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Communication is the transfer of information from one place to

another.

This should be done

- as efficiently as possible

- with as much fidelity/reliability as possible 

- as securely as possible

Communication System: Components/subsystems act together to 

accomplish information transfer/exchange. 

Overview
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Elements of a Communication System
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Input Transducer: The message produced by a source must be

converted by a transducer to a form suitable for the particular

type of communication system.

Example: In electrical communications, speech waves are

converted by a microphone to voltage variation.

Transmitter: The transmitter processes the input signal to

produce a signal suits to the characteristics of the transmission

channel.

Signal processing for transmission almost always involves

modulation and may also include coding. In addition to

modulation, other functions performed by the transmitter are

amplification, filtering and coupling the modulated signal to

the channel.
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Channel: The channel can have different forms: The atmosphere

(or free space), coaxial cable, fiber optic, waveguide, etc.

The signal undergoes some amount of degradation from noise,

interference and distortion

Receiver: The receiver’s function is to extract the desired signal 

from the received signal at the channel output and to convert it to 

a form suitable for the output transducer.

Other functions performed by the receiver: amplification (the

received signal may be extremely weak), demodulation and

filtering.

Output Transducer: Converts the electric signal at its input into 

the form desired by the system user.

Example: Loudspeaker, personal computer (PC), tape recorders.5



To be transmitted, Information (Data) 
must be transformed to electromagnetic 

signals.
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Electromagnetic Waves

.
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Electromagnetic Waves

.
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Electromagnetic Spectrum

9

http://upload.wikimedia.org/wikipedia/commons/f/f1/EM_spectrum.svg


Electromagnetic Spectrum
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Wave length Frequency

Designations

Transmission

Media

Propagation

Modes

Representative

Applications

Frequency

1 cm

Extra High

Frequency (EHF) 100 GHz

10 cm

Super High

Frequency (SHF)

Satellite,

Microwave relay,

Earth-satellite radar.

10 GHz

1 m

Ultra High

Frequency (UHF)

Wireless comm.

service,

Cellular, pagers, UHF

TV

1 GHz

10m

Very High

Frequency (VHF)

Mobile, Aeronautical,

VHF TV and FM,

mobile radio 100 MHz

100m

High Frequency

(HF)

Amateur radio, Civil

Defense 10 MHz

1 km

Medium High

Frequency (MF)

AM broadcasting

1 MHz

10 km

Low Frequency

(LF) 100 kHz

100km

Very Low

Frequency (VLF)

Wave guide

Coaxial Cable

Wire pairs

Line-of-sight radio

Sky wave radio

Ground wave

radio

Aeronautical,

Submarine cable,

Navigation,

Transoceanic radio

10 kHz
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1 Ground Wave Propagation

Follows contour of the earth Can Propagate considerable distances

Frequencies up to 2 MHz Example : AM radio

Radio Wave Propagation Modes
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2 Sky Wave Propagation

Signal reflected from ionized layer

of atmosphere. Signal can travel

a number of hops, back and forth

Examples SW radio

3 Line-of-Sight Propagation

Transmitting and receiving antennas

must be within line of sight

example

Satellite communication 

Ground communication
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ANALOG AND DIGITAL

Data (Information) can be analog or digital. The term

analog data refers to information that is continuous;

digital data refers to information that has discrete states.

Analog data take on continuous values. Digital data take

on discrete values.
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Data can be analog or digital. 

Analog data are continuous and take 

continuous values.

Digital data have discrete states and 

take discrete values.

Signals can be analog or digital. 

Analog signals can have an infinite 

number of values in a range; digital 

signals can have only a limited 

number of values.
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Figure   Comparison of analog and digital signals
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In  communication systems, we 

commonly use periodic analog signals 

and nonperiodic digital signals.

Frequency and period are the inverse of 

each other.
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Table    Units of period and frequency
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The period of a signal is 100 ms. What is its frequency

in kilohertz?

Example  

Solution

First we change 100 ms to seconds, and then we

calculate the frequency from the period (1 Hz = 10−3

kHz).
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• 1844 Telegraph

• 1876 Telephony

• 1904 Radio

• 1923-1938 Television

• 1936 Armstrong’s case of FM radio

• 1938-1945 World War II Radar and microwave systems

• 1948-1950 Information Theory and coding. C. E. Shannon 

• 1962 Satellite communications begins with Telstar I.

• 1962-1966 High Speed digital communication

• 1972 Motorola develops cellular telephone.

Brief Chronology of Communication Systems

20



 كلية الصفوة الجامعة

 قسم هندسة تقنيات الحاسوب

 

الثانية المرحلة: اسس االتصاالت  أسم المادة:    

2 :المحاضرةتسلسل  نور يحيى أسم التدريسي: م.م.   

  

 

 

 

 

 

 

 

 

 المالحظات:

 

 

 

 



 
Communications Fundamentals                                                                                        Assist.Lec. Noor Yahya 

 

2 
 

1.1 Communication System 
Communication is the transmission of information from one point to another. There 

are three basic elements to every communication system, namely, transmitter, 

channel, and receiver. 
 

 
 

The transmitter is located at one point in space, the receiver is located at some other 

point separate from the transmitter, and the channel is the physical medium that 

connects them together. 

 

The purpose of the transmitter is to transform the message signal produced by the 

source of information into a form suitable for transmission over the channel. 

However, as the transmitted signal propagates along the channel, it is distorted due 

to the channel imperfections. Moreover, noise and interfering signal (originating 

from other sources) are added to the channel output, with the result that the received 

signal is a corrupted version of the transmitted signal. 

 

The receiver has the task of operating on the received signal so as to reconstruct a 

recognizable form of the original message signal and to deliver it to the user 

destination. The signal processing role of the receiver is thus the reverse of that of 

the transmitter. 
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1.2 Signals and Classification of Signals 
 

A signal is a function representing a physical quantity or variable, and typically it 

contains information about the behavior or nature of the phenomenon. For instance, 

in a RC circuit the signal may represent the voltage across the capacitor or the current 

flowing in the resistor.  

Mathematically, a signal is represented as a function of an independent variable t. 

Usually t represents time. Thus, a signal is denoted by x(t). 

 

Real life example of signals; 

(i) Doctor listening to the heartbeat, blood pressure and temperature of the 

patient. These indicate the state of health of the patient. 

(ii) (iii) Weather forecast provides information on the temperature, humidity, 

and the speed and direction of the prevailing wind. 

 

 

There are five classifications of signals; 

 Continuous-Time and Discrete-Time Signals  

 Even and Odd Signals. 

 Periodic and Non-periodic Signals. 

 Deterministic and Random Signals. 

 Energy and Power Signals. 

 

 

 

 

 



 
Communications Fundamentals                                                                                        Assist.Lec. Noor Yahya 

 

4 
 

1.2.1 Continuous-Time and Discrete-Time Signals. 

Continuous-Time (CT) Signals 

 Continuous-Time (CT) Signals are functions whose amplitude or value varies 

continuously with time, x(t).  

 The symbol t denotes time for continuous-time signal and ( ) used to denote 

continuous-time value quantities.   

  Example, speed of car, converting acoustic or light wave into electrical signal 

and microphone converts variation in sound pressure into correspond 

variation in voltage and current.  

                           

Discrete-Time Signals 

Discrete-Time Signals are function of discrete variable, i.e. they are defined only at 

discrete instants of time.  

                               

  It is often derived from continuous-time signal by sampling at uniform 

rate. Ts denotes sampling period and n denotes integer.  

