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    Date: 2065/5/23 
 
Introduction to communication system: Communication  is the 
process of establishing connection or link between two or more 
points for  information exchange.  
          The electronic equipment  which are  used for  
communication  purpose are called communication  equipments. 
Different communication equipment when assembled together 
form a communication system. 
     Communication is the final product of electronic engineering. 
Communication can be broadly categorized into  

a. Voice communication :  e.g Telephony radio 
broadcasting, cellular mobile etc. 

b. Video Communication:  e.g  Text picture, moving 
objects, TV broadcasting etc.  

c. Data communication:  Facsimile communication.  
 
Basic communication system:  The purpose of a 
communication  system is to transmit an information  bearing  
signal from source located at one point to destination located at 
anther point some distance away. The block diagram of a basic 
communication system is represented as: 
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Information source:  A communication system serves to 
communicate a message or information; originates for the 
information source as in the form of words, groups of words, 
codes , symbols , sound, signals etc. We can say that the function 
of information source is to produce required message which has 
to be transmitted.  
 
Input transducer: The message from the information source 
may or may not be electrical in nature. In the case when message 
produce by the information source is not electrical in nature and 
input transducer is used to convert it into an electrical signal.  
 
Transmitter: The transmitter modifies the message signal for 
efficient transmission. Transmitter is required to make the signal 
suitable for signal conduction over the channel. Modulation is 
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the main function of the transmitter. In modulation the message 
signal is superimposed upon the high frequency carrier signal.  
 
The channel and noise: Channel means the medium through 
which the modulated signal travels from the transmitter to 
receiver. The function of the channel is to provide a physical 
connection between the transmitter and  the receiver. 
 During the process or transmission and 
reception the signal gets distorted due to noise introduce in the 
system. 
 Noise is an unwanted signal which tends 
to interfere  with the required signal. Noise signal is always 
random in nature. Noise may interfere with signal at any point in 
a communication system, however the noise has its greatest 
effect  on the signal on the channel.  
 
Receiver:  The main function of the receiver is to reproduce the 
message signal in electrical form  the distorted received signal. 
This reproduction of the original signal is accomplished by a 
process known as the demodulation or detection. Demodulation 
is the reverse process of modulation carried out in transmitter.  
 
Destination:  It is the final stage which is use to convert an 
electrical message signal into it’s original form.   
 
Digital communication system:  DCS is meant to transmit 
signal in discrete form coming out from a source to a pre 
assigned destination with maximum possible rate and accuracy. 
 The signal at the output of the information 
source and at the input of the destination are sequence of 
symbols in discrete form.  

    Discrete
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Figure: Block diagram of DCS 
 
DCS: The o/p of the DCS is the sequence of symbol occurring at 
fixed interval of time. Example A, Q, I , 5, J etc.  
Source encoder: It converts sequence of symbol at it’s input 
into binary sequence of 1’s and 0’s by assigning code word 
(combination of 1’s and 0’s ) to each symbol.  

 
Source
encoder

Sequence of
symbol
A,Q,I,5,Z Code word

 
 

 
Channel encoder: The channel encoder adds to the bit stream of 
source encoder output some error control bits ( redundancy) that 
does not carry any information. These error control bits make 
possible for the receiver to detect and in most of the cases correct 
some of the errors in message bearing bits.  
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Channel modulator: It is intended to convert bit streams from 
channel encoder to electrical wave form suitable for transmission 
over communication channel. 
 
Channel:  The communication channel is physical media that 
accepts signal in the form of electrical parameter(voltage, 
current) for the case wire communication and EMW 
(electromagnetic wave ) for the case of wireless communication.  
Channel decoder: It removes redundancy bits from information 
bearing bits with minimum error and maximum efficiency.  
 
Source Decoder: It converts the binary output of the channel 
decoder into sequence of symbol with minimum error and 
maximum efficiency. 
 
Destination: It is the final stage which is use to convert an 
electrical message signal into it’s original form. 
 
Relation between channel capacity, bandwidth and noise:  
The Shannon channel capacity theorem states that for given B( 
channel bandwidth) and required level of SNR the maximum 
speed of data transmission ( or the channel capacity) ,C is 
limited. I.e for given B and SNR only C can maintained error 
less communication.  
                C = Blog2 (1+SNR)  bits/sec. 
Need for Modulation: 

1. Modulation for ease of radiation.  
2. Modulation for multiplexing . 
3. Modulation to overcome equipment limitations.  
4. Modulation for frequency assignment. 
5. Modulation to reduce noise and interference.   
6. Modulation for wide range of transmission. 

 

Q.1 Calculate the capacity of standard telephone channel with 
signal to noise ratio 32 dB (Given standard telephone channel B 
= 300 to 3400 Hz ) .  
Solution:  
  Given,  
  Signal to noise ratio = 32 dB.  
Or  10 log10(s/N)  = 32  
Log10(s/N) = 32/10  
B = 3400 – 300 Hz.  
    = 3100 Hz  
We have , C = Blog2(1+SNR)  
                     = 3100 log2 (1+1585) 
                     = 32953 bit/sec  
                      ≈ 33 kb/sec  
 
Q.2 A system has a bandwidth of 4KHz and signal to noise ratio 
of 28 dB at i/p to the receiver. Calculate  
  a. Its information carrying capacity 
  b. The capacity of channel if its B.W is double while the 
transmitted signal power remains constant.  
Solution:  
  Given:  Band width  (B) = 4 khz 
               10 log10(SNR) = 28 dB 
                SNR = antilog  (28/10)  
                         = 631  

(a) We have , C = Blog2 (1+SNR) bits/sec 
                           = 4×103 log2(1+631)  
                           = 37216 bits/sec  
                           ≈ 37.2 K 
(b) β = 4×2 Khz  = 8 khz  

then  c = B log2(1+SNR)  
            = 8× 103 log2(1+signal power/Noise power) 
            = 5× 103 log2 (1+ 631/2) 
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            = 66. 45 Kbps  
   Date: 2065/5 /14  (Saturday) 
 
Difference between analog and digital communication system. 
 
                  Analog     Digital 
1. Bandwidth required is less 1. Bandwidth required is high. 
2. Noise is high   2. Noise is less 
3. Error correction is not possible 3. Error correction is possible 
4. Cost is low   4. Cost is high  
5. Less complex   5. Complexity is high  
6. Less reliable    6. More reliable.  
 
Chapter: 2 
 
2.1 Types of signals: 
1. continuous and discrete time signals. 
2. Periodic and non periodic signals. 
3. Causal and non causal signals 
4. Deterministic and random signals. 
5. Energy type and power signals.  
 
Apart form these signal types in communication system special 
types of signals that do not exist in nature but are used to 
describe some ideal phenomenon are extensively used . Some 
are:  
(1) Harmonic Signals:  A periodic signal defined for – ∞ ≤ t ≤ 

∞ and expressed in terms of sinusoidal function.  
x(t) = A cos(2πft+θ)  is called harmonic signal.  

      

cosine wave

x(t)

 
(2) Unit step function:  A signal which exists only for positive 

side and is zero for –ve side. The unit step signal is denoted 
by u(t) and expressed as. 
u(t) = ½  for   t = 0  
   = 1 for t > 0 
   = 0 for t < 0  

u(t)

1
1/2

 
 
(3) Rectangular pulse signals:  A rectangular pulse signal π(t) 

is defined by  the equation.  
Π(t) =  1 for -1/2 < t < 1/2 
        =   1/2   for  |t| = 1/2  
        =  0  otherwise.  

1/2

- 1/2 1/20

1

π(t)

 
 
(4)  Triangular pulse signal:    It is defined by the equation  
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       ∧(t)  = t + 1 for  -1≤ t  ≤ 0  
                = -t+1  for  0 ≤ t ≤ 1  
                = 0     otherwise.  

          

1

1 1
t

∧(t)

 
 
(4) Sinc signal:  A  sinc signal has its maximum value equal to 

1 at  t = 0 and gradually (alternatively)  tends to zero for 
t→∞  .  

Sinc (t)    =     sin πt / πt         t ≠ 0  
                =      1                     t = 0  

Sinc(t)

0
t

 
 

 (5) Signum Signal :   The signal is used to define the sign of a    
   Signal. 
     Sgn (t)   =    1  for  t > 0  
                   =   -1  t < 0  
                   =   0     t = 0  

          

Sgn(t)

1

-1

 
(5) Delta or impulse signal: It is the mathematical model to 

represent the physical phenomenon that takes place in 
very short period.  

 δ (t) = 1    t = 0  
         = 0    otherwise  
 

                                          

δ(t)

t

1

0  
 The convolution of any function with (δ ) function gives the 
value of that function at the time instance of application of δ 
function i.e.  
 x(f)* δ(t)  =  x(t)  and  
 x(f) * δ(t – t0) = x(t –t0)  
Also , δ(at) = 1/|a| δ(t)    for all  a ≠ 0  
 
Types of system: 
(1) linear system. 
(2) Non-linear system 
(3) Time invariant system 
(4) Time variant system. 
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Representation of signals:  Broadly there are two types of 
signal representation  as follows: 
(1) Time domain representation.  
(2) Frequency domain representation.  
 

(1) In time domain:  A signal is a time varying quantity.  

         

T
u(t)

+v

-v

t

 
 
 
(2) Frequency domain representation:  In frequency domain a 

signal is represented by its frequency spectrum. To obtain 
frequency spectrum of a signal, fourier  series (for periodic 
continuous signals) and Fourier transform (for non periodic) 
are used. When Fs is applied to above signal u(t) ,we have   

  u(t)   =  4v/π .  ( sinwot +1/3.sin3wot + 1/5.sin5wot+ ……..)  
 

   

u(w)

w0 3w0 5w0 7w00
w

 
 
Fourier series: Obtained the fourier series representation of a 
periodic square wave signal given below:  
 

             

A

-T/2 -T/4 T/4 T/2

-A

x(t)

 
 
Fourier transform:  F. T is defied as:  

  F[x(t)]  = X(w) = ∫
∞

∞−

− dtetx jwt)(        and inverse F.T is defined as,  

   F-1[x(w)] = x(t) = ∫
∞

∞−

dwewX jwt)(
2
1
π

   

 
Properties of F.T: (learn your self) 
 
System: A system  refers to any physical device that produces an 
output signal in response to an input signal.  

              

φ[    ]
x(t) y(t)

input output
System  

 
When signal x(t)  is applied to the input of a system, it yields the 
o/p signal described by y(t).  
i.e   y(t)  =  Ф [x(t)] 
 
Response:  It is customary to refer to the input signal as the 
excitation and to the o/p signal as the response.  
 
