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Unit – I: Signal Analysis 

 

Important Points / Definitions: 

Signal: 

A signal is defined as a single valued function of one or more independent variables which 

carries information. The independent variable can be time, space or any other independent 

variable. 

Example: Human speech, Electrical current or voltage. 

Classification of signals: 

1. Continuous time and discrete time signals. 

2. Deterministic and random signals. 

3. Periodic and non periodic signals. 

4. Energy and power signals. 

5. Causal and non causal signals. 

6. Even and odd signals 

Elementary signals: 

Unit impulse signal δ(t): 

Unit impulse signal δ(t) is defined as 

 δ(t)dt
∞

−∞
 =1 

 
Unit step signal u(t): 

Unit step signal u(t) is defined as 

  u(t)={0 𝑓𝑜𝑟  𝑡<0
1  𝑓𝑜𝑟  𝑡>0

                                      

 
Sinusoidal signal: 

A continuous time sinusoidal signal is defined as 



 x(t)=Asin(ωt+Ф) 

                                                                  
Signum function: 

Sgn(t)= {−1  𝑓𝑜𝑟  𝑡<0
1     𝑓𝑜𝑟  𝑡>0

 

 
Real exponential signal: 

x(t)= A𝑒𝛼𝑡  

Complex Exponential Signal: 

x(t)=A𝒆𝒔𝒕 where s=σ+jω 

Vector: 

A vector contains magnitude and direction. 

Orthogonal Vector Space: 

A complete set of orthogonal vectors is referred to as orthogonal vector space.  

Orthogonal Signal Space: 

Let us consider a set of n mutually orthogonal functions x1(t), x2(t)... xn(t) over the interval 

t1 to t2. Two signals xj(t), xk(t) are orthogonal if 

 xj(t)xk(t)
𝑡2

𝑡1
 dt=0 where j≠k 

 xk
2(t)

𝑡2

𝑡1
dt = kk   if j=k 

 Any function f(t) can be expressed as sum of its components along a set of mutually 

orthogonal functions if these functions form a complete set. 

 The set of orthogonal functions {gr(t)} for r=1,2,3…..over the interval (T1,T2)  is said 

to be complete or closed set only when there exists no function f(t) such that 

 𝑓 𝑡 𝑔𝑟 𝑡 𝑑𝑡 = 0
𝑇2

𝑇1
 for r=1,2,3…. 

 Then any function f(t) can be approximated as 

f(t)=c1g1(t)+c2g2(t)+c3g3(t)……crgr(t)……. 

where 𝐶𝑟 =
 𝑓(𝑡)

𝑡2
𝑡1

𝑔𝑟(𝑡)𝑑𝑡

 𝑔𝑟
2(𝑡)𝑑𝑡

𝑡2
𝑡1

 

 The expression for mean square error in approximating f(t) in terms of a set of 

orthogonal functions {gr(t)} for r=1,2,3…..n over the interval (T1,T2)  is  

𝜀 =
1

𝑇2 − 𝑇1

  𝑓2 𝑡 𝑑𝑡 −  𝑐𝑟
2𝐾𝑟

𝑛

𝑟=1

𝑇2

𝑇1

  

𝑊𝑒𝑟𝑒 𝐾𝑟 =  𝑔𝑟
2 𝑡 𝑑𝑡

𝑇2

𝑇1

 

 

Linear System: 

                                                         f(t) r(t) 

 
Linear System 



 A system is said to be linear if it satisfies the principle of superposition. 

f1(t)        r1(t) 

f2(t)       r2(t) 

a1 f1(t)+a2 f2(t)       a1 r1(t)+a2 r2(t) 

Linear Time Invariant System: 

A system is said to be linear time invariant (LTI) system if it satisfies linear and time 

invariance properties. A system is time invariant if a time delay or advance of the input leads 

to an identical time shift in the output. 

x(t)      y(t) then if x(t-t0 )     y(t-t0 ) it is a time invariant system. 

Impulse Response: 

When the input signal to a system is the impulse signal δ(t) then the response of the system is 

known as the impulse response denoted by h(t). 

 

Response of LTI system: 

The response of a continuous time LTI system can be computed by the convolution the 

impulse response with the input signal using the convolution integral. 

y(t)=x(t)* h(t)= 𝑥 𝜏  𝑡 − 𝜏 𝑑𝜏
∞

−∞
 

Frequency response of an LTI System 

If the input signal and the impulse response of an LTI system x(t), h(t) have Fourier 

transforms X(ω) and H(ω) then the Fourier transform of the system response  

Y(ω)= X(ω) H(ω) 

Transfer Function of an LTI System 

The ratio of the Fourier transform of the output Y(ω) to the Fourier transform of the input 

signal X(ω)  of an LTI system is called its transfer function. 

H(ω)=
𝐘(𝛚)

X(𝛚) 
 

Distortion less Transmission through a system 

For distortion less transmission an LTI system should have a flat amplitude response and 

linear phase response over the given frequency range. 

H(ω)=K𝒆−𝒋𝛚𝐭𝟎 

Filter Characteristics of Linear Systems 

LTI systems may be classified in to five types of filters 

 Low pass filter (LPF) 

 High pass filter (HPF) 

 Band pass filter (BPF) 

 Band reject filter (BRF) 

 All pass filter  

Causality and Physical Realizability  

The Paley-Wiener Criterion: 

 In the time domain approach the impulse response h(t) of a physically realizable 

system must be causal. 

That is h(t)=0 for t<0. 

 In the frequency domain approach the necessary and sufficient condition for the 

magnitude response function |H(ω)| to be physically realizable is 

 
|𝑙𝑛𝐇 𝛚 |

1+𝛚2

∞

−∞
  dω < ∞ 

Bandwidth and Rise time: 

 The rise time tr of the output response is defined as the time the response takes to 

reach 10% to 90% of the maximum value of the signal. 

tr  =
𝜋

𝛚
 



where ω is the filter bandwidth. 

 The rise time of the output is inversely proportional to the system bandwidth. 

Convolution in time domain: 

If x1(t),x2(t) are two continuous time signals then the convolution of x1(t) and x2(t) can be 

expressed as 

y(t)=x1(t)*x2(t)=  𝑥1
∞

−∞
 𝜏 𝑥2 𝑡 − 𝜏 𝑑𝜏 

Convolution in frequency domain: 

If x1(t),x2(t) are two continuous time signals with period T have Fourier transforms 

X1(ω),X2(ω) respectively then Fourier transform of the time convolution is 

ℱ [x1(t)*x2(t)] = X1(ω)X2(ω) 

 

Questions  

1.Simplify the expression for Mean square error in signal approximation.    

2.Test the system y(t) = x(2t) for Linearity and Time Invariance 

3.Examine the conditions for distortion less transmission through linear systems               

4.Prove the properties of Impulse function )(t . 

5.Define and discuss the conditions for orthogonality of functions. 