 The symbol n denotes time for discrete time signal and [. ] is used to 

denote discrete-value quantities.   

 

              Figure 1.1: (a) Continuous-Time signal (b) Discrete-Time Signal. 

 

    ,....2,1,0,  nnTxnx s
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1.2.2 Even and Odd Signals. 

A continuous-time signal x(t) is said to be an even signal if  

                                      
    tallfortxtx 

 

The signal x(t) is said to be an odd signal if  

                                       

In summary, an even signal are symmetric about the vertical axis (time origin) 

whereas an odd signal are antisymetric about the origin. 

 

 

 

 

             

 

              Figure 1.3: Even Signal                          Figure 1.4: Odd Signal. 

 

    tallfortxtx 
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Any signal x(t) or x[n] can be expressed as a sum of two signals, one of which is 

even and one of which is odd. That is, 

 

 

Note that the product of two even signals or of two odd signals is an even signal 

and that the product of an even signal and an odd signal is an odd signal. 

 

Example: Even and Odd Signals. 

Find the even and odd components of each of the following signals: 

x(t) = 4cos(3πt)  

Answer:  

ge(t) = 4cos(3πt) 

go(t) = 0 

……………………………………………………………………………….. 

1.2.3 Deterministic and Random Signals  

Deterministic signals are those signals whose values are completely specified for 

any given time. Thus, a deterministic signal can be modeled by a known function 

of time t .  

Random signals are those signals that take random values at any given time and 

must be characterized statistically. 
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1.2.4 Energy and Power Signals 

The energy E of a signal f (t) is defined as  

 

Examples of energy signals are as shown below. 
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1.2.5 Periodic and Nonperiodic Signals 

A function f (t) is said to be periodic if it is defined for all t and there is some 

positive number T such that 

                                       f (t +T )= f (t) for all t 

This positive number T is called the period of f (t) . The reciprocal of T is called the 

repetition or fundamental frequency of f (t) . 

 

Any signal for which there is no value of T satisfying the above equation is said to 

be nonperiodic or aperiodic. 

Note: A periodic signal is a power signal if its energy content per period is finite, 

and, then the average power of the signal need only be calculated over a period. 

 

Example: 

Determine whether the following signals are power or energy signals or neither. 

 

Solution: 

(a) 

 

Since f (t) is periodic, then f (t) is a power signal. 
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Singularity Functions 
An important subclass of nonperiodic signals in communication theory is the 

singularity functions. There is two important singularity functions: the unit step 

function u(t) and the unit impulse function δ (t). 
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Complex Exponential Signals:  

The complex exponential signal:                    
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Systems 
• What is a System? 

System is a device or combination of devices, which can operate on signals 

and produces corresponding response. 

• Input to a system is called as excitation and output from it is called as 

response. 

 

• A system is characterized by 

 inputs 

 outputs 

 rules of operation ( mathematical model of the system) 

Classification of Systems 

Systems are classified into the following categories: 

 Linear and Non-linear Systems 

 Time Variant and Time Invariant Systems 

 Causal and Non-causal Systems 

 Memory and memoryless Systems 

 Stable and Unstable Systems 

 

1- linear and Non-linear Systems 

A system is said to be linear when it satisfies superposition and homogenate 

principles. Consider two systems with inputs as x1(t), x2(t), and outputs as y1(t), 

y2(t) respectively. Then, according to the superposition and homogenate principles, 

T [a1 x1(t) + a2 x2(t)] = a1 T[x1(t)] + a2 T[x2(t)] 

∴, T [a1 x1(t) + a2 x2(t)] = a1 y1(t) + a2 y2(t) 

 

From the above expression, is clear that response of overall system is equal to 

response of individual system. 
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Example: is the system below linear or nonlinear? 

                   y(t) = x2(t) 

Solution: 

y1 (t) = T[x1(t)] = x1
2(t) 

y2 (t) = T[x2(t)] = x2
2(t) 

T [a1 x1(t) + a2 x2(t)] = [ a1 x1(t) + a2 x2(t)]
2 

Which is not equal to a1 y1(t) + a2 y2(t). Hence the system is said to be non linear 

 

2- Time Variant and Time Invariant Systems 

A system is said to be time variant if its input and output characteristics vary with 

time. Otherwise, the system is considered as time invariant. 

The condition for time invariant system is: 

          y (n , t) = y(n-t) 

The condition for time variant system is: 

          y (n , t) ≠ y(n-t) 

Where y (n , t) = T[x(n-t)] = input change 

          y (n-t) = output change 

Example:  

       y(n) = x(-n) 

       y(n, t) = T[x(n-t)] = x(-n-t) 

        y(n-t) = x(-(n-t)) = x(-n + t) 

         ∴ y(n, t) ≠ y(n-t). Hence, the system is time variant. 
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3- Causal and Non-Causal Systems 

A system is said to be causal if its output depends upon present and past inputs, and 

does not depend upon future input. 

For non causal system, the output depends upon future inputs also. 

Example 1: y(n) = 2 x(t) + 3 x(t-3) 

For present value t=1, the system output is y(1) = 2x(1) + 3x(-2). 

Here, the system output only depends upon present and past inputs. Hence, the 

system is causal. 

Example 2: y(n) = 2 x(t) + 3 x(t-3) + 6x(t + 3) 

For present value t=1, the system output is y(1) = 2x(1) + 3x(-2) + 6x(4) Here, the 

system output depends upon future input. Hence the system is non-causal system. 

 

4- Memory and memoryless Systems 

A system is said to be memory less if the output for each value of the independent 

variable at a given time n depends only on the input value at time  n. For example 

system specified by the relationship y[n] = cos(x[n]) + z is memoryless. A 

particularly simple memory less system is the identity system  defined by y[n] = x[n] 

In general we can write input-output relationship for memory less system as y[n] = 

g(x[n]). Not all systems are memory less. A simple example of system with memory 

is a delay defined by y[n] = x[n − 1]  A system with memory retains or stores 

information about input values at  times other than the current input value. 

 

5- Stable and Unstable Systems 

The system is said to be stable only when the output is bounded for bounded input. 

For a bounded input, if the output is unbounded in the system then it is said to be 

unstable. 

Note: For a bounded signal, amplitude is finite. 

 

 



 
Communications Fundamentals                                                                                        Assist.Lec. Noor Yahya 

 

8 
 

Example 1: y (t) = x2(t) 

Let the input is u(t) (unit step bounded input) then the output y(t) = u2(t) = u(t) = 

bounded output. 

Hence, the system is stable. 

Example 2: y (t) = ∫ x(t)dt 

Let the input is u (t) (unit step bounded input) then the output y(t) = ∫ u(t)dt = ramp 

signal (unbounded because amplitude of ramp is not finite it goes to infinite when t 

→ infinite). 

Hence, the system is unstable. 

 

 

 

 

 





 

FOURIER ANALYSIS 

2.1 FOURIER SERIES 

 Fourier analysis is the theory behind frequency analysis of signals.  

 A periodic function can be represented by a Fourier Series.  

 Any periodic signal is made up of the sum of single frequency components. These 

components consist of a fundamental frequency component, multiples of the 

fundamental frequency, called the harmonics and a bias term, which represents the 

average off-set from zero. 

 There are three ways of representing this information which are equivalent. We can 

represent the frequency components: 

 As the sum of a sine and cosine terms, 

  or by considering the amplitude and phase of each component,  

 or we can represent them using a complex Fourier series. The use of the 

complex Fourier series simplifies the calculation. Having found the Fourier 

components we can use the system’s frequency response function and the 

steady state response to any periodic signal. 

