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MAXIMUM : 100 Marks

   PART – A 

      (10 x 2 = 20 Marks)

ANSWER ALL QUESTIONS

1. What are the advantages of digital signal processing?

2. Sketch two commonly used discrete signals in DSP 

      analysis and design?

3 Is the following system invertible? 

              y(t) = x2(t)

4 The Z-transform of a particular sequence is given by

       z + 1
 F(z) =   

          

     (1 + z2)z
     Obtain the initial and final value of f(n).

5
Distinguish between linear and circular convolution 

6. Calculate the number of multiplications needed in the calculation of 

      DFT and FFT with 64-Point sequence.
7 A 50Hz sinusoidal  signal is sampled at 30Hz. 

What is the lowest aliasing frequency?

8 Show that a shift in time results in multiplication by z upon

      Z-transformation.

9 What are the disadvantages of FIR filter over an IIR filter?

10
Explain the concept behind use of window functions on digital filter design.

     PART – B 

(5 x 16 = 80 Marks)
11. (i) Test whether the system described by the equation

     y[n] = x[n] cos w0[n] for

(a)   Linearity and 






(4)

(b)   shift invariance.





(4)

(ii)  Verify the causality of the following system 



y[n] = x[-n]







(4)          

(iii) Find the inverse z-transform of X(Z)  using contour 

         integral method






(4)



when X[z] = 1/ (1-az-1) ; IzI (a.

12(a) (i) Perform the circular convolution of the following sequence.



x1[n] = [1,1,2,1]



x2[n] = [1,2,3,4]






(8)

         (ii) Find the Fourier Transform of the signal shown below












(8)

+1                        

                       t

-1

( OR )

12 (b) Compute the 8 point DFT of the sequence 

x[n] =   1  for   0 ( n ( 7            

   


  0, otherwise 
 




(16)

using DIF algorithm

13 (a) Design a digital band pass Butterworth filter to suit the  following 

          specifications using Bilinear transformation.


Sampling frequency =8kHz


Attenuation of 2 dB or less in the pass band 800Hz < f  < 1000Hz

Attenuation of 20 dB or more in the stop band

     0 < F < 400Hz and 2000 < f <(    




(16)








( OR )

(b) Discuss a digital band pass Chebyshev filter to suit the 

specification stated in 13(a) .





(16)

14 (a)  Design a digital HPF to match the following frequency response 



Hd(ejw) = { 1 
(/4 ( IwI ((



    { 0

 IwI ( (/4.

 using a  hamming window with w = 11.




(16)






( OR )

14(b) (i) Obtain a cascade realization of the system characterized by the 

              transfer function

                                                    2 ( z + 2 )

                               H(z)  =  -------------------------------

                                            z ( z-0.1) (z+0.5)(z+0.4) 



(6)

          (ii) Determine the parallel realization of the IIR digital filter transfer function
                                                3(2 z 2 +  5 z  + 4)    
                               H(z)  = -------------------------------

                                               (2 z + 1)(z + 2) 




(6)

(iii) Compare the relative merits and demerits of the realizations obtained

        in 14 b(i) and 14 b(ii).






(4)

15  (a)  Write a detailed note on

(i)  Need for multirate signal processing



(8)

(ii) 
Identities used in multirate processing.



(8)
( OR )

      (b) (i) Explain the ECHO cancellation in telephone Networks with 

              neat block diagram.






(8)

           (ii) Write a detailed note on FM Stereo Applications


(8)

