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Part - A 



     Max.Marks:10

Answer all QUESTIONS.

1. 
Find the DFT of the sequence x(n) = an u(n).

2. 
State any three properties of DFT.

3. 
Explain about radix- 2 & radix - 4 FFT algorithms.

4. 
Briefly explain the design of FIR filters using windows.

5. 
What is Goertzel algorithm ?

6. 
Explain about decimation by a factor D.

7. 
Explain about forward & backward prediction methods.

8. 
Explain about interpolation by a factor I .

9. 
What is meant by prewarping in the case of digital filters ?
10.
Explain about lattice structure of designing FIR filters.







Part – B



   Max. Marks: 50

ANSWER ANY FIVE QUESTIONS. EACH QUESTION CARRIES 10 MARKS.
1.
(a). Develop the N-point DIF radix-2 FFT algorithm to find the DFT of the sequence x(n). 

(b). Use the 8-point DIF radix - 2 FFT algorithm to find DFT of the sequence 


x(n) = {0.707, 1, 0.707, 0 , -0.707, -1 , -0.707 , 0 }. 
2
(a). State and prove the following properties of DFT. 



 (i) Circular convolution 
(ii) Circular shift of a sequence 

(b). Let X(k) denote the N-point DFT of the N-point sequence x(n). 


(i)  Show that if x(n) satifies the relation x(n) = - x(N-1-n) then X(0) = 0. 


(ii) Show that with N even and if x(n) = x(N-1-n) then X(N/2) = 0. 
3
(a). Explain Bilinear transformation method of designing digital filters. 


(4M) 

(b). Using impulse invariant method, design a digital filter from an analog prototype that has a 


system function 
Ha(s) = {(s+a)/{(s+a)2 + b2 } 




(6M) 
4
(a). Design an FIR lowpass filter using rectangular window with passband gain of 0 dB, 
cutoff-
frequency of 200Hz, sampling frequency of 1000Hz. Assume the length of the impulse 
response as 7 .  

(b). Explain the design of an FIR filter based on least squares method. 
5
(a).Consider the signal x(n) = an u(n) , |a| < 1. 






(6M) 


(i)Determine the spectrum X(ω). 



(ii) The signal x(n) is applied to a decimator that reduces the rate by a factor of 2. 


Determine the output spectrum. 


(b). Explain various applications of Multirate signal processing. 



(4M) 
6
(a). Explain indetail about Schur algorithm. 


(b). Explain about Levison - Durbin recursive algorithm. 

7
(a).Obtain the direct form I & direct form II realization for the following system : 


y(n) = 0.75 y(n-1) - 0.125y(n-2) + 6x(n) + 7 x(n-1) + x(n-2). 



(6M) 

(b). Find the 4-point DFT of the sequence x(n) = cos(2π/N)n , for 0 < n < N-1. 

(4M)
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