 A periodic function, with period τ, satisfies f (t + τ) = f (t) for all values of t. 

The fundamental frequency of a periodic function is the number of cycles in 

an interval of unit length, f = 1/τ. The fundamental angular frequency is then 

given by ω0 = 2πf = 2π/τ. A periodic function need only be defined in one 

cycle, as the periodicity property will then define it everywhere. 

2.1.1 Sine and Cosine Series: 

If  f (t) is periodic with period τ = 2π/ω0, then the Fourier series for f is given by: 
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where the coefficients are given by: 
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The steps for finding the Fourier series are: 

Step 1: Plot the periodic function f (t). 

Step 2: Determine its fundamental period τ and its fundamental angular frequency  

ω0= 2π/τ. 

Step 3: Evaluate a0, an, and bn as given above. 

Step 4: Write down the resulting Fourier series. 

 

Example 2.1: Find the Fourier series for: 
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t

t
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Solution 

Step 1: We have already plotted the graph as shown in Figure 2.1. 

Step 2: The fundamental period of this is τ = 2, so that ω0 = 2π/2 = π. 

Step 3: Calculate a0, an, and bn. We find: 

 

 

 

2



 

 

since cos(nπ) = (−1)
n
. 

 

 

3

  _



 

Step 4 

The Fourier series for f (t) is 

      





1

000 sincos
2

1

n

nn tnbtnaatf   

Note that the even values of n all give zero coefficients as 1−(−1)
n
 = 0 for n even. Odd 

values give 2/(nπ). In this case, we can change the variable for the summation, using n = 

2m-1, which is always odd. This gives: 

 

It is interesting to plot graphs of the first few partial sums that we obtain from this series. 

In Figure 2.1 we have plotted the graph given by the terms up to n = 3, n = 5, and n = 7: 

 

Figure (2.1) Partial sums of the Fourier series for the square wave. 

Fourier Series for Even functions 

         We find that even functions, which have the property that f (−t) = f (t), have all bn = 0 

in their Fourier series. They are represented by cosine terms only. This is not surprising as 

the cosine is an even function and the sine function is odd. We would expect that an even 

4



 

function would be expressed in terms of other even functions. Another simplification in 

this case is: 

 

and it is therefore only necessary to integrate over a half cycle. 

To summarize, for an even function: 

 

------------------------------------------------------------------------------------------------------------ 

Fourier Series for Odd Functions 

Odd functions, where f (−t) = −f (t) have all an = 0 and only have sine terms in their 

Fourier series. We only need to consider the half cycle, because 

 

To summarize, for an odd function: 

 

 
5



 

Example 2.2 Find the Fourier Series for the function for which the graph is given by: 

Solution: 

First, we need to define the function 

after observing the graph: 

 

We can see from the graph that it is periodic, 

with period 2π. 

We can also see that it is 

an odd function, so we know a0 = an = 0 
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Chapter Four 

Amplitude Modulation 

4.1 Modulation Definition 

  The transmission of an information signal (or the message signal) over a bandpass 

communication channel, such as a telephone line or a satellite channel, usually requires a 

shift of range of frequencies contained in the signal to another frequency range suitable for 

transmission. A shift in the signal frequency range is accomplished by modulation. 

Modulation is defined as the process by which some characteristic of a carrier signal is 

varied in accordance with a modulating signal. Here the message signal is referred to as 

the modulating signal, and the result of modulation is referred to as the modulated signal. 

4.2 Why Modulation 

There are several reasons for using modulation. Important ones are: 

(1) For ease of radiation.                   (2) To reduce noise and interference.   

(3) For channel assignment.    (4) For multiplexing or transmission of several 

messages over a single channel.        (5) To overcome equipment limitations.  

4.3 Types of Modulations 

We can classify the modulation process into continuous-wave modulation and pulse 

modulation. Continuous-wave (CW) modulation also can be divided into two types, 

Linear Modulation and Angle Modulation. In this stage, only continuous-wave (CW) 

modulation will studied.  

In continuous-wave modulation, a sinusoidal signal Ac cos (ωct + φ) is used as a 

carrier signal. Then a general modulated carrier signal can be represented mathematically 

as  
 

                                xc(t) = A(t) cos [ωc t + φ(t)],     ωc=2πfc                                               (1) 
 

 In Eq. (1), ωc is known as the carrier frequency. And A(t) is the instantaneous amplitude 

and φ(t) is the phase angle of the carrier. When A(t) is linearly related to the message 

signal m(t), the result is amplitude modulation. If φ(t) or its derivative is linearly related to 

m(t), then we have phase or frequency modulation. 
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            In this chapter, linear modulation (amplitude modulation) and its types would be 

presented in details. Amplitude modulation is divided into Four types: 

 Double Side Band Suppressed Carrier (DSB-SC). 

 Double Side Band Large Carrier (DSB-LC) which is known as ordinary (AM). 

 Single Side Band (SSB). 

 Vestigial Side Band (VSB).  

4.4 Double-Sideband Modulation (DSB-SC) 

           DSB modulation results when A(t) is proportional to the message signal m(t), that is, 

                                             xDSB(t) = m(t) cos(ωct)                                                            (2) 

m(t) = am cos(wmt), am is the message voltage and it may called (vm), wm = 2πfm is the 

angular frequency of message. 

Where we assumed that the constant of proportionality is 1. Equation (2) indicates that 

DSB modulation is simply the multiplication of a carrier, cos(ωct), by the message signal 

m(t). By application of the modulation theorem, the spectrum of a DSB signal is given by: 

                                         XDSB(w) = 1/2 M(w – wc) + 1/2 M(w + wc)                                       (3) 

 

 4.4.1 Generation of DSB Signals  

         The process of DSB modulation is illustrated in Fig. (1a).The time-domain 

waveforms are shown in Fig.(l b and c) for an assumed message signal. The frequency-

domain representations of m(t) and xDSB(t) are shown in Fig.(ld) and (e) for an assumed 

M(ω) having bandwidth ωM. The spectra M(ω-ωc) and M(ω+ωc) are the message spectrum 

translated to ω = ωc and ω = -ωc respectively. The part of the spectrum that lies above ωc is 

called the upper sideband, and the part below ωc is called the lower sideband. 

         The spectral range occupied by the message signal is called the baseband, and thus 

the message signal is often referred to as the baseband signal. As seen Fig.(1e), the 

spectrum of xDSB(t) has no identifiable carrier in it. Thus, this type of modulation is also 

known as double-sideband suppressed-carrier (DSB.SC) modulation. The carrier frequency 

ωc is normally much higher than the bandwidth ωm, of the message signal m(t); that is, 

ωc>> ωm. 
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4.4.2 Demodulation of DSB Signals  

Recovery of the message signal from the modulated signal is called demodulation, or 

detection. The message signal m(t) can be recovered from the modulated signal xDSB(t) by 

multiplying xDSB(t) by a local carrier and using a low-pass filter (LPF) on the product 

signal, as shown in Fig.(2). 
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Thus by proper amplification (multiplying by 2) we can recover the message, signal m(t). 

Demodulation of xDSB(t) by the process shown in Fig.(2.2) in frequency domain is 

illustrated in Fig. (3). 
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The basic difficulty associated with the DSB modulation is that for demodulation. 

The receiver must generate a local carrier which is exactly in phase and frequency 

synchronism with the incoming carrier. This type of demodulation is known as 

synchronous demodulation or coherent detection. Let us evaluate the effect of a phase error 

in the local oscillator on synchronous DSB demodulation shown in Fig. (3). 

