed. It mixes the incoming AM 



signal with another on the same frequency as the carrier. This 
second signal can be developed by passing the whole signal through 
a squaring amplifier. The advantages of the synchronous AM 

detectors are that it provides a linear demodulation performance and 
it is far less subject to the problems of selective fading. 

 
SSB product detector: The SSB product detector block consists of a 

mixer and a local oscillator, often termed a beat frequency oscillator, 
BFO or carrier insertion oscillator, CIO. This form of detector is used 

for Morse code transmissions where the BFO is used to create an 
audible tone in line with the on-off keying of the transmitted carrier. 

Without this carrier the modulation is difficult to detect. For SSB, the 
CIO re-inserts the carrier to make the modulation comprehensible. 

 
Basic FM detector: As an FM signal carries no amplitude variations, 

a demodulator block that senses frequency variations is required. It 
should also be insensitive to amplitude variations as these could add 

extra noise. Simple FM detectors such as the Foster Seeley or ratio 
detectors can be made from discrete components although they 
require the use of transformers. 

 
PLL FM detector: A phase locked loop can be used to make a very 

good FM demodulator. The incoming FM signal can be fed into the 
reference input and the VCO drive voltage is used to provide the 

detected audio output. 
 

Quadrature FM detector: This form of FM detector block is widely 
used within ICs. It is simple to implement and provides a good linear 

output. 
 

Audio amplifier 
The output from the demodulator is the recovered audio signal. This 

is passed into the audio stages where they are amplified and 
presented to the headphones or loudspeaker. 

 
 

 
 
 

 
 

 
 



 
 

 

Angle Modulation is the process in which the frequency or the phase 
of the carrier signal varies according to the message signal. 

The standard equation of the angle modulated wave is 

                                     s(t)=Accosθi(t) 

Where, 

Ac is the amplitude of the modulated wave, which is the same as the 

amplitude of the carrier signal. 
 

θi(t) is the angle of the modulated wave. 
 

Angle modulation is further divided into frequency modulation and 
phase modulation. 

 Frequency Modulation is the process of varying the frequency 
of the carrier signal linearly with the message signal. 

 Phase Modulation is the process of varying the phase of the 
carrier signal linearly with the message signal. 

Frequency Modulation 

In amplitude modulation, the amplitude of the carrier signal 

varies. Whereas, in Frequency Modulation (FM), the frequency of the 

carrier signal varies in accordance with the instantaneous amplitude 
of the modulating signal. 

Hence, in frequency modulation, the amplitude and the phase of the 
carrier signal remains constant. This can be better understood by 

observing the following figures. 

 

The frequency of the modulated wave increases, when the amplitude 
of the modulating or message signal increases. Similarly, the 

frequency of the modulated wave decreases, when the amplitude of 
the modulating signal decreases. Note that, the frequency of the 

modulated wave remains constant and it is equal to the frequency of 
the carrier signal, when the amplitude of the modulating signal is 

zero. 

 

1.6 Angle modulation - Representation of FM and PM 

signals 
 
 

 
 



                         
Fig 1.22 Representation of FM and PM 

 
Representation of FM and PM 

 
An angle-modulated signal in general can be written as  

                         
θ(t) is the phase of the signal, and its instantaneous frequency fi (t) 
is given by 

                              
Since u(t) is a band pass signal, it can be represented as 

                      
and therefore 

                         
If m(t) is the message signal, then for a PM system 

                                      
and for an FM system 

                      
where kp and kf are phase and frequency deviation constants. From 
the above relationships 



 
 
The above equation shows the close relation between FM and PM 

systems. It is to be noted that if the carrier is phase modulated with 
the integral of a message, it is equivalent to frequency modulation of 

the carrier with the original message. 
 

 
 

 
 

 
 

 
 

 
 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 
 

 
 

 
 

 



 
 
 

FM and PM are related to each other. In PM the angle is directly 
proportional to m(t). In FM the angle is directly proportional to the 

integral  m(t) dt. 
 
Figure 1.23 and Figure 1.24 illustrate a square-wave signal with its 

corresponding FM and PM signals. 
 

         
 

 
            Figure 1.23 Comparison of FM and PM Modulators 

 
 

 

                     
                           Figure 1.24 FM and PM of a Square Signal 

 
Message signal is m(t) 

Instantaneous frequency is = i(t) = di(t)/dt 

1.7 Relationship between FM and PM signals 
 

 
 

 



 
In phase modulation m(t) drives the time variation of phase i. 
In frequency modulation m(t) drives the time variation of frequency fc. 

 
 

  
The demodulation of an FM signal involves finding the instantaneous 

frequency of the modulated signal and then subtracting the carrier 
frequency from it. In the demodulation of PM, the demodulation 

process is done by finding the phase of the signal and then 
recovering m(t).  

 
The maximum phase deviation in a PM system is given by 

                             

                                  
and the maximum frequency-deviation in an FM system is given by 
                          

                                
 
 

 
 

 
 

 
 

 
 
 

 
 

 
 



 
 
 

NARROW BAND FM 
Frequency modulation can be classified as narrowband if the 

change in the carrier frequency is same as the signal frequency. For 
example, narrowband FM is used for two way radio systems such as 

Family Radio Service, in which the carrier is allowed to deviate only 
2.5 kHz above and below the center frequency with speech signals 

not more than 3.5 kHz bandwidth. 
 

As in other modulation systems, the value of the modulation index 
indicates by how much the modulated variable varies around its un-

modulated level. It relates to variations in the carrier frequency 

                                        
Where fm is the highest frequency component present in the 
modulating signal xm(t), and fΔ is the maximum deviation of the 

instantaneous frequency from the carrier frequency. For a sine wave 
modulation, the modulation index is the ratio of the amplitude of the 

modulating sine wave to the amplitude of the carrier wave (here 
unity).  
 

If h << 1, the modulation is called narrowband FM, and its 
bandwidth is approximately 2fm . 

 

Modulation Indices of FM and PM 

 
The angle modulated signal in general is given by 

                             
If the message signal is given by m(t) = a cos(2πfmt), then in PM, 

                         
And in FM given by 

                              
Therefore the modulated signals are given by 

1.8 Narrow band and wideband FM 
 
 

 
 



 
The above expressions are rewritten as 

 
The parameters βp and βf are called the modulation indices of the PM 

and FM systems respectively. 
  

                        
                 Figure 1.25 Phasor Diagram for Narrowband FM 
 

                      
                  Figure 1.26 Phasor Diagram of Conventional AM 

 
Narrowband Angle Modulation 

In angle-modulation systems, the deviation constants kp and kf 
and the message signal m(t) are such that for all ‗t‘, φ(t) << 1 , then 

the band pass signal u(t) is given by 

                    
 

This equation shows that the modulated signal is very similar to a 
conventional AM signal. The only difference is that the message 

signal m(t) is modulated on a sine carrier rather than a cosine 
carrier. The bandwidth of this signal is similar to the bandwidth of a 

conventional 



 
AM signal, which is twice the bandwidth of the message signal. But 
this bandwidth is only an approximation to the real bandwidth of the 

FM signal.  
 

A phasor diagram for this signal and conventional AM are shown in 
Figure 1.25 and Figure 1.26 respectively. When compared to 

conventional AM, the narrowband angle-modulation has less 
amplitude variations. However the angle-modulation system has 

constant amplitude and there should be no amplitude variations in 
the phasor-diagram representation of the system. The slight 

variations are due to the first-order approximation used for the 
expansions of sin(φ(t)) and cos(φ(t)).  

 
Moreover, the narrowband angle-modulation method does not 

provide any better noise immunity compared to a conventional AM 
system. Therefore, narrowband angle modulation is seldom used in 

practice for communication purposes. However, these systems can be 
used as an intermediate stage for generation of wideband angle-
modulated signals. 

 
WIDEBAND FM: 

 
As in other modulation systems, the value of the modulation 

index indicates by how much the modulated variable varies around 
its un-modulated level. It relates to variations in the carrier 

frequency 

                             
Where fm is the highest frequency component present in the 
modulating signal xm(t), and fΔ is the maximum deviation of the 
instantaneous frequency from the carrier frequency.  

For a sine wave modulation, the modulation index is the ratio of the 
amplitude of the modulating sine wave to the amplitude of the carrier 

wave. If h >>1, the modulation is called wideband FM and its 
bandwidth is approximately 2fΔ. While wideband FM uses more 

bandwidth, it can improve the signal-to-noise ratio significantly. For 

example, doubling the value of fΔ, keeping fm constant, results in an 

eight-fold improvement in the signal-to-noise ratio.  
Wideband FM is used for FM broadcasting, in which music and 

speech are transmitted with up to 75 kHz deviation from the center 
frequency and carry audio with up to a 20-kHz bandwidth. 



 
Angle Modulation by a Sinusoidal Signal 
 

Considering the message as a sinusoidal signal, the band pass signal 
u(t) in FM and PM is given by 

                  
where β is the modulation index. Therefore, the modulated signal can 
be written as 

                       
 

The complex exponential e jβsin2πfmt can be expanded in a Fourier 
series representation. The Fourier series coefficients are obtained 

from the integral 

                    
 
This integral is known as the Bessel function of the first kind of order 

‗n‘ and is denoted by Jn(β). Therefore, the Fourier series for the 
complex exponential is given by 

 

                          
 
 

 
 

By substituting the above equation in u(t) 

                      
 



The above equation shows that if the modulating signal is a sinusoid 
of frequency fm, the angle-modulated signal contains all frequencies 

of the form fc + nfm for n = 0, ±1, ±2 . . .  
Hence the actual bandwidth of the modulated signal is infinite. 

However, the amplitude of the sinusoidal components of frequencies 
fc ± n fm for large n is very small. Hence a finite effective bandwidth 

can be defined for the modulated signal. The Fourier transform of u(t) 
is given by 

 

                         
                   Figure 1.27 Bessel Functions for Various values of ‗n‘ 
 

 
 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 



 
 
 

 
Recall the single-tone frequency modulated wave given as 

               
and its FT is given as 

 
 

To see the bandwidth let us consider two different cases 1.  
Case 1: Fix and vary (phase deviation is varied but the BW of         

            message signal is fixed.)  
Case 2: Fix and vary (phase deviation is fixed but the BW of  
            message signal is varied.) 

 
In theory, an FM wave contains an infinite number of side-

frequencies. However, we find that the FM wave is effectively limited 
to a finite number of significant side-frequencies compatible with a 

specified amount of distortion. 
 

Observations of two limiting cases  
1. For large values of the modulation index β, the bandwidth 

approaches, and is only slightly greater than the total frequency 
excursion 2Δf.  

2. For small values of the modulation index, the spectrum of the FM 
wave is effectively limited to one pair of side-frequencies at fc ± fm so 

that the bandwidth approaches 2fm. 

 

In general the effective bandwidth of an angle-modulated signal 
contains at least 98% of the signal power and is given by the relation  

                               
where β is the modulation index and fm is the frequency of the 

sinusoidal message signal. It is important to observe the effect of the 
amplitude and frequency of the sinusoidal message signal on the 

1.9 Transmission bandwidth of FM wave 
 
 

 



bandwidth and the number of harmonics in the modulated signal. 
The bandwidth of the modulated signal is given by 

            
The above equation shows that increasing the amplitude of the 

modulating signal ‗a‘, in PM and FM has almost the same effect on 
increasing the bandwidth Bc. But increasing fm, the frequency of the 

message signal, has a more profound effect in increasing the 
bandwidth of PM signal when compared to FM signal. In both PM 
and FM the bandwidth Bc increases by increasing fm, but in PM this 

increase is a proportional increase and in FM this is only an additive 
increase. The number of harmonics in the bandwidth is denoted by 

Mc, given by 

                   
 

Increasing the amplitude ‗a‘ increases the number of harmonics in 
the bandwidth of the modulated signal in both cases. However, 

increasing fm, has no effect on the number of harmonics in the PM 
signal and decreases the number of harmonics in the FM signal 

almost linearly. On the one hand, increasing fm decreases the 
number of harmonics in the bandwidth but increases the spacing 

between the harmonics. The net effect is a slight increase in the 
bandwidth. In PM, however, the number of harmonics remains 

constant and only the spacing between them increases. Hence the 
net effect is a linear increase in bandwidth. 

 
Carson bandwidth rule:  

A rule defining the approximate bandwidth requirements            
of communications system components for a carrier signal that 

is frequency modulated by a continuous or broad spectrum of 
frequencies rather than a single frequency.  
The Carson bandwidth rule is expressed by the relation  

CBR = 2( f + f m) where CBR is the bandwidth requirement, f is the 
carrier peak deviation frequency, and f m is the highest modulating 

frequency.  
 

 



 
 
 

In general, Angle modulators are time-varying and nonlinear 
systems. One method for generating an FM signal directly is to 

design an oscillator whose frequency changes with the input voltage. 
When the input voltage is zero, the oscillator generates a sinusoid 

with frequency fc, and when the input voltage changes, this 
frequency changes accordingly. There are two approaches to 

designing such an oscillator called a VCO or voltage-controlled 
oscillator. One approach is to use a varactor diode. Another approach 

is to use a reactance tube 
 

Varactor Diode Method (Direct Method) 
 

A varactor diode is a capacitor whose capacitance changes with 
the applied voltage. If this capacitor is used in the tuned circuit of 

the oscillator and the message signal is applied to it, the frequency of 
the tuned circuit and the oscillator will change in with respect to the 

message signal. Assume that the inductance of the inductor in the 
tuned circuit of Figure 1.28 is L0 and the capacitance of the varactor 

diode is given by 

            

                    
              Figure 1.28 Varactor Diode Method of FM Modulation 
 

When m(t) = 0, the frequency of the tuned circuit is given by 
                                            

                                                 
 

 
 

1.10 Generation and detection of FM wave 

 
 



In general, for nonzero m(t), it is given by 
 

                                        
Assuming that 

                                 
Using the approximations 

                                                
 
The relation for frequency modulated signal is given by 

 

                            
 

Reactance Tube Method (Direct Method) 
 

A second approach for generating an FM signal is using a 
reactance tube. In the reactance-tube implementation, an inductor 

whose inductance varies with the applied voltage is employed and the 
analysis is similar to the analysis presented for the varactor diode. 
 

          
Figure 1.29 Reactance Tube Method of FM Generation 



 
A reactance modulator changes the frequency of the tank circuit of 
the oscillator by changing its reactance. This is achieved by a 

combination of a resistor, a condenser and a reactance tube 
connected across the tank circuit of the oscillator as in Figure 1.29 

and adjusted as to act as a variable inductance. The inductance of 
the tank circuit is given by  

                                          L(t) = L0 + k0 m(t) 
 

When m(t) = 0, the frequency of the tuned circuit is given by 
 

                                         
In general, for nonzero m(t), it is given by 

 

                                            
After using appropriate approximations, the relation for frequency 

modulated signal is given by 
 

                                
It is noted that due to the close relation between FM and PM signals, 
the same methods can be applied for generation of PM signals also. 

 
Indirect Method of generation of FM: (Armstrong Method) 

 
The third approach for generating an angle-modulated signal is to 

first generate a narrowband angle-modulated signal and then change 
it to a wideband signal. This method is known as the indirect method 
for generation of FM and PM signals. In fact any modulator for 

conventional AM generation can be easily modified to generate a 
narrowband angle-modulated signal.  

 
The next step is to use the narrowband angle-modulated signal to 

generate a wideband angle-modulated signal. Figure 1.31 shows the 



block diagram of a system that generates wideband angle-modulated 
signals from narrowband angle-modulated signals. The first stage is 
a narrowband angle-modulator as shown in Figure 1.30. The 

narrowband angle-modulated signal enters a frequency multiplier 
that multiplies the instantaneous frequency of the input by some 

constant ‗n’. This is done by applying the input signal to a nonlinear 
element and then passing its output through a band pass filter tuned 

to desired central frequency. If the narrowband-modulated signal is 
represented by 

 
 

The output of the frequency multiplier (output of the band pass filter) 
is given by 

 

 

              
 
        Figure 1.30 Indirect Method of Generation of Narrowband FM 
 

                
     Figure 1.31 Indirect Method of Generation of Wideband FM 

 
The last stage of the modulator performs an up or down conversion 

to shift the modulated signal to the desired center frequency. This 
stage consists of a mixer and a band pass filter. If the frequency of 



the local oscillator of the mixer is fL0 and using a down converter, 
the final wideband angle-modulated signal is given by 

 

                    
 

DEMODULATION OF FM  
 

FM Demodulation 
FM demodulators are implemented by generating an AM signal 

whose amplitude is proportional to the instantaneous frequency of 

the FM signal and then using an AM demodulator to recover the 
message signal. To transform the FM signal into an AM signal, it is 

enough to pass the FM signal through an LTI system whose 
frequency response is approximately a straight line in the frequency 

band of the FM signal. The next step is to demodulate this signal 
from which the message can be recovered.  

There are many circuits that can be used to implement the first stage 
of an FM de-modulator; i.e., FM to AM conversion. One such circuit 

is a simple differentiator and the other one is a tuned circuit. The FM 
demodulation methods transform the FM signal into an AM signal 

have a bandwidth equal to the channel bandwidth Bc occupied by the 
FM signal. Consequently, the noise that is passed by the 

demodulator is the noise contained within Bc 

 

         
                       Figure 1.32 General FM Demodulator 

 
FMFB Method 

A totally different approach to FM signal demodulation is to use 

feedback in the FM demodulator to narrow the bandwidth of the FM 
detector and to reduce the noise power at the output of the 

demodulator. Figure 1.33 illustrates a system in which the FM 
discrimination is placed in the feedback branch of a feedback system 

that employs a voltage-controlled oscillator (VCO) path. The 
bandwidth of the discriminator and the subsequent low pass filter is 

designed to match the bandwidth of the message signal m(t). The 
output of the low pass filter is the desired message signal. This type 

of FM demodulator is called an FM demodulator with feedback 
(FMFB). 



              
Figure 1.33 Block Diagram of FMFB Demodulator 

 

 
FM Demodulation Using PLL 

 
Phase locked loops form the basis of many RF systems. They 

are used for the concept of minimizing the difference in phase 
between a reference signal and a local oscillator to replicate the 

reference signal frequency. Using this concept, it is possible to use 
these loops for many applications from FM demodulators to 

frequency synthesizers. 
Phase locked loop (PLL) FM demodulator or detector is a form of FM 

demodulator that has gained widespread acceptance in recent years. 
They can easily be made from the variety of phase locked loop 

integrated circuits available and as a result, PLL FM demodulators 
are found in many types of radio equipment ranging from broadcast 
receivers to high performance communications equipment. 

 
Although high frequencies are not normally needed, for PLL FM 

demodulators, the circuit must be capable of operating at the 
intermediate frequency of the receiver, and for receivers using FM 

this was often 10.7 MHz. Although this is not high, it was necessary 
for the technology to reach this state before PLL FM demodulators 

became available. 
 

Operation of PLL 
 

The way in which a phase locked loop, PLL FM demodulator works is 
relatively straightforward. It requires no changes to the basic phase 

locked loop itself, utilizing the basic operation of the loop to provide 
the required output. 

 



                       
Figure 1.34 Phase locked loop PLL FM demodulator 

 
With no modulation applied and the carrier in the centre position of 

the pass-band the voltage on the tune line to the VCO is set to the 
mid position. However if the carrier deviates in frequency, the loop 

will try to keep the loop in lock. For this, the VCO frequency must 
follow the incoming signal and in turn the tune line voltage must 

vary accordingly. From the tune line it is inferred that the variations 
in voltage correspond to the modulation applied to the signal. By 

amplifying the variations in voltage on the tune line it is possible to 
generate the demodulated signal. 

 
PLL FM Demodulator Performance 

The PLL FM demodulator is normally considered a relatively 

high performance form of FM demodulator or detector. Accordingly 
they are used in many FM receiver applications. The PLL FM 

demodulator has a number of key advantages: 
 

Linearity:   The linearity of the PLL FM demodulator is governed by 
the voltage to frequency characteristic of the VCO within the PLL. As 

the frequency deviation of the incoming signal normally only swings 
over a small portion of the PLL bandwidth, and the characteristic of 

the VCO can be made relatively linear, the distortion levels from 
phase locked loop demodulators are normally very low.  

 
Manufacturing costs:   The PLL FM demodulator lends itself to 

integrated circuit technology. Only a few external components are 
required and in some instances it may not be necessary to use an 

inductor as part of the resonant circuit for the VCO. These facts 
make PLL FM demodulator particularly attractive for modern 
applications. 

 
 

 
 



PLL FM Demodulator Design Considerations 
 
Loop Filter: When designing a PLL system for use as an FM 

demodulator, one of the key considerations is the loop filter. This 
must be chosen to be sufficiently wide that it is able to follow the 

anticipated variations of the frequency modulated signal. Accordingly 
the loop response time should be short when compared to the 

anticipated shortest time scale of the variations of the signal being 
demodulated. 

Linearity of VCO: This should be designed for the voltage to 
frequency curve to be as linear as possible over the signal range that 

will be encountered, i.e. the centre frequency plus and minus the 
maximum deviation anticipated. 

 
Applications 

The PLL FM demodulator is one of the more widely used forms of FM 
demodulator or detector these days. Its suitability for being combined 

into an integrated circuit and the small number of external 
components makes PLL FM demodulation ICs an ideal candidate for 
many circuits these days. 

 
FM Slope Detector  

The simplest form of FM demodulation is known as slope 
detection or demodulation. It consists of a tuned circuit, tuned to a 

frequency slightly offset from the carrier of the signal. As the 
frequency of the signals varies up and down in frequency according 

to its modulation, so the signal moves up and down the slope of the 
tuned circuit. This causes the amplitude of the signal to vary in line 

with the frequency variations. In fact at this point the signal has both 
frequency and amplitude variations. 

 

                                 
 

Figure 1.35 Concept of FM Slope Detection 
 



From Figure 1.35, the changes in the slope of the filter reflect into 
the linearity of the demodulation process. The linearity is dependent 
not only on the filter slope but also the tuning of the receiver. Hence 

it is necessary to tune the receiver off frequency and to a point where 
the filter characteristic is relatively linear. 

 
The final stage in the process is to demodulate the amplitude 

modulation and this can be achieved using a simple diode circuit. 
One of the most obvious disadvantages of this simple approach is 

that both amplitude and frequency variations in the incoming signal 
appear at the output. However the amplitude variations can be 

removed by placing a limiter before the detector. 
 

A variety of FM slope detector circuits may be used, but Figure 1.36 
shows one possible circuit with the applicable waveforms. The input 

signal is a frequency modulated signal. It is applied to the tuned 
transformer (T1, C1, C2 combination) which is offset from the centre 

carrier frequency. This converts the incoming signal from just FM to 
one that has amplitude modulation superimposed upon the signal. 
 

 

                      
               

Figure 1.36 FM Slope Detector with waveforms 
 

This amplitude signal is applied to a simple diode detector circuit, 
D1. Here the diode provides the rectification, while C3 removes any 

unwanted high frequency components and R1 provides a load. 
 

Advantages & Disadvantages 
 

FM slope detection is not widely used and yet it has some limited 
applications. 
 

 
 

 
 



Advantages Disadvantages 

Simple - can be used to provide 

FM demodulation when only an 
AM detector is present 

Not linear as the output is 

dependent upon the curve of a 
filter. 

Enables FM to be detected 
without any additional circuitry 

Not particularly effective as it 
depends on centering the signal 

part of the way down the filter 
curve where signal strengths are 

less. 

 Both frequency and amplitude 

variations are accepted and 
therefore much higher levels of 

noise and interference are 
experienced. 