6.Discuss the concept of orthogonality in complex functions and derive the expression for 

component vector of approximating the function f1(t) over f2(t) in case of complex 

functions. 

7.Prove that sinusoidal functions are orthogonal functions. 

8.Bring out the analogy between vectors and signals. 

 

Objective Questions 

1. Random signal can be modelled by 

a. Differential equation   

b.difference equation 

c. statistical parameters   

d.integral 

2. Energy signals are the signals with 

a. 0<E<∞, P=0   
b.0<E<∞, P=∞ 

c. 0<P<∞, E=∞  

d.0<P<∞, E=0 

3. Power signals are this signals with  

a. 0<E<∞, P=0   

b. 0<E<∞, P=∞ 

c.  0<P<∞, E=∞  

d. 0<P<∞, E=∞0 

4. Which system is non linear in nature 

a. y(t)=cx(t)    

b. y(t)=x
2
(t)+5x(t)+c 

c. y(t)=x(t)+x(t-1)+x(t-2)  

d.
 
y(t)=x(t)-x(t-1)-x(t-2)  

5. Find the type of the system described by y
2 
(t)+2y(t)=x

2
(t)+x(t)+c 

a. linear and dynamic   

b.linear and static 

c. nonlinear and dynamic  

d. nonlinear and static 



6. Which system is non causal system 

a. y(t)=x(t+1)    

b. y(t)=x(t-1)  

c.  y(t)=x(t)+c    

d. y(t)=x(t-1)+c 

7. Identify the time invariant system                      

  (a)                                                                                       (b)                                

              x(t)                                                    x(t-τ)                 x(t-τ)                            y(t-τ) 

   (c)                                                                                       (d) 

             x(t+τ)                                            y(t)                     x(t)                                   constant 

 

8. Even part of the unit step signal is 

a. 1/2     
b.1 

c. 1/2sgn t    

d.0 

9. Invertible systems are those systems, where 

a. output can be uniquely obtained from the knowledge of input 

b. input signal can be uniquely determined by observing the output signal 

c. (a) and (b) both 

d.system output is always constant 

10 .Identify the correct sketch of unit step signal u(t-2)  (b) 

 
Fill in the blanks 

1. The mathematical model of a system is linear if it obeys principle of  superposition and 

homogeneity. 

2. Draw  the sketch of unit step signal u(t-2) . 

3. A Vector is specified by magnitude and direction 

4.Two functions f(t) and g(t) over an interval (T1,T2)are said to be mutually orthogonal if and 

only if  𝒇 𝒕 𝒈 𝒕 𝒅𝒕 = 𝟎
𝑻𝟐

𝑻𝟏
 

5. The set of functions {sin(nωot)} and {sin(mωot)} for n,m=1,2,…. are said to be mutually 

orthogonal only when n≠m 

SYSTEM SYSTEM 

SYSTEM 

SYSTEM SYSTEM 



6. The set of orthogonal functions {gr(t)} for r=1,2,3…..over the interval (T1,T2)  is said to be 

complete or closed set only when there exists no function f(t) such that  𝒇 𝒕 𝒈𝒓 𝒕 𝒅𝒕 = 𝟎
𝑻𝟐

𝑻𝟏
 

for r=1,2,3…. 

7. The optimum value of C12 such that the mean square error is minimum in approximating 

real functions f1(t) and f2(t) in the interval (t1,t2) is 𝑪𝟏𝟐 =
 𝒇𝟏(𝒕)

𝒕𝟐
𝒕𝟏

𝒇𝟐(𝒕)𝒅𝒕

 𝒇𝟐
𝟐(𝒕)𝒅𝒕

𝒕𝟐
𝒕𝟏

 

8. The optimum value of C12 such that the mean square error is minimum in approximating 

complex functions f1(t) and f2(t) of real variable ‘t’ in the interval (t1,t2) is 𝑪𝟏𝟐 =
 𝒇𝟏(𝒕)

𝒕𝟐
𝒕𝟏

𝒇𝟐
∗(𝒕)𝒅𝒕

 𝒇𝟐(𝒕)𝒇𝟐
∗(𝒕)𝒅𝒕

𝒕𝟐
𝒕𝟏

 

9. The expression for mean square error in approximating f(t) in terms of a set of orthogonal 

functions {gr(t)} for r=1,2,3…..n over the interval (T1,T2)  is  

𝜺 =
𝟏

𝑻𝟐 − 𝑻𝟏

  𝒇𝟐 𝒕 𝒅𝒕 −  𝒄𝒓
𝟐𝑲𝒓

𝒏

𝒓=𝟏

𝑻𝟐

𝑻𝟏

  

𝑾𝒉𝒆𝒓𝒆 𝑲𝒓 =  𝒈𝒓
𝟐 𝒕 𝒅𝒕

𝑻𝟐

𝑻𝟏

 

10. Two vectors 𝐴  and 𝐵  are orthogonal only if 𝑨 . 𝑩 = 𝟎 

 

 

Unit –II: Fourier series, Transforms and Sampling 

 

Important Points / Definitions:  

Any periodic signal with period T can be represented by a combination of harmonics at 

discrete frequencies called Fourier series. 

Trigonometric Fourier series: 

Functions 1,cos ω0, cos2ω0,  cos3ω0 ….. cosnω0, sin ω0 ,  sin2 ω0 , sin3 ω0 ……. sinn ω0 ….etc  

form complete orthogonal set and any function f(t) can be represented in terms of  these 

functions as 

f(t)= a0 +a1cosω0+a2 cos2ω0+a3 cos3ω0 .. ancosnω0 …+b1sinω0 +b2 sin2 ω0 +b3sin3 ω0 ..bn sinn 

ω0 

+………. 

f(t)=a0+ [𝒂𝒏 ∗ 𝐜𝐨𝐬(𝒏𝛚𝟎
𝒏=∞
𝒏=𝟏 t)+ 𝒃𝒏 ∗ 𝒔𝒊𝒏(𝒏𝛚𝟎𝐭)] 

a0 =
𝟏

𝑻
 𝒇 𝒕 𝒅𝒕

𝑻

𝟎
 

an =
𝟐

𝑻
 𝒇 𝒕 𝐜𝐨𝐬 𝒏𝛚𝟎𝒅𝒕 𝒅𝒕

𝑻

𝟎
  and 

bn =
𝟐

𝑻
 𝒇 𝒕 𝐬 𝐢𝐧 𝒏𝛚𝟎𝒅𝒕 𝒅𝒕

𝑻

𝟎
 

Where time period T=  
𝟐𝛑

𝛚𝟎
 

Exponential Fourier series: 

Any real valued periodic signal f(t) can be expressed as a linear combination of exponential 

functions. 

f(t)= 𝒄𝒏  𝒆
𝒋𝒏𝛚𝟎 𝐭∞

𝒏=−∞  

cn =
𝟏

𝑻
 𝒆−𝒋𝒏𝛚𝟎 𝐭𝒇 𝒕 𝒅𝒕

𝑻

𝟎
 

Where time period T=  
𝟐𝛑

𝛚𝟎
 

Fourier Transform  



 Any aperiodic signal can be represented by harmonics of continuous frequency called 

Fourier transform. 