Impulse response {h(t)}:   It is defined as the response of a 
system (with zero initial conditions ) in time domain to a unit 
impulse or delta function δ(t) applied to the input of the system.  
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φ[    ]
δ(t) h(t)

input output
System  

 
Transfer function  H(t):    The fourier transform of impulse 
response h(t) is called transfer function.  
  The transfer function H(f) and impulse response h(t) form a 
fourier transform pair as shown by the pairs of relation,  

  H(f) =  ∫
∞

∞−

− dteth ftj π2)(   and    

   h(t)  =  ∫
∞

∞−

dfefH ftj π2)(  

more over,  h(t)                            H(f)  
 
Signal transfer in LTI system:  As we know , the impulse 
response of a system is defined. As the response of the system to 
a  delta function δ(t) applied to the input.  
   h(t)  =   ψ [δ(t)]   
as the convolution of x(t) and δ(t)  is the original signal x(t). We 
can expressed as x(t) as:  
    x(t)    =   x(t) * δ(t)   

x(t)  =   ∫
∞

∞−

− ττδτ dtx )()(  

If y(t) is the output response to an input of x(t) by a LTI, we can 
write ,  

  y(t)   = Ф[ ∫
∞

∞−

− ττδτ dtx )()( ]   

           =  ∫
∞

∞−

− ττδφτ dtx )]([)(   =  ∫
∞

∞−

− τττ dthx )()(  

         y(t)   =  x(t) *  h(t)        
 

The o/p of a LTI is the convolution of input signal and the 
impulse response of the system.  
    Date: 2065/5/19 
 
#Determine the fourier transform of the signal π(t) 

                        

1/2

- 1/2 1/20

1

π(t)

 
 
Solution:  
We have  
 F[π(t)] = ∫ ∞ 

-∞  π(t) e-j2πft dt 
             = ∫ ½-1/2  e-2πft dt 
             = -1/j2πf [ e-j  πf – ej π f] 
            = 1/πf [ (e-j π f – ej π f)/2j] 
             = Sin πf/πf  
F[π(t) ]  = sinC(f)  
 

          

Sinc(F)

0
F

 
 
#Find the inverse f.T  of δ(ω) 
Solution:  
    F-1[x(w)] = 1/2π ∫ ∞ 

-∞  X(w) ejwt dw 
     F-1[ δ(w)] = 1/2π ∫ ∞ 

-∞ δ (w) ejwt dw 

F.T 
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              =1/2π [ejwt] w=0
  

              = 1/2π  
 
# Find the fourier transform of δ (w-w0) 
 Solution:  
  F-1 [x(w)] = 1/2π ∫ ∞ 

-∞ δ (w – w0) ejwt dt  
Using shifting property of impulse function,  
F-1 [ S(w –w0) ] = 1/2π.  ejwt|w = wo  
                           = 1/2π  ejwot

   
 
# Find the fourier transform of everlasting  sinusoidal coswot 
 Solution:  
    Coswot = 1/2(ejwot

 +e-jwot)  
We know that   
F(ejwot) = 2π δ (w-wo) ……(i) 
F(e-jwot) = 2π δ (w+wo)……………(ii) 
From equation (i) (ii) and (iii) we have,  
F(coswot) = ½ [ 2π δ (w-w0) + 2π δ (w+w0) 
 = π [ δ (w. –wo) + δ (w+w0)] 
 

     

coswot

t

π

x(ω)

ωο−ωο
ω

  
 
# Find the fourier transform of Signum function.  
Solution:  

     

Sgn(t)

1

-1

 
   Sgn(t) =   - 1for   t<0 
 0 for t = 0 
 1 for t > 0  
Sgn(t) = u(t) –u(-t) 
Now ,  
F[x(t)] = X(w) 
            = ∫ ∞ 

-∞ x(t) e-jwt dt 
F[sgn(t)] = X(w) = ∫ ∞ 

-∞ sgn(t) e-jwt dt 
  X(w) = ∫ o-∞  (-1) e-jwt dt + ∫ ∞ 

o
 1.e-jwt dt 

 = - ∫ 0-∞ 
 e-jwtdt + ∫ ∞ 

0 e-jwt dt 
 = -[ e-jwt/-jw]0

-∞ 
 + [e-jwt/jw]∞ 

o 
= 1/jw[ eo – e-∞ ] – 1/jw [ e-∞  - eo]  
 = 1/jw + 1/jw  = 2 /jw 

               

f L f Uf C
BW
BW

A

 
Home assignment: 
# Find the fourier transform of f(eat u(t))  
# Find the fourier transform of the following figure.  
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x(t)   ( in volt)

10

2
t   (in sec)

 
 
The Hilbert transformation and its property:  
  Hilbert transform (HT) is an operator which adds -90 ˚ phase 
shift to all  positive frequencies and +90˚ to all negative 
frequencies of the i/p signal spectrum.  

        
Hilbert
Transfermer

x(t) x(t)

 
 
 
The amplitude of all frequency component of the i/p signal are 
unaffected by the transmission through the Hilbert transformer if 
X(t) is i/p signal  then the o/p signal of the Hilbert transformer is 
denoted by x^(t) .  
The frequency response of the HT  is denoted as 
 H(f) = -j     f>0 

0 f = 0 
j       f<  0 

       = -jsgn(f)  
Where sgn(f) is the signum function.  
And the phase response  will be ,  
θ (f)  =-π /2     f>0 
 =o         f = 0 
 = π /2    f <0  
  The amplitude and phase response of the transformer  is shown 
below.  

f

H(F)
π/2

−π/2

0 F

 
 
The impulse response of HT is the F.T of its frequency response 
H(f) and is equal to ,  
  h(t) = 1/πt 
  Properties of HT: 

1. The energy content in x(t) and x^(t) are same  
i.e  ,  | x(cap)(t) |2 = | x(f) |2  

2. x(t) and x(cap)(t) are orthogonal and therefore cross-
correlation between them is zero.  

3. If C(t) is a high frequency sinusoidal signal and m(t) is a 
low pass signal then HT of product of C(t) and m(t) is 
equal to  product of m(t) and C(cap)t 

 
System Band width:  In the case of a low pass system , the 3-dB 
bandwidth is defined as the difference between zero frequency at 
which the amplitude response attains its peak value )0(H and the 
frequency at which the amplitude response drops to a value equal 
to )0(H /√2 

               
-B 0

|H(F)|

+B

|H(0)|\√2

B  
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In the case of bandpass system the 3-dB bandwidth is defined as 
the difference between the frequencies at which the amplitude 
response drops to a value equal to 1/√2 time the peak value 

)( cfH  at mid band frequency fc .  

            

|H(F)|
|H(f)|\√2

-f c f c
B  

 
Signal bandwidth:  The bandwidth of a signal provides a 
measure of the extent of significant spectral content of the signal 
for positive frequencies  
                 A signal is said to be low pass if its significant 
spectral content is centered around the origin, and bandwidth is 
defined as one half total width of main spectral lope.  

               
 -w

x(f)

 f
 w 0

 B = w  
 
A signal is said to be bandpass if its significant spectral content 
is central around  +-fc  where fc is a non zero frequency and the 
bandwidth is defined as the width of main lope for +ve 
frequencies.  

              -fc-w -fc+w-fc fc-w fc fc+w

x(f)

|x(fc)|

 
                                                                       Date: 2065/5/20 
 
Distortion less Transformation:  By distortion less 
transmission, we mean that the output signal of a system is an 
exact replica of the input signal, except for a possible change of 
amplitude and a constant time delay we may therefore say that a 
signal x(t) is transmitted through the system without distortion of 
the o/p signal y(t) is defined by   
         y(t)   =   k x(t-to)  …………..(i) 
where k is a constant that accounts for the change in amplitude 
and to for the delay in transmission.  
    Applying  F.T to equation (i) and using  time shifting  
property, we  have,  
  Y(F) = KX(F)e-j2 π f to

    ………….(ii)  
 ∴ The transfer function of a distortion less system is   
  H(F) =  Y(F) /X(F)  = ke-j2 π f to

 ……………(iii)  
 And the impulse response is  
   h(t)  =   k δ(t – to)  ………..(iv)  
 where δ(t – to) is a Dirac-delta function shifted by to seconds.  
Equation (iii) indicates that in order to achieve  distortion less  
transmission  through a system, the transfer function of the  
system must satisfy  two conditions: 
1. The  amplitude response |H(F)| is constant for the  frequency 
i.e   |H(F)| = k  
2.  The phase θ(F) is linear with frequency  passing through 
origin , i.e   θ(F) = -2πfto  
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F

H(F)

k

slope =
-2πto

F

 
 
 
Chapter: 3 
 
Amplitude modulation:  
Let  carrier ,  
          C(t) = Accos(2πfct +θc) ……….(i)  
And the message signal m(t) . Then the amplitude modulated  
signal UAM =  Ac m(t)  cos(2πfct + θc)  
For  simplicity, let  θc =  0  
 ∴  UAM(F) =  m(t) × c(t)  ……….(ii)  
F.T  of equation (ii)  is  
UAM (F)  =   F [ m(t)]* F [ c(t)]  
               =  M(f) * F[Ac cos2πfct ]  
               = M(f)*Ac F[ (ej2πfc t + e -j2πfc t)2 ] 
               = M(f) * Ac/2. F[ej2πfc t + e -j2πfc t] 
               = M(f) * Ac/2. [ δ(f – fc ) + δ(f + fc)]  
 
UAM(f)   =  Ac/2.M(f). δ(f – fc)  + Ac/2.M(f). δ(f + fc)  
              =   Ac/2. M(f -  fc) + Ac/2. M( f + fc)  
 

M(f)

0-w +w
f

C(f)

0
f

fc-fc  

 
(c) Modulated signal. (DSB AM):  

               -fc-w -fc+w-fc fc-w fc fc+w

USB USBLSBLSB

Ac/2

UAM(f)

 
 
 Let us consider the case when the modulating signal sinusoidal 
function. i.e   
     m(t) = Amcos2πfmt        where  fm  << fc  
Then the modulated signal be.  
UAM(t)  =  Am cos2πfmt × Ac cos2πfct  
             =  Ac Am cos2πfmt × cos2πfct  
             =  (AcAm)/2[ cos2π(fc +fm)t + cos2π ( fc – fm)t] 
In frequency domain,  
 
 

C(f)

0
f

fc-fc

Ac

M(f)

0
f

-fm

Am

 
Fig. Message signal     Fig. Carrier signal  

               -fc-w -fc+w-fc fc-w fc fc+w

UAM(f)

Ac.Am/2

f
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In the modulated spectrum, carrier component is missing. This 
type of AM is DSB-SC  which can be generated as: 

              

UAM(t)

Local oscillator

C(t)

m(t)

 
 
3.2 Conventional AM (DSB-AM) :  
It is generated by adding a large carrier component to the double 
side band modulated signal. i.e  
  u(t)  =  Acm(t) cos(2πfct +θc)  +  Ac cos(2πfct + θc)  
          =  [1+m(t)] Ac cos(2πfct +θc)  
          =  [1+m(t)] C(t)  …………….(i)  
 
Where,   C(t) is the carrier component  = Ac cos(2πfct +θc)   
∴ u(t)  = [ 1+a mn(t)] C(t)] 
 
          Where,   a  =  modulation index. 
                       mn(t) = normalized massage signal given by 
                                     mn(t)= m(t)/max |m(t)| 
 