 
FM Balanced Discriminator (Balanced Slope Detector) 
 

A balanced slope detector is an improved version of the slope 
detector. The drawback of harmonic distortion is removed in this 

detector by using two slope detectors instead of one as in a single-
tuned slope detector 

Circuit Description 
The circuit diagram, shown in Figure 1.37 has two slope 

detectors marked slope detector 1 and slope detector 2. Both the 
slope detractors are called balanced because they have identical 

components as follows: 
Slope detector 1: It consists of a detector diode D1, filter capacitor 

C1, load resistor R1, and variable capacitor CT1. The variable 
capacitor CT1 is called the tuning capacitor because it is adjusted to 

tune the upper winding of the secondary Winding of the input 
transformer T. 

Slope detector 2: It consists of a detector diode D2 that is identical 
to D1. It also has filter capacitor C2, load resistor R2, and variable 

capacitor CT2. The tuning capacitor CT2 tunes the lower winding of 
the secondary winding of the input transformer T. 

                     
                          Figure 1.37 FM Balanced Discriminator 



 
Circuit Arrangement 

The two slope detectors are balanced because C1 =C2, R1= R2, 

and D1 is identical to D2. The upper and lower windings of the 
secondary windings of the center-tap transformer T are also 

identical. The primary winding of the input transformer T is tuned to 
the central frequency of the carrier signal fc by using the tuning. 

Capacitor CT. The secondary windings are tuned to different 
frequencies so that the circuit is staggered tuned. The outputs of the 

detector diodes D1 and D2, are filtered by C1, R1 and C2, R2, 
respectively. The voltage V1 which is developed across R 1, and 

voltage V2, which is developed across R2 are added together between 
the output points to get the final output voltage Vo, which is the 

modulating voltage em. 
 

Circuit Operation 
The output of the balanced slope detector is the combined 

output of the individual slope detectors.  
Slope Detector 1:  

Slope detector 1 provides the positive half of the modulating 

signal across the Output terminals. When D1 is forward-biased, the 
diode D2, is also slightly forward-biased because the voltage 

developed across the lower winding is very small. This is because 
slope detector 2 is tuned to (fc - Δf), while the incoming signal lies 

between fc and (fc + Δf). 
The conduction of diode D2, results in a small current that flows 

through R2. Therefore, when a positive voltage is developed across 
R1 a very small negative voltage also develops across R2. The sum of 

these two voltages appears between output terminals. Thus, the final 
output is slightly reduced by a negative voltage developed across R2, 

because: - Vo = V1 - V2 
 

Slope Detector 2:  
Slope detector 2 provides the negative half of the modulating 

signal across the Output terminals. When D2 is forward-biased, the 
diode D1, is also slightly forward-biased because the voltage 

developed across the upper winding is very small. This is because 
slope detector 1 is tuned to (fc + Δf), while the incoming signal lies 
between fc and (fc - Δf). 

The conduction of diode D1, results in a small current that flows 
through R1. Therefore, when a negative voltage is developed across 

R2 a very small positive voltage also develops across R1. The sum of 
these two voltages appears between output terminals. Thus, the final 



output is slightly reduced by a positive voltage developed across R1. 
The net voltage is still a negative half cycle of the modulating signal. 
 

Combined Response:  
The positive and negative halves of the modulating signal are 

available across the output terminals of the balanced slope detector 
marked as shown in Figure 1.37. The operating range of the overall 

response curve shown in figure 1.38 is a straight line and therefore, 
the operation is linear. This removes the nonlinear behavior of a 

single-tuned slope detector and the higher harmonics are not 
generated in a balanced slope detector. The overall response curve 

takes the shape of the letter ‗S‘ as shown in the Figure 2.16. This is 
called S-response of the FM detectors. 

 

                        
 

Figure 1.38 Overall Response Curve of Balanced Discriminator 

 
Drawbacks of Balanced Slope Detector 

The detector has three windings in the input transformer T, 
tuned to different frequencies. The primary winding is tuned to the 

central frequency of the carrier, fc, using the tuning capacitor CT. 
The two secondary windings are tuned to (fc + Δf) and (fc — Δf) using 

the tuning capacitors CT1 and CT2.  
The alignment of three tuned circuits called staggered-tuned is a 

difficult task that should be accomplished with accuracy to obtain a 
linear S-curve. 

This detector also responds to the amplitude variations of the input. 
Hence it may not provide a true modulating signal. The operating 

frequency range is increased after obtaining an S-shape, but its 
performance does not improve. 
 

 



Foster-Seeley Discriminator 
The Foster Seeley is a common type of FM detector circuit used 

mainly within radio sets constructed using discrete components. It is 

characterized by the transformer, choke and diodes used within the 
circuit that forms the basis of its operation. It was invented in 1936 

by Dudley E. Foster and Stuart William Seeley and widely used until 
the 1970s when ICs using other techniques became more widely 

available. 
 

Basics of Foster-Seeley FM discriminator 
The Foster Seeley detector has many similarities to the ratio 

detector. The circuit topology looks very similar, having a transformer 
and a pair of diodes, but there is no third winding and instead a 

choke is used. 
 

                     
Figure 1.39 Foster-Seeley Discriminator 

 
Like the ratio detector, the Foster-Seeley circuit operates using a 

phase difference between signals. To obtain the different phased 
signals a connection is made to the primary side of the transformer 

using a capacitor and this is taken to the centre tap of the 
transformer. This gives a signal that is 90 degrees out of phase. 

 
Operation of Foster Seeley Detector 

When an un-modulated carrier is applied at the centre 
frequency, both diodes conduct, produce equal and opposite voltages 

across their respective load resistors. These voltages cancel each one 
another at the output so that no voltage is present. As the carrier 

moves off to one side of the centre frequency the balance condition is 
destroyed, and one diode conducts more than the other. This results 

in the voltage across one of the resistors being larger than the other, 
and a resulting voltage at the output corresponding to the 

modulation on the incoming signal. The choke is required in the 



circuit to ensure that no RF signals appear at the output. The 
capacitors C1 and C2 provide a similar filtering function. 
Both the ratio and Foster-Seeley detectors are expensive to 

manufacture. The wound components like coils are not easy to 
produce up to the required specification and therefore they are 

comparatively costly. Accordingly these circuits are rarely used in 
modern equipment. 

 
Advantages & Disadvantages 

There are a number of advantages and disadvantages to be 
considered when choosing between the various techniques available 

for FM demodulation. 
 

Advantages Disadvantages 

Offers good level of performance 

and reasonable linearity. 

Not easily lend itself to being 

incorporated within an integrated 
circuit. 

Simple to construct using 
discrete components. 

High cost of transformer. 

 
 

Ratio Detector 
Ratio detector or discriminator was widely used for FM 

demodulation within radio sets using discrete components. It was 
capable of providing a good level of performance. In recent years the 

Ratio detector has been less widely used. The main reason is that it 
requires the use of wound inductors which are expensive to 

manufacture. Other types of FM demodulator have overtaken them 
due to the fact that other FM demodulator configurations lend 

themselves more easily to being incorporated into integrated circuits. 
 

Basics of Ratio FM detector 
When circuits employing discrete components were more widely 

used, the Ratio and Foster-Seeley detectors were widely used. Of 

these the ratio detector was the most popular because it offers a 
better level of amplitude modulation rejection of amplitude 

modulation. This enables to provide a greater level of noise immunity 
and also enables the circuit to operate satisfactorily with lower levels 

of limiting in the preceding IF stages of the receiver. 
 



                                   
Figure 1.40 Ratio Detector Circuit 

 
Operation of Ratio Detector 

The operation of the ratio detector centers on a frequency 
sensitive phase shift network with a transformer and the diodes in 

series with one another. When a steady carrier is applied to the 
circuit, the diodes produce a steady voltage across the resistors R1 

and R2 and the capacitor C3 charges up as a result.  
 

The transformer enables the circuit to detect changes in the 
frequency of the incoming signal. It has three windings. The primary 

and secondary windings produce a signal at the output in the normal 
way. The third winding is un-tuned and the coupling between the 

primary and the third winding is very tight and this means that the 
phasing between signals in these two windings is the same. 

 
The primary and secondary windings are tuned and lightly coupled. 

This means that there is a phase difference of 90 degrees between 
the signals in these windings at the centre frequency. If the signal 
moves away from the centre frequency the phase difference will 

change. In turn the phase difference between the secondary and 
third windings also varies.  

 
Due to this, the voltage will subtract from one side of the secondary 

and add to the other causing an imbalance across the resistors R1 
and R2. As a result this causes a current to flow in the third winding 

and the modulation to appear at the output. 
 

The capacitors C1 and C2 filter any remaining RF signal which may 
appear across the resistors. The capacitor C4 and R3 also act as 

filters ensuring no RF reaches the audio section of the receiver. 
 

 
 

 



Advantages & Disadvantages 
There are a number of advantages and disadvantages to be 
considered when choosing between several options. 

 

Advantages Disadvantages 

Simple to construct using 

discrete components 

High cost of transformer 

Offers good level of performance 

and reasonable linearity 

Typically lends itself to use in only 

circuits using discrete components 
and not integrated within an IC 

 
 

 
POST-TEST MCQ 
 

1.  Amplitude modulation is 
 

a. Change in amplitude of carrier according to modulating 
signal 

b. Change in frequency of carrier according to modulating    
signal 

c. Change in amplitude of modulating signal according to 
carrier  

d. Change in amplitude of carrier according to modulating 
signal frequency 

  
2. The ratio between the modulating signal voltage and the carrier  

    voltage is called? 
 

a) Amplitude modulation 
b) Modulation frequency 

c) Modulation index 
d) Ratio of modulation 
 

 
3. What is the percentage of modulation if the modulating signal is of   

    7.5V and carrier is of 9V? 
 

a) 100 
b) 91 

c) 83.33 
d) 0 



 
4.  AM waves are represented by which equation? 
 

a) [1 + m(t)].c(t) 
b) [1 – m(t)].c(t) 

c) [1 + m(t)].2c(t) 
d) [1 + 2m(t)].c(t) 

 
5. The AM spectrum consists of 

 
a. Carrier frequency 

b. Upper side band frequency 
c. Lower side band frequency 

d. All of the above 
 

 6.In Frequency Modulation – 
 

a. Amplitude of the carrier remains same 
b. Frequency of the carrier varies in accordance with the     
    modulating signal 

c. The numbers of side bands are infinite 
d. All of the above 

 
7.Pre emphasis is done 

 
a. For boosting of modulating signal voltage 

b. For modulating signals at higher frequencies 
c. In FM before modulation 

d. All of the above 
 

 
8.According to Carson‘s rule, Bandwidth B and modulating frequency 

fm are related as 
 

a. B = 2(Δf + fm) Hz 
b. B = fm Hz 

c. B < 2fm Hz 
d. B > 2fm Hz 

 

 
 

 
 



9.The increase or decrease in the frequency around the carrier 
frequency is termed as 

a. Figure factor 

b. Frequency deviation 
c. Modulation index 

d. Frequency Spectrum 
 

 
10.Narrow band FM has the characteristics: 

a. The frequency sensitivity kf is small 
b. Bandwidth is narrow 

c. Both a and b 
d. None of the above 

 
APPLICATIONS  

 
 Air Band Radio 

 Broadcast transmissions 
 It is used for HF radio links 
 Analog TV systems: to transmit color information 

 Two way radio Frequency division multiplexing 
 Analog TV broadcast systems 

 Wireless broadcasting systems 
 Radio broadcasting; direct-satellite broadcasting 

 data-communications systems 
 

 
CONCLUSION: 

Upon completion of this, Students should be able to 
 

 Understand the modulation technique. 
 Understand the Amplitude Modulation system. 

 Understand the Frequency spectrum of AM. 
 Understand the sidebands and its power. 

 Understand different analog modulation schemes. 
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ASSIGNMENT  

 
1. Explain Modulation and its importance. 

2. Explain Amplitude Modulation with AM signal. 
3. A modulating signal m(t) = 10 cos(2π×103 t) is amplitude 

modulated with a carrier signal c(t) = 50 cos(2π×105 t). Find the 
modulation index, the carrier power and the power required for 

transmitting AM wave. 
4. Calculate the percentage modulation in AM if carrier amplitude 

is 20V and the modulating signal is of 15V. 

5. Explain DSB-SC,SSB and VSB. 
6. Explain FM modulation and demodulation. 

7. Differences between wideband and narrowband FM. 
8. Explain about Super heterodyne Receiver with block diagram. 

9. Differences between FM and PM. 
10. Differences between AM and FM. 
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AIM & OBJECTIVES  

 
 To understand the fundamental concepts of information theory. 

 To understand channel capacity and coding Techniques. 
 To understand noise in Analog Modulation Techniques. 

 
PRE-TEST MCQ 

 
1.Unwanted radio signal on assigned frequency. 

a) Splatter 

b) RFI 
c) Noise 

d) EMI 
 

2.Communication system performance is limited by  
a) Available signal power  

b) Background noise  

c) Bandwidth limits. 

d) All the above 

3.A binary source is a device that generates 
a) 0  

b) 1 

c) Both 

d) Only 0 

4.Information of an event depends only on 
a) Its probability of occurrence  

b) Dependent on its content. 

c) Both 

d) None of the above 

 

5.Information source can be classified as having 
a) Memory   

b) Being memoryless  

c) Both  

d) Only memory 

UNIT-2 INFORMATION THEORY AND NOISE 
 



 
6.Noise factor for a system is defined as the ratio of 
 

a. Input noise power (Pni) to output noise power (Pno) 
b. Output noise power (Pno) to input noise power (Pni) 

c. Output noise power (Pno) to input signal power (Psi) 
d. Output signal power (Pso) to input noise power (Pni) 

 
7.Noise Factor(F) and Noise Figure(NF) are related as 

 
a. NF = 10 log10(F) 

b. F = 10 log10(NF) 
c. NF = 10 (F) 

d. F = 10 (NF) 
    

8.The noise temperature at a resistor depends upon 
 

a. Resistance value 
b. Noise power 
c. Both a and b 

d. None of the above 
 

9.Noise power at the resistor is affected by the value of the resistor as 
 

a. Directly proportional to the value of the resistor 
b. Inversely proportional to the value of the resistor 

c. Unaffected by the value of the resistor 
d. Becomes half as the resistance value is doubled 

 
10.Which noise is produced by lighting discharges in thunderstorms? 

a) White noise 
b) Extraterrestrial noise 

c) Industrial noise 
d) Atmospheric noise 

 
 

PREREQUISITES 
Basic Knowledge of Electronic Devices, Digital System Design, 

Information theory. 

 
 

 
 



 
 
 

 
Information: 

Information of an event depends only on its probability of 
occurrence and is not dependent on its content. The randomness of 

happening of an event and the probability of its prediction as a news 
is known as information. The message associated with the least 

likelihood event contains the maximum information. 
 

Information is a non-negative quantity: I (p) ≥ 0.  
If an event has probability 1, we get no information from the 

occurrence of the event: I (1) = 0.  
If two independent events occur (whose joint probability is the 

product of their individual probabilities), then the information we get 
from observing the events is the sum of the two information:  

    I (p1 * p2 ) = I (p1 ) + I (p2 ).  
 
I (p) is monotonic and continuous in p. 

 
An information source may be viewed as an object which produces 

an event, the outcome of which is selected at random according to a 
probability distribution. The set of source symbols is called the 

source alphabet and the elements of the set are called symbols or 
letters Information source can be classified as having memory or 

being memory-less. A source with memory is one for which a current 
symbol depends on the previous symbols. 

A memory-less source is one for which each symbol produced is 
independent of the previous symbols. A discrete memory-less source 

(DMS) can be characterized by the list of the symbol, the probability 
assignment of these symbols and the specification of the rate of 
generating these symbols by the source. 

 
The amount of information contained in an event is closely related to 

its uncertainty. A mathematical measure of information should be a 
function of the probability of the outcome and should satisfy the 

following axioms  
a) Information should be proportional to the uncertainty of an  

outcome  
    b) Information contained in independent outcomes should add up. 
 

 

2.1 Entropy 

 
 



Information Content of a Symbol  
(i.e. Logarithmic Measure of Information):   
 

Let us consider a DMS denoted by ‗x‘ and having alphabet  
{x1, x2, ……, xm}.   

The information content of the symbol xi, denoted by I (𝑥𝑖) is defined 

by 
                          𝐼 (𝑥𝑖) = 𝑙𝑜𝑔𝑏 (1/ 𝑝(𝑥𝑖) ) = −𝑙𝑜𝑔𝑏 𝑝(𝑥𝑖) 
 

where p(𝑥𝑖) is the probability of occurrence of symbol 𝑥𝑖.   
 
For any two independent source messages xi and xj with probabilities 
𝑃𝑖 and 𝑃𝑗 respectively and with joint probability P (𝑥𝑖 , 𝑥𝑗) = Pi Pj, the 

information of the messages is the addition of the information in 

each message. 𝐼𝑖𝑗 = 𝐼𝑖 + 𝐼𝑗 . 
 
Note that I(xi ) satisfies the following properties.  

1. I(xi ) = 0 for P(xi ) = 1  
2. I(xi ) ≥ 0  

3. I(xi ) > I(xj ) if P(xi ) < P(xj )  
4. I(xi , xj ) = I(xi ) + I(xj ) if xi and xj are independent   

 
Unit of I (xi ): The unit of I (xi ) is the bit (binary unit) if b = 2, Hartley 

or decit if b = 10 and nat (natural unit) if b = e. it is standard to use 
b = 2.  

log2(a) = ln(a) / ln(2) = log(a) / log(2) 

 
 

 
Entropy (i.e. Average Information):   

Entropy is a measure of the uncertainty in a random variable. 

The entropy, H, of a discrete random variable X is a measure of the 
amount of uncertainty associated with the value of X.  For 

quantitative representation of average information per symbol we 
make the following assumptions:  

 
 The source is stationary so that the probabilities may remain 

constant with time.  
 The successive symbols are statistically independent and come 

from the source at an average rate of ‗r‘ symbols per second. 
 

The quantity H(X) is called the entropy of source X. it is a measure of 
the average information content per source symbol.  The source 



entropy H(X) can be considered as the average amount of uncertainty 
within the source X that is resolved by the use of the alphabet.   
 

H(X) = E [I(xi)] = - ΣP(xi) I(xi) = - ΣP(xi)log2 P(xi) b/symbol.   
 

Entropy for Binary Source: 
 

H(X) = − 1/2 log2 (1/2) − 1/2 log2 (1/2) = 1 bit/symbol. 
 

 
The source entropy H(X) satisfies the relation: 0 ≤ H(X) ≤ log2 m, 

where m is the size of the alphabet source X.   
 

Properties of Entropy: 
1) 0 ≤𝐻 (𝑋) ≤ log2𝑚 ; m = no. of symbols of the alphabet of source X.  

2) When all the events are equally likely, the average uncertainty  

     must have the largest value i.e. log2𝑚 ≥𝐻(𝑋) 
 3) H (X) = 0, if all the P(xi ) are zero except for one symbol with P = 1. 

 
 

Information Rate:   
 

If the time rate at which X emits symbols is ‗r‘ (symbols s), the 

information rate R of the source is given by  

               R = r H(X) b/s  

R is the information rate. H(X) = Entropy or average information. 

 

Using the input probabilities P(xi), output probabilities P(yj), 

transition probabilities P(yj/xi) and joint probabilities P(xi,yj), various 

entropy functions for a channel with m inputs and n outputs are 

defined  

 



 

H (X) is the average uncertainty of the channel input and H (Y) is the 
average uncertainty of the channel output. The conditional entropy H 

(X/Y) is a measure of the average uncertainty remaining about the 
channel input after the channel output has been observed. H (X/Y) is 

also called equivocation of X with respect to Y. The conditional 
entropy H (Y/X) is the average uncertainty of the channel output 

given that X was transmitted. 
 

The joint entropy H (X, Y) is the average uncertainty of the 
communication channel as a whole. Few useful relationships among 

the above various entropies are as under:  
a. H (X, Y) = H (X/Y) + H (Y)  

b. H (X, Y) = H (Y/X) + H (X)  
c. H (X, Y) = H (X) + H (Y)  

d. H (X/Y) = H (X, Y) – H (Y)  
X and Y are statistically independent. 

 
The conditional entropy or conditional uncertainty of X given random 

variable Y is the average conditional entropy over Y. The joint entropy 
of two discrete random variables X and Y is merely the entropy of 
their pairing: (X, Y), this implies that if X and Y are independent, 

then their joint entropy is the sum of their individual entropies. 
 

 

 

 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 
 

 



 
 
 

Channel Representation:  
A communication channel may be defined as the path or 

medium through which the symbols flow to the receiver end.  A DMC 
is a statistical model with an input X and output Y. Each possible 

input to output path is indicated along with a conditional probability 
P (yj |xi ), where P (yj |xi ) is the conditional probability of obtaining 

output yj given that the input is x1 and is called a channel transition 
probability.  A channel is completely specified by the complete set of 

transition probabilities. The channel is specified by the matrix of 
transition probabilities [P(Y|X)]. This matrix is known as Channel 

Matrix. 

 

 
 

                              Figure 2.1 Channel Representation 
 
 

           𝑃 (𝑌|𝑋) =            𝑃(𝑦1 /𝑥1) ⋯ 𝑃(𝑦𝑛 /𝑥𝑚) 

                                       ⋮                ⋮  
                                𝑃(𝑦1 /𝑥𝑚) ⋯ 𝑃(𝑦𝑛 /𝑥1)  
 

 

Since each input to the channel results in some output, each row of 
the column matrix must sum to unity.  

Now, if the input probabilities P(X) are represented by the row matrix, 
we have  

                                     𝑃(𝑋) = [𝑃(𝑥1) 𝑃(𝑥2) … 𝑃(𝑥𝑚)] 

 
Also the output probabilities P(Y) are represented by the row matrix, 

we have  
                                    𝑃(Y) = [𝑃(y1) 𝑃(y2) … 𝑃(yn)] 
 

                 Then [𝑃(𝑌)] = [𝑃(𝑋)] [𝑃(𝑌/X)]  
 
Now if P(X) is represented as a diagonal matrix, we have 
 

2.2 Discrete Memoryless Channels 
 



[𝑃(𝑋)]𝑑 =           𝑃(𝑥1)   ⋯       0  
                          ⋮       ⋱       ⋮  
                        0     ⋯     𝑃(𝑥𝑚) 

 
 

 
Then [𝑃(X,𝑌)] = [𝑃(𝑋)]d [𝑃(𝑌/X)]  
 
Where the (i, j) element of matrix [P(X,Y)] has the form P(xi,yj).  

The matrix [P(X, Y)] is known as the joint probability matrix.  
The element P (xi, yj) is the joint probability of transmitting xi and 

receiving yj. 
 

Types of Channels 
Other than discrete and continuous channels, there are some 

special types of channels with their own channel matrices.  
They are as follows:  

Lossless Channel: A channel described by a channel matrix with only 
one non zero element in each column is called a lossless channel.  

 
𝑃 (𝑌/𝑋) =      3/4   1/4     0      0  

                    0        0     2/3    0 

    0        0       0      1 
                

 

                     
 

Deterministic Channel: A channel described by a channel matrix 
with only one non – zero element in each row is called a deterministic 

channel. 
 

       1   0   0 
                       𝑃 (𝑌/𝑋) =      1   0   0 

                                    0  1   0 

                                    0  0   1 
 

 
 

 
 
 

 



Noiseless Channel: A channel is called noiseless if it is both lossless 
and deterministic. For a lossless channel, m = n 
 

 
𝑃 (𝑌/𝑋) =      1   0   0 

                    0   1   0 

                    0   0   1 
 

 
Binary Symmetric Channel:  

BSC has two inputs (x1 = 0 and x2 = 1) and two outputs (y1 = 0 
and y2 = 1). This channel is symmetric because the probability of 

receiving a 1 if a 0 is sent is the same as the probability of receiving a 
0 if a 1 is sent. 

