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Q.1(a) Define causality and time invariance of a discrete time system. State whether the system 𝑦(𝑛) =
𝑥(𝑛)sin (𝑤 𝑛) is time variant or invariant.  

[2] 

(b) Find the impulse response of the system whose frequency response is defined as  
𝑯(𝒘) = 𝒆 𝒋𝒘(𝟑 − 𝟐𝒄𝒐𝒔𝒘) 

[4] 

(c) 
Compute the convolution y(n) of the signals 𝑥(𝑛) =

𝑛,   0 ≤ 𝑛 ≤ 6

0,   𝑒𝑙𝑠𝑒𝑤ℎ𝑒𝑟𝑒
   and ℎ(𝑛) =

1, −2 ≤ 𝑛 ≤ 2
0,   𝑒𝑙𝑠𝑒𝑤ℎ𝑒𝑟𝑒

 . 
[6] 

   
Q.2(a) Define stability of a discrete time system. Check whether the system with impulse response ℎ(𝑛) =

3 𝑢(𝑛) is stable or unstable. 
[2] 

(b) Sketch the magnitude spectrum of the signal x(n)=u(n)-u(n-4).   [4] 
(c) Using partial fraction expansion, find the inverse Z-transform of the signal  

𝑋(𝑧) =
/

/
           ROC: |𝑧| > 1/2 

[6] 

   
Q.3(a) Define the condition of causal and stable system in Z-domain. [2] 

(b) 
Find the 10-point inverse DFT of the sequence 𝑋(𝑘) =

3, 𝑘 = 0
2,   𝑘 = 2,7

1, 𝑒𝑙𝑠𝑒𝑤ℎ𝑒𝑟𝑒
. 

[4] 

(c) Determine the discrete Fourier transform of the sequence 𝑥(𝑛) = {1,2,3,4,4,3,2,1} using decimation 
in time FFT method. 

[6] 

   
Q.4(a) Explain why ideal filters are not realizable. [2] 

(b) Given a discrete time system y(n)=0.5y(n-1)+0.8y(n-2)+x(n)+3x(n-2), draw it in direct form-II structure. [4] 
(c) Given a system function 𝐻(𝑧) =

[ ]
, Realize it using ladder structure.   [6] 

   
Q.5(a) Find the lowest order of low pass Butterworth filter having maximally flat characteristics with 1 dB 

cutoff frequency at 1kHz and minimum attenuation of 40dB at 5 kHz. 
[2] 

(b) Explain the frequency transformation in Analog domain. [4] 
(c) The transfer function of the analog filter is given as H(𝑠) =

.

( . )
 . Find the system function of 

the digital filter using bilinear transformation which resonates at 𝑤 = 𝜋/2. 

[6] 

   
Q.6(a) Explain symmetric and antisymmetric properties of linear phase filters and its effect in FIR filter 

design. 
[2] 

(b) Evaluate the system function of the digital filter using impulse invariance method at 5 Hz sampling 

frequency from the analog filter given as 𝐻 (𝑠) =
( )( )

. 

[4] 

(c) Explain the bilinear transformation method of IIR filter design. Establish the relation between analog 
frequency and digital frequency. 

[6] 

   
Q.7(a) Compare between the FIR and IIR filter. [2] 

 
(b) 

Design a linear phase FIR filter of order 15 having ideal frequency response 𝐻 (𝑤) =

1, 0 ≤ |𝑤| ≤

0,    < |𝑤| ≤ 𝜋
   . Use the windowing method with a rectangular window. 

 
[4] 

(c) Explain the equiripple method of FIR filter design. Define the alternation theorem. [6] 
 

******28.11.18******E  