       

m(t)

t

t

u(t)

C(t)

 
 
U(f) = F[ {1+amn(t)}Ac cos(2πfct +θc) ]    
  Let θc = 0  
       = Ac/2. [ δ(f – fc) + δ(f+fc) – a Mn (f+fc) – a Mn (f – fc)] 
 

               -fc-w -fc+w-fc fc-w fc fc+w

USB USBLSBLSB

Ac/2

 
 
                                                                          Date: 2065/6/2 
 
Power in DSB-AM:   in any electrical circuit the power 
dissipated is  p = v2/R  
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Thus, the average power dissipated in a load by an unmodulated 
carrier is equal to the rms carrier voltage. 
∴ Pc = (0.707Ac)2/R  =  Ac

2/2R   …………..(i) 
 Where ,  
   Pc  =  carrier power in watts. 
 Ac =  Carrier voltage (volts)  
 R = load resistance  (Ω )  
The upper and lower side band power are expressed 
mathematically as:  
     PUSB = PLSB = ((a.Ac × 0.707)/2)2/R  
                        =  a2Ac

2 /8R  = a2/4. Pc 
Where, PUSB = Upper side band power (w)  
             PLSB = Lower side band power (w) 
             a  = modulated index.  
Then total power is  
   Pt = Pc + PLSB + PUSB   
       = Ac

2/2R + a2Ac
2/8R + a2Ac

2/ 8R  
       = Ac

2/2R + a2Ac
2/4R  

         =  Ac
2/2R ( 1 + a2/2)    = Pc ( 1+ a2/2)   [ R = 1 assume]  

 ∴   Pt = Pc ( 1+ a2/2) ………..(i) 
 
 
# A 400 watt carrier is modulated to a depths of 75%. Find the 
total power in amplitude modulated wave. Assume the 
modulating signal to be sinusoidal one.  
 
 Mod . index. (a)  = 75%  = 0.75  ,  Pc = 400 w  
 ∴Pt = 400 ( 1 + (0.75)2/2 )  = 512.5 watts. 
 
# AM broadcast radio transmitter radiates 10 kw of power. If 
modulation % is 60. Calculate how much of this is the carrier 
power.  

 
P(t) = 10 kw  = 10000 w 
a = 60%  = 0.6 
pc = ?  
We have  
Pt = pc = (1+a2/2)  
 
# Determine the power contain in each of the side band and AM 
signal that has % modulation of 80% and contains 12 watt of 
total power.  
 
Generation of DSB-AM: 
 
Two methods:  
(i) Direct method 
(ii) Indirect method. 

a. Non liner (square law ) modulator 
b. Switching modulator. 

(i) Direct method:  In direct method , the level shifted 
modulating signal ( 1+ a mn(t) ) is multiplied by carrier 
signal.  

 

           

DSB-AM

C(t)

1+amn(t)

  
 
(ii) Indirect method:  

a. Non Linear (square law) Modulator:  Non linearity 
(up to second order) of any non linear device like 
semiconductor diodes  and transistors can be used to 
generate DSB –AM.  

 Let us use semiconductor diode as a NL device, then the transfer 
characteristics can represented by a square law.  
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V2(t) = b1v1(t) + b2v1
2(t)   ……………(i)  

Where b1 and b2 are constants.  
 

        

BPF

at

fc

N-L Device

C(t)

mn(t)

 
 
Then, v1 (t) =  mn(t)  + c(t)  
                   = mn(t) + Accos2 π fct …………(ii)  
And the o/p of NL device will be,  
  V2(t) = b1[ mn(t) +AC cos2 πfct] +b2[ mn(t) + Ac cos2 π fct]2  
           = b1 mn(t) + b1Accos2 π fct +b2 mn

2(t) + 2b2 mn(t) Ac cos2 
π fct + b2 Ac

2 cos2 2 π fct. 
 =  b1Ac cos 2 π fct [ 1 + 2b2/b1 mn (t) ] + b1 mn (t) + b2 mn 2 (t) + 
b2Ac

2/2 ( 1 + cos2 π fc t) 
 
V2(t) (at BPF  at fc) = b1Ac [ 1 + a mn(t) ] cos2 π fct  
    Where,  a = 2b2/b1  is the modulation index. The frequency 
spectrum at the o/p of the NL device will be,  

             f C0 2f 0

F.T of mn(t)
F.T of mn2(t)

DSB-AM

BPF response
b2 Ac2/2

f
  

 
 
 
     Date: 2065/6/3 

 
(b) Switching modulator: The functional diagram is given 
below:  

                     

BPF
at
 fc

Diode
C(t)

mn(t)
V1(t) V2(t) u (t)

  
 
Let us assume that ,  

- Diode  is ideal i.e  u1(t) > 0 than short circuit , v1(t) < 0  
then open ckt.  

- mn(t)  alone cannot FB the diode.  
- Only  +ve  half cycle of c(t)  can F.B  the diode i.e  v2(t)= 

v1 (t) = c(t) + mn(t)   only if c(t)  > 0  
 =  0  if c(t) < 0  
Or we can write ,  v2 (t) = v1(t) x g(t)  
Where, g(t) = 1 if c(t) > 0  
                    = 0 if c(t) < 0  

As g(t) is unite height periodic rectangular pulse train , it can be 
expressed in term of fourier series as  
  g(t) = ½ + 2/π .cos2 π fct + odd harmonic components.  
The output of diode be ,  
V2(t) = v1(t) x g(t)  
=  Accos2 π fct + mn(t) ] [ ½ + 2/π cos2 π fc t + gho(t) ]  
   =  Ac/2 cos2 π fc t + 2Ac/π cos 22 π fct + mn (t) /2  + 2mn(t) / π 
cos2 π fct + gho(t) [ Accos2 π fct +mn(t)]  
= Ac/2 [ 1+ 4/π Ac. mn(t)] cos2 π fct + mn(t)/2 + 2Ac/π . ( 1 +cos4 
π fct)/2+ higher order term.  
 V2 (t)  = Ac/2[ 1 + 1/π Ac mn(t) ] cos2 π fc t + mn(t) /2 + Ac /π  + 
Ac/π  cos2.2 π fct  + higher order. 
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V2(t) (BPF at fc)=  Ac/2.  [ 1+ 4/π Ac mn(t) ] cos 2 π fct  
            =  Ac/2. [ 1 + amn(t) ] cos2 π fct. 
Where a = 4/ π  Ac  is the modulation index. 
 

mn(t)

BPF

DSB-AM

0  fc  2fc  3fc  
 
Remarks on DSB-AM: 

- B = 2w, waste of precious bandwidth. 
- As the carrier is also transmitted there is wastage of power 

and therefore less efficient.  
- The modulation and demodulation processes are very 

simple and less expensive. Therefore this type of 
modulation is extensively used in radio broadcasting. 
Where the cost of radio receivers are premium.  

 
DSB-SC (Double side band suppressed carrier):  
 
Time domain representation:  
  u(t) = c(t) m(t)  
         = Ac cos(2π fct)m(t) …z(i) 
 

 (a) Message wave  

 (b) Carrier wave  

 (c) DSB-SC modulated wave  
 
From equation (i) , we have ,  
 U(f) = ½ Ac [M(f-fc) +M (f+fc)]  

              -w

m(f)

 f
 w 0  

         Fig. Spectrum of message signal 
 

       
 -Fc  Fc

u (f )

 1/2.Ac

 2w  2w  
Fig. Spectrum of DSB-SC modulated wave 
 

a. Spectrum of message signal  
b. Spectrum of DSB-SC modulated wave 
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Transmission Bandwidth:  
B = 2w  
Twice the Bandwidth of message signal. 
 
Power in DSB-SC: 
Pt = pLSB + PUSB  
    =   PLSB + PLSB  or  PUSB + PUSB   
   =  2 PLSB or ,  2 PUSB  
 
     Date: 2065/6/8 
 
# An audio signal given by 15sin2π (2000 t) amplitude modulates 
a sinusoidal carrier wave 60sin2π ( 100000 t). Determine :  

(a) Modulation index 
(b) % modulation  
(c) Frequency of signal and carrier.  
(d) Frequency of USB and LSB of modulated wave.  

Solution:  
               Given,  
m(t) = 15 sin 2π (2000 t) 
C(t) = 60 sin 2π (100000 t) 
 
We have  
 m(t) = Amsin 2π fmt   ……..(i) 
c(t) = Ac cos 2π fct  ………..(ii) 
 
Comparing the equation we have,  
 Am = 15      Ac = 60  
2πfct =  2 π 105 t  
2π fm t = 2π 2000t  
 

(i) Modulation index (a)  Am/Ac = 15/60 = 0.25  

(ii) % modulation  = a x 100%  
  = 0.25 x 100 % = 25% 
(iii) Carrier frequency (fc) = 105  hz 
  = 102.103 hz  
  = 100 khz. 
Signal frequency (fm ) = 200 hz 
  = 2 khz.  
(iv) LSB  = fc – fm = (100-2) kHz = 98 Khz. 

USB = fc+fm = 100+2 = 102 kHz 
 
# A DSB AM modulated signal is given by u(t) = 
10[1+0.5cos(2π x103t)] cos (2π x106t)  
Determine :  

(a) modulation index 
(b) Carrier and message frequency. 

Solution: 
 
We have , the equation  for DSB-AM modulated wave is ,  
u(t) = Ac[1+Amcos(2π fmt)] cos2π fct ……..(i)  
       =  10[1+0.5cos(2π X103 t)]cos(2π x106 t) ……..(ii) 
Comparing equation (i) and (ii) 
 
(a)  Ac = 10    (b)  Am = 0.5  
  A = Am/Ac = 0.5/10 = 0.05  
(b) fm= 103 hz.  
      fc=  106  hz 
 
 
     Date:2065/6/14 
 
Generation of DSB-AM:  
 Two method:  

(i) Balanced modulator  
(ii) Ring modulator  
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Balance modulator:  A balance modulator consists of two 
standard amplitude modulators arranged in a balance 
configuration so as to suppressed the carrier wave as shown in 
the block diagram given below.  

           

m(t)
     AM
modulator

-m(t)

oscillator
c(t)=Ac cos2πfct

DSB-AM

u1(t) = Ac[ 1+ amn(t)] cos2πfct

u2(t) = Ac[ 1- amn(t)] cos2πfct
  

 
 
We assume that two modulator are identical except for the sign 
reversal of the modulating wave apply to the input of one of 
them. Thus the o/p of the two modulator may be expressed as 
u1(t) = Ac[1+amn(t)]cos2πfct ………………(i)  
U2(t) = Ac[1-amn(t)]cos2πfct ………(ii)  
Then  
 U(t) = u1(t) -u2(t)  
         = Ac[1+amn(t)]cos2πfct+ Ac[1-amn(t)]cos2πfct 
        = 2aAc mn(t)cos2πf 
 
Hence except for the scaling factor 2a the balance  modulating 
factor is equal to the modulating wave and the carrier as 
required.  
 