 For any arbitrary signal f(t) the function F(ω) is its Fourier transform, conversely f(t) 

is the inverse Fourier Transform of F(ω). 

F(ω)= ℱ[f(t)]= 𝑓(𝑡)
∞

−∞
𝑒−𝑗𝛚𝐭  𝑑𝑡 

f(t)= ℱ−1[F(ω)]=
1

2𝜋
 F(𝛚)
∞

−∞
𝑒𝑗𝛚𝐭  𝑑𝛚 

 f(t)↔ F(ω) is used to show Fourier Transform pair. 

 The Fourier Transform F(ω)  is in general complex valued and it can be expressed as 

F(ω)=|F(ω)|𝒆𝒋𝜽(𝛚) 

 For real signals the amplitude spectrum |F(𝛚)| is an even function and phase spectrum 

θ(𝛚) is an odd function. 

Existence of Fourier Transform: 

The Dirichlet’s which  are necessary for the existence of Fourier Transform are 

 The function f(t) is absolutely integrable over the interval -∞<t<∞. 

  𝒇 𝒕   
∞

−∞
dt <∞ 

 The function f(t) has finite number of maxima and minima with in any finite interval. 

 The function f(t) has a finite number of discontinuities with in any finite interval. 

Fourier Transform of standard signals 

 𝒆−𝒂𝒕u(t) ↔ 
𝟏

𝒂+𝒋𝛚
 

 𝒆−𝒂|𝒕| ↔
𝟐𝒂

𝒂𝟐+𝛚𝟐 

 Arect(
𝒕

𝝉
) ↔A𝝉sinc(f𝝉) 

 δ(t) ↔1 

 A↔2πAδ(𝛚) 

 cos(ω0t)↔
𝟏

𝟐
  [δ(f-f0)+δ(f+f0)] 

 sin(ω0t)↔
𝟏

𝟐𝒋
  [δ(f-f0)-δ(f+f0)] 

 sgn(t)↔
𝟐

𝒊𝛚
 

 u(t) ↔πδ(ω)+ 
𝟏

𝒊𝛚
 

Properties of Fourier Transform: 
1. Linearity 

Consider two signals f1(t) and f2(t) with Fourier Transforms F1(ω) and F2(ω) 

respectively. The linearity property states that the linear combination of the two 

signals satisfy 

a1f1(t)+a2f2(t) ↔ a1F1(ω)+a2F2(ω) 

2. Time Shifting Property 

f(t) ↔ F(ω) 

f(t-t0) ↔𝒆−𝒋𝛚t0  F(ω) 

f(t+t0) ↔𝒆𝒋ωt0  F(ω) 

3. Frequency shifting Property 

f(t) ↔ F(ω) 

f(t) 𝑒𝒋𝛚𝐭𝟎↔ F(ω- ω0) 

f(t) 𝑒−𝒋𝛚𝐭𝟎↔ F(ω+ ω0) 

4. Scaling Property 

 f(t) ↔ F(ω) 



f(at) ↔
1

𝑎
F(

𝝎

𝒂
) 

5. Duality Property 

f(t) ↔ F(ω) 

F(t) ↔2πf(ω) 

6. Differentiation in time Domain 

f(t) ↔ F(ω) 
𝒅

𝒅𝒕
f(t) ↔jωF(ω) 

7. Differentiation in frequency domain 

f(t) ↔ F(ω) 

(-jt)f(t) ↔ 
𝒅

𝒅𝒕
F(ω) 

         

8. Integration Property 

 𝒇 𝝉 𝒅𝝉
𝒕

−∞
   ↔πF(0)δ(ω)+

𝐅(𝛚)

𝒋𝛚
 

9. Convolution  Properties 

f1(t)*f2(t) ↔ F1(ω)F2(ω) 

f1(t)f2(t) ↔
1

2𝜋
 F1(ω)*F2(ω) 

10. Parseval’s Theorem 

 |𝒇 𝒕 |𝟐
∞

−∞
dt↔

1

2𝜋
  |𝑭 𝛚 |𝟐

∞

−∞
d ωs 

 

Sampling Theorem:  

A band limited finite energy signal f(t) which has no frequency component higher than fm Hz 

may be completely recovered from the knowledge of its sampled values taken at the sampling 

frequency equal to or greater than twice of its highest frequency component that is fs>= fm 

Hz. 

 

Questions: 

1.Construct the Complex Fourier spectrum after representing the following periodic signal in 

exponential Fourier series.                               

 
 

2.Analyze the following periodic waveform by representing it in exponential fourier series 

and sketch its Complex fourier spectrum. 

 
3.Apply Duality Property in Fourier transform to find the impulse response )(th of the phase   

   Shifter whose frequency response is given by 

A 

x(t) 

t 0 π 2π -

π 
















0

0)(
2

2



 



j

j

e

eH . 

4.Evaluate Nyquist rate and Nyquist  interval for the signal x(t)=cos(200πt).     

5.State and prove frequency shifting and time shifting properties of Fourier transforms. 

6.Compute the Fourier transform of standard signals like the unit step, unit impulse, single 

sided exponential double sided exponential and gate functions. 

7.Compute the Fourier transform of f(t)= 𝑒4𝑡u(-t-1)   

8.Determine the Fourier transform of the signal x(t)=5+2cos(8πt)                   

  

Objective Questions 

1. Periodic signals will have 

a. finite number of maxima and zero minima in one period 

b.infinite number of maxima and finite number of minima in one period. 

c. finite number of maxima and infinite number of minima in one period. 

d. finite number of maxima and minima in one period 

2. Harmonics of the periodic signal are equal to 

a.integral multiple of fundamental frequency 

b. fundamental frequency 

c. zero frequency 

d.both (a) and (b) 

3. Periodic signal with half wave symmetry is 

a. even signal    

b.odd signal 

c. d.c signal    

d. neither even nor odd signal 

4. Even signal satisfies 

a. x(t)=-x(t)    

b.x(t)=x(-t) 
c. x(t)=x(t+T/2)   

d.x(t)=x(t-T/2) 

5. Fourier series of any periodic signal x(t) can only be obtained if 

a.  |𝑥 𝑡 |
𝑇

0
<∞ 

b.finite number of discontinuities with in finite time interval t. 

c.  both (a) and (b) 

d. infinite number of discontinuities 

6. Amplitude spectrum |X(ω)| is an 

a. even function   
b.odd function 

c. even and odd function both  

d.neither even nor odd function 

7. For distortion less transmission through an LTI system amplitude of H(ω) is 

a. constant     

b.one 

c. zero      

d.linearly dependent on ω 

8. For a filter ,if |H(ω)|=1 in certain band of frequency, this filter is 

a. low pass folter    

b.high pass filter 



c. band pass filter    
d.band stop filter 

9. For a filter ,if |H(ω)|=0 in certain band of frequency, this filter is 

a. low pass folter    

b.high pass filter 

c. band pass filter    

d.band stop filter 
10. Ideal frequency-selective filters are 

a. causal system    

b.non causal system 

c. time invariant system   

d.time varying system  

 

Fill in the blanks 

1.Average power of periodic signal is equal to average power of all the harmonics of the 

signal. 