 

 
𝑃 (𝑌/𝑋) =      1-p      p 

       p     1-p 

 
 

 
 

 
 

 
 

 
 

 
 
 

 
 

 
  

 
 

 
 

 
 

 
 



 
 
 

 
 

 
 

 The channel capacity represents the maximum amount of 
information that can be transmitted by a channel per second. To 

achieve this rate of transmission, the information has to be 
processed properly or coded in the most efficient manner. Channel 

Capacity per Symbol CS 
 

The channel capacity per symbol of a discrete memory-less channel 
(DMC) is defined as  

                                          𝐶𝑠 = max I(X; Y) bits/symbol    i.e. {P(xi)}  

 
Where the maximization is over all possible input probability 
distributions {P (xi )} on X. 

 
Channel Capacity per Second C: If ‗r‘ symbols are being transmitted 

per second, then the maximum rate or transmission of information 
per second is ‗rCS ‘.  

 
This is the channel capacity per second and is denoted by C (b/s) i.e.                  

                𝐶 = 𝑟𝐶𝑆 𝑏/s 

 
Lossless Channel:  

 For a lossless channel, H (X/Y) = 0 and I (X; Y) = H(X).  
Thus the mutual information is equal to the input entropy and no 

source information is lost in transmission.  
 
                              𝐶𝑆 = max 𝐻(𝑋)= log2𝑚                     { P(xi)} 

  

Where m is the number of symbols in X. 
 
Deterministic Channel:  

 For a deterministic channel, H (Y/X) = 0 for all input 
distributions P (xi ) and I (X; Y) = H(Y).  Thus the information transfer 

is equal to the output entropy. The channel capacity per symbol will 
be  

                    𝐶𝑆 = max𝐻(Y) = log2 n                              {P(xi )}  

 

2.2 Channel capacity 
 



where n is the number of symbols in Y 
 
 

 
Noiseless Channel:  

 Since a noiseless channel is both lossless and deterministic, 
we have I (X; Y) = H (X) = H (Y) and the channel capacity per symbol 

is       
   𝐶𝑆 = log2 𝑚 = log2 𝑛   

 

Binary Symmetric Channel:  
 For the BSC, the mutual information is 

 
 𝐼( 𝑋;𝑌) = 𝐻(𝑌) + 𝑝 log2 𝑝 + (1 − 𝑝) log2 (1 −𝑝)   

 
And the channel capacity per symbol will be 

  𝐶𝑆= 1 + 𝑝 log2 𝑝+(1−𝑝) log2 (1 −𝑝) 

 
 

 
 

 
 

 
 

 
 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 

 



 
 
 

 
 

 
 

The Shannon – Hartley law underscores the fundamental role of 
bandwidth and signal – to – noise ration in communication channel. 

It also shows that we can exchange increased bandwidth for 
decreased signal power for a system with given capacity C.   

 
In an additive white Gaussian noise (AWGN) channel, the channel 

output Y is given by Y = X + n   
Where X is the channel input and n is an additive bandlimited white 

Gaussian noise for zero mean and variance σ2. 
 
The capacity C of an AWGN channel is given by  

 
𝐶𝑠 = max 𝐼(𝑋; 𝑌) = 1/2   log2 (1+S/N) bit/sample        {P(xi)}   

 
Where S/N is the signal – to – noise ratio at the channel output. 

 
If the channel bandwidth B Hz is fixed, then the output y(t) is also a 

bandlimited signal completely characterized by its periodic sample 
values taken at the Nyquist rate 2B samples/s.   

 
Then the capacity C (b/s) of the AWGN channel is limited by 

 
                       𝐶 = 2𝐵 ∗𝐶𝑆 =𝐵log2 (1+S/N)𝑏/𝑠   
 

This above equation is known as the Shannon – Hartley Law. 
 

The bandwidth and the noise power place a restriction upon the rate 
of information that can be transmitted by a channel. Channel 
capacity C for an AWGN channel is expressed as  

                   
                              𝐶 = 𝐵𝑙𝑜𝑔2(1 + 𝑆/𝑁)  

 

Where B = channel bandwidth in Hz; S = signal power; N = noise 
power; 

 

2.3 Hartley Shannon Law 
 



Assuming signal mixed with noise, the signal amplitude can be 
recognized only within the root mean square noise voltage.  
Assuming average signal power and noise power to be S watts and N 

watts, respectively, the RMS value of the received signal is √ (𝑆 + 𝑁) 
and that of noise is √𝑁. 
Therefore the number of distinct levels that can be distinguished 
without error is expressed as  

                                              𝑀 = √( 𝑆 + 𝑁) / √𝑁 =  √ (1 + S/N) 

 
The maximum amount of information carried by each pulse having  

 √ (1 + S/N) distinct levels is given by  
 
          𝐼 = log2  (√ (1 + S/N))  =  1/2 log2  (√ (1 + S/N) bits 

 

The channel capacity is the maximum amount of information that 
can be transmitted per second by a channel. If a channel can 

transmit a maximum of K pulses per second, then the channel 
capacity C is given by  

 
C = 𝐾/2 log2 (1 + 𝑆/𝑁)  bits/Second 

 

A system of bandwidth nfm Hz can transmit 2nfm independent pulses 
per second. It is concluded that a system with bandwidth B Hz can 

transmit a maximum of 2B pulses per second.  
 
Replacing K with 2B, we eventually get  

          
                 C = 𝐵 log2 (1 + 𝑆/𝑁) bits/Second   

 

The bandwidth and the signal power can be exchanged for one 
another. 

 
 

 
 

 
 

 
 

 
 
 

 



 
 
 

 
 

A conversion of the output of a discrete memory less source (DMS) 
into a sequence of binary symbols i.e. binary code word is called 

Source Coding. The device that performs this conversion is called the 
Source Encoder.  

An objective of source coding is to minimize the average bit rate 
required for representation of the source by reducing the redundancy 

of the information source 
 

Code word Length:   
Let X be a DMS with finite entropy H (X) and an alphabet  

{𝑥1… … . . 𝑥𝑚 } with corresponding probabilities of occurrence P(xi )  

(i = 0, …. , M-1). Let the binary code word assigned to symbol xi by 
the encoder have length ni, measured in bits. The length of the code 
word is the number of binary digits in the code word.  

 
Average Code word Length:   

The average code word length L, per source symbol is given by 
        
      M−1 

𝐿 = Ʃ  p(xi)𝑛𝑖   
        i=0 

The parameter 𝐿 represents the average number of bits per source 

symbol used in the source coding process. 

 

Code Efficiency:   

The code efficiency η is defined as η = 𝐿𝑚𝑖𝑛 /  𝐿 
 
Code Redundancy:   

The code redundancy γ is defined as 𝜸 =𝟏 –ƞ 

 

Classification of Code  
1. Fixed – Length Codes  

2. Variable – Length Codes  
3. Distinct Codes  

4. Prefix – Free Codes  
5. Uniquely Decodable Codes  
6. Instantaneous Codes  

7. Optimal Codes 
 

2.4 Source Coding theorem 
 



Fixed – Length Codes:  
A fixed – length code is one whose code word length is fixed. 

Code 1 and Code 2 of above table are fixed – length code words with 

length. 
 

Variable – Length Codes:  
A variable – length code is one whose code word length is not 

fixed. All codes of above table except Code 1 and Code 2 are variable 
– length codes.  

 
Distinct Codes:  

A code is distinct if each code word is distinguishable from each 
other. All codes of above table except Code 1 are distinct codes. 

 
Prefix – Free Codes:  

A code in which no code word can be formed by adding code 
symbols to another code word is called a prefix- free code. In a prefix 

– free code, no code word is prefix of another. Codes 2, 4 and 6 of 
above table are prefix – free codes.  
 

Uniquely Decodable Codes:  
A distinct code is uniquely decodable if the original source 

sequence can be reconstructed perfectly from the encoded binary 
sequence. A sufficient condition to ensure that a code is uniquely 

decodable is that no code word is a prefix of another. Thus the prefix 
– free codes 2, 4 and 6 are uniquely decodable codes. Prefix – free 

condition is not a necessary condition for uniquely decidability. Code 
5 albeit does not satisfy the prefix – free condition and yet it is a 

uniquely decodable code since the bit 0 indicates the beginning of 
each code word of the code. 

 
Instantaneous Codes:  

A uniquely decodable code is called an instantaneous code if 
the end of any code word is recognizable without examining 

subsequent code symbols. The instantaneous codes have the 
property previously mentioned that no code word is a prefix of 

another code word. Prefix – free codes are sometimes known as 
instantaneous codes.  
 

Optimal Codes:  
A code is said to be optimal if it is instantaneous and has the 

minimum average L for a given source with a given probability 
assignment for the source symbols. 



 

 

 

 

The design of a variable length code such that its average code word 
length approaches the entropy of DMS is often referred to as Entropy 

Coding.  
There are basically two types of entropy coding. They are 

 
1) Shannon – Fano Coding  

2) Huffman Coding 
 

Shannon – Fano Coding: 
An efficient code can be obtained by the following simple 

procedure, known as Shannon–Fano algorithm.  
 
1) List the source symbols in order of decreasing probability.  

2) Partition the set into two sets that are as close to equi-probables  
    as possible and assign 0 to the upper set and 1 to the lower set.  

3) Continue this process, each time partitioning the sets with as  
     nearly equal probabilities as possible until further partitioning is  

     not possible  
4) Assign code word by appending the 0s and 1s from left to right 

 
Shannon –Fano Coding  

 
Example Let there be six (6) source symbols having probabilities as 

x1 = 0.30, x2 = 0.25, x3 = 0.20, x4 = 0.12, x5 = 0.08 x6 = 0.05. Obtain 
the Shannon – Fano Coding for the given source symbols.  

 
 

                   
 
 

 

2.5 Huffman & Shannon-Fano codes 
 



Shannon Fano Code words 
 
H (X) = 2.36 b/symbol              H(X) = - ΣP(xi)log2 P(xi) 

        
m-1 

𝑳 = 2.38 b/symbol                      𝐿 = Ʃ  p(xi)𝑛𝑖   
       i=0 

 
η = H (X)/ 𝑳 = 0.99 

 
 

Huffman Coding:   
 

Huffman coding results in an optimal code. It is the code that has 
the highest efficiency.   

The Huffman coding procedure is as follows: 
 

1) List the source symbols in order of decreasing probability.  
2) Combine the probabilities of the two symbols having the lowest 

probabilities and reorder the resultant probabilities; this step is 
called reduction 1. The same procedure is repeated until there 

are two ordered probabilities remaining. 
3) Start encoding with the last reduction, which consists of exactly 

two ordered probabilities. Assign 0 as the first digit in the code 
word for all the source symbols associated with the first 

probability; assign 1 to the second probability. 
4) Now go back and assign 0 and 1 to the second digit for the two 

probabilities that were combined in the previous reduction step, 
retaining all the source symbols associated with the first 
probability; assign 1 to the second probability.  

5) Keep regressing this way until the first column is reached.  
6) The code word is obtained tracing back from right to left. 

 

 
Huffman coding Example  

 
Let there be six (6) source symbols having probabilities as x1 = 0.30, 

x2 = 0.25, x3 = 0.20, x4 = 0.12, x5 = 0.08 x6 = 0.05. Obtain the 
Huffman coding for the given source symbols. 

 
 

 
 



  
 

Source Sample xi P(xi ) Codeword 

X1 0.30 00 

X2 0.25 01 

X3 0.20 11 

X4 0.12 101 

X5 0.08 1000 

X6 0.05 1001 

 
 

H (X) = 2.36 b/symbol              H(X) = - ΣP(xi)log2 P(xi) 
        

m-1 

𝑳 = 2.38 b/symbol                      𝐿 = Ʃ  p(xi)𝑛𝑖   
       i=0 

 
η = H (X)/ 𝑳 = 0.99 

 

 
Redundancy:  

 
Redundancy in information theory refers to the reduction in 

information content of a message from its maximum value For 
example, consider English having 26 alphabets.  

 
Assuming all alphabets are equally likely to occur, P (xi ) = 1/26. For 

all the 26 letters, the information contained is therefore  
log2 26 = 4.7 𝑏𝑖𝑡𝑠/𝑙𝑒𝑡𝑡𝑒𝑟. 
 
Assuming that each letter to occur with equal probability is not 

correct, if we assume that some letters are more likely to occur than 



others, it actually reduces the information content in English from its 
maximum value of 4.7 bits/symbol.  
 

We define relative entropy on the ratio of H (Y/X) to H (X) which gives 
the maximum compression value and Redundancy is then expressed 

as  
Redundancy = H (Y/X) / H(X) 

 
 

 
 

 
 

 
 

 
 

 
 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 
 

 
 

 
 



 
 

 

 
Modulated signals, regardless of their kind, are perturbed by 

noise and by the imperfect characteristics of the channel during 
transmission. Noise can broadly be defined as any unknown signal 

that affects the recovery of the desired signal. There may be many 
sources of noise in a communication system, but often the major 

sources are the communication devices themselves or interference 
encountered during the course of transmission. There are several 

ways that noise can affect the desired signal, but one of the most 
common ways is as an additive distortion. That is, the received signal 

is modeled as 
                                      r(t) = s(t) + w(t) 

 
where s(t) is the transmitted signal and w(t) is the additive noise.  

 
If we knew the noise exactly, then we could subtract it from and 
recover the transmitted signal exactly. Unfortunately, this is rarely 

the case. Much of communication system design is related to 
processing the received signal r(t) in a manner that minimizes the 

effect of additive noise. 
 

 

 Minimizing the effects of noise is a prime concern in analog 
communications, and consequently the ratio of signal power to 

noise power is an important metric for assessing analog 
communication quality. 

 Amplitude modulation may be detected either coherently 
requiring the use of a synchronized oscillator or non-coherently 
by means of a simple envelope detector. However, there is a 

performance penalty to be paid for non-coherent detection. 

 Frequency modulation is nonlinear and the output noise 

spectrum is parabolic when the input noise spectrum is flat. 
Frequency modulation has the advantage that it allows us to 
trade bandwidth for improved performance. 

 
The mean of the random process 

Both noise and signal are generally assumed to have zero mean.  
The autocorrelation of the random process.  

 

2.6 Noise in amplitude and frequency modulation systems 

 
 



With white noise, samples at one instant in time are uncorrelated 
with those at another instant in time regardless of the separation. 

  

The autocorrelation of white noise is described by 
 

                                   
where      the Dirac delta function and N0 is the two-sided power 
spectral density. 

 
The spectrum of the random process. For additive white Gaussian 

noise the spectrum is flat and defined as 
 

                                      
 
To compute noise power, we must measure the noise over a specified 

bandwidth. Equivalent-noise bandwidth is BT 
 

                                           N=N0 BT  

 

The transmitted signal is distorted by additive white noise and the 
combination is passed through a filter of bandwidth BT.  

 
 

 
 

 
 

 
 

 
Fig 2.2 Block diagram of signal plus noise before and after filtering 

 
If the filter bandwidth is greater than the signal bandwidth, then we 
retain all of the desired signal energy. However, if the filter is no 

larger than required to pass the signal undistorted, then it will 
minimize the amount of noise passed. Consequently, the bandwidth 

BT is referred to as the transmission bandwidth of the signal. The 
matching of the receiver filter to the bandwidth of the transmitted 

signal is the basis of many optimum detection schemes. 
 
 



In the following, we shall represent the signal after initial filtering as 
x(t) = s(t) + n(t) , where n(t) is narrowband noise, as contrasted to w(t) 
which is assumed to be white. 

 
Signal-To-Noise Ratios 

 
The received signal in many communication systems can be modeled 

as the sum of the desired signal, s(t) and a narrowband noise signal, 
n(t) as shown by 

    x(t)= s(t) + n(t) 
 

The signal is random due to the unpredictability of its information 
content, and the noise is random. The two simplest parameters for 

partially describing a random variable are the mean and variance.  
 

For zero-mean processes, a simple measure of the signal quality is    
the ratio of the variances of the desired and undesired signals. 

 

                              
 
where E is the expectation operator. For a communication signal, a 

squared signal level is usually proportional to power. Consequently, 
the signal-to-noise ratio is often considered to be a ratio of the 

average signal power to the average noise power.  
 

Equivalently, it can be considered to be a ratio of the average signal 
energy per unit time to the average noise energy per unit time. 

 
The signal-to-noise ratio is clearly measured at the receiver, but 

there are several points in the receiver where the measurement may 
be carried out. In fact, measurements at particular points in the 
receiver have their own particular importance and value. 

 

                      
 
       Fig 2.3 High-level block diagram of a communications receiver. 

 



For instance: 
If the signal-to-noise ratio is measured at the front-end of the 
receiver, then it is usually a measure of the quality of the 

transmission link and the receiver front-end. 
If the signal-to-noise ratio is measured at the output of the receiver, 

it is a measure of the quality of the recovered information-bearing 
signal whether it be audio, video, or otherwise. 

 
To illustrate these two points, consider the block diagram of a typical 

analog communication receiver presented in Fig. 2.3. The signal plus 
white Gaussian noise is passed through a band-pass filter to produce 

the band-pass signal,x(t). 
 

The signal x(t) is processed by the demodulator to recover the original 
message signal m(t) The SNR measured at the input to the 

demodulator is referred to as the pre-detection signal-to-noise ratio. 
Of equal or greater importance is the signal-to-noise ratio of the 

recovered message at the output of the demodulator.  
 
This metric defines the quality of the signal that is delivered to the 

end user. We refer to this output SNR as the post-detection signal-to-
noise ratio. 

It should be noted that the signal and noise characteristics may 
differ significantly between the pre-detection and post-detection 

calculations. The calculation of the post-detection signal-to-noise 
ratio involves the use of an idealized receiver model, the details of 

which naturally depend on the channel noise and the type of 
demodulation used in the receiver.  

 
The message power is the same as the modulated signal power of the 

modulation scheme under study. 
 

The baseband low-pass filter passes the message signal and rejects 
out-of-band noise. 

Accordingly, we may define the reference signal-to-noise ratio, as 
SNRref.  It is defined as the ratio of average power of the modulated 

message signal to the average power of noise measured in the 
message bandwidth. 
 

The reference signal-to-noise ratio may be used to compare different 
modulation and demodulation schemes by using it to normalize the 

post-detection signal-to-noise ratios. That is, we may define a figure 
of merit for a particular modulation–demodulation scheme as follows 



 

              
Fig 2.4 Reference transmission model for analog communications. 

 
                                                       post detection SNR 

                         Figure of merit =  --------------------------- 
                                                         reference SNR 

 
The higher the value that the figure of merit gas, the better the noise 

performance of the receiver will be 
 

 To summarize our consideration of signal-to-noise ratios:  

 The pre-detection SNR is measured before the signal is 
demodulated. The post-detection SNR is measured after the 
signal is demodulated. The reference SNR is defined on the 

basis of a baseband transmission model.  

 The figure of merit is a dimensionless metric for comparing 
different analog modulation-demodulation schemes and is 

defined as the ratio of the post-detection and reference SNRs. 
 

Band-Pass Receiver Structures 

 

 
      Fig. 2.5 shows an example of a superheterodyne receiver  

 
AM radio transmissions 

Common examples are AM radio transmissions, where the RF 
channels‘ frequencies lie in the range between 510 and 1600 kHz, 

and a common IF is 455 kHz v FM radio. 



 
Another example is FM radio, where the RF channels are in the range 
from 88 t o 108 MHz and the IF is typically 10.7 MHz. 

The filter preceding the local oscillator is centered at a higher RF 
frequency and is usually much wider, wide enough to encompass all 

RF channels that the receiver is intended to handle.  
With the same FM receiver, the band-pass filter after the local 

oscillator would be approximately 200 kHz wide; it is the effects of 
this narrower filter that are of most interest to us. 

 
 

Noise in Linear Receivers Using Coherent Detection:  
Double-sideband suppressed-carrier (DSB-SC) modulation, the 

modulated signal is represented as  
         s(t) = Ac m(t) cos(2πfc t +θ)  

 
Where fc is the carrier frequency, m(t) is the message signal. 

 
The carrier phase θ.  In Fig. 2.6, the received RF signal is the sum of 
the modulated signal and white Gaussian noise w(t). 

 
After band-pass filtering, the resulting signal is  

                                 x(t) = s(t) + n(t) 
 

 

 
    Fig 2.6 A linear DSB-SC receiver using coherent demodulation. 

 
In figure 2.7 the assumed power spectral density of the band-pass 

noise is illustrated. For the signal s(t)  the average power of the signal 
component is given by expected value of the squared magnitude.  The 

carrier and modulating signal are independent  
 E[ s2(t)]  = E[( Ac cos(2πfct+ θ ))2 ]   E[ m2(t )]  

 
                        P = E[ m2(t )]    E[ s2(t)]  = A2

c P/2 



                         
            Fig 2.7 Power spectral density of band-pass noise. 
 

 
Pre-detection signal-to-noise ratio of the DSB-SC system. A noise 

bandwidth BT. The signal-to-noise ratio of the signal is 
  

          A2
c P 

SNR = --------------- 

  2N0BT   

 

The signal at the input to the coherent detector of Fig. 2.6 
 

             x(t)  = s(t) + n1(t)cos(2πfct) - nQ(t)sin(2πfct)  
 

             v(t)  = x(t)cos(2πfct)  
    
     = 0.5(Ac m(t)+n1(t)) + 0.5 (Ac m(t)+n1(t)) cos(4πfct) – 

        0.5 nQ(t)sin(4πfct) 
 

Cos A cos A = (1+ cos 2A) / 2                  sin A cos A = sin 2A / 2 
 

These high-frequency components are removed with a low-pass filter 
 

                           Y(t) = 0.5 (Ac m(t)+n1(t)) 
 

The message signal m(t) and the in-phase component of the filtered 
noise n1(t) appear additively in the output.  

 
The quadrature component of the noise is completely rejected by the 

demodulator.  Post-detection signal to noise ratio. 
 

The message component is 0.5(Ac m(t),so analogous to the 
computation of the pre detection signal power, the post-detection 
signal power is ¼ (AcP) where P is the average message power. 

 
 



Post-detection SNR 
                                             A2

c P 

                              SNR = --------------- 

                               2N0W   

 

Figure of merit for this receiver is 1. 
 

Comparing the results for the different amplitude modulation 
schemes. Single-sideband modulation achieves the same SNR 

performance as the baseband reference model but only requires half 
the transmission bandwidth of the DSC-SC system.  

SSB requires more transmitter processing. 
 

Detection of Frequency Modulation (FM) 
The frequency-modulated signal is given by 

                    
 

Pre-detection SNR  
The pre-detection SNR in this case is simply the carrier power 

A2
c /2 divided by the noise passed by the bandpass filter N0BT 

 

                          
A slope network or differentiator with a purely imaginary frequency 

response that varies linearly with frequency. It produces a hybrid-
modulated wave in which both amplitude and frequency vary in 

accordance with the message signal.  
 
An envelope detector that recovers the amplitude variation and 

reproduces the message signal. 
 

 
                                       Fig 2.8  FM Receiver 



 
Post-detection SNR  
 

The noisy FM signal after band-pass filtering may be 
represented as  

                x(t)  = s(t) + n(t) 
n(t)  = n1(t)cos(2πfct) - nQ(t)sin(2πfct) 

 
We may equivalently express n(t) in terms of its envelope and phase 

as  n(t)  = r(t)cos[2πfct)+φn(t)] 
 

 
Where the envelope is r(t) = [ n1

2(t) + n Q
 2 (t)] 1/2 

 
 

 
And the phase is           

  
 
To proceed, we note that the phase of s(t) is  

                                               
 

The  noisy signal at the output of the band-pass filter may be 
expressed as 

                             
 
The phase φ(t)]of the resultant is given by 

 

                              

              
      Fig 2.8 Phasor diagram for FM signal plus narrowband noise  
                  assuming  high carrier-to-noise ratio. 