Ring modulator: It is also know as a lattice or double balance 
modulator. The four diode in figure below form a ring in which 
they all point in the same way. 
 

       

DSB-SC

c (t)

D1

D2

D4

D3

a b

m (t)

BPF

at

fc

V2

 
 
The diodes are controlled by a square wave carrier c(t) of 
frequency fc which is applied by means of two centered tapped 
transformer.  
    We assume that  

- diodes are ideal  
- m(t) alone can not forward bias the diodes.  
- C(t) is sufficient to forward bias the diodes.  

 
 In one half cycle of c(t) terminal a become +ve and terminal b 
become –ve. In this case diodes D1 and D2 are forward bias and 
D3 and D4 reverse bias. As a result D1 and D2 pass the m(t) to 
the output as it is applied to the input.  
    Now in another half cycle of c(t) diodes D3 and D4 become 
forward bias and D1 , D2 reverse bias. In this case m(t) is passed 
to the output in reverse polarity i.e – m(t) . The net effect of this 
is equivalent to multiplying m(t) by a unit height square wave 
pulse train. g(t) . 
    The signal at the input of BPF is  
V2(t) = m(t) ×g(t) ……..(i)  
Where,  
  g(t) = 1  if c(t) > 0  
          = -1    if c(t) < 0  
 
Expanding g(t) in fourier series we have  
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g(t) = 4/π . cos2πfct +gho(t)  
Where, gho(t) = higher order harmonics. 
The second term of above equation will be filtered out by BPF 
and the output will be DSB SC i.e  
V2(t)|BPf at fc = 4/π .m(t) cos2πfc t  
 
Single side band (SSB) modulation: Let us consider a standard 
AM signal in case of sinusoidal modulating signal which can be 
expressed as u(t) = Accos2πfct + AmAc/2. cos2π (fc-fm)t + 
AmAc/2. cos2π (fc+fm).t  
    Where the 1st component is the carrier component the second 
component represent the lower side band and the third 
component is the upper side band. 
     In real case the modulating signal is not the sinusoidal but a 
complex signal m(t) which can be represented as sum of large 
number of sinusoidal signal of various amplitude frequency and 
phase.  
  m(t) = ∑ i=1

  n Ai cos(2πfit + θi)  
 
For ith component ,  
  mi(t)= Ai cos(2πfit + θi) 
The DSB-SC signal would be  
UDSBi (t) = AiAc/2. cos[2π (fc – fi)t – θi] + AiAc/2.cos[2π (fc + fi)t 
– θi] 
 
 Where,  
  uLSBi(t) = Ai.Ac/2. cos[2π (fc – fi)t – θi] 
UUSBi  = AiAc/2.cos[2π (fc + fi)t + θi] 
The overall signal representation for USB will be  
UUSB(t) = Ac/2. ∑i=1 

n
  Ai cos[ 2π (fc + fi) t + θi]  

             = Ac/2. ∑i=1 
n
  Ai cos[(2π fit + θi) + 2πfct]  

             =Ac/2 . 

⎭
⎬
⎫

⎩
⎨
⎧

⎥
⎦

⎤
⎢
⎣

⎡
+−⎥

⎦

⎤
⎢
⎣

⎡
+ ∑∑

==

tftfAtftfA c

n

i
iiic

n

i
iii πθππθπ 2sin]2sin[2cos]2cos[

11

 

 
From the above equation it is clear that  ∑i=1 

n
  Ai cos[(2π fit + θi) 

is the original message signal m(t) and the  component  ∑i=1 
n
  Ai 

sin[(2π fit + θi)] is the Hilbert transformation of the original 
message signal. Therefore in general the SSB signal can be 
represented as  uSSB(t) = Ac/2.m(t) cos2πfct +-Ac/2 m(cap)t 
sin2πfct  
Here ‘-‘ sign represents the USB and ‘+’ sign represent LSB.  
 
 
                       Date : 2065/6/16 
 
Transmission bandwidth  of SSB:  
B = w  
 i.e  same bandwidth as the message signal  
 
Power in SSB:  
 Pt = PLSB or PUSB  
 
Generation of SSB:  

(i) Filtering method  
(ii) Phase shift method  

 
Filtering method: An SSB modulator based on filtering method 
consists basically of a product modulator and a filter design to 
pass the  desire side band of DSB-SC modulated wave at the 
product modulator output and reject the other side band. A block 
diagram of this modulator is shown below.  
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m(t)
Product
Modulator

Side band
Filter SSB modulated

wave

C(t)

DSB-CS

 
 
This method is very simple in implementation but has serious 
limitation. Most of the information bearing signal has significant 
low frequency component and for SSB filter, sharp cut off near 
the carrier frequency is required. This sharp cut off could cause 
significant attenuation of low frequency component of the 
information signal. For audio signals loss of very low frequency 
components is not significant but for video signal the DC 
component  represents the average brightness and low frequency 
components represent steady picture. Therefore undesired  
attenuation of low frequency component by SSB filters would 
cause picture distortion in video transmission.  

(ii) Phase shift method: The expression for SSB is,  
           
    uSSB(t) = Ac/2.m(t) cos2πfct +Ac/2 m(cap)t sin2πfct 
 Which can be implanted directly by using DSB-SC modulator 
(multipliers), Hilbert transformer and adders as shown below.  
 

Oscillator

90 phase shift
HT

+ +
USB

m(t)

Ac/2. m(cap)t sin2πfct

m(cap)(t)

Ac/2. m(t) cos2πtfct

Ac. sin2πfct

 

 
 
 
Vestigial side band (VSB) modulation: 
The type of SSB modulation in which some portion (Vestige) of 
the other side band is also transmitted along with the desire 
sideband at the cost  of some low frequency portion of desire 
side band is called vestigial side band modulation 
 

USB(selected side band)
LSB

fc

Vestige of LSB

f

10

0.5

 
 
VSB signal can be generated using VSB filter at the output of 
DSB-SC modulator as shown below.  
 

m(t)
DSB-SC
modulator

VSB
Filter USB modulated

wave

C(t)  
 
The output signal of the above VSB modulator can be expressed 
as :  
    uVSB(t) = [Acm(t) cos2πfct]* h(t)  
Where h(t) is the impulse response of the VSB filter.  
In frequency domain the above expression can be written as:  
 UVSB (f) = Ac/2. [M(f-fc)+M(f+fc)] H(f) 
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Transmission bandwidth of VSB: 
  B = W + fv  
Where w is the bandwidth of modulating signal m(t) and fv is the 
width of vestigial side band.  
 
The TV broad casting signal is an example of VSB signal in 
which USB, full carrier and 30% of LSB is transmitted. 
 
Independent side band (ISB) modulation:  
    Since both of the side bands of a DSB-SC carries same 
information and since it is possible to recover information signal 
form only one side band it is possible that two side bands of a 
DSB-SC signal can be used to transmit two independent message 
signals m1(t) and m2(t). This modulation is called ISB 
modulation.  
           The ISB can be generated by using two identical DSB-SC 
modulators, two sideband (LSB and USB) filters and a summing 
device.  
 

m1(t)
DSB-SC
modulator

LSB
Filter

m2(t)
DSB-SC
modulator

USB
filter

Local oscillator
      c(t)

LSB modulated
wave+

 
 
Figure: ISB modulator  
 
 
 

                                                                         Date: 2065/6/17 
 
Quadrature  Amplitue Modulation (Quadrature –carrier 
multiplexing) 
 A quadrature carrier multiplexing or quadrature amplitude 
modulation (QAM) scheme enable two DSB-SC modulated 
wave (resulting from the application of two independent message 
signal) to occupy the same transmission band width and yet it 
allows for the separation of the two message signal at the 
receiver output. 
    In QAM two message signal modulate the two carriers with 
same frequency but shifted in phase by 90˚ QAM signal can be 
generated by using two identical DSB-SC modulator and adder 
as shown below:  
 

               

m1(t)
  DSB-SC
modulator

 Acm1(t) cos2πfct

  DSB-SC
modulator

90 phase shift
+

 Acm2(t) sin2πfct

 C(t) =Ac cos2πfct
u(t)

uQAM Signal

m2(t)

 
      Fig. QAM modulator 
 
uQAM(t) = Ac.m1(t) cos2πfct + Acm2(t) sin2πfct  
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The multiplexed signal uQAM(t) occupies a transmission band 
width of 2w centered at the carrier frequency fc where w is the 
message bandwidth of m1(t) or m2(t) which ever is largest.  
       The receiver system is shown below.  

              

m1(t)
  DSB-SC
modulator

 Acm1(t) cos2πfct

  DSB-SC
modulator

90 phase shift
+

 Acm2(t) sin2πfct

 C(t) =Ac cos2πfct
u(t)

uQAM Signal

m2(t)

 
  Fig. QAM  Demodulator 
 
Quadrature null effect.: 
 
Carrier recovery circuit.:  
 
Demodulation of DSB-AM: 
Methods:  

(i) square law detector.  
(ii) Envelope detector  
(iii) Synchronous detector  

 
Square law detector: A square law detector is obtained by using 
a square law modulator for the purpose of detection. If we supply 
the modulated signal to the non linear device followed by a LPF 
we can recover message signal m(t). 
 

          

V1(t) V2(t) LPF
m (t)

DSB-AM

NL-Device

 
 
Consider the transfer characteristic of a non linear device.  
V2(t)  = b1V1(t) + b2V1(t)2  ……..(i)  
Where b1 and b2 are constant .  
The input to the NL device is the DSB-AM which can be written 
as V1(t) = Ac[1+am(t)]cos2πfct ………(ii)  
From equation (i) and (ii)  
 V2(t) = b1{Ac[1+amn(t)]cos2πfct} +b2 { Ac[1+amn(t)]cos2πfct}2  
   =   b1Ac[1+amn(t)]cos2πfct + ½ b2Ac

2 +b2Ac
2amn(t)+ 

 ½ b2Ac
2 a 2mn

2(t) + ½ b2Ac
2 [ 1+2amn(t)+a2mn

2(t)] cos4πfct  
 
Hence,  
   V2(t) |LPF = b2Ac

2amn(t) + ½ b2Ac
2 amn

2(t)  
 
In the above equation the first term is the useful component that 
is message signal and the second component ½ b2Ac

2a 2mn
2(t) is 

the noise. Which can be minimized by choose amn(t) small.  
(iii) Envelope detector:  An envelope detector produces an 

output signal that follows the envelope of the input 
signal wave form exactly, hence the name. Some 
version of this circuit is used in almost all commercial 
AM radio receivers.  

The circuit of diagram of envelope detector is shown below. 
That consists of  a diode and a resistor capacitor filter.  

RCDSB-AM m(t)

Diode
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Fig. Envelope detector  
 

  

v1(t)

Fig. DSB-AM input wave
m(t)

Fig. Envelope detector  o/p

 
 
On the positive half cycle of the input signal the diode is forward 
bias and capacitor ‘c’ charges of rapidly to the peak value of the 
input signal. When the input signal falls below this value the 
diode become reverse bias and capacitor ‘c’ discharges slowly 
through the resistor ‘r’. The discharging process continue until 
next positive half cycle. When the input signal become grater 
then the voltage across the capacitor, the diode conducts again 
and process is repeated. We assume that  

- diode is ideal.  
- The AM wave applied to the envelope detector is supplied 

by a voltage source of internal impedance. Let Rs such that 
Rs <<< 1/fc to the capacitor rapidly.  