2.Signal x(t) is odd signal if x(t)=-x(-t). 

3.Phase spectrum is an _odd_ function. 

4.Fourier transform of a d.c signal with unity strength is 2ᴫδ(ω). 

5.Duality property is  X(t)↔2ᴫx(-ω). 

6.Fourier transform of sgn(t) is 
𝟐

𝒋𝝎
. 

7.If Fourier transform of function x(t) is X(ω)=u(ω+1)+u(ω-1),then x(t) is 
𝟏 

ᴫ
𝐜𝐨𝐬 𝛚 . 

8.Frequency convolution can be stated as x1(ω)x2(ω). 

9.If x(ω)= ᵟ( ω- ω0) then x(t) is 
𝟏

𝟐ᴫ
𝒆𝒋𝛚𝟎𝒕. 

10. For distortion less transmission through LTI system phase of H(ω) linearly dependent 

on ω . 

 

 

Unit –III: Laplace Transforms and Z-Transforms 

 

Important Points / Definitions:  

Laplace Transform 

Unilateral Laplace Transform: 

For any real function f(t)>=0 the Laplace transform is defined as 

F(s)= 𝑓 𝑡 𝑒−𝑠𝑡∞

0− 𝑑𝑡 

Where s=σ+j ω is a complex frequency. 

Bilateral Laplace transform: 

Bilateral Laplace transform is also known as two-sided Laplace transform and is defined as 

F(s)= 𝑓 𝑡 𝑒−𝑠𝑡∞

−∞
𝑑𝑡 

The inverse Laplace transform of F(s) is defined as 

f(t)=
1

2𝜋𝑗
 𝐹 𝑠 𝑒𝑠𝑡σ+jω  

σ−jω  
𝑑𝑠 

Convergence of Laplace transforms: 

The necessary condition for convergence of the Laplace transform is the absolute 

integrability of f(t)𝑒−𝜎𝑡  

 |𝑓(𝑡)𝑒−𝜎𝑡∞

−∞
|𝑑𝑡 < ∞ 

Laplace transform exists if it converges in the given time interval.  

Region of convergence: 



The range of values of the complex variable s= σ+j ω for which the Laplace transform 

converges is called the region of convergence (ROC).ROC can be shown graphically with a 

pole zero plot on S-plane. 

Properties of the ROC: 

 ROC does not contain any poles. 

 If x(t) is a finite duration function then ROC is entire s-plane except at s=0 and s=∞. 

 If x(t) is right sided signal then the ROC is Re{s}>σmax , where σmax is the maximum 

value of all poles of X(s). 

  If x(t) is left sided signal then the ROC is Re{s}<σmin , where σmin is the minimum 

value of all poles of X(s). 

 If x(t) is two sided signal then the ROC is the form σ1<s< σ2 where σ1, σ2 are the real 

parts of two poles of X(s). 

 

Unilateral transform of some simple signals: 

 δ(t) ↔1 with ROC entire s-plane 

 u(t) ↔
1

𝑠
 ROC is right half of s-plane 

 cos(ω0t)u(t)↔
𝒔

𝒔𝟐+𝛚𝟎
𝟐  ROC Re{s}>0 

 sin(ω0t)u(t) ↔
𝛚𝟎

𝒔𝟐+𝛚𝟎
𝟐  ROC Re{s}>0 

 tu(t) ↔   
𝟏

𝒔𝟐 ROC Re{s}>0 

Properties of Laplace transform: 

1. Linearity 

Consider two signals f1(t) and f2(t) with Laplace Transforms F1(s) and F2(s) 

respectively with ROCs R1,R2. The linearity property states that the linear 

combination of the two signals satisfy 

a1f1(t)+a2f2(t) ↔ a1F1(s)+a2F2(s) 

The ROC is at least the intersection of R1,R2. 

2. Time Shifting Property 

f(t) ↔ F(s) 

f(t-t0) ↔𝒆−𝒔t0  F(s) 

f(t+t0) ↔𝒆𝒔t0  F(s) 

3. Frequency shifting Property 

f(t) ↔ F(s) 

f(t) 𝒆𝒂𝒕↔ F(s-a) 

f(t) 𝒆−𝒂𝒕↔ F(s+a) 

4. Scaling Property 

 f(t) ↔ F(s) 

f(at) ↔
1

𝑎
F(

𝒔

𝒂
) a>0 

5. Differentiation in time Domain 

f(t) ↔ F(s) 
𝒅

𝒅𝒕
f(t) ↔sF(s)-f(𝟎−) 

6. Differentiation in s- domain 

f(t) ↔ F(s) 

(-t)f(t) ↔ 
𝒅

𝒅𝒔
F(s) 

         

7.   Time Integration Property 



 𝒇 𝝉 𝒅𝝉
𝒕

𝟎
   ↔

𝐅(𝐬)

𝒔
 

 

8. Integration in S-Domain Property 

 𝑭 𝒔 𝒅𝒔
∞

𝒔
   ↔

𝐟(𝐭)

𝒕
 

 

 

9. Convolution  Properties 

f1(t)*f2(t) ↔ F1(s)F2(s) 

f1(t)f2(t) ↔
1

2𝜋𝑗
 F1(s)*F2(s) 

10. Initial  Value Theorem 

f(𝟎+)=𝐥𝐢𝐦𝒕→𝟎 𝒇(𝒕) =𝐥𝐢𝐦𝒔→∞ 𝒔𝑭(𝒔) 

 

11. Final Value theorem 

f(∞)=𝐥𝐢𝐦𝒔→𝟎 𝒔𝑭(𝒔) 

 

Relationship between Laplace transform and Fourier Transform: 

The Laplace transform is an extension of Fourier Transform in which a function f(t) can be 

represented as Fourier transform of [f(t)𝒆−𝝈𝒕]. 

L[f(t)]=F[f(t)𝒆−𝝈𝒕] 

Inverse Laplace Transform: 

Inverse Laplace Transform converts the function from s-domain to time domain. 

The inversion formula can be expressed as a contour integral by the Residue theorem. 

f(t)=
𝟏

𝟐𝝅𝒋
 𝑭 𝒔 𝒆𝒔𝒕𝒅𝒕
𝒄

= 𝑹𝒆𝒔[𝒔𝒊]
𝒏
𝒊=𝟏  

where Res[si],i=1,2,3..are residues of 𝑭 𝒔 𝒆𝒔𝒕 and c is a closed curve. 