 
Under this condition, the expression for the phase simplifies to 

                                     
the quadrature component of the noise is 

                                         
The ideal discriminator output   

 

                                                 
 
The noise term nd(t) is defined by 

 

                                      
 
 

                             
                          Fig 2.9 Noise analysis of FM receiver.  
 

a)Power spectral density of quadrature component nQ(t) of  
    narrowband noise n(t) 

b) Power spectral density nd(t) at discriminator output.  
c) Power spectral density of noise no(t) at receiver output. 

 
 

 



The corresponding power spectral density of the noise nd(t) 
 

                              
Therefore, the power spectral density  SNo(f) of the noise no(t) 

appearing at the receiver output is defined by 

                               
 

 
 

                                
 

 
 

 
 

 
 

 
 

 
 
 

 
 



 
 
 

 
 

From the square-law nature of the output noise spectrum of an 
FM receiver, the noise is most severe at large values of |f |. 

This becomes a significant issue in FM stereo transmission where the 
upper channel, (ml(t) –mr(t),suffers significantly more noise than the 

lower channel, (ml(t)  + mr(t). 
 

Suppose the demodulator includes a low-pass filter which gradually 
increases attenuation as |f | approaches W rather than being 

approximately flat for |f | < W and cutting off sharply at W.  
 

Such a filter with transfer function Hde(f) is presented in Fig. 2.10. 
This filter will de-emphasize the effects of noise at high frequency as 

illustrated in the figure. 
 

 
Fig 2.10 Use of pre-emphasis and de-emphasis in an FM system.  
 

(a) Output noise spectrum before de-emphasis.  
(b) Frequency response of de-emphasis filter.  

(c) Noise spectrum after de-emphasis. 

2.7 Pre-emphasis and De-emphasis 
 

 



As well as reducing the noise, the de-emphasis filter will distort the 
received signal. To compensate this distortion, we appropriately pre-
distort or pre-emphasize the baseband signal at the transmitter, 

prior to FM modulation, using a filter with the frequency response 

                     
 
With a matching combination of pre-emphasis and de-emphasis as 
described) and the signal is recovered undistorted and, most 

important, with reduced noise levels. The de-emphasis filter is often 
a simple resistance-capacitance (RC) circuit with 

                            
 
This filter is approximately flat |f | < f3dbfor the 3-dB bandwidth of 

the filter. With this choice, the noise spectrum for |f | > f3db becomes 
flat over most of the message bandwidth. 

 
At the transmitting end, the pre-emphasis filter is 

                                   
 

Thus the pre-emphasized signal is the sum of the original signal plus 
its derivative. Consequently, the modulated signal is approximately 

 
 
where  = 1/ f3db .Thus, pre-emphasized FM is really a combination 

of frequency modulation and phase modulation. 
 

Pre-emphasis is used in many applications other than FM stereo 
broadcasting. Pre-emphasis can be used to advantage whenever 

portions of the message band are degraded relative to others.  
 



That is, portions of the message band that are most sensitive to noise 
are amplified (emphasized) before transmission. At the receiver, the 
signal is de-emphasized to reverse the distortion introduced by the 

transmitter; at the same time the de-emphasis reduces the noise that 
falls in the most sensitive part of the message band. For example, the 

Dolby system for tape recording pre-emphasizes high frequencies for 
sound recording so that high-frequency surface noise can be de-

emphasized during playback. 
 

 
 

 
 

 
 

 
 

 
 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 
 

 
 

 
 



 
 
 

 
White Noise 

The noise analysis of communication systems is often based on 
an idealized noise process called white noise. The power spectral 

density of white noise is independent of frequency. White noise is 
analogous to the term ―white light‖ in the sense that all frequency 

components are present in equal amounts. We denote the power 
spectral density of a white noise process W(t) as 

                                     
 

where the factor1/2  has been included to indicate that half the 
power is associated with positive frequencies and half with negative 

frequencies, as illustrated in Fig. 2.11.  
     

 
 

 
 
 

 
 

 
 

 
 

 
 

 
 

  
                    Fig 2.11 Characteristics of white noise. 

      (a) Power spectral density. (b) Autocorrelation function. 
 

The dimensions of No are watts per hertz. The parameter No is usually 
measured at the input stage of a communications receiver. Since 

there is no delta function at the origin in the power spectral density, 
white noise has no dc power.  

 
 

2.8 White noise – Narrowband noise  
 



That is, its mean or average value is zero. Since the autocorrelation 
function is the inverse Fourier transform of the power spectral 
density. The autocorrelation of white noise is given by 

                                        
 
The autocorrelation function of white noise consists of a delta 
function weighted by the factor No/2 located at  = 0.  

 
We note that RW()is zero for  ≠ 0. 

 
Consequently, any two different samples of white noise, no matter 

how close together in time they are taken, are uncorrelated. White 
noise has infinite average power and, as such, it is not physically 

realizable. Nevertheless, white noise has convenient mathematical 
properties and is therefore useful in system analysis. Utility of the 

white noise process is parallel to that of an impulse function or delta 
function in the analysis of linear systems.  

 
The effect of the impulse is observed only after it has passed through 

a system with finite bandwidth. Likewise, the effect of white noise is 
observed only after passing through a system of finite bandwidth. We 

may therefore state that as long as the bandwidth of a noise process 
at the input of a system is appreciably larger than that of the system 

itself, we may model the noise process as white noise. This is usually 
the case in practical communication systems. 
 

Narrowband Noise 
A communication receiver includes multiple signal-processing 

stages. A common signal processing stage for passband systems is a 
narrowband filter whose bandwidth is just large enough to pass the 

modulated component of the received signal essentially undistorted, 
but not so large as to admit excessive noise into the receiver. The 

noise process appearing at the output of such a filter is called 
narrowband noise.  

If the narrowband noise has a spectrum centered at the mid-band 
frequencies fcas illustrated in Figure, we find that a sample function 

of the narrowband noise process is somewhat similar to a sine wave 
of frequency fc that varies slowly in amplitude and phase. 

 
 

 



 

 
      Fig 2.12    (a) Power spectral density of narrowband noise.  

                       (b) Sample function of narrowband noise. 
 

Narrowband noise can be represented mathematically using in-phase 
and quadrature components, just as we used them to represent 

narrowband signals. For the narrowband noise process N(t) of 
bandwidth 2B and centered on frequency fc, we may represent in the 

form 

                            
 

where NI(t)is called the in-phase component of N(t)and NQ(t) is the 
quadrature component. 

 
Both NI(t) and NQ(t) are low-pass random processes; that is, their 

spectra are confined to 0 < |f| < B . Knowledge of the in-phase and 
quadrature components, as well as the center frequency fc fully 

characterizes the narrowband noise. 
 

Given the narrowband noise sample function n(t),the in-phase and 
quadrature components may be extracted using the scheme shown. 

The two low-pass filters are assumed to be ideal with bandwidth 
equal to B. This scheme follows directly from the representation of 

narrowband noise. Alternatively, if we are given the in-phase and 
quadrature components, we may generate the narrowband noise n(t). 

 



 
Fig 2.13 (a) Extraction of in-phase and quadrature components of  

                   Narrowband noise process.  
      (b) Generation of narrowband noise process from its in    

           phase and quadrature components. 
 

 
The in-phase and quadrature components of narrowband noise have 

the following important properties: 
 
1. The in-phase component NI(t) and quadrature component  NQ(t ) of  

     narrowband noise N(t) have zero mean. 
2. If the narrowband noise N(t)  is Gaussian, then its in-phase and  

     quadrature components are Gaussian. 
3. If the narrowband noise N(t)  is stationary, then its in-phase and  

    quadrature components are stationary. 
4. Both the in-phase component  NI(t) and NQ(t ) have the same  

     power spectral density SN(f) 
 

This power spectral density is related to the power spectral density of 
the narrowband density by 

 
The in-phase component NI(t)  and quadrature component NQ(t ) have 

the same variance as the narrowband noise N(t)  . 
 

 
 

 
 

 
 



 
 
 

 
 

Although we can increase the output SNR by increasing β, 
having a large β means having a large BT (Carson‘s rule), which also 

means a large noise power at the input of the demodulator. The large 
input SNR approximation will not hold. „   

 
Threshold Effect: The signal will be lost in the noise if the input SNR 
is small. „ 

 

                                  
The formula of defining the post-detection SNR ratio of an FM 
receiver is valid only if the pre-detection SNR, measured at the 

discriminator input, is high compared to unity. If the pre-detection 
SNR is lowered, the FM receiver breaks down. At first, individual 

Clicks are heard in the receiver output, and as the pre-detection SNR 
decreases further, the clicks merge to a crackling or sputtering 

sound. At and below this breakdown point, equation fails to 
accurately predict the post-detection SNR. This phenomenon is 

known as the threshold effect; 
 

 
POST-TEST MCQ 

 
1.The unit of average mutual information is 

 
a) Bits 
b) Bytes 

c) Bits per symbol 
d) Bytes per symbol 

 
2.When X and Y are statistically independent, then I (x,y) is 

 
a) 1 

b) 0 
c) Ln 2 

d) Cannot be determined 
 

2.9 Threshold Effect in Angle Modulation 
 



3.The self information of random variable is 
 
a) 0 

b) 1 
c) Infinite 

d) Cannot be determined 
 

4.For M equally likely messages, the average amount of information 
H is 

a. H = log10M 
b. H = log2M 

c. H = log10M2 
d. H = 2log10M 

 
5.The channel capacity is 

a. The maximum information transmitted by one symbol 
over the channel 

b. Information contained in a signal 
c. The amplitude of the modulated signal 
d. All of the above 

 
6.The image frequency of a superheterodyne receiver ___________ 

 
a) is created within the receiver itself 

b) is due to insufficient adjacent channel rejection 
c) is not rejected by the IF tuned circuits 

d) is independent of the frequency to which the receiver is tuned 
 
7.A pre-emphasis is usually a ________. 

a. high-pass filter 
b. band-stop filter 

c. low-pass filter 
d. bandpass filter 

 
8.The noise analysis of communication systems is often based on an  

   idealized noise process called  
 

a) Shot noise 
b) White noise  
c) Flicker noise 

d) Thermal noise  
 



9. The received signal is modeled as 
a) r(t) = s(t) + w(t) 

b) w(t) = a(t) + s(t) 

c) w(t) = p(t) + s(t) 

d) r(t) = p(t) + w(t) 

 
10. Pre-emphasis and de-emphasis always reduce noise probability 

in  
a) AM 

b) PM 
c) FM 

d) ASK 
 

 
APPLICATIONS  

 
 Error Correcting and detecting. 

 Data Compression  
 It is used for HF radio links 

 Cryptology  
 Linguistics  

 
 
CONCLUSION: 

Upon completion of this, Students should be able to 
 

 Understand the Information theory technique. 
 Understand the channel coding techniques. 

 Understand the noises in AM and FM. 
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ASSIGNMENT  
 
1.Let there be source symbols having probabilities as x1 = 0.40, x2 = 

0.25, x3 = 0.25, x4 = 0.1. Obtain the Shannon – Fano Coding for the 
given source symbols.  

 
2.Let there be source symbols having probabilities as x1 = 0.30, x2 = 

0.20, x3 = 0.15, x4 = 0.15 , x3 = 0.10, x4 = 0.10. Obtain the Shannon – 
Fano Coding for the given source symbols.  

 
3. Let there be source symbols having probabilities as x1 = 0.30, x2 = 

0.20, x3 = 0.15, x4 = 0.15 , x3 = 0.10, x4 = 0.10. Obtain the Huffmann 
Coding for the given source symbols. 

 
 

4.Explain about Noise in AM system. 
 

5.Expalin about Noise in FM system. 
 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
  

 
 
 

 
 

 
 



 
 
 

 
AIM & OBJECTIVES  

 To understand the fundamental concepts of Sampling 
 To understand Pulse Modulation Techniques. 

 To understand Line codes and noise in PCM Techniques. 
 

PRE-TEST MCQ 
 

1. To avoid aliasing 

a) Reduce the bandwidth 

b) Cut out high frequency 

c) Reduce the bandwidth & Cut out high frequency 

d) None of the mentioned 

 

2. Advantages of digital communication are 

a) Easy multiplexing 

b) Easy processing 

c) Reliable 

d) All of the mentioned 

 
3. What is necessary for digital communication? 

a) Precision timing 

b) Frame synchronization 

c) Character synchronization 

d) All of the mentioned 

 
 

4. What are the disadvantages of digital communication? 

a) Needs more bandwidth 

b) Is more complex 

c) Needs more bandwidth & Is more complex 

d) None of the mentioned 

 

 
5. Examples of digital communication are 

a) ISDN 

b) Modems 

UNIT-3 PULSE MODULATION 
 



c) Classical telephony 

d) All of the mentioned 

 
6. Which system uses digital transmission? 

a) ISDN 

b) LANs 

c) ISDN & LANs 

d) None of the mentioned 

 

7. Analog to digital conversion includes 

a) Sampling 

b) Quantization 

c) Sampling & Quantization 

d) None of the mentioned 

 
8. Digital communication is _______ to environmental changes? 

a) Less sensitive 

b) More sensitive 

c) Does not depend 

d) None of the mentioned 

 
9. Which are the common transmission media used in digital 

communication system? 

a) Coaxial cable 

b) Twisted copper cable 

c) Radio frequency bands 

d) All of the mentioned 

 
10. Modulation channel consists of 

a) Amplifier 

b) Signal processing units 

c) Amplifier & Signal processing units 

d) None of the mentioned 

 
PRE-REQUISITE  

Basic Knowledge of Electronic Devices, Digital System Design, 
Signals & Systems 

 
 



 
 
 

 
A continuous signal or an analog signal can be represented in 

the digital version in the form of samples. Here, these samples are 
also called as discrete points. In sampling theorem, the input signal 

is in an analog form of signal and the second input signal is a 
sampling signal, which is a pulse train signal and each pulse is 

equidistance with a period of ―Ts‖.  
This sampling signal frequency should be more than twice of 

the input analog signal frequency. If this condition satisfies, analog 
signal perfectly represented in discrete form else analog signal may 

be losing its amplitude values for certain time intervals. How many 
times the sampling frequency is more than the input analog signal 

frequency, in the same way, the sampled signal is going to be a 
perfect discrete form of signal. And these types of discrete signals are 

well performed in the reconstruction process for recovering the 
original signal. 
 

The sampling theorem can be defined as the conversion of an analog 
signal into a discrete form by taking the sampling frequency as twice 

the input analog signal frequency. Input signal frequency denoted by 
Fm and sampling signal frequency denoted by Fs. 

The output sample signal is represented by the samples. These 
samples are maintained with a gap, these gaps are termed as sample 

period or sampling interval (Ts). And the reciprocal of the sampling 
period is known as ―sampling frequency‖ or ―sampling rate‖. The 

number of samples is represented in the sampled signal is indicated 
by the sampling rate. 

Sampling Theorem Statement 

Sampling theorem states that ―continues form of a time-variant 

signal can be represented in the discrete form of a signal with help of 
samples and the sampled (discrete) signal can be recovered to 

original form when the sampling signal frequency Fs having the 
greater frequency value than or equal to the input signal frequency 
Fm. 

3.1    Sampling Process 



If the sampling frequency (Fs) equals twice the input signal frequency 
(Fm), then such a condition is called the Nyquist Criteria for 
sampling. When sampling frequency equals twice the input signal 

frequency is known as ―Nyquist rate‖. 
 

If the sampling frequency (Fs) is less than twice the input signal 
frequency, such criteria called an Aliasing effect. 

Fs<2Fm 
So, there are three conditions that are possible from the sampling 

frequency criteria. They are sampling, Nyquist and aliasing states. 
Now we will see the Nyquist sampling theorem. 

Nyquist Sampling Theorem 

In the sampling process, while converting the analog signal to a 

discrete version, the chosen sampling signal is the most important 
factor. And what are the reasons to get distortions in the sampling 

output while conversion of analog to discrete? These types of 
questions can be answered by the ―Nyquist sampling theorem‖. 

Nyquist sampling theorem states that the sampling signal frequency 
should be double the input signal‘s highest frequency component to 
get distortion less output signal. As per the scientist‘s name, Harry 

Nyquist this is named as Nyquist sampling theorem. 

Fs=2Fm 

Sampling Output Waveforms 

The sampling process requires two input signals. The first input 

signal is an analog signal and another input is sampling pulse or 
equidistance pulse train signal. And the output which is then 

sampled signal comes from the multiplier block. The sampling 
process output waveforms are shown below. 

                                
                          Fig 3.1 Sampling-output-waveforms 



The sampling theorem is one of the efficient techniques in 
the communication concepts for converting the analog signal into 
discrete and digital form. Later the advances in digital computers 

Claude Shannon, an American mathematician implemented this 
sampling concept in digital communications for converting the 

analog to digital form. The sampling theorem is a very important 
concept in communications and this technique should follow the 

Nyquist criteria for avoiding the aliasing effect. 
 

 

               
                      Fig 3.2 Sampling of an analog signal 
 

 

 
 

                   Fig 3.3 Sampling and Round off  



Sampling Theorem for Low Pass Signals 

The low pass signals having the low range frequency and 

whenever this type of low-frequency signals need to convert to 
discrete then the sampling frequency should be double than these 

low-frequency signals to avoid the distortion in the output discrete 
signal. By following this condition, the sampling signal does not 

overlap and this sampled signal can be reconstructed to its original 
form. 

 Bandlimited signal xa(t) 

 Fourier signal representation of xa(t) for reconstruction Xa(F) 
 

Proof of Sampling Theorem 

The sampling theorem states that the representation of an 
analog signal in a discrete version can be possible with the help of 

samples. The input signals which are participating in this process 
are analog signal and sample pulse train sequence. 

Input analog signal is s(t) 

The sample pulse train is 

                                    
The spectrum of an input analog signal is,                                                          

                                 
                       Fig 3.4 Input signal spectrum 

 

Fourier series representation of the sample pulse train is 

                   
 

The spectrum of the sample output signal is, 



                  Fig 3.5 Spectrum-of-the-sample-output-signal 

 

When these pulse train sequences are multiples with the analog 

signal we will get the sampled output signal which is indicated by 
here as g(t). 

                
When the signal related to equation passes from the LPF, only 

Fm to –Fm signal only passed to the output side and the remaining 
signal is going to be eliminated. Because LPF is assigned to the cut 

off frequency which is equal to the input analog signal frequency 
value. In this way at one side analog signal going to converted to 
discrete and recovered to its original position simply passing from a 

low pass filter. 

 

Aliasing 

We can observe the over-lapping of information, which leads to 

mixing up and loss of information. This unwanted phenomenon of 
over-lapping is called as Aliasing. 

Aliasing can be referred to as ―the phenomenon of a high-frequency 
component in the spectrum of a signal, taking on the identity of a 
low-frequency component in the spectrum of its sampled version.‖ 

The corrective measures taken to reduce the effect of Aliasing are − 

 In the transmitter section of PCM, a low pass anti-aliasing 

filter is employed, before the sampler, to eliminate the high 
frequency components, which are unwanted. 

 The signal which is sampled after filtering is sampled at a rate 
slightly higher than the Nyquist rate. 



This choice of having the sampling rate higher than Nyquist rate, 
also helps in the easier design of the reconstruction filter at the 
receiver. 

 

Sampling Techniques 

They are basically three types of Sampling techniques, namely: 

1. Natural Sampling 

2. Flat top Sampling 

3. Ideal Sampling 

 

Natural Sampling: 

Natural Sampling is a practical method of sampling in which pulse 

have finite width equal to τ. Sampling is done in accordance with the 

carrier signal which is digital in nature. 

   

  

 

 

 

 

 

 

      Fig 3.6 Natural Sampled Waveform and Natural Sampler 

 

With the help of functional diagram of a Natural sampler, a sampled 

signal g(t) is obtained by multiplication of sampling function c(t) and 

the input signal x(t). 



Spectrum of Natural Sampled Signal is given by: 

                   G(f) = Aτ/ Ts .[ Σ sin c(n fs.τ) X(f-n fs)] 

 

2. Flat Top Sampling: 

Flat top sampling is like natural sampling i.e; practical in nature. In 

comparison to natural sampling flat top sampling can be easily 

obtained. In this sampling techniques, the top of the samples 

remains constant and is equal to the instantaneous value of the 

message signal x(t) at the start of sampling process. Sample and hold 

circuit are used in this type of sampling. 

 

  

 

 

 

 

                         Fig 3.7 Block Diagram and Waveform 
 

Figure (a), shows functional diagram of a sample hold circuit 
which is used to generate fat top samples. 

 
Figure (b), shows the general waveform of the flat top samples. It 

can be observed that only starting edge of the pulse represent the 
instantaneous value of the message signal x(t). 

 

Spectrum of Flat top Sampled Signal is given by:  

                    G(f) = fs .[ Σ X(f-n fs). H(f)] 

 

3. Ideal Sampling: 

Ideal Sampling is also known as Instantaneous sampling or 

Impulse Sampling. Train of impulse is used as a carrier signal for 

ideal sampling. In this sampling technique the sampling function is a 



train of impulses and the principle used is known as multiplication 

principle. 

                         

                          Fig 3.8 Ideal Sampling Waveform 

Here, 

Figure (a), represent message signal or input signal or signal to be 

sampled. 

Figure (b), represent the sampling function. 

Figure (c), represent the resultant signal. 

 

Spectrum of Ideal Sampled Signal is given by:  

                     G(f) = fs .[ Σ X(f-n fs)] 

 

NYQUIST RATE:  

Nyquist rate is the rate at which sampling of a signal is done so 

that overlapping of frequency does not take place. When the 

sampling rate become exactly equal to 2fm samples per second, then 

the specific rate is known as Nyquist rate. It is also known as the 

minimum sampling rate and given by: fs =2fm 

 

 

 



Effect of Under sampling: ALIASING 

It is the effect in which overlapping of a frequency components 

takes place at the frequency higher than Nyquist rate. Signal loss 

may occur due to aliasing effect. We can say that aliasing is the 

phenomena in which a high frequency component in the frequency 

spectrum of a signal takes identity of a lower frequency component in 

the same spectrum of the sampled signal. 

Because of overlapping due to process of aliasing, sometimes it is not 

possible to overcome the sampled signal x(t) from the sampled signal 

g(t) by applying the process of  low pass filtering since the spectral 

components in the overlap regions . Hence this causes the signal to 

destroy. 

The Effect of Aliasing can be reduced: 

1) Pre alias filter must be used to limit band of frequency of the 

required signal fm Hz. 

2) Sampling frequency fs must be selected such that fs > 2fm. 
 

 

 
 

 
 

 
 

 
 
 

 
 

 
 

 
 

 
 



 
 
 

 
The process of transmitting signals in the form of pulses 

(discontinuous signals) by using special techniques.  
 

They are 
Pulse Amplitude Modulation 

Pulse Width Modulation 
Pulse Position Modulation 

Pulse Code Modulation 
 

Pulse Amplitude Modulation 

Pulse Amplitude Modulation (PAM) is an analog modulating 

scheme in which the amplitude of the pulse carrier varies 
proportional to the instantaneous amplitude of the message signal. 

The pulse amplitude modulated signal, will follow the amplitude of 
the original signal, as the signal traces out the path of the whole 
wave. In natural PAM, a signal sampled at the Nyquist rate is 

reconstructed, by passing it through an efficient Low Pass 
Frequency (LPF) with exact cutoff frequency 

The following figures explain the Pulse Amplitude Modulation. 