- The discharging time constant Rc must be long enough to 
ensure that capacitor discharges slowly but not so long 
that the capacitor voltage will not be discharge at the 
maximum rate of change of the modulating wave. i.e 1/fc 
<<RC << 1/w. Where w is the message bandwidth.   

 
Date:2065/7/22 

Synchronous Demodulation of AM Signals: 
The demodulation method in which received modulated signal is 
multiplied by locally generated carrier signal and then low pass 
filtered is called coherent or synchronous detection. It is assumed 
that the frequency and phase of locally generated carrier signal 
and that of received signal are coherent or synchronized 
 

              
       Fig. Synchronous or coherent detector 
 
Synchronous demodulation of DSB-SC: 
In ideal case the output of the multiplier in the 
abovedemodulator circuit u2(t) = m(t)Accos2πfct ×cos2πfct 

= m(t)Accos22πfct 
= Acm(t)cos22πfct 
=Acm(t){(1+cos4πfc)/2} 
= Ac/2.m(t) + Acm(t)/2. cos4πfct 
 

The second term of above equation is filtered out by the 
LPF.Therefore the output of the LPF is the message signal scaled 
by Ac/2. Since the multiplying carrier signal is generated locally, 
any difference in phase and/or between the incoming carrier 
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signal and local oscillator will produce undesired effect. Let us 
assumed that the locally generated carrier signal be, 
u1(t) = cos[2π(fc+ ∆f)+θ] 

where ∆f and θ are the frequency and phase errors. 
Then the product of DSB-SC and locally generated carrier 
signal will be, 
U2(t) = Acm(t)cos2πfct ×cos[2π(fc+ �f)+θ] 
          =Acm(t) cos[2π(fc+ ∆f)+θ]cos2πfc 

          =Acm(t)/2. cos[2π(fc+ ∆f)+θ]+Acm(t)/2. cos[2π ∆f t+θ ] 
The first component of the above equation is filtered out by LPF 
ad the o/p of the LPF is , 
uLPF(t) = Acm(t)/2. cos[2π ∆f t+θ ] 
 
It is clear that the o/p of LPF is not the original message signal 
m(t) the product of m(t) and a time varying signal. In ideal case 
both frequency and phase errors are zero the o/p is m(t) scaled by 
some constant factor. 

Again let us consider the case when there is no frequency 
error but there is only phase error i.e ∆f = 0 and θ ≠ 0 in this case 
the output of LPF will be uLPF = Acm(t)/2. cosθ 

As long as θ is constant the output of the LPF is scaled 
version of m(t) and there is no distortion at all. 
But in real case the phase angle of original carrier signal (i,e the 
carrier signal generated at the transmitting end) may varyduring 
propagation. More over this variation is random, which leads to 
the effect that the o/p of LPF is distorted. Some techniques must 
be applied to synchronize the frequency and phase of the local 
oscillator with the frequency and phase of the incoming carrier 
signal in order to minimize the distortion of received signal. One 
of the practical method of synchronization is the use of phase 
locked loop (PLL). 
 

Introduction to PLL: PLL is a ckt used to generate high 
frequency sinusoidal signal whose phase and frequency are 
almost equal to phase and frequency of the reference signal 
(incoming signal). PLL consist of a multiplier, a voltage 
controlled oscillator and a low pass filter. 
 

                       
 
                         Fig. PLL operation 
 
Let us assume that before applying the feedback control voltage 
to VCO the input signal and VCO output signal are represented 
as 

Vin(t) = Accos(2πfct+φc) 
VVCO = A sin(2πfc+θ) 

Here assume that the frequency the two signal is same but differ 
in phase only. 

The output of the multiplier ckt will be 
V1(t) = AcA/2. sin(θ-phi c)+AcA/2.sin[2×2πfct+(φc+θ ) ] 
 

The second term of which is filtered out by the LPF and the 
output of the LPF be e(t) = AcA/2. sin(θ- φc ) 
Assuming that the phase difference is small the error voltage will 
be e(t) ≈ Ac/2. (θ –Фc) 
 
Therefore the control voltage applied to the VCO is proportional 
to the phase difference between the two signals. And , because of 
proportionality is a sine function, the controlled voltage will be 
zero when the two signals have exactly the same phase. 
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In this way the output of the VCO is exact replica of the 
input signal with a constant phase difference of 90°. If the i/p is 
an AM signal with full carrier component the PLL will track the 
carrier component and the VCO output will be a single tone 
carrier signal 
 
 
Chapter-4 
Energy modulation (FM) and phase Modulation(PM):  In 
angle modulation the angle of the carrier signal is varied 
according to the message signal. In general the angle modulated 
signal can be expressed as,  
   U(t) = Accos[θ(t)]  ……….(i)  
           = Ac cos[2πfct+φ(t)]  
 Where, θ(t) is proportional to the message signal. 
 
Instantaneous phase: 
 the instantaneous phase of an angle modulated signal is  
  θi(t) = wot + φ(t) 
          = 2πfct + φ(t) ……….(ii)  
 Where φ(t) is called phase deviation. 
Instantaneous frequency:   
     Wi(t) = d[θi(t)]/dt  
               = wc+ d φ(t)/dt  ……….(iii)  
Where, d φ(t)/dt is called frequency deviation.  
2πfi(t) = 2πfc + d φ(t)/dt = d θi(t)/dt  …………(iv)  
 There are infinite no of ways in which the angle θ(t) may varied 
in some manner with the message signal However we are 
considering only two commonly used method.  
(i) Phase modulation (PM) 
(ii) Frequency modulation (FM)  
 

Phase modulation: In PM the phase deviation φ(t) is directly 
proportional to message signal.  
                 φ(t) ∝  m(t)  
                         = kpm(t)  
Where, kp is called phase sensitivity or phase deviation constant 
and θ(t) = 2πfct + φ(t) = 2πfct +kpm(t)  
Then,  
  The expression for PM in time domain will  
Upm(t) = Accos[θ(t)] 
Upm(t) = Accos[2πfct+kpm(t)]  
 
Single Tone FM: 
Let , m(t) = Am cos2πfmt 
         C(t) = Amcos2πfct  
Then , phase deviation,  
  φ(t) = kpm(t)  
         = kpAmcos2πfmt 
         = ∆φ cos2πfmt 
         = βpm cos2πfmt 
Where,   
∆φ = βpm = kpAm = peak phase deviation or modulation index of 
PM. 
Then,  
   Upm(t) = Accos[2πfct+φ(t)]  
   Upm(t) = Accos[2πfct+βpm cos2πfmt]  
 
(iii) Frequency Modulation (FM): In FM the frequency 

deviation d φ(t)/dt ∝ m(t)  
  i.e  d φ(t)/dt ∝ m(t)  
                       = kdm(t)  
                       = 2πkfm(t)  ………….(v)  
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Where, kd = 2πkf is called frequency sensitivity or frequency 
deviation constant.  
  The instantaneous frequency in Hz is,  
   fi(t) = fc + 1/2π d φ(t)/dt   [ from equation (iv)]  
           = fc +1/2π *2πkfm(t)  [ from equation (v)]  
           = fc+kfm(t)  
Also,  fc+kfm(t) = 1/2π d θi(t)/dt [from equation (iv)] 
                  dθi(t)/dt = 2π [ fc+kfm(t)]  
integrating wrt to t ,we get ,  

θi(t)= 2π[ ∫ ∫+
t

fc dttmkdtf
0

)(  

        = ∫ ++ 0)(22 φππ dttmktf fc …………(vi) 
Then, uFM(t) = Ac cos[2πfct +2πkf ∫m(t)dt. ………(vii)  
 
Single tone FM:   
  Now, let the modulating signal or message signal be,  
     M(t) = Amcos2πfmt 
Then equation (vii) can be written as,  
 UAM(t) = Accos[2πfct+2πkf ∫Amcos2πfmt dt.  
             = Accos[2πfct + 2πkf/2πfm . Am sin2πfmt] 
             = Accos[2πfct +kf/fm .Am sin2πfmt]  
             =Accos[2πfct+∆f/fm sin2πfmt]  
Where, ∆f = kfAm is called peak frequency deviation.  
UFM(t) = Accos[2πfct +βFM sin2πfmt] 
 Where, βFM = ∆f/fm = is called modulation index of FM.  
 
Spectral analysis of FM waves:  
   The FM wave is given by,  
         UFM(t) = Accos[2πft +βsin2πfmt]  in the exponential form 
the above equation can be written as,  
   UFM(t) = Re[Acexp j(2πfct +βsin 2πfmt)] 
               = Re[Acexp (2jπfct). exp (j βsin2πfmt)]   ………(i)  

A βsin2πfmt is  a periodic signal within period Tm = 1/fm it is 
evident that the signal (exp jsin2πfmt) is also a periodic signal 
within the some period. Therefore it can be expanded in complex 
fourier series as,  

   Exp (jsin2πfmt) = ∑
∞

−∞=n
mn tnfjC )2(exp π ……….(ii)  

Where, cn = ∫
−

−
fm

fm

mmm dttfjtfjf
2

1

2
1

)2(exp).2sin(exp ππβ  

        = ∫
−

−
fm

fm

mmm dttnfjtfjf
2

1

2
1

]22sin[exp ππβ  

For convenience , we define the variable,  
     X = 2πfmt      then,  
   For   t = -1/2fm  , x = -π  
For t = 1/2fm  , x = π  
 Also,  dx/dt  = 2πfm  
  dt = 1/2πfm  dx  
Substituting the variable of integration in equation (iii) 

Cn =   ∫
−

−
π

π

β
π

dxnxxj )sin(exp
2
1  ………..(iv)  

The integral on the right side of equation (iv) is recognized as nth 
order Bessel function of the 1st kind of the parameter β. This 
function is commonly denoted by the symbol Jn(β)   

  Jn(β) = ∫
−

−
π

π

β
π

dxnxxj )sin(exp
2
1  

Hence equation (iv) can be written as,  
 Cn = Jn(β) 
The equation (ii) can be written as,  

   Exp(j βsin2πfmt) = ∑
∞

−∞=n
mn tnfjJ )2(exp)( πβ  
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Now substituting equation (v) in equation (i) we have,  

 UFM (t) = Re[Ac ∑
∞

−∞=

+
n

mcn tnffJ ])(2cos[)( πβ  …………(vi)  

The spectram of UFM(t) is  obtained by taking the fourier 
transform of equation (vi)  

  UFM (f) = Ac/2. ∑
∞

−∞=

+++−−
n

mcmcn nfffnfffJ )]()()[( δδβ  

The spectrum of FM signal has infinite no of size band whose 
magnitude depends on Bessel coefficient.  
 