An efficient method to evaluate the inverse Laplace transform is by partial fraction 

expansion. 

Laplace Transform using waveform synthesis: 

Laplace transform of causal periodic signals can be derived easily from the basic causal 

waveforms consisting of exponential, ramp, step or delta functions. 

The Z-Transform: 

 The continuous time signal f(t) is defined continuously for all values of time and 

Discrete-time  signals are functions of discrete time variable. 

 A discrete-time signal is periodic if it repeats itself at every N number of samples 

x[n]=x[n+N] 

where N is a positive integer. This condition is true if 
𝑁

𝑘
 =

2𝜋

ω0
=rational number. 

 The Z-transform of a discrete-time sequence x[n] is defined as 

X(z)=Z[x[n]]= 𝑥 𝑛 𝑧−𝑛∞
𝑛=−∞  

 The inverse Z transform is 

x[n]=Z
-1

[X(z)]=
1

2𝜋𝑗
 𝑋 𝑧 𝑧𝑛−1
𝑐

 

 The notation for Z transform pair is x[n] ↔ X(z) 

Region of Convergence (ROC) of Z-Transform: 

The range of values of the complex variable z for which z-transform converges is called 

region of convergence of z-transform. 

Properties of ROC of Z-Transforms 

 ROC of z-transform is indicated with circle in z-plane. 

 ROC does not contain any poles. 



 If x[n] is a finite duration causal sequence or right sided sequence, then the ROC is 

entire z-plane except at z = 0. 

 If x[n] is a finite duration anti-causal sequence or left sided sequence, then the ROC 

is entire z-plane except at z = ∞. 

 If x[n] is an infinite duration causal sequence, ROC is exterior of the circle with 

radius a. i.e. |z| > a. 

 If x[n] is an infinite duration anti-causal sequence, ROC is interior of the circle with 

radius a. i.e. |z| < a. 

 If x[n] is a finite duration two sided sequence, then the ROC is entire z-plane except 

at z = 0 & z = ∞. 

Z transform of some common signals: 

 δ[n] ↔1 with ROC entire z-plane 

 u[n] ↔
𝑧

𝑧−1
 ROC is |z|>1 

 -u[-n-1] ↔
𝑧

𝑧−1
 ROC is |z|<1 

 nu[n] ↔
𝑧

(𝑧−1)2 ROC is |z|>1 

 𝒂𝒏u[n] ↔
𝑧

𝑧−𝑎
 ROC is |z|>|a| 

 -𝒂𝒏u[-n-1] ↔
𝑧

𝑧−𝑎
 ROC is |z|<|a| 

 cos[ω0n]u[n] ↔
𝑧(𝑧−𝑐𝑜𝑠𝛚0) 

𝑧2−2𝑧𝑐𝑜𝑠 𝛚0 +1
 ROC is |z|>1 

 sin[ω0n]u[n] ↔
𝑧𝑠𝑖𝑛 𝛚0 

𝑧2−2𝑧𝑐𝑜𝑠 𝛚0 +1
 ROC is |z|>1 

Properties of Z transform: 

1. Linearity 

Consider two signals f1[n] and f2[n] with Z Transforms F1(z) and F2(z) respectively 

with ROCs R1,R2. The linearity property states that the linear combination of the two 

signals satisfy 

a1 f1[n] +a2 f2[n]  ↔ a1F1(z)+a2F2(z) 

The ROC is intersection of R1,R2. 

2. Time Shifting Property 

f[n] ↔ F(z) with ROC:R 

f[n+m] ↔Z
m

F(z) 

f[n-m] ↔Z
-m

 F(z) 

ROC is R 

3. Time reversal 

f[n] ↔ F(z) with ROC:R 

f[-n] ↔F(
1

𝑧
) ROC is 1/R 

4. Time Scaling  

 f[n] ↔ F(z) ROC:R 

a
n
f[n] ↔ F(

𝒛

𝒂
) ROC is aR 

a
-n

f[n] ↔ F(az) ROC is R/a 

5. Time convolution 

If x[n] ↔ X(z) with ROC R1, y[n] ↔ Y(z) with ROC R2 

X[n]*y[n]= 𝒙 𝒎 𝒚 𝒏 − 𝒎 =∞
𝒎=−∞ X(z)Y(z) 

ROC is R1 intersection R2 

 

6. Differentiation in Z Domain or time multiplication 

f[n] ↔ F(z) with ROC R 



n f[n] ↔-z 
𝒅𝑭(𝒛)

𝒅𝒛
  ROC is R 

       

7. Initial  Value Theorem 

x[0]=𝐥𝐢𝐦𝒏→𝟎 𝒙[𝒏] =𝐥𝐢𝐦𝒛→∞ 𝑿(𝒛) 

 

8. Final Value theorem 

x(∞)=𝐥𝐢𝐦𝒏→∞ 𝒙[𝒏] = 𝐥𝐢𝐦𝒛→𝟏 𝒛 − 𝟏 𝑿(𝒛) 

 The inverse Z-transform can be obtained by direct integration of complex variables 

using residue theorem which is very difficult to evaluate. 

 Indirectly the inverse Z-transform can be evaluated using the basic z-transform pairs 

with region of convergence. The methods are 

Power series expansion 

Partial fraction expansion 

 The impulse response of the system h[n]= Z
-1 

[H(Z)]=Z
-1

[
𝑌(𝑧)

𝑋(𝑧)
] 

 The output response of the system is y[n]= Z
-1 

[Y(Z)]= Z
-1 

[H(Z)X(Z)]s 

Causality and Stability: 
 Causality condition for discrete time LTI systems is as follows

 

A discrete time LTI system is causal when 

 ROC is outside the outermost pole. 

 In The transfer function H[Z], the order of numerator cannot be grater than 

the order of denominator. 

 Stability Condition for Discrete Time LTI Systems 

A discrete time LTI system is stable when 

 Its system function H[Z] include unit circle |z|=1. 

 All poles of the transfer function lay inside the unit circle |z|=1. 

 

Questions: 

1. Apply Laplace transform to find X(s) if x(t) = e
-at

u(t) and show the Region of convergence 

for the above X(s) 

2.Discuss different possible ROCs for the function 
)1)(2(

3
)(






ss
sX  and find )(tx for 

each     ROC. 

3.State and prove initial and final value theorem of Laplace transform. 

4.Distinguish between Fourier transform and Laplace transform. 

5.Define region of convergence and state its properties with respect to Z transform. 

6.Determine impulse and step response of the system described by the difference equation  

y(n)=0.6y(n-1)-0.08y(n-2)-x(n). 

7.Sketch the pole-zero plot with ROC in z-plane if, )1(
2

1
)(

3

1
)( 

















 nununh

nn

 

8.Apply Power series expansion method to find )(nx , If 
143

)(
2 


zz

z
zX , ROC: 1z  

 

Objective Questions 

1. Laplace transform analysis helps in 

a. Solving integral differential equation. 

b.Converts differential equation to algebraic equation 

c. Converts integral equation to algebraic equation. 



d. all the above. 