 

 
 

 
 

 
 

 
 

 
 

 
 

 
 
 

 
              Fig 3.9 PAM signal 

3.2 Pulse Amplitude Modulation (PAM)-Pulse Position Modulation (PPM) 



Though the PAM signal is passed through an LPF, it cannot recover 
the signal without distortion. Hence to avoid this noise, flat-top 
sampling is done as shown in the following figure 
 

                           
                     Fig 3.10 Flat – Top PAM signal 

 
Flat-top sampling is the process in which sampled signal can be 

represented in pulses for which the amplitude of the signal cannot be 
changed with respect to the analog signal, to be sampled. The tops of 

amplitude remain flat. This process simplifies the circuit design. 

Pulse Width Modulation 

Pulse Width Modulation (PWM) or Pulse Duration Modulation 

(PDM) or Pulse Time Modulation (PTM) is an analog modulating 
scheme in which the duration or width or time of the pulse carrier 

varies proportional to the instantaneous amplitude of the message 
signal. 

The width of the pulse varies in this method, but the amplitude of 
the signal remains constant. Amplitude limiters are used to make 

the amplitude of the signal constant. These circuits clip off the 
amplitude, to a desired level and hence the noise is limited. 

The following figures explain the types of Pulse Width Modulations. 

                     
                           Fig 3.11 PCM signal  



There are three variations of PWM. They are  

 The leading edge of the pulse being constant, the trailing edge 
varies according to the message signal. 

 The trailing edge of the pulse being constant, the leading edge 
varies according to the message signal. 

 The center of the pulse being constant, the leading edge and 
the trailing edge varies according to the message signal. 

These three types are shown in the above given figure, with timing 
slots. 

Pulse Position Modulation 

Pulse Position Modulation (PPM) is an analog modulating 

scheme in which the amplitude and width of the pulses are kept 
constant, while the position of each pulse, with reference to the 

position of a reference pulse varies according to the instantaneous 
sampled value of the message signal. 

The transmitter has to send synchronizing pulses (or simply sync 
pulses) to keep the transmitter and receiver in synchronism. These 

sync pulses help maintain the position of the pulses. The following 
figures explain the Pulse Position Modulation. 

 
 

 

 

 

 

 

 

 

 

 

 

 

 

 

                                 Fig 3.12 PPM signal 

 



 

Pulse position modulation is done in accordance with the pulse 

width modulated signal. Each trailing of the pulse width modulated 
signal becomes the starting point for pulses in PPM signal. Hence, 

the position of these pulses is proportional to the width of the PWM 
pulses. 

Comparison between PAM, PWM, and PPM 

The comparison between the above modulation processes is 

presented in a single table. 

PAM PWM PPM 

Amplitude is varied Width is varied Position is varied 

Bandwidth depends 

on the width of the 
pulse 

Bandwidth depends 

on the rise time of 
the pulse 

Bandwidth depends 

on the rise time of the 
pulse 

Instantaneous 
transmitter power 

varies with the 
amplitude of the 

pulses 

Instantaneous 
transmitter power 

varies with the 
amplitude and width 

of the pulses 

Instantaneous 
transmitter power 

remains constant 
with the width of the 

pulses 

System complexity is 

high 

System complexity is 

low 

System complexity is 

low 

Noise interference is 

high 

Noise interference is 

low 

Noise interference is 

low 

It is similar to 

amplitude modulation 

It is similar to 

frequency 
modulation 

It is similar to phase 

modulation 

 

 
 

 
 



 

 

The digitization of analog signals involves the rounding off of 

the values which are approximately equal to the analog values. The 
method of sampling chooses a few points on the analog signal and 

then these points are joined to round off the value to a near 
stabilized value. Such a process is called as Quantization. 

Quantizing an Analog Signal 

The analog-to-digital converters perform this type of function to 

create a series of digital values out of the given analog signal. The 
following figure represents an analog signal. This signal to get 

converted into digital has to undergo sampling and quantizing. 

                               
                                           Fig 3.13 Analog signal 

 

The quantizing of an analog signal is done by discretizing the signal 

with a number of quantization levels. Quantization is representing 
the sampled values of the amplitude by a finite set of levels, which 

means converting a continuous-amplitude sample into a discrete-
time signal. 

The following figure shows how an analog signal gets quantized. The 

blue line represents analog signal while the brown one represents 
the quantized signal. 

3.3 Quantization 



                
                    Fig 3.14 Analog signal and Quantized Signal 

 

Both sampling and quantization result in the loss of information. 

The quality of a Quantizer output depends upon the number of 
quantization levels used. The discrete amplitudes of the quantized 

output are called as representation levels or reconstruction levels. 
The spacing between the two adjacent representation levels is called 

a quantum or step-size. 

The following figure shows the resultant quantized signal which is 

the digital form for the given analog signal. 

                  
                                  Fig 3.15 Quantized signal 

 

This is also called as Stair-case waveform, in accordance with its 
shape. 



Types of Quantization 

There are two types of Quantization - Uniform Quantization and 

Non-uniform Quantization. 

The type of quantization in which the quantization levels are 
uniformly spaced is termed as a Uniform Quantization. The type of 

quantization in which the quantization levels are unequal and 
mostly the relation between them is logarithmic, is termed as a Non-

uniform Quantization. 

There are two types of uniform quantization. They are Mid-Rise type 

and Mid-Tread type. The following figures represent the two types of 
uniform quantization. 

 

Figure 1 shows the mid-rise type and figure 2 shows the mid-tread 
type of uniform quantization. 

 The Mid-Rise type is so called because the origin lies in the 
middle of a raising part of the stair-case like graph. The 

quantization levels in this type are even in number. 

 The Mid-tread type is so called because the origin lies in the 

middle of a tread of the stair-case like graph. The quantization 
levels in this type are odd in number. 

 Both the mid-rise and mid-tread type of uniform quantizers are 
symmetric about the origin. 

Quantization Error 

For any system, during its functioning, there is always a difference 

in the values of its input and output. The processing of the system 
results in an error, which is the difference of those values. 



The difference between an input value and its quantized value is 
called a Quantization Error. A Quantizer is a logarithmic function 
that performs Quantization rounding off the value rounding off the 

value. An analog-to-digital converter (ADC) works as a quantizer. 

The following figure illustrates an example for a quantization error, 

indicating the difference between the original signal and the 
quantized signal. 

                            
                                    Fig 3.16 Quantization error 

Quantization Noise 

It is a type of quantization error, which usually occurs in 

analog audio signal, while quantizing it to digital. For example, in 
music, the signals keep changing continuously, where regularity is 

not found in errors. Such errors create a wideband noise called 
as Quantization Noise. 

 
 

 
 

 
 

 
 

 
 
 

 



 

 

We know that Modulation is the process of varying one or more 
parameters of a carrier signal in accordance with the instantaneous 

values of the message signal. 

The message signal is the signal which is being transmitted for 

communication and the carrier signal is a high frequency signal 
which has no data, but is used for long distance transmission. 

There are many modulation techniques, which are classified 
according to the type of modulation employed. Of them all, the 
digital modulation technique used is Pulse Code Modulation PCM. 

A signal is pulse code modulated to convert its analog information 
into a binary sequence, i.e., 1s and 0s. The output of a PCM will 

resemble a binary sequence. The following figure shows an example 
of PCM output with respect to instantaneous values of a given sine 

wave. 

                  
                                 Fig 3.17 PCM Signal 

Instead of a pulse train, PCM produces a series of numbers or digits, 
and hence this process is called as digital. Each one of these digits, 

though in binary code, represents the approximate amplitude of the 
signal sample at that instant. 

In Pulse Code Modulation, the message signal is represented by a 
sequence of coded pulses. This message signal is achieved by 

representing the signal in discrete form in both time and amplitude. 

Basic Elements of PCM 

The transmitter section of a Pulse Code Modulator circuit 

consists of Sampling, Quantizing and Encoding, which are 

performed in the analog-to-digital converter section. The low pass 
filter prior to sampling prevents aliasing of the message signal. 

3.4 Pulse Code Modulation PCM  
 



The basic operations in the receiver section are regeneration of 
impaired signals, decoding, and reconstruction of the quantized 
pulse train. Following is the block diagram of PCM which represents 

the basic elements of both the transmitter and the receiver sections. 

 

                   
                          Fig 3.18 PCM block diagram 

 

Low Pass Filter 

This filter eliminates the high frequency components present in 

the input analog signal which is greater than the highest frequency 

of the message signal, to avoid aliasing of the message signal. 

 

Sampler 

This is the technique which helps to collect the sample data at 

instantaneous values of message signal, so as to reconstruct the 
original signal. The sampling rate must be greater than twice the 
highest frequency component W of the message signal, in 

accordance with the sampling theorem. 

Quantizer 

Quantizing is a process of reducing the excessive bits and 

confining the data. The sampled output when given to Quantizer, 

reduces the redundant bits and compresses the value. 



 

Encoder 

The digitization of analog signal is done by the encoder. It 
designates each quantized level by a binary code. The sampling done 

here is the sample-and-hold process.  
 

These three sections LPF, Sampler and Quantizer will act as an 
analog to digital converter. Encoding minimizes the bandwidth used. 

 

Regenerative Repeater 

This section increases the signal strength. The output of the 

channel also has one regenerative repeater circuit, to compensate 

the signal loss and reconstruct the signal, and also to increase its 
strength. 

 

Decoder 

The decoder circuit decodes the pulse coded waveform to 

reproduce the original signal. This circuit acts as the demodulator. 

 

Reconstruction Filter 

After the digital-to-analog conversion is done by the 

regenerative circuit and the decoder, a low-pass filter is employed, 
called as the reconstruction filter to get back the original signal. 

Hence, the Pulse Code Modulator circuit digitizes the given analog 
signal, codes it and samples it, and then transmits it in an analog 

form. This whole process is repeated in a reverse pattern to obtain 
the original signal. 

 

Companding in PCM 

The word Companding is a combination of Compressing and 

Expanding, which means that it does both. This is a non-linear 

technique used in PCM which compresses the data at the 
transmitter and expands the same data at the receiver. The effects of 

noise and crosstalk are reduced by using this technique. 



There are two types of Companding techniques. They are  

A-law Companding Technique 

 Uniform quantization is achieved at A = 1, where the 

characteristic curve is linear and no compression is done. 

 A-law has mid-rise at the origin. Hence, it contains a non-zero 

value. 

 A-law companding is used for PCM telephone systems. 

µ-law Companding Technique 

 Uniform quantization is achieved at µ = 0, where the 

characteristic curve is linear and no compression is done. 

 µ-law has mid-tread at the origin. Hence, it contains a zero 

value. 

 µ-law companding is used for speech and music signals. 

µ-law is used in North America and Japan 

 

 
 

 
 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 



 
 
 

For the samples that are highly correlated, when encoded by 
PCM technique, leave redundant information behind. To process this 

redundant information and to have a better output, it is a wise 
decision to take a predicted sampled value, assumed from its 

previous output and summarize them with the quantized values. 
Such a process is called as Differential PCM DPCM technique. 

DPCM Transmitter 

The DPCM Transmitter consists of Quantizer and Predictor with 

two summer circuits. Following is the block diagram of DPCM 
transmitter. 

                   
                                Fig 3.19 DPCM Transmitter 

The signals at each point are named as − 

 x(nTs) is the sampled input 

 x^(nTs) is the predicted sample 
 e(nTs) is the difference of sampled input and predicted output, 

often called as prediction error 
 v(nTs) is the quantized output 

 u(nTs)  is the predictor input which is actually the summer 
output of the predictor output and the quantizer output 

 
The predictor produces the assumed samples from the previous 
outputs of the transmitter circuit. The input to this predictor is the 

quantized versions of the input signal x(nTs). 

 

3.5 Differential Pulse Code Modulation DPCM  
 



Quantizer Output is represented as − 

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)+v(nTs) 
 

u(nTs)=x^(nTs)+e(nTs)+q(nTs) 
 

u(nTs)=x(nTs)+q(nTs) 

The same predictor circuit is used in the decoder to reconstruct the 

original input. 

DPCM Receiver 

The block diagram of DPCM Receiver consists of a decoder, a 

predictor, and a summer circuit. Following is the diagram of DPCM 

Receiver.                         

  

                                    Fig 3.20 DPCM Receiver 

 

The notation of the signals is the same as the previous ones. In the 
absence of noise, the encoded receiver input will be the same as the 

encoded transmitter output. 

As mentioned before, the predictor assumes a value, based on the 

previous outputs. The input given to the decoder is processed and 
that output is summed up with the output of the predictor, to obtain 

a better output. 



 
 
 

 
The sampling rate of a signal should be higher than the Nyquist 

rate, to achieve better sampling. If this sampling interval in 
Differential PCM is reduced considerably, the sample to-sample 

amplitude difference is very small, as if the difference is 1-bit 
quantization, then the step-size will be very small i.e., Δ delta. 

Delta Modulation 

The type of modulation, where the sampling rate is much 

higher and in which the step size after quantization is of a smaller 
value Δ, such a modulation is termed as delta modulation. 

Features of Delta Modulation 

Following are some of the features of delta modulation. 

 An over-sampled input is taken to make full use of the signal 
correlation. 

 The quantization design is simple. 

 The input sequence is much higher than the Nyquist rate. 

 The quality is moderate. 

 The design of the modulator and the demodulator is simple. 

 The stair-case approximation of output waveform. 

 The step-size is very small, i.e., Δ delta. 

 The bit rate can be decided by the user. 

 This involves simpler implementation. 

Delta Modulation is a simplified form of DPCM technique, also 

viewed as 1-bit DPCM scheme. As the sampling interval is reduced, 
the signal correlation will be higher. 

Delta Modulator 

The Delta Modulator comprises of a 1-bit quantizer and a delay 

circuit along with two summer circuits. Following is the block 
diagram of a delta modulator. 

3.6 Delta Modulation DM  
 



                             
                              Fig 3.20 DM Modulator 

 

The predictor circuit in DPCM is replaced by a simple delay circuit 

in DM. 

From the above diagram, we have the notations as  

 x(nTs) = over sampled input 

 ep(nTs) = summer output and quantizer input 
 eq(nTs) = quantizer output = v(nTs) 

 x^(nTs) = output of delay circuit 
 u(nTs) = input of delay circuit 

 

Using these notations, now we shall try to figure out the process of 

delta modulation. 

ep(nTs)=x(nTs)−x^(nTs)       ----eqn 1 

 
=x(nTs)−u([n−1]Ts) 

 
=x(nTs)−[xˆ[[n−1]Ts]+v[[n−1]Ts]]   ----eqn 2 

Further, 

        v(nTs)=eq(nTs)=S.sig.[ep(nTs)]      ------eqn 3 

 
u(nTs)=x^(nTs)+eq(nTs) 

Where, 

 x^(nTs) = the previous value of the delay circuit 
 eq(nTs) = quantizer output = v(nTs)v(nTs) 



Hence, 

                    u(nTs)=u([n−1]Ts)+v(nTs)       ------eqn 4 

Which means, 

The present input of the delay unit is equal to   

The previous output of the delay unit   (+)  The present quantizer 

output. 

Assuming zero condition of Accumulation, 

              n 
u(nTs)=S∑ sig[ep(jTs)] 

                            j=1 
 

Accumulated version of DM output  
 

    n 
=  ∑ v(jTs)              ---           eqn 5 

                  j=1 

Now, note that 

x^(nTs)=u([n−1]Ts) 
 

       n-1 

=      ∑  v(jTs)              ---           eqn 6 
                      j=1 

 
 

Delay unit output is an Accumulator output lagging by one sample. 

From eqns 5 & 6, we get a possible structure for the demodulator. 

A Stair-case approximated waveform will be the output of the delta 
modulator with the step-size as delta (Δ). The output quality of the 

waveform is moderate. 

Delta Demodulator 

The delta demodulator comprises of a low pass filter, a 

summer, and a delay circuit. The predictor circuit is eliminated here 

and hence no assumed input is given to the demodulator. 

Following is the diagram for delta demodulator. 



                      
 

                            Fig 3.21 DM Demodulator 

 

From the above diagram, we have the notations as  

 v^(nTs) is the input sample 

 u^(nTs) is the summer output 
 x¯(nTs) is the delayed output 

 

A binary sequence will be given as an input to the demodulator. The 

stair-case approximated output is given to the LPF. 

Low pass filter is used for many reasons, but the prominent reason 

is noise elimination for out-of-band signals. The step-size error that 
may occur at the transmitter is called granular noise, which is 

eliminated here. If there is no noise present, then the modulator 
output equals the demodulator input. 

Advantages of DM Over DPCM 

 1-bit quantizer 

 Very easy design of the modulator and the demodulator 

However, there exists some noise in DM. 

 Slope Over load distortion (when Δ is small) 

 Granular noise (when Δ is large) 

 

 
 

 
 

 
 



 
 
 

 

A line code is the code used for data transmission of a digital signal 

over a transmission line. This process of coding is chosen so as to 
avoid overlap and distortion of signal such as inter-symbol 

interference. 

Properties of Line Coding 

Following are the properties of line coding  

 As the coding is done to make more bits transmit on a single 

signal, the bandwidth used is much reduced. 

 For a given bandwidth, the power is efficiently used. 

 The probability of error is much reduced. 

 Error detection is done and the bipolar too has a correction 

capability. 

 Power density is much favorable. 

 The timing content is adequate. 

 Long strings of 1s and 0s is avoided to maintain transparency. 

 

Types of Line Coding 

There are 3 types of Line Coding 

 Unipolar 

 Polar 

 Bi-polar 

Unipolar Signaling 

Unipolar signaling is also called as On-Off Keying or 

simply OOK. 

The presence of pulse represents a 1 and the absence of pulse 

represents a 0. 

There are two variations in Unipolar signaling  

 Non Return to Zero NRZ 

 Return to Zero RZ 

3.7 Line Codes  
 



Unipolar Non-Return to Zero NRZ 

In this type of unipolar signaling, a High in data is represented 
by a positive pulse called as Mark, which has a duration T0 equal to 

the symbol bit duration. A Low in data input has no pulse. 

The following figure clearly depicts this. 

 
              Fig 3.22 Unipolar Non-Return to Zero Waveform 

 

Advantages 

The advantages of Unipolar NRZ are  

 It is simple. 

 A lesser bandwidth is required. 

Disadvantages 

The disadvantages of Unipolar NRZ are  

 No error correction done. 

 Presence of low frequency components may cause the signal 

droop. 

 No clock is present. 

 Loss of synchronization is likely to occur (especially for long 
strings of 1s and 0s). 



Unipolar Return to Zero RZ 

In this type of unipolar signaling, a High in data, though 
represented by a Mark pulse, its duration T0 is less than the symbol 

bit duration. Half of the bit duration remains high but it 
immediately returns to zero and shows the absence of pulse during 

the remaining half of the bit duration. 

It is clearly understood with the help of the following figure. 

 
 

  
                   Fig 3.23 Unipolar Return to Zero Waveform 

 

Advantages  

The advantages of Unipolar RZ are  

 It is simple. 

 The spectral line present at the symbol rate can be used as a 
clock. 

Disadvantages 

The disadvantages of Unipolar RZ are  

 No error correction. 

 Occupies twice the bandwidth as unipolar NRZ. 

 The signal droop is caused at the places where signal is non-

zero at 0 Hz. 



Polar Signaling 

There are two methods of Polar Signaling. They are  

 Polar NRZ 

 Polar RZ 

Polar NRZ 

In this type of Polar signaling, a High in data is represented by a 

positive pulse, while a Low in data is represented by a negative 

pulse. The following figure depicts this well. 

 
                  Fig 3.24 Polar Non-Return to Zero Waveform 

 

Advantages 

The advantages of Polar NRZ are  

 It is simple. 

 No low-frequency components are present. 

Disadvantages 

The disadvantages of Polar NRZ are  

 No error correction. 

 No clock is present. 

 The signal droop is caused at the places where the signal is 
non-zero at 0 Hz. 



Polar RZ 

In this type of Polar signaling, a High in data, though 

represented by a Mark pulse, its duration T0 is less than the symbol 

bit duration. Half of the bit duration remains high but it 
immediately returns to zero and shows the absence of pulse during 

the remaining half of the bit duration. 

However, for a Low input, a negative pulse represents the data, and 

the zero level remains same for the other half of the bit duration. 
The following figure depicts this clearly. 

 
                        Fig 3.25 Polar Return to Zero Waveform 

Advantages 

The advantages of Polar RZ are  

 It is simple. 

 No low-frequency components are present. 

Disadvantages 

The disadvantages of Polar RZ are  

 No error correction. 

 No clock is present. 

 Occupies twice the bandwidth of Polar NRZ. 

 The signal droop is caused at places where the signal is non-

zero at 0 Hz. 



Bipolar Signaling 

This is an encoding technique which has three voltage levels 

namely +, - and 0. Such a signal is called as duo-binary signal. 

An example of this type is Alternate Mark Inversion AMIAMI. For 
a 1, the voltage level gets a transition from + to – or from – to +, 

having alternate 1s to be of equal polarity. A 0 will have a zero 
voltage level. 

Even in this method, we have two types. 

 Bipolar NRZ 

 Bipolar RZ 

From the models so far discussed, we have learnt the difference 

between NRZ and RZ. It just goes in the same way here too. The 
following figure clearly depicts this. 

 
 

                  Fig 3.26 Bi-Polar NRZ & RZ Waveform 

 

The above figure has both the Bipolar NRZ and RZ waveforms. The 
pulse duration and symbol bit duration are equal in NRZ type, while 

the pulse duration is half of the symbol bit duration in RZ type. 



Advantages 

 

 It is simple. 

 No low-frequency components are present. 

 Occupies low bandwidth than unipolar and polar NRZ schemes. 

 This technique is suitable for transmission over AC coupled 

lines, as signal drooping doesn‘t occur here. 

 A single error detection capability is present in this. 

 

Disadvantages 

 

 No clock is present. 

 Long strings of data causes loss of synchronization. 

 

 
 

 
 

 
 

 
 

 
 
 

 
 

 
 

 
 

 
 

 
 

 
 

 



 
 
 

 
Noise Consideration in PCM Systems  

 
Two major noise sources in PCM systems. They are  

 

 (Message-independent) Channel noise  

 (Message-dependent) Quantization noise  

 
The quantization noise is often under designer‘s control, and can be 
made negligible by taking adequate number of quantization levels. 

 
The main effect of channel noise is to introduce bit errors. Notably, 

the symbol error rate is quite different from the bit error rate. A 
symbol error may be caused by one-bit error, or two bit error, or 

three-bit error, or …; so, in general, one cannot derive the symbol 
error rate from the bit error rate (or vice versa) unless some special 

assumption is made.  
 

Considering the reconstruction of original analog signal, a bit error in 
the most significant bit is more harmful than a bit error in the least 

significant bit 
 

Error Threshold (Eb/N0) 
 

Eb: Transmitted signal energy per information bit  
 

E.g., information bit is encoded using three-times repetition code, in 
which each code bit is transmitted using one BPSK symbol with 
symbol energy Ec.  

 
Then Eb = 3 Ec.  

 
N0: One-sided noise spectral density  

 
The bit error rate (BER) is a function of Eb/N0 and transmission 

speed (and implicitly bandwidth, etc). 
 

 
 

 

3.8 Noise Consideration in PCM 
 



Influence of Eb/N0 on BER at 105 bit per second (bps)  
 

 
 
The usual requirement of BER in practice is 10-5. 

 
 
Error threshold: The minimum Eb/N0 to achieve the required BER. 

 
By knowing the error threshold, one can always add a regenerative 

repeater when Eb/N0 is about to drop below the threshold; hence, 
long-distance transmission becomes feasible.  

 
Unlike the analog transmission, of which the distortion will 

accumulate for long-distance transmission. 
 