Let the phase error of the local oscillator be ∅.  Then the local carrier is expressed as 

cos(ωct + Φ). Now 

This output is proportional to m(t) when Φ is constant. The output is completely lost when 

Φ = ± π/2. Thus, the phase error in the local carrier causes attenuation of the output signal 

without any distortion as long as Φ is constant and not equal to ±π /2. If the phase error Φ 

varies randomly with time, then the output also will vary randomly and is undesirable. 

To evaluate the effect of a frequency error in the local oscillator on synchronous 

DSB demodulation, let the frequency error of the local oscillator be Δω. The local carrier is 

then expressed as cos(ωc + Δω)t. Then 

The 

output is the signal m(t) multiplied by a low-frequency sinusoid. This is a “beating” effect 

and is a very undesirable distortion. 
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4.5 Ordinary Amplitude Modulation (AM) 

An ordinary amplitude-modulated signal is generated by adding a large carrier signal to the 

DSB signal. The ordinary DSB-LC signal (or simply AM signal) has the form: 

                  xAM(t) = m(t) cos ωct +A cos ωct = [A + m(t) ] cos ωct                                   (4) 

The spectrum of xAM(t)is given by: 

   𝑋𝐴𝑀(𝑤) =
1

2
𝑀(𝑤 − 𝑤𝑐) +

1

2
𝑀(𝑤 + 𝑤𝑐) + 𝜋𝐴 [𝛿(𝑤 − 𝑤𝑐) + 𝛿(𝑤 + 𝑤𝑐)                (5) 

𝐴𝑀 𝐵𝑎𝑛𝑑𝑤𝑖𝑑𝑡ℎ(𝐵𝐴𝑀) =  𝑓𝑈𝑆𝐵 − 𝑓𝐿𝑆𝐵 = 2𝑓𝑚 

An example of an AM signal, in both time domain and frequency domain, is shown in Fig. 

(4). 

Fig. (4) 

From figure above, for XAM(t) : 

Vmax = Vc + Vm ,  Vmin = Vc - Vm 

Vc = 
Vmax+ Vmin

2
 , Vm = 

Vmax− Vmin

2
 

where, Vc = A = carrier maximum voltage and Vm = am = message maximum voltage. 
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4.5.1 Demodulation of AM Signals 

The advantage of AM over DSB modulation is that a very simple scheme, known as 

envelope detection, can be used for demodulation if sufficient carrier power is transmitted.        

if A is large enough, the envelope (amplitude) of the modulated waveform given by 

A+m(t) will be proportional to m(t). Demodulation in this case simply reduces to the 

detection of the envelope of a modulated carrier with no dependence on the exact phase or 

frequency of the carrier. 

If A is not large enough, then the envelope of xAM(t) is not always proportional to 

m(t), as illustrated in Fig.(5). Thus, the condition for demodulation of AM by an envelope 

detector is 

                                   A + m(t) > 0 for all t                                                  (6) 

 A ≥ am 

A = Vc, am = Vm 
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4.5.2 Modulation Index 

The modulation index μ for AM is defined as: 

                                         𝝁 =   
𝒂𝒎

𝑨
=

𝒗𝒎

𝒗𝒄
=  

𝒗𝒎𝒂𝒙− 𝒗𝒎𝒊𝒏

𝒗𝒎𝒂𝒙+ 𝒗𝒎𝒊𝒏
                                     (7) 

the condition for demodulation of AM by an envelope detector can be expressed as 

μ ≤ 1 

When μ > 1, the carrier is said to be overmodulated, resulting in envelope distortion. 

4.5.3 Envelope Detector  

 Figure (6) shows the simplest form of an envelope detector consisting of a diode and a 

resistor-capacitor combination. The operation of the envelope detector is as follows. 

During the positive half-cycle of the input signal, the diode is forward-biased, and the 

capacitor C charges up rapidly to the peak value of the input signal. As the input signal 

falls below its maximum, the diode turns off. This is followed by a slow discharge of the 

capacitor through resistor R until the next positive half-cycle, when the input signal 

becomes greater than the capacitor voltage and the diode turns on again. The capacitor 

charges to the new peak value, and the process is repeated. 

For proper operation of the envelope detector, the discharge time constant RC must be 

chosen properly. In practice, satisfactory operation requires that 1/𝑓𝑐 ≪ 1𝑓𝑀 where 𝑓𝑀is 

the message signal bandwidth. 

                                     𝑅𝐶 ≤
1

𝑤𝑚
(

√1− 𝜇2

𝜇
)                                                       (8) 

 

Fig.(6) 
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4.5.4 AM Power 

In radio transmission, the AM signal is amplified by a power amplifier and fed to the 

antenna with characteristic impedance that is ideally, but not necessarily, almost pure 

resistance. The AM signal is really a composite of several signal voltages, namely, the 

carrier and the two sidebands, and each of these signals produces power in the antenna. 

The total transmitted power PT is simply the sum of the carrier power PC and the power in 

the two sidebands PUSB and PLSB. 

 

                                           PT = PC + PUSB + PLSB                                                     (9) 

 

A = VC : carrier voltage. 

                                              𝑐𝑎𝑟𝑟𝑖𝑒𝑟 𝑝𝑜𝑤𝑒𝑟 = 𝑃𝐶 =
𝐴2

2𝑅
=

𝑉𝑐2

2𝑅
                                           (10) 

𝑃𝑈𝑆𝐵 =  𝑃𝐿𝑆𝐵 

𝑆𝑖𝑑𝑒 𝑏𝑎𝑛𝑑 𝑝𝑜𝑤𝑒𝑟 = 𝑃𝑈𝑆𝐵 + 𝑃𝐿𝑆𝐵 =
1

2
[(

1

2𝑅
𝜇𝐴)2 + (

1

2𝑅
𝜇𝐴)2] =  

1

4𝑅
 𝜇2𝐴2 

                        𝑆𝑖𝑑𝑒 𝑏𝑎𝑛𝑑 𝑝𝑜𝑤𝑒𝑟 = 𝑃𝐷𝑆𝐵 = 𝑃𝑈𝑆𝐵 + 𝑃𝐿𝑆𝐵 =  
1

4𝑅
 𝜇2𝑉𝐶

2                        (11) 

               𝑃𝑇 =  𝑃𝐶 + 𝑃𝐷𝑆𝐵 =
𝐴2

2𝑅
+ 

1

4𝑅
 𝜇2𝐴2 =

𝐴2

2𝑅
(1 +

𝜇2

2
) =

𝑉𝐶
2

2𝑅
(1 +

𝜇2

2
)               (12) 

                                       𝑃𝑇  = 𝑃𝐶 (1 +
𝜇2

2
)                                                            (13) 

4.5.5 AM Efficiency  
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4.6 Single-Sideband Modulation (SSB) 

Ordinary AM modulation and DSB modulation waste bandwidth because they both 

require a transmission bandwidth equal to twice the message bandwidth. Since either the 

upper sideband or the lower sideband contains the complete information of the message 

signal, only one sideband is necessary for information transmission. 

Only one sideband is transmitted, the modulation is referred to as single-sideband 

(SSB) modulation. 

 

                                                      Fig(7)  

The benefit of SSB modulation is the reduced bandwidth requirement, but the 

principal disadvantages are the cost and complexity of its implementation. 