  

2. Inverse Laplace transform of 1/(s+a)
2
 is 

a. tu(t)    

b. t e
-at

u(t)  
c.  e-at

u(t)    

d.ae
-at

u(t) 

3. Laplace transform of signal x1(t) convolving with x2(t) is 

a. X1(s)* X 2(s)     

b. X 1(s) X 2(s)   

c. X 1(s) / X 2(s)    

d.x1(t) x2(t) 

4. If the system is causal and stable, the system poles must lie 

a. on the jω axis   

b.on the left half of s-plane 
c. on the right half of s-plane  

d.both (a) and (c) 

5. Laplace transform  of 
𝑑

𝑑𝑡
x(t) is 

a. sX(s)     

b.
X(𝑠)

𝑠
-x(0

-
) 

c. sX(s)-x(0
-
)    

d.X(s)-x(0
-
) 

6. z-tranform helps to convert  

a. differential equation into algebraic equation 

b. difference equation into algebraic equation 

c. solve integro differential equation 

b.All the above 

7. ROC is defined as  

a.Range of values for which z-transform converges 

b. Range of values for which z-transform diverges 

c.  Range of values of n for which series converges 

d. Range of values of n for which series diverges 

8. z-transform of x[n-n0] is 

a. z-n
0X[z]   

b. z
n
0X[z] 

c. X(z+z0)   

d.X[z0] 

9. ROC of the causal LTI system is 

a. exterior of the circle in the z plane         

b. interior of the circle in the z plane 

c.  on the circle in the z plane            

d.both (a) and (b) 

10. The system is BIBO stable and causal if the poles of system function H(z) lie 

a. outside the unit circle of the z plane   

b.inside the unit circle of the z plane 
c. on the unit circle of the z-plane   

d.both (a) and (c) 

 

Fill in the blanks 



1. Final value of X(s) =
2

s2+2s+2
 is_zero_. 

2. Initial value of X(s) =
2

s2+2s+2
 is_2_. 

3. Inverse Laplace transform of 
𝑠+1

𝑠+1/4
 is    δ(t)+3/4 𝒆−𝒕/𝟒u(t) 

4. Laplace transform of u(t) Is   
𝟏

𝒔
. 

5. Region of convergence of X(s) contains no poles. 

6. For causal signal x[n],z-transform X(z) is X(z)= 𝒙 𝒏 𝒛−𝒏∞
−∞ . 

7. z-transform of δ[n] = 1.  

8.Final value of x[n] can be obtained by 𝐥𝐢𝐦𝒛⟶∞ 𝒛𝑿(𝒛). 

9. System function H(z) for the system described by difference equation y(n)+y(n-1)=x(n) is  
𝒛

𝒛+𝟏
. 

10. z and Laplace transform are related by  s=
𝒍𝒏 𝒛

𝑻
. 

 

 

Unit –IV: Random Processes – Temporal Characteristics 

 

Important Points / Definitions:  

The Random Process Concept: 

Random Variable: 

 A random variable X is a function of the possible outcomes S of an experiment. 

 Random variable becomes function of both S and time in random process. Then the 

family of functions denoted by X(t,s) is called random process. 

 Random process X(t,s) represents a family or ensemble of time functions(sample 

function or ensemble member) when t, s are variables. 

 Random process X(t,s) represents a single time function when t is a variable and s is 

fixed. 

 Random process X(t,s) represents a random variable when t is fixed and s is a variable. 

 

Classification of Random Processes 

Random processes are classified into 

 Continuous random process 

 Discrete random process 

 Continuous random sequence or discrete time random process 

 Discrete random sequence or digital process 

 

Distribution and Density Functions 

 

A random process )(tX   at a specific time t  is a random variable and can be described by its 

probability distribution function ( ) ( ) ( ( ) ).X tF x P X t x 
 

We can similarly define the first-order probability density function 
( )

( )

( )
( ) .

X t

X t

dF x
f x

dx


 
To describe { ( ), }X t t  we have to use joint distribution function of the random variables at 

all possible values of t .  

For any positive integer n , )(),.....(),( 21 ntXtXtX  represents n  jointly distributed random 

variables. Thus a random process { ( ), }X t t can thus be described by specifying the 

-th ordern  joint distribution function   



1 2( ), ( )..... ( ) 1 2 1 1 2 2( , ..... ) ( ( ) , ( ) ..... ( ) ),   1 and   
nX t X t X t n n n nF x x x P X t x X t x X t x n t         

     the -th ordern joint density function 

1 2 1 2( ), ( )..... ( ) 1 2 ( ), ( )..... ( ) 1 2

1 2

( , ..... )   ( , ..... )
...n n

n

X t X t X t n X t X t X t n

n

f x x x F x x x
x x x




  
 

Deterministic and Non-deterministic Processes  

 If the value of any sample function at any given time cannot be pre-determined or 

specified the process is called non-deterministic process.  

 In contrast, a process is called deterministic if its value as a function of time can be 

pre-determined.  

Example: X (t)= Acos(ω0t+θ )  

 

Stationarity and Statistical Independence 

 A random process is said to be stationary if all its statistical properties do not change 

with time. 

 Two processes X(t) and Y(t) are statistically independent if the joint density be 

factorable by groups. 

𝑓𝑋 ,𝑌 (x1,……..xN,y1,…..yM;t1,…..tN,t1’,……tM’)=  𝑓𝑋 (x1,……..xN; 

t1,…..tN) 𝑓𝑌(y1,……..yM; t1’,…..tM’) 

 

First order Stationary random process 

A random process is said to be stationary to order one if its first order density function does 

not change with time. 

𝑓𝑋 (x1; t1)= 𝑓𝑋 (x1; t1+Δ) 

And 

E[X(t1+Δ)]=E[X(t1)]=constant 

Second order and wide sense stationary 

 A process is called stationary to order two if its second order density function satisfies 

𝑓𝑋 (x1, x2; t1, t2)= 𝑓𝑋 (x1, x2; t1+Δ, t2+Δ) 

 Therefore the correlation 

E[X1X2]= E[X (t1)X(t2)]=𝑅𝑋𝑋 (t1, t1+𝝉) is called auto correlation of the random process 

and is function of only the time difference. 

𝑅𝑋𝑋 (t1, t1+𝝉)= 𝑅𝑋𝑋 (𝝉). 

Wide sense stationary process 

Wide sense stationary process is defined as that for which two conditions are true. 

E[X(t1)]=constant 

E[X (t1)X(t1+ 𝝉)]=𝑅𝑋𝑋 (t1, t1+𝝉)= 𝑅𝑋𝑋 (𝝉). 

 

N-order and strict sense stationary 

 A random process is said to be stationary to order  N if its N
th
  order density function 

does not change with time. 

𝑓𝑋 (x1,….. xN; t1,…… tN)= 𝑓𝑋 (x1,….. xN; t1+Δ, tN+Δ) 

 A process stationary to all orders is called strict sense stationary. 