Properties of Bessel function: 

1)  ∑
∞

−∞=n
nJ )(2 β =1  

Therefore, the total average power of FM is   

PT = ∑
∞

−∞=

=
n

c
n

A
JA

2
)(

2

2
2

2

β  

The average total power can be transmitted only when all 
sideband (infinite no. are transmitter) since it is practically 
limited side band upto number n are transmitter and in this case 
the transmitted average power is  

  Pn = ∑
−=

n

nk
n

c JA )(
2

2
2

β  

In practice n is chosen in such a way that the actual transmitted 
power is at least 98% of the total theoretical average power.  
 
2) J-n(β) = Jn (β)  for  n  even.  
3) J-n(β) = -Jn(β) for n odd. 
4) Jn-1(β) +Jn+1 (β) = 2π/β . Jn (β)  
 
Bandwidth of FM:  
For single line modulation FM,  
 Bandwidth ≈ 2∆f +2fm  

          = 2∆f(1+fm/∆f)  
  β = 2∆f (1+1/β)  ………..(i)  
 β = 2(β+1)fm  
Where, β = modulation index = ∆f/fm  
The above relation [equation (i) ]  
 
#  If V(t) = 10 cos(8*106t+4sin1000t),determine the following:  

(i) Modulation index  
(ii) Carrier frequency  
(iii) Modulating frequency 
(iv) Maximum deviation.  

 
Solution:  
  V(t) = 10 cos(8*106t+4sin1000t) ……..(i)  
And we have,  
UFM(t) = Accos(2πfct+β sin2πfmt) 

(i) β = 4  
(ii) 2πfct = 8*106/2π  hz. 
(iii) 2πfmt = 1000t  

Fm = 1000/2π  
(iv) ∆f =?  

β = ∆f/fm   
∆f = βfm =4* 1000/2π  

 
# A 107.6 Mhz carrier signal is frequency modulated by a 7khz 
sine wave. The resultant FM signal has a frequency deviation of 
50 khz.  
Determine:  
(a) Carrier swing of FM signal.  
(b) The highest and lowest frequency attenuates by the 

modulated signal.  
(c) Modulation index of the FM signal.   
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∆f = 50 khz  ,  fc =107.6 Mhz,   fm = 7khz.  
Solution,  
(a) Carrier swing  = 2∆f = 2*50 = 100khz 
(b) fh =fc+∆f = 107.6 Mhz + 50khz  

fL = fc- ∆f = 107.6Mhz – 50khz 
(c) βFM = ∆f/fm = 50khz/7khz 

 
Narrow band FM(NB FM): For small value of modulation 
index(β) much small then 1. The FM wave is assumed to be 
narrow band form consisting  a carrier, a upper sides frequency 
and lower size frequency the expression of NB FM is given by,  
   UNBFM(t) = Accos2πfct +βAc/2 cos[2π(fc+fm)t]-βAc/2 cos[2π(fc-
fm)t]  
 
Wide band FM( WB FM): For large value of modulation index 
(β) compare to 1, FM contains a carrier on infinite no of size 
frequency located symmetrically around the carrier such a FM 
wave is defined as wide band FM.  
For WBFM u(t) can be written as,   

 UWBFM(t) = Ac ])2cos[)(2 tnfmfcJ
n

n +∑
∞

−∞=

πβ  

Where, Jn(β) =Bessel function (calculated from given table)  
 
Generation Method of FM:  

(i) Direct Method 
(ii) Indirect Method  

 
Direct Method: In the direct method of FM generation the 
instantaneous frequency of carrier wave is varied directly in 
accordance with the message signal by mean of a device known 
as voltage controlled oscillator is an oscillator circuit having a 
varactor diode in its frequency determining section as shown in 
fig.  

          

R

m(t)

C

Cvo Co Lo

+B

 
 
Let, before applying m(t), the capacitance of the varactor diode 
be CVO then,  after applying m(t) the capacitance of varactor 
diode be,  
 CVD(t) = CVo+kom(t)  
Where, ko= sensitivity of varactor diode.  
The total capacitance of LC tank ckt be,  
  C(t) = Cfixed  + kom(t) ………(i)  
         Cfixed = equivalent capacitance of C1Co and Cvo  
For m(t) = 0, c(t) = Cfixed and the frequency of oscillation is the 
carrier frequency and equal to ,  
  fc = 

fixedCL02
1

π
 …………(ii)  

But, after applying m(t) , the instantaneous frequency be,  
  Fi = 

)(2
1

0 tCLπ
 

       = 
)]([2

1

00 tmkCL fixed +π
 

      = 

⎥
⎥
⎥
⎥
⎥

⎦

⎤

⎢
⎢
⎢
⎢
⎢

⎣

⎡

+ )(1

1
2

1

00 tm
C

kCL

fixed

fixedπ
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    = 
2
1

0

0

)(1
)(1

1
−

⎥
⎥
⎦

⎤

⎢
⎢
⎣

⎡
+=

+

tm
C

k
f

tm
C

k
f

fixed
c

fixed

c  

Assuming that ko/Cfixed m(t)  << 1 and expanding binominal 
expression, we have,  
 Fi(t) ≈  fc [1+ko/2Cfixed . m(t)]  
Define,  kf = kofc/2Cfixed  
Then,   
       fi(t) = fc +kfm(t)  
which is the basic relation of FM.  
For generating PM using some process the modulating signal has 
to be 1st integrated. 
 
(c) Indirect method: When the β<<1 the J1 and J2 term together 

make total radiate power more then 98% of the total average 
power, in this case the expression for the FM can be written 
as  

UFM(t) = AcJn(β)cos2πfct+AcJ1(β)cos2π(fc+fm)t-AcJ-1(β) cos2π(fc-
fm)t  

UFM(t) = Ac ∑n=-∞
∞ Jn(β)cos(2π(fc+nfm)t)   

For 98% of radiation of average power expanding this expression 
for n= -1,0,and 1  

For β<<1, 

J1(β) = β/2 , J-1(β) = β/2  

And Jn(β) ≈ 1 then, the expression of FM will be ,  

 
UFM(t) ≈ Accos2πfct +Ac/2 βcos2π (fc+fm)t – Ac/2 β cos2π (fc-fm)t  

The frequency spectrum of this NBFM is shown below.  

                  

fc fc+fm

Ac
AcB/2

-AcB/2   
 
UFM = Accos2πfc – Acβ/2 [ cos2π(fc-fm)t – cos2π(fc+fm)] 
        = Accos2πfct – Acβ sin2πfmt. sin2πfct  
This equation can be implemented by using following functional 
diagram.  

m(t)=cos2πfmt

Ac sin2πfct

UFM(t)

-π/2Local oscillator
Ac sin2πf

 sin2πfmt β sin2πfmt

β

+

-

 
  
        Fig. Armstrong FM modulator  
 
From the above diagram we get the PM if the m(t) is inputted 
without integration.  
 
Another indirect method of generating WBFM: 
  If this method involves generation of NBFM and then 
converting it into WBFM using frequency multiple and mixture.  
      Suppose a NBFM with carrier frequency fc1 and β1 (β1<<1) 
is required to be converted into WBFM with the carrier 
frequency fc and new modulation index β = n β1 (βo>>1) 
Following arrangement can produced desire WBFM.  
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NBFM
at fc1
and β

u1(t) u2(t)Frequency
multiplier
     n

Mixer

Oscillator
    fc

WBFM

Oscillator
     f10

m(t) BPF
    at
    fc

 
 
 
The o/p of the NBFM generator is NBFM signal.  
 U(t) = Accos(2πfc1t +β1sin2πfmt) ………….(i)  
The o/p of multiplier be,  
  U2(t) = Accosn(2πfc1t +β1sin2πfmt) 
           = Accos (2πnfc1t +nβ1sin2πfmt) ……….(ii)  
From equation (i) and (iii) we have,  
fc = nfc1 +-f10  
And β = n β1  
 
For given or/and desire fc we can result required f10.  
 
 

Date: 2065/8/5 
  

Q.  you are required to design an indirect FM generator with a 
carrier frequency of 96 MZ and frequency deviation of 70 khz. 
The equipments available in the warehouse are as follows. A 
NBFM modulator with carrier frequency 100kh and frequency 
deviation 15 hz. A local oscillator tunable to a frequency of 10 to 
11 Mz, a product modulator, a BPF tunable to any frequency 
and frequency doublers and triplers. 
 

NBFM
at fc1 and β

frequency
mulitpiler
    (xn1)

frequency
   mixer

frequency
mulitpiler
    (xn2)

BPF at
    fc

Local
oscillator
(10 -11)mhz

m(t)

local oscillator
at fc1

 
 
Given,  
  fc= 96 Mhz  
  ∆f = 70 khz   
NBFM: 
 fc1 = 100 khz 
∆f1 =15 hz  
FLO = 10-11 Mhz. 
Then,   
          η  = ∆f/∆f1 = 70*103/15 = 5666.66  
Since we have only f.doubler and triplers we select η = 4608 
 Now, new ∆f = η ∆f1 = 69.12 kHz.  
 
  η 1 = 128 , η 2 = 36 
 fc2 = 128*100 khz = 12.8 Mhz 
 fc3 = fc2 – fLO = (12.8-10.1333) Mhz 
                       = 2.66667 
 Fc – fc4 = n2 fc3 = 36*2.66667 Mhz 
         = 96 Mhz. 
Q. A DSBAM modulated signal is given by u(t) = 
10[1+0.5cos(2π*103t)] cos(2π*106t)  
U(t) = 10[1+0.5 cos(2π*103t)] cos(2π*106t)  
Determine:  
 (a) modulation index    (a) 
 (b) carrier and message frequency (fc,fm) 
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Q. An audio signal given by 15sin2π(2000t). Amplitude 
modulates a sinusoidal carrier wave 60sin2π(1000000)t. 
Determine: 
  (a) modulation index. 
  (b) % modulation 
  (c ) Frequency of signal and carrier.  
  (d) Frequency of USB and LSB of modulated wave. 
 

Date: 2065/8/6 
Demodulation of FM signals: 
 Two methods:  

(iv) Limiter-discriminator method  
(v) PLL Method. 

 
Limiter-discriminator method: It involves three steps. 
(a) Amplitude limit. 
(b) Discrimination (differentiator) 
(c) Envelope detection.  
 

Amplitude limit Differentiator
d/dt

Envelope
detector m(t)

 
 
Fig.: Block diagram of limiter-discriminator demodulator  
 
Consider  uFM(t) = Ac cos(2πfct + φ(t))  
Where,  φ(t) = 2πkf ∫t0 m(t) dt  

(a) Amplitude limier limits the amplitude of the signal to 
reduce the effect of feeding and noise.  