 

 



Communication Fundamentals                                                                                                                                 Second Year 

12 
 

 Single Sideband- Lower Sideband (SSB -LSB) 

𝑿𝑺𝑺𝑩−𝑳𝑺𝑩 =  
𝑽𝒎𝑽𝑪

𝟐
[𝐜𝐨𝐬(𝒘𝒄 − 𝒘𝒎) 𝒕] 

The frequency representation (spectrum) of signal SSB -LSB is shown in figure 8 below: 

 

 

 

 

                         Figure 8: The Spectrum of signal of SSB –LSB 

 Single Sideband- Upper Sideband (SSB -USB) 

𝑿𝑺𝑺𝑩−𝑼𝑺𝑩 =  
𝑽𝒎𝑽𝑪

𝟐
[𝐜𝐨𝐬(𝒘𝒄 + 𝒘𝒎) 𝒕] 

The frequency representation (spectrum) of signal SSB -USB is shown in figure 9 below: 

 

 

 

 

                                   Figure 9: The Spectrum of signal of SSB –USB 

From the spectrum, it is clear that the bandwidth of the two side SSB signal is: 

𝑩. 𝑾𝑺𝑺𝑩 =  𝒇𝒎 

6.4.1 Generation of SSB Signals 

6.4.1.1 Frequency Discrimination Method  

The straightforward way to generate an SSB signal is to generate a DSB signal first 

and then suppress one of the sidebands by filtering. This is known as the frequency 

discrimination method. In practice, this method is not easy because the filter must have 

sharp cutoff characteristics. 
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6.4.1.2 Phase-Shift Method  

Another method for generating an SSB signal, known as the phase-shift method, is 

illustrated below. The box marked −π/2 is a π/2 phase shifter which delays the phase of 

every frequency component by π/2. An ideal phase shifter is almost impossible to 

implement exactly. But we can approximate it over a finite frequency band. 
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6.4.2 Demodulation of SSB Signals  

Demodulation of SSB signals can be achieved easily by using the coherent detector as 

used in the DSB demodulation, that is, by multiplying xSSB(t) by a local carrier and 

passing the resulting signal through a low-pass filter. 
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4.7 Vestigial-Sideband Modulation (VSB) 

Vestigial-sideband (VSB) modulation is a compromise between SSB and DSB 

modulations. In this modulation scheme, one sideband is passed almost completely 

whereas just a trace, or vestige, of the other side band is retained. The typical bandwidth 

required to transmit a VSB signal is about 1.25 that of SSB. VSB is used for transmission 

of the video signal in commercial television broadcasting. 

4.7.1 Generation of VSB Signals  

A VSB signal can be generated by passing a DSB signal through a sideband shaping 

filter (or vestigial filter). 

 

 

 

 

 

 

 

 

 

𝑩. 𝑾𝑽𝑺𝑩 =  𝟏. 𝟐𝟓𝒇𝒎 

 

4.7.2 Demodulation of VSB Signals  

           For VSB signals, m(t) can be recovered by synchronous or coherent demodulation, 

this determines the requirements of the frequency response H(ω). It can be shown that for 

distortion-less recovery of m(t), it is required that 
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4.8 Frequency Translation and Mixing  

In the processing of signals in communication systems, it is often desirable to 

translate or shift the modulated signal to a new frequency band. For example, in most 

commercial AM radio receivers, the received radio frequency (RF) signal [540 to 1600 

kHz] is shifted to the intermediate- frequency (IF) (455-kHz) band for processing. The 

received signal, now translated to a fixed IF, can easily be amplified, filtered, and 

demodulated. 

A device which performs the frequency translation of a modulated signal is called a 

frequency mixer (Fig. below). The operation is often called frequency mixing, frequency 

conversion, or heterodyning. 
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 When fLO > fc (superheterodyne receiver);  

540 < fc < 1600 

fLO – fc = 455 

Thus                                                      fLO= fc+455 

When fc= 540 kHz, we get fLO=995 kHz; and when fc= 1600 kHz, we get fLO= 2055 kHz. 

Thus the required tuning range of the local oscillator is 995 − 2055 kHz. 

 

 When fLO < fc  

fLO = fc − 455 

When fc= 540 kHz, we get fLO= 85 kHz, and when fc= 1600 kHz, we get fLO= 1145 kHz. 

Thus the required tuning range of the local oscillator for this case is 85 − 1145 kHz.  

The frequency ratio, that is, the ratio of the highest fLO to the lowest fLO, is 2.07 for the case 

of fLO > fc, and 13.47 for the case of fLO <fc. It is much easier to design an oscillator that is 

tunable over a smaller frequency ratio; that is the reason why the usual AM radio receiver 

uses the superheterodyne system. 

A common problem associated with frequency mixing is the presence of the image 

frequency. For example, in an AM superheterodyne receiver (described above), the locally 

generated frequency is chosen to be 455 kHz higher than the incoming signal. Suppose that 

the reception of an AM station at 600 kHz is desired. Then the locally generated signal is at 

1055 kHz. Now if there is another station at 1510 kHz, it also will be received (note that 

1510 kHz − 1055 kHz = 455 kHz). 
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This second frequency, 1510 kHz = 600 kHz + 2(455 kHz), is called the image frequency 

of the first, and after the heterodyning operation it is impossible to distinguish the two. 

Note that the image frequency is separated from the desired signal by exactly twice the IF. 

Usually, the image frequency signal is attenuated by a selective RF amplifier placed before 

the mixer. 
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4.9 Frequency-Division Multiplexing  

Multiplexing is a technique whereby several message signals are combined into a 

composite signal for transmission over a common channel. To transmit a number of these 

signals over the same channel, the signals must be kept apart so that they do not interfere 

with each other, and thus they can be separated at the receiver end. There are two basic 

multiplexing techniques: frequency-division multiplexing (FDM) and time- division 

multiplexing (TDM). In FDM the signals are separated in frequency, whereas in TDM the 

signals are separated in time. The FDM scheme is illustrated in Fig. below with the 

simultaneous transmission of three message signals. Any type of modulation can be used in 

FDM as long as the carrier spacing is sufficient to avoid spectral overlap. 

However, the most widely used method of modulation is SSB modulation. At the 

receiving end of the channel the three modulated signals are separated by bandpass filters 

(BPFs) and then demodulated. 

 

FDM is used in telephone system, telemetry, commercial broadcast, television, 

and communication networks. Commercial AM broadcast stations use carrier frequency 

spaced 10 kHz apart in the frequency range from 540 to 1600 kHz. This separation is not 

sufficient to avoid spectral overlap for AM with a reasonably high-fidelity (50 Hz to 15 

kHz) audio signal. Therefore, AM stations on adjacent carrier frequencies are placed 

geographically far apart to minimize interference. 
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Examples 

Example 1// Suppose that on an AM signal, the Vmax value read from the oscilloscope 

screen is 5.9 divisions and Vmin is 1.2 divisions. What is the modulation index? 

Solution: 

𝜇 =
𝑉𝑚

𝑉𝑐
=  

𝑉𝑚𝑎𝑥−𝑉𝑚𝑖𝑛

𝑉𝑚𝑎𝑥+𝑉𝑚𝑖𝑛
=  

5.9−1.2

5.9+1.2
= 0.662 

Example 2// A standard AM broadcast station is allowed to transmit modulating 

frequencies up to 5 kHz. If the AM station is transmitting on a frequency of 980 kHz, 

compute the maximum and minimum upper and lower sidebands and the total bandwidth 

occupied by the AM station. 