 

Time Averages and Ergodicity 

 The time average or mean value  𝑥  of sample function is defined by 

𝑥 =A[x(t)]=𝑙𝑖𝑚𝑇→∞
1

2𝑇
 𝑥 𝑡 dt

𝑇

−𝑇
 

 The time auto correlation function is defined as 



Rxx(τ )=A[x(t) x(t+ τ) ]=𝑙𝑖𝑚𝑇→∞
1

2𝑇
 𝑥 𝑡 𝑥 𝑡 + τ dt

𝑇

−𝑇
 

 A random process is Ergodic if all its time averages are equal to the statistical 

averages. 

𝑥 = 𝑋  

Rxx(τ )= 𝑅𝑋𝑋 (𝝉). 

Properties of Auto correlation function: 

1. E[X
2
(t)]= 𝑅𝑋𝑋 (0) 

2. |𝑅𝑋𝑋 (𝝉)|< 𝑅𝑋𝑋 (0) 

3. 𝑅𝑋𝑋 (-𝝉)= 𝑅𝑋𝑋 (𝝉) 

4. If a random process X(t) has non zero mean value and is ergodic with no periodic 

components, then lim τ →∞ 𝑅𝑋𝑋 (τ)=𝑋 2
 

5. If X(t) is periodic then its auto correlation function is also periodic. 

6. If X(t) is ergodic  of zero mean and has no periodic components then 

lim τ →∞ 𝑅𝑋𝑋 (τ)=0 

Properties of cross correlation function 

1. 𝑅𝑋𝑌 (𝝉)= 𝑅𝑌𝑋 (-𝝉) 

2. |𝑅𝑋𝑌 (𝝉)|<= 𝑅𝑋𝑋 (0)𝑅𝑌𝑌(0) 

3. |𝑅𝑋𝑌 (𝝉)|<=
1

2
 [ 𝑅𝑋𝑋(0)+𝑅𝑌𝑌(0)] 

4. If two random processes X(t) and Y(t) are statistically independent and are atleast 

wide sense stationary ,then 𝑅𝑋𝑌 (𝝉)=𝑋𝑌    . 

7. If two random processes X(t) and Y(t) have zero mean and are jointly WSS 

then lim τ →∞ 𝑅𝑋𝑌 (τ)=0 

 Covariance function is a measure of interdependence between two random variables. 

 The Gaussian Random process is an example of continuous random process and the 

Poisson random process is an example of discrete random process. 

 The output response of an LTI system to a random process is Y(t)=h(t)*X(t). 

 

Questions: 

1.Check whether the random process X(t)=Acos(ωo t+θ) is wide sense stationary if A and ωo 

constants and θ is a uniformly distributed random variable on the interval(0,2π). 

2.Summarize classification of random process with neat sketches. 

3.Write properties of auto correlation of random process and prove any two. 

4.Prove that autocorrelation of a WSS random process is the maximum at origin. 

5.Distinguish between stationary and non stationary random processes. 

6.Derive the relation between input and output autocorrelation function of a random process 

of an LTI system. 

 

Objective Questions  

1.If Rxy = 0, then X and Y are 

a. Independent   

b.orthogonal  

c. independent and orthogonal  
d.statistically independent 

2.If the future value of a sample function cannot be predicted based on its past values, the 

process is referred to as ______________ process 

a. Deterministic  

b.non-deterministic  

c. independent  



d. statistical 

3.The random processes, X(t) and Y(t), are said to be independent if fX,Y(x1,y2:t1,t2) is 

a. fX(x1;t1)  

b.fY(y1;t2)  

c. fX(x1;t1)fY(y2;t2)  
   d. 0 

4.For the random process X(t)=A cosωt, where ωt is a constant and A is a uniform random 

variable over (0,1), the mean square value is_____________ 

a. 
1

3
  

b.
1

3
 cosωt  

c.  
𝟏

𝟑
 cos

2
ωt  

d. 
1

9
 

5.A random process is defined as X(t)=Acos(ωt+θ), where ω and θ are constant and A is a 

random variable. Then, X(t) is stationary if 

a. E[A]=2  

b.E[A]=0  

c. A is Gaussian with non-zero mean  

d.A is rayleigh with non-zero mean 

6.For an ergodic process 

a. Mean is necessarily zero  

b. mean square value is infinity  
c. all time averges are zero  

d.A is Rayleigh with non-zero mean 

7.Let X(t) be a random process which is wide sense stationary, then 

a. E[X(t)]= constant  

b.E[X(t)X(t+T)]=Rxx(T)  

c. E[X(t)]= constant and E[X(t)X(t+τ)]=RXX(τ)  
d.E[X

2
(t)]=0 

8. If a process is stationary to all orders n=1,2,…..,N, then Xi=X(ti), where i=1,2,….,N is 

called 

a. strict sense stationary   
b.wide sense stationary  

c. strictly stationary  

d.independent 

9. Time average of a quantity x(t) is defined as A{x(t)}= 

a.  𝑥 𝑡 𝑑𝑡
𝑇

−𝑇
  

b. 
1

2𝑇
 𝑥 𝑡 𝑑𝑡

𝑇

−𝑇
     

c. 𝐥𝐢𝐦𝑻→∞
𝟏

𝟐𝑻
 𝒙 𝒕 𝒅𝒕

𝑻

−𝑻
     

d. lim𝑇→∞  𝑥 𝑡 𝑑𝑡
𝑇

−𝑇
 

10.  A stationary random process X(t) is periodic with period 2T. Its autocorrelation function 

is _____ 

a. non-periodic      

b.periodic with period T  

c. periodic with period 2T  

d.periodic with period T/2 

 



Fill in the blanks 

1.X(t1)=X1 and X(t2)=X2. The correlation between X1 and X2 is R(t1,t2) =  

2. 𝒙𝟏 , 𝒙𝟐 𝒇 𝒙𝟏, 𝒙𝟐; 𝒕𝟏, 𝒕𝟐 𝒅𝒙𝟏 𝒅𝒙𝟐
∞

−∞
 

3.The auto covariance cov{X(t1,t2)} of a random process X(t) is = 

4.𝑹𝑿𝑿 𝒕𝟏, 𝒕𝟐 − 𝑬 𝑿 𝒕𝟏  𝑬[𝑿 𝒕𝟐 ] 
5.The mean of a random process X(t) is the expected value of the random variable X and time 

t, i.e., the mean m(t) =   𝒙𝒇𝑿 𝒙, 𝒕 𝒅𝒙
∞

−∞
 

6.The autocorrelation function of X(t), RXX(τ) is E[X(t)X(t+τ)] 

7.If x(t) is ergodic, zero mean and has no periodic component, then lim 𝜏 →∞ 𝑅𝑋𝑋  𝜏 = 𝟎 

8.A random process is defined as X(t)=Acos(ωct+θ), where X(t) is a uniform random variable 

over (0,2π). Then RXX(τ) is 
𝑨𝟐

𝟐
𝒄𝒐𝒔𝝎𝒄𝝉 

9.Condition for two processes X(t) and Y(t) to be mutually orthogonal for every t1 and t2 is  

RXY(t1,t2)=0 
10. The condition for two processes X(t) and y(t) to be uncorrelated is  CXY(t1,t2)=0  

11. The autocorrelation function of a Poisson process, RXX(t1,t2) for t1>t2 is λt2(1+λt1) 

12. If X(t) and Y(t) are independent WSS processes with zero mean, the autocorrelation 

function of the process Z(t)=KX(t)Y(t) is K
2
RXX(τ)RYY(τ) 

 

 

 

Unit –V: Random Processes – Spectral Characteristics 

 

Important Points / Definitions:  

Spectral characteristics of a random process can be explained by its power density spectrum. 