 
 

 
 

 
 

 
 

 
 
 

 
 

 
 

 



 
 
 

In FDM, multiple signals are transmitted over a single channel, each 
signal being allocated a portion of the spectrum within that 

bandwidth.   
 

In time-division multiplexing (TDM), each signal occupies the entire 
bandwidth of the channel.  Each signal is transmitted for only a brief 

period of time. 
 

An important feature of sampling process is a conservation of-time. 
In principle, the communication link is used only at the sampling 

time instances. Hence, it may be feasible to put other message‘s 
samples between adjacent samples of this message on a time-shared 

basis. This forms the time-division multiplex (TDM) system. A joint 
utilization of a common communication link by a plurality of 

independent message sources. 
 
 

                          
                      Fig 3.27 Basic Multiplexing Switch 

 

The rotary switch is a manual switch that can be used to select 
individual data or signal lines simply by turning its inputs ―ON‖ or 

―OFF‖.In digital electronics, multiplexers are constructed from 
individual analog switches encased in a single IC package as 

compared to the ―mechanical‖ type selectors such as normal 
conventional switches and relays. 

Generally, the selection of each input line in a multiplexer is 
controlled by an additional set of inputs called control lines and 

according to the binary condition of these control inputs, either 
―HIGH‖ or ―LOW‖ the appropriate data input is connected directly to 

the output. 

3.9 Time Division Multiplexing 



Normally, a multiplexer has an even number of 2N data input lines 
and a number of ―control‖ inputs that correspond with the number of 
data inputs. 

 

 
Fig 3.28 Single- Channel PCM-TDM System 

 
 

 

    
 

Fig 3.29 Two Channel PCM-TDM System 

 
 

Block Diagram shows the simplified block diagram for a PCM carrier 
system comprised of two DS-0 channels that have been time division 

multiplexed. Each channel input is sampled at an 8KHz rate and 
then converted to an eight bit PCM code. While PCM code for channel 

1 is being transmitted.  Channel 2 is sampled and converted to a 



PCM code. While the PCM code from channel 2 is being transmitted, 
the next sample is taken from channel 1 and converted to PCM code. 
 

The process continues and samples are taken alternately from each 
channel, converted to PCM codes and transmitted. 

 
Multiplexer is simply an electronically controlled digital switch with 

two inputs and one output. Channel 1 and channel 2 are alternately 
selected and connected to transmission line through the multiplexer. 

 

                                           
                                      Fig 3.30 TDMA Frame 
 
One 8-bit PCM code from each channel (16-bits total) is called a  

TDM frame, and time it takes to transmit one TDM frame is called 
frame time.   

 
Frame time is reciprocal of sample rate (1/fs) or 1/8000 =125μs. 

 
The PCM code for each channel occupies a fixed time slot within the 

total TDM frame. 
 

With Two channel system, one sample is taken from each channel 
during each frame, and time allocated to transmit PCM bits from 

each channel is equal to one half the total frame time. Therefore eight 
bits from each channel must be transmitted during each frame (a 

total of 16 PCM bits per frame). Thus line speed at output of 
multiplexer is 

 

 
 

Each channel is producing and transmitting only 64Kbps, the bits 
must be clocked out onto line at a 128 KHz rate to allow eight bits 
from each channel to be transmitted in a 1211μs time slot. 

 
 

 



 
Synchronization is essential for a satisfactory operation of the TDM 
system.  

One possible procedure to synchronize the transmitter clock and the 
receiver clock is to set aside a code element or pulse at the end of a 

frame, and to transmit this pulse every other frame only. 
 

                    

                     
 

                                 Fig 3.31 TDMA Frame 
 

 
 

 
 

 
 

 
 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 

 



 
 
 

The introduction of digital multiplexer enables us to combine digital 
signals of various natures, such as computer data, digitized voice 

signals, digitized facsimile and television signals. 
 

 
                               Fig 3.32 Digital Multiplexer 
 

The multiplexing of digital signals is accomplished by using a bit-by-
bit interleaving procedure with a selector switch that sequentially 

takes a (or more) bit from each incoming line and then applies it to 
the high-speed common line. 

 
 

 
             Fig 3.33 Digital Multiplexer using bit-by-bit 
 

 
Digital multiplexers are categorized into two major groups.  

 
1st Group:  

Multiplex digital computer data for TDM transmission over 
public switched telephone network. n Require the use of modem 

technology.  
 

3.10 Digital Multiplexers 



2nd Group:  
Multiplex low-bit-rate digital voice data into high-bit-rate voice 

stream. Accommodate in the hierarchy that is varying from one 

country to another.  
 

Usually, the hierarchy starts at 64 Kbps, named a digital signal zero 
(DS0). 

 
 

POST-MCQ: 
 

1.The signals which are obtained by encoding each quantized signal 
into a digital word is called as 

a) PAM signal 
b) PCM signal 

c) FM signal 
d) Sampling and quantization 

 
2.Quantization noise can be reduced by ________ the number of 
levels. 

a) Decreasing 
b) Increasing 

c) Doubling 
d) Squaring 

 
3.In PCM the samples are dependent on ________ 

a) Time 
b) Frequency 

c) Quanization leavel 
d) Interval between quantization level 

 
4.Which pulse modulation technique is least expensive? 

a) Pulse amplitude modulation 
b) Pulse width modulation 

c) Pulse position modulation 
d) Pulse code modulation 

 
5.Which of the following is the process of ‗aliasing‘? 
a) Peaks overlapping 

b) Phase overlapping 
c) Amplitude overlapping 

d) Spectral overlapping 
 



6.Which of the following is false with respect to pulse position 
modulation? 
a) Can be transmitted in broadband 

b) Modulates a high frequency carrier 
c) Pulse is narrow 

d) Pulse width changes in accordance with the amplitude of 
modulating signal 

  
7.DPCM encodes the PCM values based on 

a) Quantization level 
b) Difference between the current and predicted value 

c) Interval between levels 
d) None of the mentioned 

 
8.Delta modulation uses _____ bits per sample. 

a) One 
b) Two 

c) Four 
d) Eight 
 

9.Which provides constant delay? 
a) Synchronous TDM 

b) Non synchronous TDM 
c) Synchronous & Non synchronous TDM 

d) None of the mentioned 
 

10.Which is based on orthogonality? 
a) TDM 

b) FDM 
c) TDM & FDM 

d) None of the mentioned 
 

Applications:  

 It is used in the satellite transmission system. 

 It is also used in space communication. 

 Used in Telephony. 

 One of the recent applications is the compact disc. 

 It used in ISDN (Integrated Services Digital Network) telephone 

lines. 

 It is used in PSTN (public switched telephone network). 



 It is used for some telephone system. 

 It is used in wire line telephone lines. 

 
CONCLUSION: 

Upon completion of this, Students should be able to 
 

 Understand the sampling techniques. 
 Understand the Pulse code Modulation technique. 

 Understand the Line code technique. 
 Understand the TDM , Multiplexers. 
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ASSIGNMENT: 
 

1. Explain sampling techniques. 
2. Explain about PAM,PPM and PWM. 

3. Explain about PCM and DPCM. 
4. Explain about DM. 
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AIM & OBJECTIVES  

 To understand the fundamental concepts digital modulation. 
 To understand detection Techniques. 

 To understand probability of error. 
 

 
PRE-TEST MCQ 

 
1. The process of data conversion along with formatting the data is 

called as ______ 
a) Formatting 

b) Modulation 
c) Source coding 

d) Amplifying 
 

2. Formatting is the process which includes 

a) Pulse code modulation 
b) Sampling 

c) Quantization 
d) All of the mentioned 

 
3. Analog information is converted to digital data using 

a) Sampling 
b) Quantization 

c) Coding 
d) All of the mentioned 

 
4. What are the characteristics of an ideal transmission line? 

a) Different amplitude 
b) No distortion 

c) Time delay 
d) All of the mentioned 

 
5. Noise has 

a) Infinite energy 

b) Infinite power 
c) Infinite energy & power 

d) None of the mentioned 
 

     UNIT-4 BASEBAND MODULATION TECHNIQUES 



6. What conditions must be fulfilled in a good digital 
communication system? 
a) High data rate 

b) High fidelity 
c) Low transmit power 

d) All of the mentioned 
 

7. Wired channels are 
a) Lossy 

b) Lossless 
c) Lossy & Lossless 

d) None of the mentioned 
 

8. A signal can be recovered from its sample by using 
a) Low pass filter 

b) High pass filter 
c) Band pass filter 

d) Band stop filter 
 
 

9. In the digital communication system, signals in different 
frequency bands are 

a) Orthogonal 
b) Non orthogonal 

c) Orthogonal & Non orthogonal 
d) None of the mentioned 

 
10. A band-pass signal has 

 
a) DC component 

b) No DC component 
c) No side lobes 

d) Cannot be determined 
 

 
 

PREREQUISITES 
Basic Knowledge of Electronic Devices, Digital System Design, 

Information theory. 

 
 

 
 



 
 
 

 

In baseband transmission, the data bits are directly converted into 

signals. Generally a higher voltage level represents the bit 1, while a 
lower voltage level represents bit 0. 

The different encoding schemes are shown in the diagram. Among 
these, the first three are come in the category of polar encoding. In 

polar signaling, one logical state is represented by only one voltage 
state. In bipolar schemes, two voltage levels may be used to represent 

a logical state. 

Baseband transmission of digital data requires the use of a low-pass 

channel with a bandwidth large enough to accommodate the 
essential frequency content of the data stream. Typically, however, 

the channel is dispersive in that its frequency response deviates from 
that of an ideal low-pass filter. 

Transmission of digital data (bit stream) over a noisy baseband 
channel typically suffers two channel imperfections: 

Intersymbol interference (ISI)   

Background noise (e.g., AWGN)  

These two interferences/noises often occur simultaneously.  

However, for simplicity, they are often separately considered in 
analysis. 

Matched Filter   

Matched filter is a device for the optimal detection of a digital 

pulse. It is so named because the impulse response of the matched 
filter matches the pulse shape.  

 

                              Fig 4.1 System model without ISI 

4.1 Baseband transmission of digital data 



To find h(t) such that the output signal-to-noise ratio SNRO is 
maximized. 
 

                

 
 

 
 
 



Cauchy-Schwarz inequality: 
 

 
 
By Cauchy-Schwarz inequality, 

 
 
This is a constant bound, independent of the choice of h(t). Hence, 

the optimal η is achieved by: 
 

 
 

Properties of Matched Filter: 
 

The maximum output signal-to-noise ratio only depends on the 
energy of the input, and is nothing to do with the pulse shape itself. 

n Namely, whether the pulse shape is sinusoidal, rectangular, 
triangular, etc is irrelevant to the maximum output signal-to-noise 
ratio, as long as these pulse shapes have the same energy. 

 

 
 

 
 

 
 

 
 



 
 
 

 
Intersymbol interference (ISI) is a form of distortion of a signal 

in which one symbol interferes with subsequent symbols. This is an 
unwanted phenomenon as the previous symbols have similar effect 

as noise, thus making the communication less reliable. 
 

Rectangular pulses are suitable for infinite-bandwidth channels 
(practically – wideband). Practical channels are band-limited, pulses 

spread in time and are smeared into adjacent slots. This is 
intersymbol interference (ISI). 

 
Intersymbol interference is a signal distortion in telecommunication. 

One or more symbols can interfere with other symbols causing noise 
or a less reliable signal. The main causes of intersymbol interference 

are multipath propagation or non-linear frequency in channels. This 
has the effect of a blur or mixture of symbols, which can reduce 
signal clarity.  

 
If intersymbol interference occurs within a system, the receiver 

output becomes erroneous at the decision device. This is an 
unfavorable result that should be reduced to the most minimal 

amount possible. Error rates from intersymbol interference are 
minimized through the use of adaptive equalization techniques and 

error correcting codes. 
 

              
 

                                 Fig 4.2 Intersymbol Interference 
 

4.2 Inter Symbol interference (ISI) problem-Nyquist channel 



 
Multipath propagation causes intersymbol interference when a 
wireless signal being transmitted reaches a receiver through different 

paths. This commonly occurs when reflected signals bounce off of 
surfaces, when the wireless signal refracts through obstacles, and 

because of atmospheric conditions. These paths have different 
lengths before reaching the receiver, thus creating different versions 

that reach at different time intervals. The delay in symbol 
transmission will interfere with correct symbol detection. The 

amplitude and or phase of the signal can be distorted when the 
different paths are received for additional interference. 

 
This non-ideal communication channel is also called dispersive 

channel. The result of these deviation is that the received pulse 
corresponding to a particular data symbol is affected by the previous 

symbols and subsequent symbols 
 

               
 
                             Fig 4.3 Intersymbol Interference 

 
Two scenarios  

 
I. The effect of ISI is negligible in comparison to that of channel 

noise. • use a matched filter, which is the optimum linear time 
invariant filter for maximizing the peak pulse signal to-noise ratio.  

 
II. The received S/N ratio is high enough to ignore the effect of 

channel noise (For example, a telephone system) • control the shape 
of the received pulse 

 



Consider a binary system, the incoming binary sequence (bk) consists 
of symbols 1 and 0, each of duration Tb. The pulse amplitude 
modulator modifies this binary sequence into a new sequence of 

short pulses (approximating a unit impulse), whose amplitude ak is 
represented in the polar form 

 
  

Ak =    +1 if bk=1 
         -1 if bk=0 

 
 

                  
                                     Fig 4.4 Binary system 

 

 
 

The short pulses are applied to a transmit filter of impulse response 
g(t), producing the transmitted signal 

 

                                              
 
The signal s(t) is modified as a result of transmission through the 

channel of impulse response h(t).In addition, the channel adds 
random noise to the signal 



                  
 

 
The noisy signal is then passed through a receive filter of impulse 

response .The resulting output is sampled and reconstructed by 
means of a decision device.  
 

 

                  
 

 

             
 
 

 
 

 



The sampled output is 

        
 
The residual effect of all other transmitted bits.  This effect is called 

intersymbol interference. 
 

Convenient way to observe the effect of ISI and channel noise on an 
oscilloscope. 

 
 

                    Fig 4.5 Effect of ISI and channel noise 
 

Eye Diagram: 
Oscilloscope presentations of a signal with multiple sweeps 

(triggered by a clock signal!), each is slightly larger than symbol 

interval.  



 
Quality of a received signal may be estimated.  
 

Normal operating conditions (no ISI, no noise) -> eye is open.  
 

Large ISI or noise -> eye is closed.  
 

Timing error allowed – width of the eye, called eye opening (preferred  
sampling time – at the largest vertical eye opening).  

 
Sensitivity to timing error -> slope of the open eye evaluated at the 

zero crossing point.  
 

Noise margin -> the height of the eye opening. 
 

                       
                                     Fig 4.6 Eye Diagram 

 
 

Distortionless Transmission: 
  

In a digital transmission system, the frequency response of the 
channel h(t) is specified. We need to determine the frequency 

responses of the transmit g(t) and receive filter c(t) so as to 
reconstruct the original binary data sequence (bk) 

 
 



           
          Fig 4.6 Digital transmission system 

 

 
Distortionless transmission 

 
 
Example  

 



Ideal Nyquist Channel: 
 

 
 

P(t) =sin(2Wt) / 2Wt 
 

The special value of the bit rate is called the Nyquist rate, and W is 
called the Nyquist bandwidth.  

This ideal baseband pulse system is called the ideal Nyquist channel 
 

Zero ISI: sinc Pulse  
 

Example: s(t) = sinc (fot)  , s(nT) = sinc (n) = 0 , n ≠ 0.    
 

Hence, sinc pulse allows to eliminate ISI at sampling instants. 
However, it has some serious drawbacks.  

       
                                     Fig 4.7 Sinc Pulse 



 
Pulses that satisfy Nyquist‘s Zero ISI Criterion  
 

A minimum bandwidth system satisfying the Nyquist criterion has a 
rectangular shape from -1/2T to 1/2T.  

 
Any filter that has an excess bandwidth with odd symmetry around 

Nyquist frequency (1/2T) also satisfies the requirement.  
 

A family of such filters is known as raised cosine filters. Raised 
cosine pulse produces signal with bandwidth (1/2Ts)(1+α), where α is 

the roll-off factor. 
 

 
 

 
 

 
 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 
 

 
 

 
 



 
 
 

 

Digital Modulation provides more information capacity, high data 

security, quicker system availability with great quality 
communication. Hence, digital modulation techniques have a greater 

demand, for their capacity to convey larger amounts of data than 
analog modulation techniques. 

There are many types of digital modulation techniques and also 
their combinations, depending upon the need. Of them all, we will 

discuss the prominent ones. 

ASK – Amplitude Shift Keying 

The amplitude of the resultant output depends upon the input 

data whether it should be a zero level or a variation of positive and 

negative, depending upon the carrier frequency. 

FSK – Frequency Shift Keying 

The frequency of the output signal will be either high or low, 

depending upon the input data applied. 

PSK – Phase Shift Keying 

The phase of the output signal gets shifted depending upon the 

input.  
 

These are mainly of two types, namely Binary Phase Shift Keying 
BPSK and Quadrature Phase Shift Keying QPSK, according to the 

number of phase shifts.  
 

The other one is Differential Phase Shift Keying DPSK which 
changes the phase according to the previous value. 

M-ary Encoding 

M-ary Encoding techniques are the methods where more than 

two bits are made to transmit simultaneously on a single signal. 
This helps in the reduction of bandwidth. 

The types of M-ary techniques are  

 M-ary ASK     

 M-ary FSK             

 M-ary PSK 

4.3 Binary Amplitude shift keying(ASK) 



Amplitude Shift Keying ASK is a type of Amplitude Modulation 
which represents the binary data in the form of variations in the 
amplitude of a signal. 

Any modulated signal has a high frequency carrier. The binary 
signal when ASK modulated, gives a zero value for Low input while it 

gives the carrier output for High input. 

The following figure represents ASK modulated waveform along with 

its input. 

                    
                                           

Fig 4.8 ASK waveform 

 

To find the process of obtaining this ASK modulated wave, let us 
learn about the working of the ASK modulator. 

ASK Modulator 

The ASK modulator block diagram comprises of the carrier 

signal generator, the binary sequence from the message signal and 
the band-limited filter. Following is the block diagram of the ASK 

Modulator. 

                              
                                        Fig 4.9 ASK Generation 



The carrier generator sends a continuous high-frequency carrier. 
The binary sequence from the message signal makes the unipolar 
input to be either High or Low. The high signal closes the switch, 

allowing a carrier wave. Hence, the output will be the carrier signal 
at high input. When there is low input, the switch opens, allowing 

no voltage to appear. Hence, the output will be low. 

The band-limiting filter shapes the pulse depending upon the 

amplitude and phase characteristics of the band-limiting filter or the 
pulse-shaping filter. 

ASK Demodulator 

There are two types of ASK Demodulation techniques. They are  

 Asynchronous ASK Demodulation/detection 

 Synchronous ASK Demodulation/detection 

The clock frequency at the transmitter when matches with the clock 

frequency at the receiver, it is known as a Synchronous method, as 

the frequency gets synchronized. Otherwise, it is known 
as Asynchronous. 

Asynchronous ASK Demodulator 

The Asynchronous ASK detector consists of a half-wave rectifier, a 

low pass filter, and a comparator. Following is the block diagram for 

the same. 

          
                       Fig 4.10 Asynchronous ASK Demodulator 

 

The modulated ASK signal is given to the half-wave rectifier, which 

delivers a positive half output. The low pass filter suppresses the 
higher frequencies and gives an envelope detected output from 

which the comparator delivers a digital output. 



Synchronous ASK Demodulator 

Synchronous ASK detector consists of a Square law detector, 

low pass filter, a comparator, and a voltage limiter. Following is the 

block diagram for the same. 

 
                       Fig 4.11 Synchronous ASK Demodulator 

 

The ASK modulated input signal is given to the Square law detector. 
A square law detector is one whose output voltage is proportional to 

the square of the amplitude modulated input voltage. The low pass 
filter minimizes the higher frequencies. The comparator and the 

voltage limiter help to get a clean digital output. 

 

 
 

 
 

 
 

 
 

 
 

 
 
 

 
 

 
 

 
 



 
 
 

 
Frequency Shift Keying FSK is the digital modulation 

technique in which the frequency of the carrier signal varies 
according to the digital signal changes. FSK is a scheme of 

frequency modulation. 

The output of a FSK modulated wave is high in frequency for a 

binary High input and is low in frequency for a binary Low input. 
The binary 1s and 0s are called Mark and Space frequencies. 

The following image is the diagrammatic representation of FSK 
modulated waveform along with its input. 

 
 
                                   Fig 4.12  FSK waveform 

 

To find the process of obtaining this FSK modulated wave, let us 

know about the working of a FSK modulator. 

 

FSK Modulator 

The FSK modulator block diagram comprises of two oscillators 

with a clock and the input binary sequence. Following is its block 
diagram. 

4.4 Frequency Shift Keying(FSK) 



         
                                    Fig 4.13 FSK Transmitter 

The two oscillators, producing a higher and a lower frequency 

signals, are connected to a switch along with an internal clock. To 
avoid the abrupt phase discontinuities of the output waveform 
during the transmission of the message, a clock is applied to both 

the oscillators, internally. The binary input sequence is applied to 
the transmitter so as to choose the frequencies according to the 

binary input. 

FSK Demodulator 

The main methods of FSK detection are asynchronous 

detector and synchronous detector. The synchronous detector is a 

coherent one, while asynchronous detector is a non-coherent one. 

Asynchronous FSK Detector 

The block diagram of Asynchronous FSK detector consists of 

two band pass filters, two envelope detectors, and a decision circuit. 

Following is the diagrammatic representation. 

              
                  Fig 4.14 Asynchronous FSK Detector 
 



The FSK signal is passed through the two Band Pass Filters BPFs, 
tuned to Space and Mark frequencies. The output from these two 
BPFs look like ASK signal, which is given to the envelope detector. 

The signal in each envelope detector is modulated asynchronously. 

The decision circuit chooses which output is more likely and selects 

it from any one of the envelope detectors. It also re-shapes the 
waveform to a rectangular one. 

Synchronous FSK Detector 

The block diagram of Synchronous FSK detector consists of two 

mixers with local oscillator circuits, two band pass filters and a 
decision circuit. Following is the diagrammatic representation. 

                    
                    Fig 4.15 Synchronous FSK Detector 

 

The FSK signal input is given to the two mixers with local oscillator 

circuits. These two are connected to two band pass filters. These 
combinations act as demodulators and the decision circuit chooses 

which output is more likely and selects it from any one of the 
detectors. The two signals have a minimum frequency separation. 

For both of the demodulators, the bandwidth of each of them 
depends on their bit rate. This synchronous demodulator is a bit 
complex than asynchronous type demodulators. 

 
 

 
 

 
 



 
 
 

 
Phase Shift Keying PSK is the digital modulation technique in 

which the phase of the carrier signal is changed by varying the sine 
and cosine inputs at a particular time. PSK technique is widely used 

for wireless LANs, bio-metric, contactless operations, along with 
RFID and Bluetooth communications. 

PSK is of two types, depending upon the phases the signal gets 
shifted. They are − 

Binary Phase Shift Keying BPSK 

This is also called as 2-phase PSK or Phase Reversal Keying. In 

this technique, the sine wave carrier takes two phase reversals such 
as 0° and 180°.BPSK is basically a Double Side Band Suppressed 

Carrier DSBSC modulation scheme, for message being the digital 
information. 

Quadrature Phase Shift Keying QPSK 
This is the phase shift keying technique, in which the sine wave 

carrier takes four phase reversals such as 0°, 90°, 180°, and 270°.If 

this kind of techniques are further extended, PSK can be done by 
eight or sixteen values also, depending upon the requirement. 