Solution: 

 

 

Example 3// An AM transmitter has a carrier power of 30 W. The percentage of 

modulation is 85 percent. Calculate (a) the total power and (b) the power in one sideband. 

Solution: 

 
Example 4// AM waveform has sidebands power equal to 18% of the carrier power. 

Determine:  

(a) The modulation index µ. 

     (b) Transmission efficiency. 

     (c) Carrier power if the amplitude of modulating signal is 6V. 
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Solution: 

 

Example 5// AM waveform given by the following equation 

 

Determine: 

(a) The modulation index m. 

(b) The modulating and carrier frequencies. 

(c) The carrier, sidebands, and total power. 

Solution: 

Comparing this equation with AM general equation: 

 

a) µ = 0.8. 
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Example 6// The output signal from an AM modulator is: 

s(t) = 5cos(1800π t) + 20cos (2000π t) + 5cos (2200π t) 

Determine 

(a)  The modulation index. 

(b) The ratio of the power in the sidebands to the power in the carrier. 

 

Example 7// A sinusoidally modulated ordinary AM waveform is shown below. 

 Determine: 

(a) The modulation index. 

(b) The amplitude of the carrier which must be added  

     to attain a modulation index of 0.3. 
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Example 8// Design a suitable envelope detector to detect the signal in example 5. 

Solution: 

 

Example 9// Choose local oscillator frequency suitable to select radio station with 

frequency (a) 610 kHz (b) 1100 kHz. 

Solution: 

 

Example 10// Calculate the percentage power saving when the carrier is suppressed in an 

AM wave modulated to depth of (a) 100 percent and (b) 50 percent. Repeat the same when 

the carrier and one of the sideband are suppressed. 

Solution: 
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Example 11// 

A given AM (DSB-LC) broadcast station transmits an average carrier power of 40kW and 

uses a modulation index of 0.707 for sine wave modulation. Calculate: 

a) The total power output, 

b) The transmission efficiency, 

c) The peak amplitude of the output if the antenna is represented by a 50Ω resistive load. 

 

________________________________________________________________________ 
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Homework 1 // 

Homework 2// 

 

________________________________________________________________________ 

Homework 3// 

 

______________________________________________________________________ 

Homework 4// 
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Homework 5// 

 

 

Homework 6// 

 

Homework 7// 

 

 

 



When the frequency of carrier wave is changed in accordance with the intensity of the signal, it is
called frequency modulation (FM).

In frequency modulation, only the frequency of the carrier wave is changed in accordance with
the signal.  However, the amplitude of the modulated wave remains the same i.e. carrier wave ampli-
tude.  The frequency variations of carrier wave depend upon the instantaneous amplitude of the signal
as shown in Fig. 16.12 (iii).  When the signal voltage is zero as at A, C, E and G, the carrier frequency
is unchanged.  When the signal approaches its positive peaks as at B and F, the carrier frequency is
increased to maximum as shown by the closely spaced cycles.  However, during the negative peaks of

Illustration. The process of frequency modulation (FM) can be made more illustrative if we
consider numerical values. Fig. 16.13 shows the FM signal having carrier frequency fc = 100 kHz.
Note that FM signal has constant amplitude but varying frequencies above and below the carrier
frequency of 100 kHz (= fc). For this reason, fc (= 100 kHz) is called centre frequency. The changes in
the carrier frequency are produced by the audio-modulating signal. The amount of change in fre-
quency from fc (= 100 kHz) or frequency deviation depends upon the amplitude of the audio-modu-
lating signal. The frequency deviation increases with the increase in the modulating signal and vice-
versa. Thus the peak audio voltage will produce maximum frequency deviation. Referring to Fig.
16.13, the centre frequency is 100 kHz and the maximum frequency deviation is 30 kHz. The follow-
ing points about frequency modulation (FM) may be noted carefully :

(a) The frequency deviation of FM signal depends on the amplitude of the modulating signal.
(b) The centre frequency is the frequency without modulation or when the modulating voltage is

zero.
(c) The audio frequency (i.e. frequency of modulating signal) does not determine frequency

deviation.
Advantages :  The following are the advantages of FM over AM :

Fig. 16.12 Fig. 16.13

signal as at D, the carrier frequency is reduced to minimum as shown by the widely spaced cycles.

1- Frequency  Modulation  (FM)

1

       ALSAFWA UNIVERSITY COLLEGE
        DEP. of COMPUTER ENG. TECH
                            Lecture 6



 

(i) It gives noiseless reception. As discussed before, noise is a form of amplitude variations and
a FM receiver will reject such signals.

(ii) The operating range is quite large.
(iii) It gives high-fidelity reception.
(iv) The efficiency of transmission is very high.

In frequency modulation (FM), the amplitude of the carrier is kept constant but the frequency fc of the
carrier is varied by the modulating signal. The carrier frequency fc varies at the rate of the *signal

lating signal. Note that maximum frequency deviation is (fc (max) – fc) and occurs at the peak voltage of
the modulating signal. Suppose we modulate a 100 MHz carrier by 1V, 1 kHz modulating signal and
the maximum frequency deviation is 25 kHz. This means that the carrier frequency will vary sinusoi-
dally between (100 + 0.025) MHz and (100 – 0.025) MHz at the rate of 1000 times per second. If the
amplitude of the modulating signal is increased to 2V, then the maximum frequency deviation will be
50 kHz and the carrier frequency will vary between (100 + 0.05) MHz and (100 – 0.05) MHz at the
rate of 1000 times per second.

Suppose a modulating sine-wave signal es (= Es cos ωs t)
is used to vary the carrier frequency fc. Let the change in
carrier frequency be kes where k is a constant known as the
frequency deviation constant. The instantaneous carrier fre-
quency fi is given by ;

fi = fc + k es

= fc + k Es cos ωs t
A graph of fi versus time is shown in Fig. 16.14. It is

important to note that it is frequency-time curve and not
amplitude-time curve. The factor k Es represents the maxi-
mum frequency deviation and is denoted by Δf i.e.

Max. frequency deviation, Δf = ** k Es
∴ fi = fc + Δ f cos ωs t
Equation of FM wave.  In frequency modulation, the

carrier frequency is varied sinusoidally at signal frequency. The instantaneous deviation in frequency
from the carrier is proportional to the instantaneous amplitude of the modulating signal. Thus the
instantaneous angular frequency of FM is given by ;

ωi = ωc + Δωc cos ωst
Total phase angle θ = ωt so that if ω is variable, then,

θ =
0

t

i dtω∫
=

0

( cos )
t

c c s t dtω + Δω ω∫
* Note this point. It means that modulating frequency is the rate of frequency of deviations in the RF

carrier. For example, all signals having the same amplitude will deviate the carrier frequency by the same
amount, say 50 kHz, no matter what their frequencies. On similar lines, all signals of the same frequency,
say, 3 kHz, will deviate the carrier at the same rate of 3000 times per second, no matter what their
individual amplitudes.

** Note that k is in kHz or MHz per volt.

○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○ ○

Fig. 16.14

frequency fs ; the frequency deviation being proportional to the instantaneous amplitude of the modu-

2- Theory  of   Frequency Modulation

2



∴ θ = ωct + sinc
s

s
tΔω ω

ω
The term c

s

Δω
ω

 is called modulation index mf .

∴ θ = ωct + mf sin ωst
The instantaneous value of FM voltage wave is given by ;

e = Ec cos θ
or e = Ec cos (ωc t + mf sin ωs t) ...(i)
Exp. (i) is the general voltage equation of a FM wave. The following points may be noted carefully :
(i) The modulation index mf is the ratio of maximum frequency deviation (Δf) to the frequency

(= fs) of the modulating signal i.e.