(b) The o/p of differenciator be,  

dt

dttmktfAd

dt
tud fccFM ∫+

=
]})(22cos[{)]([ ππ

 

dt

dttmktfd

dttmktfd

dttmktfdA

dt
tud fc

fc

fccFM ∫
∫
∫ +

×
+

+
=

])(22[

])(22[

]})(22{cos[)]([ ππ

ππ

ππ
 

=-Acsin[2πfc+2πkf m(t)][2πfc +2πkfm(t)] 
=-Ac[2πfc +2πkfm(t)] sin [2πfct+2πkfm(t)] 

This is an equivalent as a standard AM signal, form which m(t) 
can be recovered by using envelop detector.  
 
Implementation of differentiator: Differentiator is a ckt that 
convert change in frequency to change in voltage  or current .  

- It must have the following transfer characteristics.  

                   

f

V or I

 
 
Mathematically, the transfer function, H(f) = j2πf  
A  LC tank ckt turned at fo+-fc have such transfer function.  

                                      -fc fcfo
f

V

  
 
(c ) The last stage is envelop detector which gives,  
    Ud(t) = Ac[2πfc +2πkfm(t)] 
             = Ac2πfc +Ac2πkfm(t)  
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The first component is the DC component and 2nd is the message 
signal multiplied by certain constant.  
The implantation be,  
 

          

FM

Amplitude
modulated
    FM

C C R m(t)

AM

d/dt

 
 
 
 
(vi) PLL as AM detector: The basic PLL consists of :  

(1) Phase detector 
(2) Loop filter 
(3) VCO 

 

phase
detector

Loopfilter
H(f),h(f)

VCO

ev(t)

Feedback

ed(t)

eo(t)

ek

kd

 
 
Let us assume that, ev(t) = 0 [ i.e uFM(t) = 0] at this stage the 
VCO is calibrated in such a way that , it’s free running frequency 
of oscillation is equal to the carrier frequency of the incoming 
FM signal with constant phase shift of 90 . Then , the o/p of the 
VCO be eo(t) = Avcos(wct- π/2)  
                       = Avsinwct  
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Now , let us assume that  ev(t) ≠ 0, then,  
 E0 (t) = Av sin(wct+φ0(t))  
Where,  φ0(t) = 2π kv ∫ t0 ev(t) dt. 
[φ0 (t) = signal proportional to the o/p of the PLL]  
Where,  ev(t) = is the control voltage applied to the VCO input 
and kv is called VCO sensitivity.  
 
Now let us assume that the incoming FM signal is expressed by 
the equation UFM(t) = Accos[wct + φi(t)]  
   Where, φi(t) = 2πkf ∫ to m(t) dt  
Here, kf = frequenecy sensitivity of modulator  
 Now,  
  Error voltage ,  
 Ed(t) = UFM(t) * eo(t)  
          = Ac cos[wct+ φi(t)] *Av sin[wct+φo(t)] *kd  
Ed(t) = |LPF= kdAcAv/2. sin [φi(t) – φ0(t)]  
                  = kd AcAv/2. sin[ φe(t)]  
Where, φe(t) = φi(t) – φo(t) is called phase errors.  
When the PLL enters into the Lock mode (i.e when two 
frequency and phase match ) the error voltage will be very low 
and nearly equal to zero.  
i.e  φe(t) = φi(t) –φo(t)  nearly equal to  o  
or , φi(t) = φo(t)  
 2πkf ∫t0 m(t) dt = 2πkv ∫to ev(t)dt  
Or , kvev(t) = kfm(t)  

∴ ev(t) = kf/kv . m(t)  
Thus in  Lock mode , the output voltage of the PLL is nearly 
equal to message signal.  
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Commercial and stereo FM broadcasting and receiving 
technique.   
         For better quality of signal reproduction (specially that of 
music signal at the receiving end , the output of microphones 
located at various positions of a concert hall are combined into 
two groups and the signal form each group is transmitted 
independently.  The groups of signal are categorized at left and 
right channels. The system capable of transmitting both left and 
right channel signal and reproducing these two signal as separate 
signal at receiving end is called stereo system. 
 

Date: 2065/8/13 
 
In stereo FM broadcasting system to separate channel left(L) and 
right(R) are combined in the following to contributed the base 
band FM signal:   

- Sum of L and R channels  
- A pilot tone at 19khz as synchronizing signal and as 

indicator of stereo transmission system 
- DSB-SC of difference of L and R ( L-R) signals for the 

purpose of separation of L land R signal at the receiver  
The base band spectrum of the FM stereo signal is shown below: 

0

Pi lot

L+R L-R  (DSB) Subsidiary

15 2319 38 53 59 75 Khz

X(f)

 
  
For FM stereo broadcasting channel in VHF band form 88 to 108 
Mhz with spacing between channels 200khz are allocated. The 
allowable peak deviation per channel is 75khz. 

  The functional block diagram of the stereo FM transmitter is 
shown below.  
R

L

Matrix
Network

L-R DS B-SC

Oscillator
38 khz

FM Modulator

FM
carrier

f/2

L+R

B ase band
s ignal

 
 
Form the matrix of resistor L+R and L-R signals are generated 
form L and R signal. Since L+R signal is directly passed to the 
modulator, only L-R signal undergo DSB-SC at 38khz. Some 
portion of the half of the carrier frequency ( 19khz) is also added 
to the DSB-SC for synchronizing purpose at the receiver. In this 
way for a audio signal L+R occupying bandwidth of 15 khz, the 
base band signal for Fm is 53khz. Since a maximum deviation of 
75khz is allowed, the remaining frequency space of 59 to 75 khz 
can be used for subsidiary communication purpose.  
  The functional block diagram of the stereo receiver is shown 
below:  
    

LPF
O-15 khz

B PF
23-53 khz

Pi lot filter
at 19 khz

MatrixLPF
O-15 khz

fx2

Limiter
Discrimi nator

synchronous
demodul ator

s tereo  indicat or

L+ R L

R
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A non-stereo FM receiver can still receive stereo broadcast 
signal because there is baseband (L+R) signal in the stereo 
baseband spectrum. Similarly a stereo FM receiver can receive 
non-stereo FM broadcast signals. These two conditions are called 
forward and backward compatibility for FM stereo transmission. 
Therefore FM receiver having stereo decoder built in is called 
stereo FM receiver. A FM receiver available in the market may 
not contain stereo decoder. Such FM receiver will reproduce 
stereo FM signal in mono form. 
 
 

Date: 2065/8/19 
Chapter: 5 
Frequency division multiplexing (FDM) systems:  It is system 
of multiplexing number of individual message signal over the 
common channel. In FDM available channel bandwidth is 
divided into number of non overlapping frequency slots and each 
message signal is assigned a slot of frequency within the pass 
band of the channel. An example of FDM signal with three 
message signal is discussed below:  
The tree band limited signal x, y, z modulate the three separate 
sub carrier signals with frequencies f1,f2,f3 expressed in 
frequenc6y domain with reasonable margin to avoid overlapping. 
(To avoid cross talk and intermodulation). The modulation is 
SSB-USB. The output of the each modulator then added to 
produce the composite signal having three multiplexed signals.  

 

LPF

LPF

LPF

FDM signalSSB

SSB

x

y

z

SSB

f1

f2

f3

 

 
The multiplexed signal is finally may be transmitted as it is or 
used to modulate another high frequency carrier signal before 
transmission.  
    At the receiving end the multiplexed signal is passed through 
band pass filters tuned at the subcarrier frequencies. Therefore 
separate the multiplexed signal into separate channels. Each of 
the signals is then passed to the SSB demodulator to recover 
original message signal.  
 
FDM in Telephony hierarchy:  FDM is extensively used in 
telephony to transmit number of telephone channel 
simultaneously over a channel of cable or microwave link. Basic 
telephone channel is band limited to 300 to 3400 hz.( band width 
3100 hz). A frequency slot of 4khz is assigned to each telephone 
channel so that there is guard band of 900 hz for each channel.  
      The first three telephone channel are multiplexed at 12, 16 
and 20 khz to form a pre group  a three telephone channels. The 
multiplexing (frequency shifting in SSB-USB). The example of 
spectrum of individual telephone channels and multiplexed pre-
group is shown below.  

  f

M1(f)

f

M2(f)

f

M3(f)

 

    12 16 20 24 khz
 

 
 
The total bandwidth of the pre-group consisting of three 
telephone channel is 12 khz.  
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       Four sets of pre-groups produce 12 channel group carrier 
frequencies 60, 72 , 84 and 96 khz is assigned to each pre-group.  
   The bandwidth of the 12 group channel is 48khz.  
Five sets of 12 channel group produce 60 channel group. The 
frequency assigned are 312,360,408,456,504 and 552. The 
bandwidth of super group is 240khz.  
           Ten sets of super group produce master group of 600 
voice channel with the bandwidth of 2520khz. 
Finally six set of master group produce super master group with 
a bandwidth of 17 Mhz. 
TV signal can also be transmitted over the voice channel. As the 
composite video signal (video+FM audio) bandwidth of about 6 
Mhz, a super master 17 Mhz can be used for simultaneous 
transmission of two TV channels and about 1200 voice channels.  
         
 
 
 

Date: 2065/8/20 
Filter and oscillator requirements in FDM:  FDM system 
imposes very stringent requirements on SSB filters (band pass 
filters) and frequency stability of oscillator. As in FDM the guard 
band between two adjustment frequency slots is not very large, 
the frequency stability of the oscillators should be very high 
inorder to avoid overlapping.  
    Similarly the requirements on SSB filters are also very 
stringent due to the same reason. More over each filter has to be 
tuned to its own frequency depending upon the frequency slots. 
In stability of the tuning and drift in centered frequency due to 
environmental conditions would result in overlapping and cross 
talk.  
 

Introduction to satellite communication system: Artificial 
satellite of the earth is an object orbiting around earth containing 
radio equipment such as receiver, amplifier , signal processor, 
transmitter etc and powered by solar photo voltaic module. Since 
August,1965 numerous satellite have been launched for 
communication navigation , defence broadcasting and other 
purposes. Satellite system may be domestic (use by a single 
country like Canadian Telesat System (CTS) or Indian Satellite 
system (INSAT)), regional system used by two or more countries 
(French-German Symphonic system) and global system of inter 
continental satellite like (NTELSAT,INMARSAT,ASIASAT 
etc). The uses of satellite systems, space segments allocation and 
frequency allocation are coordinated by international 
telecommunication union (ITU) based in Jeneva.  Specific 
frequency bands allocated for use in satellite system are:  
S- Band  -2 Ghz 
C-Band -4Ghz 
Ku-Band -11Ghz 
Ka-Band -18Ghz. 
 In general uplink and downlink frequencies are different to 
avoid interference. 
Satellite stage in the orbit in its position because of balance of 
centripetal forces on the satellite an the gravitation force of the 
earth. For this to happen, the height of the satellite has to be 
greater then 600km from the earth surface.  
 
Orbit of Satellite: Orbit is a imaginary path in the space along 
which the satellite rotates the earth. The basic orbit are elliptical 
inclined, circular polar and circular equatorial ( or as a special 
case of it, geostationary orbit. Circular equatorial orbit situated at 
the height of about 36000km is called geostationary orbit( or 
synchronous orbit). Any satellite located at this height will rotate 
around the earth at the same time as taken by earth to rotate 
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about its axis (23 hrs 56 minutes). In this case the satellite is seen 
stationary with respect to the earth station. Therefore in practice 
geostationary orbit satellites are extensively used. Weather 
forecasting satellite are usually located at lower orbits ( Low 
earth orbit (LEO)). 
  