BPSK Modulator 

The block diagram of Binary Phase Shift Keying consists of the 

balance modulator which has the carrier sine wave as one input and 
the binary sequence as the other input. Following is the 

diagrammatic representation. 

            
                         Fig 4.16 BPSK Modulator 

4.5 Phase Shift Keying (PSK) 



The modulation of BPSK is done using a balance modulator, which 
multiplies the two signals applied at the input. For a zero binary 
input, the phase will be 0° and for a high input, the phase reversal 

is of 180°. 

Following is the diagrammatic representation of BPSK Modulated 

output wave along with its given input. 

               
                        Fig 4.17 BPSK Modulated Waveform 

 
The output sine wave of the modulator will be the direct input 

carrier or the inverted 180°phaseshifted180°phaseshifted input 
carrier, which is a function of the data signal. 

BPSK Demodulator 

The block diagram of BPSK demodulator consists of a mixer 

with local oscillator circuit, a bandpass filter, a two-input detector 
circuit. The diagram is as follows. 

              
                          
                         Fig 4.18 BPSK Demodulator 



By recovering the band-limited message signal, with the help of the 
mixer circuit and the band pass filter, the first stage of 
demodulation gets completed. The base band signal which is band 

limited is obtained and this signal is used to regenerate the binary 
message bit stream. 

In the next stage of demodulation, the bit clock rate is needed at the 
detector circuit to produce the original binary message signal. If the 

bit rate is a sub-multiple of the carrier frequency, then the bit clock 
regeneration is simplified. To make the circuit easily 

understandable, a decision-making circuit may also be inserted at 
the 2nd stage of detection. 

The Quadrature Phase Shift Keying QPSK is a variation of BPSK, 
and it is also a Double Side Band Suppressed Carrier DSBSC 

modulation scheme, which sends two bits of digital information at a 
time, called as bigits. 

Instead of the conversion of digital bits into a series of digital 
stream, it converts them into bit pairs. This decreases the data bit 

rate to half, which allows space for the other users. 

QPSK Modulator 

The QPSK Modulator uses a bit-splitter, two multipliers with local 

oscillator, a 2-bit serial to parallel converter, and a summer circuit. 
Following is the block diagram for the same. 

                    
                               Fig 4.19 QPSK Modulator 

 

At the modulator‘s input, the message signal‘s even bits (i.e., 2nd bit, 
4th bit, 6th bit, etc.) and odd bits (i.e., 1st bit, 3rd bit, 5th bit, etc.) are 

separated by the bits splitter and are multiplied with the same 
carrier to generate odd BPSK (called as PSKI) and even BPSK (called 



as PSKQ). The PSKQ signal is anyhow phase shifted by 90° before 
being modulated. 

The QPSK waveform for two-bits input is as follows, which shows 

the modulated result for different instances of binary inputs. 

                   
                                    Fig 4.20 QPSK Waveform 

QPSK Demodulator 

The QPSK Demodulator uses two product demodulator circuits 

with local oscillator, two band pass filters, two integrator circuits, 

and a 2-bit parallel to serial converter. Following is the diagram for 
the same. 

             
                            Fig 4.21 QPSK Demodulator 

 

The two product detectors at the input of demodulator 
simultaneously demodulate the two BPSK signals. The pair of bits 

are recovered here from the original data. These signals after 
processing are passed to the parallel to serial converter. 

 



 

 

 

Quadrature amplitude modulation (QAM) is modulation 
techniques that we can utilize in analog modulation concept and 

digital modulation concept. Depending upon the input signal form 
we can use it in either analog or digital modulation schemes. In 

QAM, we can modulate two individual signals and transmitted to the 
receiver level. And by using the two input signals, the channel 

bandwidth also increases. QAM can able to transmit two message 
signals over the same channel. This QAM technique also is known 

as ―quadrature carrier multiplexing‖. 

 

QAM can be defined as it is s a modulation technique that is used to 
combine two amplitude modulated waves into a single channel to 

increase the channel bandwidth. 

 

 

                        Fig 4.22 QAM Transmitter 

 

In the QAM transmitter, the above section i.e., product modulator1 
and local oscillator are called the in-phase channel and product 

modulator2 and local oscillator are called a quadrature channel. 
Both output signals of the in-phase channel and quadrature channel 

are summed so the resultant output will be QAM. 

4.6 Quadrature amplitude modulation (QAM) 



At the receiver level, the QAM signal is forwarded from the upper 
channel of receiver and lower channel, and the resultant signals of 
product modulators are forwarded from LPF1 and LPF2. 

These LPF‘s are fixed to the cut off frequencies of input 1 and input 2 
signals. Then the filtered outputs are the recovered original 

 

 

                                   Fig 4.23 QAM Receiver 

 
The below waveforms are indicating the two different carrier signals 

of the QAM technique. 

                       
 

                            Fig 4.24 Input carriers of QAM 
 
 



The output waveform of QAM is shown below. 
 

                                     
                      
                                Fig 4.25 QAM output Waveform 
 

Advantages of QAM 

 One of the best advantages of QAM – supports a high data 

rate. So, the number of bits can be carried by the carrier 
signal.  

 Because of these advantages it preferable in wireless 
communication networks. 

 QAM‘s noise immunity is very high. Due to this noise 
interference is very less. 

 It has a low probability of error value. 

 QAM expertly uses channel bandwidth. 
 

Quadrature Amplitude Modulation Applications 

 The applications of QAM are mostly observed in radio 
communications and data delivery applications systems. 

 QAM technique has wide applications in the radio 

communications field because, as the increment of the data rate 
there is the chance of noise increment but this QAM technique 

is not affected by noise interference hence there is an easy mode 
of signal transmission can be possible with this QAM. 

 QAM has wide applications in transmitting digital signals like 

digital cable television and in internet services. 
 

 In cellular technology, wireless device technology quadrature 
amplitude modulation is preferred. 



 

 

Continuous phase modulation (CPM) is a constant-amplitude 
modulation scheme that is a generalization of continuous phase 

frequency shift-keying (CPFSK) or minimum shift-keying (MSK). The 
lack of phase discontinuities reduces high-frequency spectral 

content, making CPM a highly spectrally efficient scheme. 

One form of CPM that can result in significant coding gains is multi-

h phase coding, where h stands for the modulation index. This 
scheme is a generalization of CPFSK schemes because different 

phase changes result from the transmission of the same symbol in 
two contiguous symbol intervals. A mathematical representation of 
the signal during the ith interval, iT ≤ t  (i + 1)T, is expressed by the 

following formula: 

                    

where    Es is the symbol energy 

T is the symbol duration 

ωc is the carrier frequency in radians/second 

d and ω are the sequences that represent the M-ary information 
sequence 

The data phase terms diωi(t -iT) and φ correspond to the phase 
associated with the current data symbol and the phase accumulation 

due to the previous data symbol such that 

 

                   

and 

                                 

where    is the angular frequency corresponding to the 
modulation index used during the ith baud. The different values 

of h can be used between symbol intervals in a round robin fashion. 

 

4.7 Continuous Phase Modulation & Minimum Shift Keying 



Minimum shift keying, MSK, is a form frequency modulation based 
on a system called continuous-phase frequency-shift keying. 

Minimum shift keying, MSK offers advantages in terms of spectral 
efficiency when compared to other similar modes, and it also enables 

power amplifiers to operate in saturation enabling them to provide 
high levels of efficiency. 

Reason for Minimum Shift Keying, MSK 

It is found that binary data consisting of sharp transitions 

between "one" and "zero" states and vice versa potentially creates 
signals that have sidebands extending out a long way from the 

carrier, and this creates problems for many radio communications 
systems, as any sidebands outside the allowed bandwidth cause 

interference to adjacent channels and any radio communications 
links that may be using them. 

MSK, minimum shift keying has the feature that there are no phase 

discontinuities and this significantly reduces the bandwidth needed 
over other forms of phase and frequency shift keying. 

Minimum Shift Keying, MSK basics 

The problem can be overcome in part by filtering the signal, but 
is found that the transitions in the data become progressively less 

sharp as the level of filtering is increased and the bandwidth 
reduced.  

To overcome this problem GMSK is often used and this is based on 

Minimum Shift Keying, MSK modulation. The advantage of which is 
what is known as a continuous phase scheme. Here there are no 

phase discontinuities because the frequency changes occur at the 
carrier zero crossing points. 

When looking at a plot of a signal using MSK modulation, it can be 

seen that the modulating data signal changes the frequency of the 
signal and there are no phase discontinuities.  

This arises as a result of the unique factor of MSK that the frequency 

difference between the logical one and logical zero states is always 
equal to half the data rate. This can be expressed in terms of the 
modulation index, and it is always equal to 0.5. 

 

 



                   

Fig 4.26 Concept of a minimum shift keying, MSK signal 
 

MSK is a particularly effective form of modulation where data 

communications is required. Although QAM and PSK are used for 
many other systems, MWK is able to provide relatively efficient 

spectrum usage. As it is a form of frequency modulation, this enables 
RF power amplifiers to operate in saturation, thereby enabling them 

to operate as efficiently as possible. If amplitude variations are 
present these need to be preserved and amplifiers cannot run in 
saturation and this significantly limits the efficiency levels attainable. 

 

Minimum shift keying (MSK) is a special type of continuous 

phase-frequency shift keying (CPFSK) with h=0.5. A modulation 
index of 0.5 corresponds to the minimum frequency spacing that 

allows two FSK signals to be coherently orthogonal, and the name 
minimum shift keying implies the minimum frequency separation 

(i.e. bandwidth) that allows orthogonal detection. MSK has one of two 
possible frequencies over any symbol interval. 

 

        
In traditional FSK we use signals of two different frequencies fo and f1 

to transmit a message m=0 or m=1 over a time of Tb seconds. 
 

 
 
 

 



     
Figure 4.27 Signals with different degrees of discontinuity 

 

With ko and k1 integers, the signal is guaranteed to have continuous 
phase. Figure shows an example of a signal that is discontinuous, a 

signal with discontinuous phase and a signal with continuous phase. 
As phase-continuous signals in general have better spectral 

properties than signals that are not phase-continuous, we prefer to 
transmit signals that have this property.  

 
If either f0 or f1 are chosen such that there is a no-integer number of 

periods the traditional FSK modulator will output a signal with 
discontinuities in the phase. In order to maintain phase continuity, 

we can let the transmitter have memory. We choose the signals for a 
general CPSFSK transmitter to be 

 

 
We keep the phase continuous by letting θ (0) be equal to the 

argument of the cosine pulse for the previous bit interval. For the 
signals over an arbitrary bit interval,   kTb ≤ t < (k +1) kTb  

the general phase memory term is  θ (kTb) 
 

 



 
 
 

 
In digital communications, hypotheses are the possible messages 

and observations are the output of a channel. 
 

Based on the observed values of the channel output, we are 
interested in the best decision making rule in the sense of 

minimizing the probability of error. 
  

Detection theory concerns making decisions from data. Decisions are 
based on presumptive models that may have produced the data. 

Making a decision involves inspecting the data and determining 
which model was most likely to have produced them. In this way, we 

are detecting which model was correct. Decision problems pervade 
signal processing. In digital communications, for example, 

determining if the current bit received in the presence of channel 
disturbances was a zero or a one is a detection problem. More 
concretely, we denote by Mi the ith model that could have generated 

the data R. A "model" is captured by the conditional probability 
distribution of the data, which is denoted by the vector R.  

 
For example, model i is described by p R |Mi (r). Given all the models 

that can describe the data, we need to choose which model best 
matched what was observed. The word "best" is key here: what is the 

optimality criterion, and does the detection processing and the 
decision rule depend heavily on the criterion used? Surprisingly, the 

answer to the second question is "No." All of detection theory revolves 
around the likelihood ratio test. 

 
The Likelihood Ratio Test  

 
In a binary detection problem in which we have two models, 

four possible decision outcomes can result. Model M0 did in fact 
represent the best model for the data and the decision rule said it 

was (a correct decision) or said it wasn't (an erroneous decision). The 
other two outcomes arise when model M1 was in fact true with either 
a correct or incorrect decision made. The decision process operates 

by segmenting the range of observation values into two disjoint 
decision regions Z0 and Z1.  

 

4.8 Elements of detection theory 



All values of R fall into either Z0 or Z1. If a given R lies in Z0, we will 
announce our decision "model M0 was true"; if in Z1, model M1 would 
be proclaimed. To derive a rational method of deciding which model 

best describes the observations, we need a criterion to assess the 
quality of the decision process so that optimizing this criterion will 

specify the decision regions.  
 

The Bayes' decision criterion seeks to minimize a cost function 
associated with making a decision. Let Cij be the cost of mistaking 

model j for model i (i ≠ j) and Cii the presumably smaller cost of 
correctly choosing model i: Cij > Cii, I ≠ j.  

 
Let πi be the a priori probability of model i. The so-called Bayes' cost 
−C is the average cost of making a decision.  
 

                            
 
 

 
 

 
 
 



 
 
 

 
 

Far and away the most common decision problem in signal 
processing is determining which of several signals occurs in data 

contaminated by additive noise. Specializing to the case when one of 
two possible of signals is present, the data models are  

 

                                
 
where {si (l)} denotes the known signals and N (l) denotes additive 

noise modeled as a stationary stochastic process.  
 

This situation is known as the binary detection problem: distinguish 
between two possible signals present in a noisy waveform.  

 
We form the discrete-time observations into a vector:  

R = (R (0), . . . , R (L − 1))T .  
 
Now the models become  

   M0 : R = s0 + N  
   M1 : R = s1 + N  

 
To apply our detection theory results, we need the probability density 

of R under each model.  
 

As the only probabilistic component of the observations is the noise, 
the required density for the detection problem is given by 

 p R |Mi ( r ) = p N ( r − si )  
 

and the corresponding likelihood ratio by  
 

Λ (r) = p N ( r − s1 )  / p N ( r − s0 )  
 

Much of detection theory revolves about interpreting this likelihood 
ratio and deriving the detection threshold.  

 
Additive White Gaussian Noise  

By far the easiest detection problem to solve occurs when the 

noise vector consists of statistically independent, identically 

4.9 Optimum Detection of Signals in Noise 



distributed, Gaussian random variables, what is commonly termed 
white Gaussian noise. The mean of white noise is usually taken to be 
zero2 and each component's variance is σ2. The equal-variance 

assumption implies the noise characteristics are unchanging 
throughout the entire set of observations. The probability density of 

the noise vector evaluated at r − si equals that of a Gaussian random 
vector having independent components with mean si   

 

 
 
Coherent detection or Synchronous detection  

 
Basic Receiver Structure: 

 

 
 

 
A filter, sampler and threshold device. 

  
Sampled value compared against predetermined threshold and bit is 

detected.   
 

 



 Due to noise receiver makes error. Then error probability is 
determined. 
 

 Requires replica carrier at the receiver. 
 

 Received signal and replica carrier are cross correlated using 
information contained in their amplitude and phase. 

 
Optimum receiver: Yields minimum probability of error. 

 
Matched filter:  

 Optimum receiver is called matched filter when noise at receiver 
is white   

 Implemented as integrate and dump correlation receiver. 

 It has filter, sampler and threshold device 
 

 
Bit rate & Baud rate:  

 

 Bit rate is number of bits per sec  

 Baud rate is number of signal units per sec.  

 Baud rate is less than or equal to bit rate  

 Bit rate is important in computer efficiency.  

 Baud rate is important in data transmission.  
 

𝐵𝑎𝑢𝑑 𝑟𝑎𝑡𝑒 = 𝐵𝑖𝑡 𝑟𝑎𝑡𝑒  / 𝑁𝑜. 𝑜𝑓 𝑏𝑖𝑡𝑠 𝑝𝑒𝑟 𝑠𝑖𝑔𝑛𝑎𝑙 𝑢𝑛𝑖𝑡 
 

                                        = 𝐵𝑖𝑡 𝑟𝑎𝑡𝑒 / 𝑙𝑜𝑔2 M 

 

 

Example – The bit rate of signal is 3600. If each signal unit has 6 
bits, what is baud rate? 

 
 

Soln. 𝐵𝑎𝑢𝑑𝑟𝑎𝑡𝑒 = 3600 / 6 = 600 𝑏𝑎𝑢𝑑𝑠/𝑠𝑒c 
 
 
 
 
 

 
 



 
 
 

Probability of Error (Pe):   
 

Performance of digital communication system is measured in terms 
of probability of symbol error.   

 Pe ranges from 10-4 to 10-7 in practical systems.   

 Q (z) is the Q function, the area under normalized Gaussian 
function.   

 Now it is replacing earlier used error function.  

 A factor of √2 need be noticed between the two. 
 
 

                          
 

Geometric representation of Modulation Signal - Constellation 
diagram:   

 

 It is graphical representation of complex envelope of each 
possible symbol state.   

 X-axis represents in phase component  
 

 Y-axis quadrature component of the complex envelope.   
 

The distance between signals on a constellation diagram tells how 
different the modulation waveform are and how easily receiver can 

differentiate between then. 
 

 
 

4.10 Probability of error calculation 



Comparison of digital modulation schemes with Bandwidth and 
probability of error. (Pe ) 
 

It includes ASK, FSK and PSK. 
 

 
 

 

 
 
 

POST MCQ 
 

 
1. The coherent modulation techniques are 

a) PSK 
b) FSK 

c) ASK 
d) All of the mentioned 

 
 

 



2. The FSK signal which has a gentle shift from one frequency 
level to another is called as 
a) Differential PSK 

b) Continuous PSK 
c) Differential & Continuous PSK 

d) None of the mentioned 
 

3. Which modulation scheme is also called as on-off keying 
method? 

a) ASK 
b) FSK 

c) PSK 
d) GMSK 

 
4. The term heterodyning refers to 

a) Frequency conversion 
b) Frequency mixing 

c) Frequency conversion & mixing 
d) None of the mentioned 

 

5. Matched filter is used for 
a) Coherent detection 

b) Non coherent detection 
c) Coherent & Non coherent detection 

d) None of the mentioned 
 

6. The real part of a sinusoid carrier wave is called as 
a) Inphase 

b) Quadrature 
c) Inphase & Quadrature 

d) None of the mentioned 
 

7. Simulation is used to determine 
a) Bit error rate 

b) Symbol error rate 
c) Bit error 

d) Symbol error 
 

8. Which has same probability of error? 

a) BPSK and QPSK 
b) BPSK and ASK 

c) BPSK and PAM 
d) BPSK and QAM 



 
9. QAM uses ______ as the dimensions. 

a) In phase 

b) Quadrature 
c) In phase & Quadrature 

d) None of the mentioned 
 

10. Every frequency has ____ orthogonal functions. 
a) One 

b) Two 
c) Four 

d) Six 
 

 
APPLICATIONS  

 
 Optical communications 

 Used in cable communication for the transmission of DTV 
and internet traffic between cable modem and modem 
termination systems 

 V-32 Telephone data/fax modems Satellite transmission of 
DTVB programs. 

 Broadcast transmissions 
 It is used for HF radio links 

 Wireless broadcasting systems 
 Radio broadcasting; direct-satellite broadcasting 

 Data-communications systems 
 

 
CONCLUSION: 

Upon completion of this, Students should be able to 
 

 Understand the digital modulation techniques. 
 Understand the detection theory. 

 Understand the coherent and non-coherent. 
 Understand probability of error.  
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ASSIGNMENT: 

 
1. Explain ISI and Nyquist channel 

2. Explain digital modulation techniques in detail 
3. Explain about QAM. 

4. Explain about detection theory 
5. Compare the probability of error for digital modulation 

techniques. 
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AIM & OBJECTIVES  
 To understand the fundamental concepts of demodulation. 

 To understand Equalization Techniques. 
 To understand synchronization Techniques. 

 
PRE-TEST MCQ 

 
 

1. Amplitude distortion occurs when 
a) Impulse response is not constant 

b) Impulse response is constant 
c) Frequency transfer function is constant 

d) Frequency transfer function is not constant 
 

2. The coherent modulation techniques are 
a) PSK 
b) FSK 

c) ASK 
d) All of the mentioned 

 
3. Phase distortion occurs when 

a) Phase response is function of frequency 
b) Phase response is not a function of frequency 

c) All of the mentioned 
d) None of the mentioned 

 
4. The range of amplitude difference gives the value of 

a) Width 
b) Distortion 

c) Timing jitter 
d) Noise margin 

 
5. Matched filter is used for 

a) Coherent detection 
b) Non coherent detection 
c) Coherent & Non coherent detection 

d) None of the mentioned 
 

 
 

       UNIT-5 DEMODULATION OF DIGITAL SIGNALS  
 



6. The real part of a sinusoid carrier wave is called as 
a) Inphase 
b) Quadrature 

c) Inphase & Quadrature 
d) None of the mentioned 

 
7. Simulation is used to determine 

a) Bit error rate 
b) Symbol error rate 

c) Bit error 
d) Symbol error 

 
8. Which is easier to implement and is preferred? 

a) Coherent system 
b) Non coherent system 

c) Coherent & Non coherent system 
d) None of the mentioned 

 
9. Every frequency has ____ orthogonal functions. 

a) One 

b) Two 
c) Four 

d) Six 
 

10. Noise figure is a parameter that represents a ______ of the 
system. 

a) Noisiness 
b) Efficiency 

c) Maximum output 
d) Maximum power handling capacity 

 
 

 
PRE-REQUISITE:   

Basic Knowledge of Electronic Devices, Digital System Design, 
Signals & Systems  

 
 
 

 
 

 
 



 
 
 

 
 There is a fundamental tradeoff in communication 

systems. Simple hardware can be used in transmitters and receivers 
to communicate information. However, this uses a lot of spectrum 

which limits the number of users. Alternatively, more complex 
transmitters and receivers can be used to transmit the same 

information over less bandwidth. The transition to more and more 
spectrally efficient transmission techniques requires more and more 

complex hardware. Complex hardware is difficult to design, test, and 
build. This tradeoff exists whether communication is over air or wire, 

analog or digital. 
 

               
 
                  Fig 5.1 The Fundamental Trade-off 

 
 

Over the past few years a major transition has occurred from simple 
analog Amplitude Modulation (AM) and Frequency/Phase Modulation 

(FM/PM) to new digital modulation techniques.  
 

Examples of digital modulation include 
  
• QPSK (Quadrature Phase Shift Keying)  

• FSK (Frequency Shift Keying)  
• MSK (Minimum Shift Keying)  

• QAM (Quadrature Amplitude Modulation) 
 

5.1 Digital Modulation tradeoffs 



                           
 

Fig 5.2 Trends in the Industry 
 

Complex tradeoffs in frequency, phase, timing, and modulation are 
made for interference-free, multiple-user communications systems. It 

is necessary to accurately measure parameters in digital RF 
communications systems to make the right tradeoffs. Measurements 

include analyzing the modulator and demodulator, characterizing the 
transmitted signal quality, locating causes of high Bit-Error-Rate and 

investigating new modulation types. Measurements on digital RF 
communications systems generally fall into four categories: power, 
frequency, timing, and modulation accuracy. 

 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 
 

 
 



 
 
 

All physical channels are band limited, with C(f) = 0 for |f| > W  
 

Nondistorting (ideal) channel: |C(f)| = const. for | f | < W and is 
linear  

 
All other channels are nonideal (distort the signal in amplitude, 

phase or both) 
 

 

            
 

  
 
 

 

5.2 Optimum demodulation of digital signal over band limited channels 



Channel is assumed to be ideal band-limited  
 
To find pulse shapes that will – Result in zero ISI at the receiver –  

 
Allow us to achieve maximum possible transmission rate with zero 

ISI (optimum utilization of the given bandwidth)  
 

The condition for zero ISI: 
 

                       
 
 

Consider transmitting data at rate 1/T through a channel with 
bandwidth W or through a distorting channel. We would like to find 
the optimum (minimum sequence error probability) receiver. Assume 

the modulator is filter acting on a infinite sequence of impulses (at 
rate 1/T with impulse response f (t). The channel is characterized by 

an impulse response of g(t) and the receiver is a filter sampled at rate 
1/T with impulse response h(t). 