Modulation index, mf =
( ) −Δω Δ= =

ω
c max cc

s s s

f f f
f f

(ii) Unlike amplitude modulation, the modulation index (mf) for frequency modulation can be
greater than unity.

Frequency Spectrum.  It requires advanced mathematics to derive the spectrum of FM wave.
We will give only the results without derivation. If fc and fs are the carrier and signal frequencies
respectively, then FM spectrum will have the following frequencies :

fc ;  fc ± fs ;  fc ± 2fs ;  fc ± 3fs and so on.
Note that fc + fs,  fc + 2fs,  fc + 3fs ...... are the upper sideband frequencies while fc – fs,  fc – 2fs,

 fc – 3fs ...... are the lower sideband frequencies.
Example 16.16.  A frequency modulated voltage wave is given by the equation :

e = 12 cos (6 × 108t + 5 sin 1250 t)
Find (i) carrier frequency (ii) signal frequency (iii) modulation index (iv) maximum frequency

deviation (v) power dissipated by the FM wave in 10-ohm resistor.
Solution.  The given FM voltage wave is

e = 12 cos (6 × 108t + 5 sin 1250 t) ...(i)
The equation of standard FM voltage wave is

e = Ec cos (ωc t + mf sin ωs t) ...(ii)
Comparing eqs. (i) and (ii), we have,

(i) Carrier frequency, fc =
86 10

2 2
cω ×=
π π  = 95.5 × 106 Hz

(ii) Signal frequency, fs = 1250
2 2

sω =
π π  = 199 Hz

(iii) Modulation index, mf = 5
(iv) Max. frequency deviation, Δf = mf × fs = 5 × 199 = 995 Hz

(v) Power dissipated, P =
2 2
. . . (12 / 2)

10
r m sE
R

=  = 7.2W

Example 16.17.  A 25 MHz carrier is modulated by a 400 Hz audio sine wave. If the carrier
voltage is 4V and the maximum frequency deviation is 10 kHz, write down the voltage equation of the
FM wave.

Solution.  The voltage equation of the FM wave is
e = Ec cos (ωc t + mf sin ωs t)

3



 

Here ωc = 2π fc = 2π × 25 × 106 = 1.57 × 108 rad/s
ωs = 2π fs = 2π × 400 = 2513 rad/s

mf =
310 kHz 10 × 10 Hz=

400 Hz 400Hz
Δ =

s

f
f  = 25

∴ e = 4 cos (1.57 × 108 t + 25 sin 2513t)  Ans.
Example 16.18.  Calculate the modulation index for an FM wave where the maximum fre-

quency deviation is 50 kHz and the modulating frequency is 5 kHz.
Solution.

Max. frequency deviation, Δf = 50 kHz
Modulating frequency, fs = 5 kHz

∴ Modulation index, mf =
50 kHz
5 kHzs

f
f

Δ =  = 10

Example 16.19.  The carrier frequency in an FM modulator is 1000 kHz. If the modulating
frequency is 15 kHz, what are the first three upper sideband and lower sideband frequencies?

Solution.
Carrier frequency, fc = 1000 kHz

Modulating frequency, fs = 15 kHz
Upper sideband frequencies

fc + fs ; fc + 2 fs ; fc + 3 fs
1000 + 15 ; 1000 + 2 × 15 ; 1000 + 3 × 15
1015 kHz ; 1030 kHz ; 1045 kHz

Lower sideband frequencies
fc – fs ; fc – 2 fs ; fc – 3 fs
1000 – 15 ; 1000 – 2 × 15 ; 1000 – 3 × 15
985 kHz ; 970 kHz ; 955 kHz

Example 16.20.  The carrier and modulating frequencies of an FM transmitter are 100 MHz
and 15 kHz respectively.  If the maximum frequency deviation is 75 kHz, find the bandwidth of FM
signal.

Solution.  To calculate the exact bandwidth of an FM signal, it requires the use of advanced
mathematics (Bessel functions) which is beyond the level of this book. However, the bandwidth of an
FM signal is approximately given by ;

Bandwidth, BW = 2 [ Δf + fs] = 2 [75 + 15] = 180 kHz
Example 16.21.  In a frequency modulated wave, frequency deviation constant is 75 kHz/volt

and the signal amplitude is 2V. Find the maximum frequency deviation.
Solution.

Frequency deviation constant,  k = 75 kHz/V
Amplitude of signal, Es = 2V

∴ Max. frequency deviation, Δf = k Es = 75 × 2 = 150 kHz

Example 16.22.  In an FM system, when the audio frequency (AF) is 500 Hz and the AF voltage
is 2.4V, the frequency deviation is 4.8 kHz. If the AF voltage is now increased to 7.2V, what is the new
frequency deviation? If the AF voltage is raised to 10V while the AF is dropped to 200 Hz, what is the
deviation? Find the modulation index in each case.

4



Solution.
We know that :

Frequency deviation, Δf1 = k Es

∴ Frequency deviation constant, k = 1 4.8
2.4s

f
E

Δ =  = 2 kHz/V

For Es = 7.2V,           Δf2 =2 × 7.2 = 14.4 kHz
 For Es = 10V,           Δf3 =2 × 10 = 20 kHz

The answer of 20 kHz shows that deviation is independent of modulating frequency.
The modulation indices in the three cases are :

mf1 = 1

1

4.8
0.5s

f
f
Δ =  = 9.6

mf2 = 2

1

14.4
0.5s

f
f

Δ =  = 28.8

mf3 = 3

2

20
0.2s

f
f
Δ =  = 100

It is important to note that for calculating modulation index, the modulating frequency change
had to be taken into account in the third case.

The comparison of FM and AM is given in the table below.

S. No
1.

2.

3.

4.

FM
The amplitude of carrier remains constant
with modulation.
The carrier frequency changes with modu-
lation.
The carrier frequency changes according to
the strength of the modulating signal.
The value of modulation index (mf) can be
more than 1.

AM
The amplitude of carrier changes with
modulation.
The carrier frequency remains constant with
modulation.
The carrier amplitude changes according to
the strength of the modulating signal.
The value of modulation factor (m) cannot
be more than 1 for distortionless AM
signal.

3- Comparison  of  FM  and  AM

5
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Student Able to :

• Define noise and describe the prominent 
sources of electrical noise

• Explain and calculate the most common types 
of noise in communication system

3
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Introduction

Noise is the static you hear in the speaker when you tune any AM or FM 

receiver to any position between stations. It is also the “snow” or “confetti” that 

is visible on a TV screen. 



Introduction
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Noise is a general term which is used to describe an “unwanted 

signal which affects a wanted signal.” 

Noise is a random signal that exists in a communication 
system. 

Random signal cannot be represented with a simple 
equation.



Sources of noise
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Noise

Internal Noise External Noise

Due to random movement of 
electrons in electronic circuit.

Electronic components in a 
receiver such as resistors, 
diodes, and transistors are 
major sources of internal noise

• Thermal noise

• Shot noise

Man-made noise and    natural 
resources

External noise comes from 
sources over which we have little 
or no control

•Industrial sources

motors, generators, 
manufactured equipment

•Atmospheric sources / static 
electricity

speaker when there is no    
signal present



Introduction (Cont’d)

• The noise level in a system is proportional to 

temperature and bandwidth, the amount of 

current flowing in a component, the gain of the 

circuit, and the resistance of the circuit. 
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Noise Effect

• Degrade system performance for both analog and digital 
systems.