Elements of satellite communication: Satellite contains active 
elements like receiver, amplifier , transmitter, antenna etc. Each 
set of these equipment (transmitter and receiver) is called 
transponder. The antenna is device shared by both receiver and 
transmitter. The area in the earth surface where the level of 
signal form the satellite is greater or equal to satisfactory level is 
called “Foot print”. As the signal level transmitted by the 
satellite is very low, the level of the received signal is also 
extremely low . Therefore a special front end amplifier called 
low noise amplifiers (LNA) is used in the satellite receivers.  
 
 
 
Frequency division multiple Access (FDMA) system in 
satellite communication: To increase the satellite utilization 
factor, most of the satellite system used demand assigned 
multiple excess (DAMA) system. In this system the earth station 
‘A’  desire to establish communication with another earth station 
‘B’, send request signal to satellite. The satellite assigns the 
station ‘A’ any of the free channel presently unoccupied, to 
established link between A and B. The assignment could be in 
frequency slot (FDM) or in time slot (TDM). If the assignment is 
in frequency slot, the system is called frequency division 
multiple access(FDMA). A good example of FDMA is SPADE 
system (Single channel per carrier, PCM multiple Access 
Demand Assignment Equipment). In this a common pull of 
about 800 channels( carriers) are available to all ground station 

having common signaling channel. If station ‘A’ wishes to 
establish link with station ‘B’, the station ‘A’ selects a free 
channel randomly and through the signaling link, send the 
information on the selected channel. When the station ‘B’ 
conforms it, the link is established. Because of various 
constraints in using FDMA, presents satellite system used only 
TDMA. 
 

Date: 2065/8/26 
Chapter: 6 
 
Spectral analysis: 
6.1 Comparison of Energy and power signal: 
Energy signal    Power 
2. Energy is finite and non zero. 
3. E = ∫∞ 

-∞  |x(t)|2dt   
4. Non periodic signal are energy signal.  
5. These signals are time limited. 
6. The power of energy signal is zero.  
7. Eg. A single rectangular pulse.  
 
 
Power: 

1. The normalized average  power is finite and non zero.  
2. P = lim T→  ∞ 1/T ∫T/2

-T/2
  |x(t)|2 dt  

3. Periodic (practical) signal are power signals.  
4. These signals can exist infinite time.  
5. Energy of power signal is infinite.  
6. Eg A train of rectangular pulse.  

 
 
 
Parseval’s theorem:  
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The average power of a signal u(t) is defined as,  
   P = lim T →  ∞  1/2T ∫T-T u2(t) dt  
If the signal under consideration that the signal can be 
represented as sum of fourier series components and power is 
defined as,  
   P = ∑∞

−∞=n nc 2  

 Where,  
Cn  is the amplitude of the nth harmonic component of fourier 
series. This above relation of power and amplitude of harmonics 
is called parsevals power theorem.  
 
Deterministic and random signal: (chapter 1 बाट प ने) 
 
Power Spectral density function: Let u(t) be a non periodic 
power type signal whose average power is defined by the 
equation.  
     P = lim T → ∞ 1/2T ∫T-T u2(t)dt  …………(i)  
Let us terminate this signal such that it is zero outside the 
interval –T/2,T/2 then,  
  uT(t) =  u(t)   for |t| < T/2  
               0        other wise    ……….(ii)  
This terminated signal u(t) is of finite duration. Therefore it is an 
energy signal ET as long as T is finite, energy of u(t) is finite and 
defined as  
   ET = ∫∞ 

-∞ uT
2(t) dt   

        = ∫∞ 
-∞ |uT(w)|2 dft    

 
As uT(t) is the trucked version of  u(t) it will be valid that  
  ∫∞ 

-∞ uT
2(t)dt   = ∫T/2

-T/2 u2(t) dt   ………(iv)  
 
The average power of u(t) now can be expressed interms of 
trucked version as: 

       P = lim T → ∞ 1/2T ∫T-T u2(t)dt 
          = lim  T → ∞ 1/T ∫T/2

-T/2 u2(t)dt 
          = lim T → ∞ 1/T ∫∞ 

-∞  uT 2(t)dt   [ from equation (iv)]  
          = lim  T → ∞ 1/T ∫T-T |uT(w)|2df   [from equation (iii)] 
 
P = ∫∞ 

-∞ lim T→ ∞ |uT(w)|2/T df      (by interchanging)  
 
As the limit T→ ∞ the ratio |uT(w)|2  may approach a limit and 
the integrand be denoted by   Su(w) = lim T→ ∞ |uT(w)|2/T . 
The frequency dependent function Su(w) is called power spectral 
density function (PSDF) of u(t) and the ratio under the limit 
function is called periodogram of the signal u(t). 
 
Power Spectral density function of a harmonics signal: 
Consider the periodic signal u(t) with period ‘T’ is expressed in 
terms of complex furrier series. 
   U(t) = ∑∞ 

n=-∞ Cn ejnwot 

 

  Where, cn is complex fourier coefficient. And the frequency 
Spectrum expanded as,  
   U(w) = 2π ∑∞ 

n=-∞  cn  δ(w-nwo)  
Now we translated this periodic by introducing gate function 
GT(t). Which is zero outside interval –T/2 to T/2 and unity within 
that interval which is given by 
 GT(t) = 1   (-T/2 <t<T/2) 
               0 (otherwise) 
 
The FT of GT(t) is sinc function is  
 F[GT(t)] = T/2π . Sinc (wT/2)  
 The translated periodic signal can be represented as,  
 UT(t) = GT(t) × u(t)  
The FT of this truncated signal can be calculated using frequency 
convolution theorem of FT.  
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UT(w) = FT[GT(t)]*FT[u(t)]  
            = T/2π . sinc (wT/2)*2π ∑∞ 

n=-∞ Cn δ(w-nwo) 
            =  T ∑∞

n=-∞  Cn sin ((w-nw0)T)/2 
As per definition and PSdf of the signal ,  
Sn(w) = lim T→  ∞ |uT(w)|2/T  
Sn(w) = lim T →   ∞ 1/T  [ t2 ∑∞

n=-∞ |cn|2 sinc2 (w-nw0)T/2] 
 
 
 

Date:2065/8/27 
 
As the limit T tends to ∞ , square of sinc function tends to the 
delta function centered at nwo  in this case 
 Su(w) = 2π ∑∞ 

n=-∞ |cn|2 δ(w –nwo)  
Let as assume the harmonic signal  
  X(t) = Accos(wot)  
Which is a special case of periodic signal for which the value of 
n = 1.  Hence of PSDF of harmonic signal be,  
  Sx(w) = 2π[A2/4. δ(w-w0)+A2/4 δ(w+w0) ]  
 

        

Sn(w)
πA2/2

πA2/2

w-wo w+wo  
 
And the power of harmonic signal, 
  P = 1/2π  ∫∞ 

-∞  sλ (w) dw = A2/2  
Auto correlation function:  
  The correlation function of two signal x1(t) and x2(t) is defined 
as,  
     Rx1,x2(τ) = ∫∞ 

-∞ x1(t) x2(t) (t-τ) dτ 

It is measure of similarity between the signal x1(t) and time delay 
version of another signal x2(t). This correlation is called cross-
correlation.  
  Special case of cross-correlation is auto correlation in which 
both signal are same. i.e x1(t) = x2(t) = x(t)  
  Rx(τ) = ∫∞ 

-∞ x(t) x(t-τ) dτ 
 
PSDF of white noise: 
Swn(f) = No/2. ,   -∞ <f<∞  

Swn(f)

No/2

f 
 
 
The AC function of white noise,  
  RWN(τ) = No/2 . δ(τ)  
i.e RWN (τ) = 0 for all τ ≠ 0  
 
Relation between AC function and PSDF: 
 Sx(f) = ∫∞ 

-∞ Rx(τ) e-j2πf τ dτ  
 And  
 Rx(τ) = ∫∞ 

-∞ sx(f) e-j2πf τ df 
 
Interpretation of Power Spectral density: Suppose a power 
signal u(t) is applied to a band pass filter followed by a power 
meter  as shown in figure below.  
 

           
BPF
h(t),h(f)

Power
Meter

y(t)u(t) Py
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Assume a filter has narrow bandwidth  ∆ f  centered on some 
frequency fc.  
Then the average power of the signal u(t) be ,  
    P = ∫∞ 

-∞ su(w) df  = 1/2π ∫∞ 
-∞  Sλ (w) dw  

 
As the PSD is an even function of w the power contain in the 
positive side of frequency spectrum will be 
 P = 2. 1/2π ∫∞ 

-∞  Su(w)dw 
     = 1/π ∫∞ 

o su(w) dw  
The o/p power of the BPF will be ,  
 Py = y2(t) = lim→T    ∞ 1/T ∫T/2

-T/2 u2(t) h2(t)dt.  
   = ∫∞ 

-∞  lim T →∞ 1/T |u(w)|2 |H(w)|2 dw 
  ≈  2Su(w) ∆f 
 
 Su(w) = Py/2∆f  
 
Analog Spectrum Analyzer: A spectrum analyzer is an 
instrument is used to visualize and measure PSDF of power type 
signal. Measurement of PSDF is equivalent to passing the signal 
x(t) through a narrow band filter whose centered frequency can 
be sweep from near DC to infinity and observing or measuring 
output of the filter at each and every tuned frequency.  
        As we know if x(t) is passed through a NB(narrow band) 
filter tuned at wo the average power of the output signal y(t) 
would be    
Py = lim T →∞ 1/T ∫T/2

-T/2 y2(t)dt ≈  2k2sx(t) ∆f   
Where, k = the gain/ attenuation of filter within ∆f .  
 Now , Let us consider k2 = 1/2∆f  then,  
Py ≈  sx(f) ………….(i) 
       which is the PSDF of x(t).  
 
Implementation:   

The above (i) can be obtained by passing x(t) through the NB 
filter centered at fo, squaring the o/p of the filter and integrating 
it.  

NBF
 at fo

x(t) (  )2 PSDF at fo

 
 
 
Now if we want to measure PSDF at frequency range we need 
weep the centered frequency of NF form zero to ∞ . The 
accuracy of PSDF measurement increases with decrease in the 
bandwidth of narrow band filter. In practice it is very difficult to 
weep the centre frequency of narrow band filter as they are 
constructed using quartz crystals. Therefore another method in 
which narrow band filter is tuned to a precise frequency and the 
x(t) is frequency shifted in such a way that the frequency range 
of frequency shifted x(t) sequentially fall within the pass band of 
the filter, is employed to measure PSDF.  

NBF
 at fo (  )2

VCO

x(t)

Ramp
Generator

CRT

Vertical
deflection

Horizontal
deflection

Electrically tunable
 NB filter  