The PSD ( )XS  of the process ( )X t  is defined in the limiting sense by  

2
( )

( ) lim
2

T
X T

E X
S w

T


  

Power Px = 
1

2𝜋
 𝑆𝑥
∞

−∞
(w) dw 

Relation between the autocorrelation function and PSD (Wiener-Khinchin-Einstein 

theorem): 

The inverse Fourier Transform of the power density spectrum is the time average of the 

autocorrelation function.
( ) ( ) j

X XS R e d  






        
 

1
( ) ( )

2

j

X XR S e dw 






     

Properties of the PSD 

( )XS  being the Fourier transform of  ( ),XR   it shares the properties of the Fourier 

transform.  

The average power of a random process ( )X t  is 
2

XR (0)

1
             ( )

2
X

  EX (t)

S dw








 
 

( )
X

S    is a real and even function of . From the definition   

2
( )

( ) lim
2

T
X T

E X
S w

T


 is 

always non-negative. Thus  ( ) 0.XS    



If  ( )X t has a periodic component, )(R  X  is periodic and so ( )
X

S  will have impulses. 

If a random process X(t) is applied on an LTI system having transfer function H(ω) and the 

ouput response is Y(t), the output power spectrum is SYY(ω)=| H(ω)|2
 SXX(ω). Where SXX(ω) 

is the input power spectrum. 

 

Questions: 

1.Derive the relationship between PSDS of input and output of LTI system. 

2.Discuss all the properties of PSD. 

3.Cross PSD and cross correlation of two WSS random processes X(t) and Y(t) form a 

Fourier transform pair. Justify. 

4.Find the PSD of a random process X(t) if E[X(t)]=1 and RXX(𝝉)=1+𝑒−𝑎 |𝜏|. 

5.State and prove Wiener-Khintchin relations. 

6.Explain Spectral characteristics of a linear system response. 

7.Find auto correlation function of the random process with power spectrum density Sxx  

(ω)=8/(9+ ω
 2
)

2   
. 

 

Objective Questions 

1.The PSD of a random process whose autocorrelation function is 𝑎𝑒−𝑏 𝜏  is 

a. 
𝑎

𝑎2+𝜔2   

b. 
𝟐𝒂𝒃

𝒂𝟐+𝝎𝟐           

c.  
2𝑎𝑏

𝑏 𝑎2+𝜔2 
             

d.  
2𝑎

𝑎2+𝜔2 

2.The autocorrelation function of a random process whose PSD 
4

1+
𝜔2

4

 is 

a. e-2|τ|
   

b.2e
-2|τ|

   
c.  3e

-2|τ|
   

d. 4e
-2|τ|

 

3.The time average of the autocorrelation function and the power spectral density form a pair  

of  

a.Fourier Transform  

b.  Laplace transform  

c. z-transform  

d.  convolution 

4.The Power spectral density of WSS is always 

a. Negative  

b. non-negative  

c.  finite  

d.can be negative or positive 

5.For a WSS process, PSD at zero frequency gives 

a. The area under the graph of power spectral density 

b.Area under the graph of the autocorrelation of the process 

c. Mean of the process 

d.Variance of the process 

6.X(t) = A cos (ωOt+θ), where A and ωO are constants and θ is a random variable uniformly 

distributed over (0,π).  The average power of X(t) is  

a. θ  



b. 
𝑨𝟐

𝟐
             

c.  
𝐴2

4
   

d. 
𝐴2

8
 

7.The mean square value of a WSS process equals 

a.the area under the graph of the PSD 

b. the area under the graph of the autocorrelation of process 

c.  zero 

d. mean of the process 

8. The cross spectral density SYX(ω)= 

a. SXY(ω)  

b.SXY(- ω)  

c. SYX(-ω)  

d.- SYX(ω) 

 9. If  X(t) and Y(t) are orthogonal, then 

a. SXY(ω) = 0  
b.SXY(ω) = 1  

c. SXY(ω) > 1  

d.SXY(ω) < 1 

 10. A system is said to be a linear system if the system satisfies the 

a.principle of superposition 

b.principle of homogenity 

c. principle of superposition and principle of reciprocity 

d.reciprocity principle  

 

Fill in the blanks 

1.The PSD of arandom process X(t)=Acos(Bt+Y), where Y is a uniform random  variable 

over (0,2π)  is 

𝝅𝑨𝟐

𝟐
[𝜹 𝝎 + 𝑩 + 𝜹 𝝎 − 𝑩 ] 

2.The power density spectrum of XT(t) for –T < t < T; XT(t) = 0 elsewhere is SXX(ω) =  

𝐥𝐢𝐦
𝑻→∞

𝑬{ 𝑿𝑻 𝝎  𝟐}

𝟐𝑻
 

3.The average power of the random process having PSD SXX(ω) is PXX = 
𝟏

𝟐𝝅
 𝑺𝑿𝑿 𝝎 𝒅𝝎
∞

−∞
 

4.The cross spectral density of two random processes, X(t) and Y(t), SXY(ω) is 

𝐥𝐢𝐦
𝑻→∞

𝑬[𝑿𝑻
∗ 𝝎 𝒀𝑻 𝝎 ]

𝟐𝑻
 

5. For an LTI system, the response y(t) for any input x(t), with the known impulse response 

can be determined using the Convolution integral 

6.For an LTI system, its impulse response and transfer function form a pair of Fourier 

transform 
7.If  SXX(ω) is the power spectrum of the input process X(t) and |H(ω)|

2
 is the power transfer 

function of the system, then the average power PYY is 
𝟏

𝟐𝝅
 𝑺𝑿𝑿(𝝎) 𝑯(𝝎) 𝟐𝒅𝝎
∞

−∞
 

8.The output power density of Y9t) can be obtained by, SYY(ω) = |H(ω)|
2
SXX(ω) 

9.The real and imaginary parts of SYX(ω) is an even and odd function of ω respectively. 

10. The cross power density of X(t) and Y(t) can be obtained by SYX(ω) = H
*
(ω)SXX(ω) 

 