• The receiver cannot understand the original signal.

• The receiver cannot function as it should be. 

• Reduce the efficiency of communication system.

8



Noise - Type of Noise

 The are several types of noise, among them are:

1. Atmospheric

2. Extraterrestrial (Cosmic & Solar)

3. Thermal Noise

4. White Noise 

5. Shot Noise

6. Quantization Noise

9



Atmospheric Noise (Static)

• Results due to spurious radio waves inducing 
voltages at antenna creating spurious 
waveforms

• Reasons

• Weather conditions (moisture, lightening and thunder)

• Dominant upto 30 MHz

10



Extraterrestrial

• Solar

– Due to radiation from sun

• Cosmic

– Due to radiations from other heavenly bodies

11



Industrial

• Created by man due to several reasons

– Line passing near by a transformer

– Interference by other coexisting equipment

– (TV remotes and IR equipments)

12



Thermal Noise (Johnson Noise /white noise)

13

Thermal noise is the result of the random motion of charged particles 

(usually electrons) in a conducting medium such as a resistor.

This type of noise is generated by all resistances (e.g. a resistor, 

semiconductor, the resistance of a resonant circuit, i.e. the real part of the 

impedance, cable etc).

When the temperature increases the movement of free electrons will 

increases  and the current flows through the conductor.

Movement of the electrons 
will forms kinetic energy in 

the conductor related to the 
temperature of the 

conductor.



Thermal Noise (Johnson Noise) (Cont’d)
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Experimental results (by Johnson) and theoretical studies (by Nyquist) give 

the mean square noise voltage as 

)(4 2

2_

voltTBRkV 

Where  k = Boltzmann’s constant = 1.38 x 10-23 Joules per K

T = absolute temperature (Kelvin)

B = bandwidth noise measured in (Hz)

R = resistance (ohms)



Thermal Noise (Johnson Noise)
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For example : 

50 kΩ resistor at a temperature of 290 K, 3 kHz bandwidth. Find Vrms

value of noise: 

from Kelvin to Kelvin

Celsius [°C] = [K] − 273.15 [K] = [°C] + 273.15

Fahrenheit [°F] = [K] × 9⁄5 − 459.67 [K] = ([°F] + 459.67) × 5⁄9

Vn = √ 4 x 1.38 x 10-23 x 290 x 3000 x 50

= 49 nV 

http://en.wikipedia.org/wiki/Celsius
http://en.wikipedia.org/wiki/Fahrenheit
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Example 1.4

One operational amplifier with a frequency range of (18-20) MHz has 

input resistance 10 k.  Calculate noise voltage at the input if the 

amplifier operate at ambient temperature of 270C.

Vn
2 = 4KTBR

= 4 x 1.38 x 10-23 x (273+ 27) x 2 x 106 x 104

Vn = 18 volt



Analysis of Noise  In Communication Systems

17

Thermal Noise (Johnson noise)

This thermal noise may be represented by an equivalent circuit as shown below 

)(4 2
____

2 voltTBRkV 

____
2V nVkTBR  2

(mean square value , power)

then VRMS =

i.e.  Vn is the RMS noise voltage.



Analysis of Noise  In Communication Systems (Cont’d)
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2
2

___
2

1

_______
2

nnn VVV 

11

____
2

1 4 RBTkVn 

22

____
2

2 4 RBTkVn 

)(4 2211

____
2

RTRTBkVn 

)(4 21

____
2

RRBkTVn 

Assume that R1 at 

temperature T1 and R2 at 

temperature T2, then 

i.e. The resistor in series at same temperature behave as a 

single resistor 

Resistors in Series



Shot Noise
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•Shot noise is a type of electronic noise that occurs when the finite 

number of particles that carry energy, such as electrons in an electronic 

circuit or photons in an optical device

• Shot noise was originally used to describe noise due to random 

fluctuations in electron emission from cathodes in vacuum tubes 

(called shot noise by analogy with lead shot).

• Shot noise also occurs in semiconductors



How to determine noise level in communication 
system?

• Noise effect can be determined by measuring:  
- Signal to Noise Ratio, SNR for analog system
- Noise Factor, F
- Noise Temperature, Te .

- probability of error or bit error rate, BER for digital system

• To determine the quality of received signal at the receiver or an antenna, 
SNRi is used. 

• SNR o is always less than SNRi , due to the facts that the existence of 
noise in the receiver itself. In the receiver usually constitute a process of 
filtering, demodulation and amplification.

20



Noise Calculation

• SNR is a ratio of signal power, S to noise power, N.

• Noise Figure, F

• Noise factor, NF

dB
N

S
SNR log10

21

dB
NS

NS

FNF

oo

iilog10

log10





oo

ii

NS

NS
F  dB



Signal to Noise
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)(,

)(,

wattsPnPowerNoise

wattsPsPowerSignal

N

S


The signal to noise ratio is given by

The signal to noise in dB is expressed by 

dBmdBmdB NS
N

S









for S and N measured in mW.

dB
N

S

N

S
10log10



• Example :

For an amplifier with an output signal power of 10 W and an 

output noise power of 0.01 w, determine the signal to noise 

power ratio

23

Signal to Noise

• Solution :

To express in dB;

1000
01.0

10


Pn

Ps

N

S

dB
N

S

N

S
dB 30

01.0

10
log10log10 10 




















• Example :

For an amplifier with an output signal voltage of 4V, an output noise 
voltage of 0.005 V, and an input and output resistance of 50 ohm, determine 
the signal to noise power ratio.

Solution :

24

Signal to Noise

dB
V

V

N

S

n

s
dB 06.58

005.0

4
log20log20 10 






















25

Noise Factor- Noise Figure (Cont’d)

Noise factor, F = 
 
 

OUT

IN

N
S

N
S

• F equals to 1 for noiseless and in general F > 1. 

lower the value of F, the better the network.

Consider the network shown below,
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Noise Factor- Noise Figure (Cont’d)

Noise figure (NF) is the Noise factor converted to dB

Noise Figure (NF) dB = 10 log10 (F)

NF = SNRin − SNRout

If every variable is a dB Noise figure;



Noise Temperature
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Noise temperature (Te) is expressed as :

Where;

Te = equivalent noise temperature (Kelvin)

T   = environmental temperature (reference  value of 290 K)

F = Noise factor

Te = T(F-1)

Equivalent noise temperature Te is not the physical temperature 

of the amplifier, but rather a theoretical construct that is an 

equivalent temperature that produces that amount of noise power



Transmission Loss

Transmission Medium Frequency Loss dB/km

Kabel Terpiuh (Twisted-

pair Cable)

10kHz

100kHz

300kHz

2

3

6

Kabel Sepaksi (Coaxial 

Cable)

100kHz

1MHz

3MHz

1

2

4

Pandu Gelombang 

Empat Segi 

(Rectangular Waveguide)
10GHz 5

Kabel Fiber Optik 

(Fiber Optic Cable)

3.6 x 1014Hz

2.4 x 1014Hz

1.8 x 1014Hz

2.5

0.5

0.2
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Summary
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• Thermal Noise

• Signal - to – Noise

• Noise Factor 

• Noise Figure

• Noise Temperature

)(4 2

2_

voltTBRkV 

)(,

)(,

wattsPnPowerNoise

wattsPsPowerSignal

N

S


 
 

OUT

IN

N
S

N
S

Noise Figure (NF) dB = 10 log10 (F)

Te = T(F-1)
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