 

          
 

where um is the data symbol transmitted during the m-th signaling 
interval assumed to be in the alphabet A and f(t) is the waveform 

used for transmission. We assume a transmission of 2N+1 data 
symbols (think of N as being very large). The output of the channel 
filter is then 

 



 

 
 

 
 



 
 
Since this is yk defined earlier the received signal should be filtered and sampled 

as shown below before doing some processing. 

 

 

        



 
 

 

 
 

When the signal has no memory, the symbol-by-symbol detector 
is used for optimum in the sense of minimizing the probability of a 

symbol error. On the other hand, when the transmitted signal has 
memory, i.e., the signals transmitted in successive symbol intervals 

are interdependent and then the optimum detector is a detector that 
bases its decisions on observation of a sequence of received signals 

over successive signal intervals.  
 

In this section, we describe a maximum-likelihood sequence 
detection algorithm that searches for the minimum Euclidean 

distance path through the trellis that characterizes the memory in 
the transmitted signal. Another possible approach is a maximum a 

posteriori probability algorithm that makes decisions on a symbol-
by-symbol basis, but each symbol decision is based on an 

observation of a sequence of received signal vectors. 
 

 
The Maximum Likelihood Sequence Detector 

Modulation systems with memory can be modeled as finite-state 

machines which can be represented by a trellis, and the transmitted 
signal sequence corresponds to a path through the trellis. Let us 

assume that the transmitted signal has a duration of K symbol 
intervals. If we consider transmission over K symbol intervals, and 

each path of length K through the trellis as a message signal, then 
the problem reduces to the optimal detection problem. 

 
The number of messages in this case is equal to the number of paths 

through the trellis, and a maximum likelihood sequence detection 
(MLSD)algorithm selects the most likely path (sequence) 

corresponding to the received signal r(t) over the K signaling interval. 
As we have seen before, ML detection corresponds to selecting a path 

of K signals through the trellis such that the Euclidean distance 
between that path and r(t) is minimized.  

 
Note that since 
 

 
 

 

5.3 Maximum likelihood sequence detection (Viterbi receiver) 



 
 

 
 

 

As an example of the maximum-likelihood sequence detection 
algorithm, let us consider the NRZI signal. Its memory is 
characterized by the trellis shown in Figure. The signal transmitted 

in each signal interval is binary PAM. Hence, there are two possible 
transmitted signals corresponding to the signal points  

 

                 where εb is the energy per bit. 
 

In searching through the trellis for the most likely sequence, it may 
appear that we must compute the Euclidean distance for every 

possible sequence. For the NRZI example, which employs binary 
modulation, the total number of sequences is 2K. However, this is 

not the case. We may reduce the number of sequences in the trellis 
search by using the Viterbi algorithm to eliminate sequences as new 

data are received from the demodulator. 
 
 

 



 

The Viterbi algorithm is a sequential trellis search algorithm for 

performing ML sequence detection. It is a decoding algorithm for 
convolutional codes. We describe it below in the context of the NRZI 

signal detection. We assume that the search process begins initially 
at state S0. The corresponding trellis is shown in Figure. 

 

 
 

By using the outputs r1 and r2 from the demodulator. The Viterbi 
algorithm compares these two metrics and discards the path having 

the larger (greater-distance) metric. The other path with the lower 
metric is saved and is called the survivor at t = 2T. The elimination of 

one of the two paths may be done without compromising the 
optimality of the trellis search, because any extension of the path 

with the larger distance beyond t = 2T will always have a larger 
metric than the survivor that is extended along the same path 

beyond t = 2T. 
Similarly, for the two paths entering node S1 at t = 2T, we compute 

the two Euclidean distance metrics 
 

                    
 

by using the outputs r1 and r2 from the demodulator. The two metrics 
are compared, and the signal path with the larger metric is 

eliminated. Thus, at t = 2T, we are left with two survivor paths, one at 
node So and the other at node S1 and their corresponding metrics. 



The signal paths at nodes So and S1 are then extended along the two 
survivor paths. 
 

Upon receipt of r3 at t = 3T, we compute the metrics of the two paths 
entering state S0. Suppose the survivors at t = 2T are the paths (0, 0) 

at So and (0, 1) at s1. Then the two metrics for the paths entering So 
at t = 3 T are 

 

 
 

These two metrics are compared, and the path with the larger 
(greater-distance) metric is eliminated. This process is continued as 
each new signal sample is received from the demodulator. Thus, the 

Viterbi algorithm computes two metrics for the two signal paths 
entering a node at each stage of the trellis search and eliminates one 

of the two paths at each node. The two survivor paths are then 
extended forward to the next state.  

 
Therefore, the number of paths searched in the trellis is reduced by a 

factor of 2 at each stage. It is relatively easy to generalize the trellis 
search performed by the Viterbi algorithm for M-ary modulation. For 

example, consider a system that employs M = 4 signals and is 
characterized by the four-state trellis shown in Figure. We observe 

that each state has two signal paths entering and two signal paths 
leaving each node. The memory of the signal is L = 1. Hence, the 

Viterbi algorithm will have four survivors at each stage and their 
corresponding metrics. Two metrics corresponding to the two 

entering paths are computed at each node, and one of the two signal 
paths entering the node is eliminated at each state of the trellis. 

Thus, the Viterbi algorithm minimizes the number of trellis paths 
searched in performing ML sequence detection. 

 
 

 
 



 
 
 

 
 

 
 

  
 

 
 

 
 

 
 

 
 

 
From the description of the Viterbi algorithm given above, it is 
unclear how decisions are made on the individual detected 

information symbols given the surviving sequences. If we have 
advanced to some stage, say K, where K>>L in the trellis, and we 

compare the surviving sequences, we shall find that with high 
probability all surviving sequences will be identical in bit (or symbol) 

positions K- 5L and less. In a practical implementation of the Viterbi 
algorithm, decisions on each information bit (or symbol) are forced 

after a delay of 5L bits (or symbols), and hence the surviving 
sequences are truncated to the 5L most recent bits (or symbols). 

Thus, a variable delay in bit or symbol detection is avoided. The loss 
in performance resulting from the suboptimum detection procedure 

is negligible if the delay is at least 5L. This approach to 
implementation of Viterbi algorithm is called path memory truncation. 

 
 

 
 

 
 

 
 

 
 

 



 
 

 
Equalization is a technique used to combat intersymbol 

interference (ISI). An Equalizer within a receiver compensates for the 
average range of expected channel amplitude and delay 
characteristics. ‰  

 

Equalizers must be adaptive as the channel is generally unknown 
and time varying. ‰ISI has been recognized as the major obstacle to 

high speed data transmission over mobile radio channels. 
The equalizer is a device that attempts to reverse the distortion 

incurred by a signal transmitted through a channel. In digital 
communication its purpose is to reduce inter symbol interference to 

allow recovery of the transmit symbols.  
 

The goal of equalizers is to eliminate intersymbol interference (ISI) 
and the additive noise as much as possible.  

Intersymbol interference arises because of the spreading of a 
transmitted pulse due to the dispersive nature of the channel, which 
results in overlap of adjacent pulses.  

 

               
 

In Figure, there is a four‐level pulse amplitude modulated signal 

(PAM), x(t). This signal is transmitted through the channel with 
impulse response h(t). Then noise n(t) is added. The received signal 

r(t) is a distorted signal. 
 

Equalizers are used to overcome the negative effects of the channel.  
In general, equalization is partitioned into two broad categories;  

 
1. Maximum likelihood sequence estimation (MLSE) which entails 

making measurement of channel impulse response and then 
providing a means for adjusting the receiver to the transmission 

environment. (Example: Viterbi equalization)  

5.4 Equalization techniques 



2. Equalization with filters uses filters to compensate the distorted 
pulses. 
 

It can be a simple linear filter or a complex algorithm. The types of 
commonly used equalizers in digital communications are 

 
Linear Equalizer: 

It processes the incoming signal with a linear filter. 
 

MSME equalizer:  
It designs the filter to minimize E[|e|2], where e is the error 

signal that is the filter output minus the transmitted signal. 
 

Zero forcing Equalizer:  
It approximates the inverse of the channel with a linear filter. 

 
Decision feedback equalizer:  

It augments a linear equalizer by adding a filtered version of 
previous symbol estimates to the Original filter output filter. 
 

Blind Equalizer:  
It estimates that the transmitted signal without knowledge of 

the channel statistics and uses only knowledge of the transmitted 
signal‘s statistics. 

 
Adaptive Equalizer:  

It is typically a linear equalizer or a DFE, which updates the 
equalizer parameters (such as the filter coefficients) as it is processes 

the data. It uses the MSE cost function and it assumes that it makes 
the correct symbol decisions and uses its estimate of the symbols to 

compute e which is defined above. 
 

Viterbi Equalizer:  
It finds the optimal solution to the equalization problem. It is 

having a goal to minimize the probability of making an error over the 
entire sequence. 

 
BCJR Equalizer:  

It uses the BCJR algorithm whose goal is to minimize the 

probability that a given bit was incorrectly estimated. 
 

 
 

http://en.wikipedia.org/wiki/Linear_filter
http://en.wikipedia.org/wiki/Equalizer_(communications)#cite_note-2
http://en.wikipedia.org/wiki/Equalizer_(communications)#cite_note-2
http://en.wikipedia.org/wiki/Equalizer_(communications)#cite_note-2


Turbo Equalizer:  
It applies turbo decoding while treating the channel as a 

convolutional code. 

 
Depending on the time nature, These type of equalizers can be 

grouped as preset or adaptive equalizers.  
 

Preset equalizers assume that the channel is time invariant and try 
to find H(f) and design equalizer depending on H(f). The examples of 

these ADAPTIVE EQUALIZERS are zero forcing equalizer, minimum 
mean square error equalizer, and decision feedback equalizer.   

 
Adaptive equalizers assume channel is time varying channel and try 

to design equalizer filter whose filter coefficients are varying in time 
according to the change of channel, and try to eliminate ISI and 

additive noise at each time. The implicit assumption of adaptive 
equalizers is that the channel is varying slowly. 

 
As the mobile fading channels are random and time varying, 
equalizers must track the time varying characteristics of the mobile 

channel, and thus are called adaptive equalizers. 
 

 

 
 

The working principles of adaptive equalizers are:  
 

The received signal is applied to receive filter. In here, receive filter is 
not matched filter. Because we do not know the channel impulse 

response. The receive filter in here is just a low‐pass filter that rejects 
all out of band noise.  

The output of the receiver filter is sampled at the symbol rate or 
twice the symbol rate.  

Sampled signal is applied to adaptive transversal filter equalizer. 
Transversal filters are actually FIR discrete time filters.  



The object is to adapt the coefficients to minimize the noise and 
intersymbol interference (depending on the type of equalizer) at the 
output.  

The adaptation of the equalizer is driven by an error signal. 
 

There are two modes that adaptive equalizers work;  
 

1. Decision Directed Mode:  
                 This means that the receiver decisions are used to 

generate the error signal.  
 

2. Decision directed equalizer adjustment is effective in tracking slow 
variations in the channel response.  

However, this approach is not effective during initial acquisition. 
 

Training Mode: To make equalizer suitable in the initial acquisition 
duration, a training signal is needed. In this mode of operation, the 

transmitter generates a data symbol sequence known to the receiver. 
The receiver therefore, substitutes this known training signal in place 
of the slicer output. Once an agreed time has elapsed, the slicer 

output is substituted and the actual data transmission begins. 
 

 
 

Training mode  
Initially, a known, fixed length training sequence is sent by the 

transmitter so that the receiver‘s equalizer may average to a proper 
setting. The training sequence is a pseudo random signal or a fixed, 

prescribed bit pattern. Immediately following the training sequence, 
the user data is sent.  

 
Tracking mode 

When the data of the users are received, the adaptive algorithm 
of the equalizer tracks the changing channel. As a result of this, the 

adaptive equalizer continuously changes the filter characteristics 
over time. Equalizers are widely used in TDMA Systems. 

 

The training sequence is designed to permit an equalizer at the 

receiver to acquire the proper filter coefficients in the worst possible 
channel conditions. Therefore when the training sequence is finished. 
Therefore filter coefficients are near their optimal values for reception 

of user data. An adaptive equalizer at the receiver uses a recursive 



algorithm to evaluate the channel and estimate filter coefficients to 
compensate for the channel. 
 

Adaptive equalizer: 
 

 

 
 

A Generic Adaptive Equalizer Transversal filter with N delay 
elements, N+1 taps, and N+1 tunable complex weights .These 

weights are updated continuously by an adaptive algorithm. 
 

  



 
Algorithm for Adaptive Equalization  

 Performance measures for an algorithm  

 Rate of convergence  

 Misadjustment  

 Computational complexity  

 Numerical properties  
 

Factors dominate the choice of an equalization structure and its 
algorithm  

 The cost of computing platform  

 The power budget  

 The radio propagation characteristics 
 
Algorithm for Adaptive Equalization  

 

 The speed of the mobile unit determines the channel fading rate 
and the Doppler spread, which is related to the coherent time of 

the channel directly.  

 The choice of algorithm, and its corresponding rate of 
convergence, depends on the channel data rate and coherent 

time.  

 The number of taps used in the equalizer design depends on the 
maximum expected time delay spread of the channel.  

 The circuit complexity and processing time increases with the 
number of taps and delay elements. 

 
Algorithm for Adaptive Equalization  

Three classic equalizer algorithms: zero forcing (ZF), least mean 
squares (LMS), and recursive least squares (RLS) algorithms. 

 

Linear equalizers: suffer from noise enhancement  
 

DFE: Error propagation  
 

MLSE  

 Optimal method  

 Viterbi equalizer implements MLSE with much lower 

complexity. 
 
 

 



Comparison of various algorithms for adaptive equalization 
 
 

         
 
 

Adaptive Decision Feedback Equalizer • A decision feedback equalizer 
(DFE) is a nonlinear equalizer that uses previous detector decisions 
to eliminate the ISI on pulses that are currently being demodulated. • 

The basic idea of a DFE is that if the values of the symbols previously 
detected are known (past decisions are assumed to be correct), then 

the ISI contributed by these symbols can be canceled out eactly the 
output of the forward filter by subtracting past symbols values with 

appropriate weighting. 
 

                      
 



 
If we look at Figure, we see that the estimated signal sequence 
becomes,     

                          
 
{ci}s are coefficients of the precursor equalizer, {di} are coefficients of 

the postcursor equalizer. N is the number of precursor equalizer 
coefficients and M is the number of postcursor equalizer coefficients. 

Adaptive DFE algorithm is similar to stochastic gradient algorithm, 
with the important difference that the input to the causal portion of 

the filter is the decisions rather than the output of the precursor 
equalizer filter. This difference will obviously change the desired tap 
coefficients as well as reduce the noise enhancement due to 

equalization. 
 

The derivation of a stochastic gradient algorithm for the DFE is a 
simple extension of the stochastic gradient algorithm for linear case. 

 
An augmented vector of N +M coefficients 

 

 
 
 
 

 
 



 
 
 

 
In a digital communication system, the output of the 

demodulator must be sampled periodically, once per symbol interval, 
in order to recover the transmitted information. Since the 

propagation delay from the transmitter to the receiver is generally 
unknown at the receiver, symbol timing must be derived from the 

received signal in order to synchronously sample the output of the 
demodulator. The propagation delay in the transmitted signal also 

results in a carrier offset, which must be estimated at the receiver if 
the detector is phase-coherent.  

 
Symbol synchronization is required in every digital communication 

system which transmits information synchronously.  
Carrier recovery is required if the signal is detected coherently. 

 
Signal Parameter Estimation  
 

We assume that the channel delays the signals transmitted 
through it and corrupts them by the addition of Gaussian noise.  

The received signal may be expressed as  
 

                              
 

where τ : propagation delay sl(t): the equivalent low-pass signal  
 

The received signal may be expressed as:  
 

 
 
where the carrier phase φ, due to the propagation delay τ, is  

φ = -2πfcτ. 
 

 
It may appear that there is only one signal parameter to be 

estimated, the propagation delay, since one can determine φ from 
knowledge of fc and τ.  

5.5 Synchronization and carrier recovery of digital modulation.  

 



 
However, the received carrier phase is not only dependent on the 
time delay τ because:  

The oscillator that generates the carrier signal for demodulation 
at the receiver is generally not synchronous in phase with that at the 

transmitter. The two oscillators may be drifting slowly with time.  
 

The precision to which one must synchronize in time for the purpose 
of demodulating the received signal depends on the symbol interval 

T. Usually, the estimation error in estimating τ must be a relatively 
small fraction of T.  

 
±1 percent of T is adequate for practical applications. However, this 

level of precision is generally inadequate for estimating the carrier 
phase since fc is generally large.  

 
In effect, we must estimate both parameters τ and φ in order to 

demodulate and coherently detect the received signal. 
 
Hence, we may express the received signal as  

 
 
where φ and τ represent the signal parameters to be estimated.  

 
To simplify the notation, we let ψ denote the parameter vector {φ, τ}, 

so that s(t; φ, τ) is simply denoted by s(t; ψ). 
 

There are two criteria that are widely applied to signal parameter 
estimation: the maximum-likelihood (ML) criterion and the maximum 

a posteriori probability (MAP) criterion.  
 

In the MAP criterion, ψ is modeled as random and characterized by 
an a priori probability density function p(ψ).  

 
In the ML criterion, ψ is treated as deterministic but unknown. 

 
By performing an orthonormal expansion of r(t) using N orthonormal 

functions {fn(t)}, we may represent r(t) by the vector of coefficients [r1 
r2 ¸¸¸ rN] ≡ r.  
 



The joint PDF of the random variables [r1 r2 ¸¸¸ rN] in the expansion 
can be expressed as p(r| ψ). 
 

The ML estimate of ψ is the value that maximizes p(r| ψ). The MAP 
estimate is the value of ψ that maximizes the a posteriori probability 

density function  

                     
 
If there is no prior knowledge of the parameter vector ψ, we may 

assume that p(ψ) is uniform (constant) over the range of values of the 
parameters. 
 

In such a case, the value of ψ that maximizes p(r| ψ) also maximizes 
p(ψ|r). Therefore, the MAP and ML estimates are identical. In our 

treatment of parameter estimation given below, we view the 
parameters φ and τ as unknown, but deterministic. Hence, we adopt 

the ML criterion for estimating them.  
 

In the ML estimation of signal parameters, we require that the 
receiver extract the estimate by observing the received signal over a 

time interval T0 ≥ T, which is called the observation interval.  
 

Estimates obtained from a single observation interval are sometimes 
called one-shot estimates.  

 
In practice, the estimation is performed on a continuous basis by 

using tracking loops (either analog or digital) that continuously 
update the estimates. 

 
The Likelihood Function Since the additive noise n(t) is white and 
zero-mean Gaussian, the joint PDF p(r|ψ) may be expressed as 

 

 
 



 
where T0 represents the integration interval in the expansion of r(t) 
and s(t; ψ). By substituting from Equation (B) into Equation (A): 

 

 
 
Now, the maximization of p(r|ψ) with respect to the signal 

parameters ψ is equivalent to the maximization of the likelihood 
function.  

 
Below, we shall consider signal parameter estimation from the 

viewpoint of maximizing Λ(ψ). 
 
Carrier Recovery and Symbol Synchronization in Signal 

Demodulation  
 

Binary PSK signal demodulator and detector:  
The carrier phase estimate is used in generating the ∧ reference 

signal g(t)cos(2πfct+φ) for the correlator. The symbol synchronizer 

controls the sampler and the output of the signal pulse generator. If 
the signal pulse is rectangular, then the signal generator can be 

eliminated. 
 

 
 
 

 
 
 

 



QAM signal demodulator and detector 
 
 

 
 
An AGC is required to maintain a constant average power signal at 

the input to the demodulator. The demodulator is similar to a PSK 
demodulator, in that both generate in-phase and quadrature signal 

samples (X, Y) for the detector. The detector computes the Euclidean 
distance between the received noise-corrupted signal point and the M 

possible transmitted points, and selects the signal closest to the 
received point. 

 
Carrier Phase Estimation 

 
Two basic approaches for dealing with carrier synchronization at the 
receiver:  

One is to multiplex, usually in frequency, a special signal, called a 
pilot signal that allows the receiver to extract and to synchronize its 

local oscillator to the carrier frequency and phase of the received 
signal.  

When an unmodulated carrier component is transmitted along with 
the information-bearing signal, the receiver employs a phase-locked 

loop (PLL) to acquire and track the carrier component. The PLL is 
designed to have a narrow bandwidth so that it is not significantly 

affected by the presence of frequency components from the 
information-bearing signal. 

 



 
The second approach, which appears to be more prevalent in 
practice, is to derive the carrier phase estimate directly from the 

modulated signal. This approach has the distinct advantage that the 
total transmitter power is allocated to the transmission of the 

information-bearing signal.  
 

In our treatment of carrier recovery, we confine our attention to the 
second approach; hence, we assume that the signal is transmitted 

via suppressed carrier. 
 

POST-TEST MCQ 
 

1. Equalization method which is done by tracking a slowly time 
varying channel response is 

a) Preset equalization 
b) Adaptive equalization 

c) Variable equalization 
d) None of the mentioned 

 

2. Preamble is used for 
a) Detect start of transmission 

b) To set automatic gain control 
c) To align internal clocks 

d) All of the mentioned 
 

3. Equalization process includes 
a) Maximum likelihood sequence estimation 

b) Equalization with filters 
c) Maximum likelihood sequence estimation & Equalization 

with filters 
d) None of the mentioned 

 
4. The maximum likelihood sequence estimator adjusts _______ 

according to _____ environment. 
a) Receiver, transmitter 

b) Transmitter, receiver 
c) Receiver, receiver 
d) None of the mentioned 

 
 

 



5. The filters used with the equalizer is of ______ types. 
a) Feed forward 
b) Feed backward 

c) Feed forward and feedback 
d) None of the mentioned 

 
6. Transversal equalizers are ________ and decision feedback 

equalizers are ______ 
a) Feed forward, feed back 

b) Feed back, feed forward 
c) Feed forward, feed forward 

d) Feedback, feedback 
 

 
7. The likelihood ratio test is done between 

a) Likelihood of s1 by likelihood of s2 
b) Likelihood of s2 by likelihood of s1 

c) Likelihood of s1 by likelihood of s1 
d) None of the mentioned 

 

8. The _______ of the opening of eye pattern indicates the time over 
which the sampling for detection might be performed. 

a) Length 
b) Width 

c) X-axis value 
d) Y-axis value 

 
9. Phase locked loops consists of 

a) Phase detectors 
b) Loop filter 

c) Voltage controlled oscillator 
d) All of the mentioned 

 
10. CPM has 

a) Narrower bandwidth 
b) Wider bandwidth 

c) More bandwidth requirement 
d) None of the mentioned 

 

 
 

 
 



APPLICATIONS  
 
 Wireline communication system 

 Broadcast transmissions 
 Radio communication systems 

 Wireless broadcasting systems 
 Data-communications systems 

 
 

CONCLUSION: 

Upon completion of this, Students should be able to 

 
 Understand the demodulation techniques of digital signal. 

 Understand the MLSD detection. 
 Understand the Equalization. 

 Understand the Synchronization.  
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ASSIGNMENT: 
 

1. Explain about the optimum demodulation. 
2. Explain about viterbi receiver. 

3. Explain about carrier and symbol  synchronization 

https://www.tutorialspoint.com/index.htm

