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DIGITAL SIGNAL PROCESSING

(Common to Bio-Medical Engineering, Electronics and Computer Engineering)
Time: 3 hours.






Max. Marks: 80

Answer any FIVE questions

All questions carry equal marks

- - -

1. a)
Give the advantages and disadvantages of DSP over ASP.  




  b) 
Derive an expression for a Parseval’s relation for discrete time periodic signals.

 c) 
Check whether the following systems are linear. 

i)  
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2.     A LTI system is described by the difference equation y(n)=ay(n-1)+bx(n). Find 

           the impulse response, magnitude function and phase function. Find the value of b 


if |H(jw)|=1. Sketch the magnitude and phase response for a = 0.9.

3. a)
Prove the following DFT Properties for the sequences x1(n), x2(n) and x(n)
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i)
x1(n) x2(n)  
          
         
X1 (k)             X2
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ii)
x(n-l, (mod N) )    
        X(k) e-j2 ( k / N with usual notation.

    b)
Find the IDFT of 



X(k) = [ 3, (2+j), 1, (2 – j) ]

4. a)
Draw the flow graph of an 8-point DIF / FFT and explain briefly.


b)
Find the DFT (8-Point) for a continuous time signal x(t) = Sin( 2( f t) with          f = 50Hz. Use DIF – FFT algorithm.


5. a)
Determine the frequency response , magnitude response and phase response for  the system given by

[image: image19.wmf][

]

[

]

1

2

5

.

0

)

2

3

(

5

H(Z)

-

+

-

=

Z

Z

Z

Z

   b)
A causal LTI system is described by the difference equation                     


 y(n)=y(n-1)+y(n-2)+x(n-1),  where x(n) is the input and y(n) is the output. Find

             (i) The system function H(Z)=Y(Z)/X(Z) for the system, plot the poles and 


        zeroes of H(Z) and indicate the region of convergence.

             (ii) The unit sample response of the system.

             (iii) Is this system stable or not?
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6. a)
Design a second order Digital low pass Butterworth filter using impulse invariance method.  The sampling period is “T”.  Determine the difference equation and realize the filter in all possible forms.




    b)
Compare Bi-linear and Impulse Invariance transformation methods.  

7. a)
Define Infinite Impulse Response & Finite Impulse Response filters and compare.

b)
Design a low pass Finite Impulse Response filter with a rectangular window for a five stage filter given:

    
Sampling time 1 msec; fc = 200 Hz

Draw the filter structure with minimum number of multipliers.
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8. a)
A causal system is represented by the following difference equation.



Find the system transfer function H(Z), unit sample response and frequency 


response of the system.

b) Realize 
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1. a) 
Find the impulse response for the causal system
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    b) 
Find the response of the above system to inputs 
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. Test its stability.



2.
Consider two periodic sequences x(n) and y(n), x(n) has period N and y(n) has period M. The sequence w(n) is defined as w(n) = x(n) + y(n)

    a)
Show that w(n) is periodic with period MN

    b)
Determine W(K) in terms X(K) and Y(K) where X(K), Y(K) and W(K)  are the Discrete Fourier series coefficients with a period of  N,  M and MN respectively.

3. a)
Define DFT of a sequence x(n). Obtain the relationship between DFT and DTFS.

b) Consider a sequence x(n) = { 2, -1, 1, 1 } and T = 0.5 compute its DFT and compare it with its DTDT.

4. a)
Explain what you understand by ‘ Bit reversal ’ and In – place computation.  

    b)
What are the DFT properties of the phase factor that are exploited to get the FFT

    c)
Given a sequence x(n) = n for 0 ( n ( 7, find its frequency spectrum via FFT. How do you improve the spectral resolution?

5. a)
An LSI system is characterized by:
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 Find the system function and determine its response to the input signal 
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b) Write about Jury’s criterion.

6.
Design a Digital IIR low pass filter with pass band edge at 1000 Hz and stop band edge at 1500 Hz for a sampling frequency of 5000 Hz.  The filter is to have a pass band ripple of 0.5db and stop band ripple below 30db. Design Butter worth filler using both impulse invariant and Bilinear transformations.
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7.
Design a low pass Finite Impulse Response filter that approximate the following frequency response:

[image: image22.wmf]-1

Z

                        

      1;  0 ≤ f ≤ 1000 Hz.

H(f) = 
   


      0; elsewhere in the range  0 ≤ f  ≤ fs / 2

when the sampling frequency is 8000 sps. The impulse response duration is to be limited to 2.5 m sec. Draw the filter structure.
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8. a)
The transfer function of a causal IIR function is given by 

Determine the values of the multiplier coefficients of the realisation structure as shown in the figure.
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b) How is speech signal generated and coded?
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1. a)
Distinguish between IIR and FIR systems and determine the impulse response and 

the unit step response of the system described the difference equation       

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

    b)
Test the causality and stability for the following systems                          

                 (i)    y(n)=sin(x(n))
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2. a)
An LTI system has unit sample response 




h(n) = u(n)-u(n-N)

Find the amplitude and phase spectra. 

b)
If x(n) and X(ejw) represent any general sequence and its transform. Determine the transform of the following sequence in terms of  X(ejw).



g(n) = {                  n  even
3. a)
Prove the following properties.


i)
x*(n)

               X*((-K))N RN(K)


ii)
x*((-n))N RN(n)              Xep(k) = ½ [X((K))N +X*((-K))N]RN(K)

 b)
Let X(K) denotes the N-point DFT of the N-point sequence x(n) show that if x(n) satisfies the relation x(n) = -x(N-1-n) then X(0) = 0.

4.
Consider two real-valued sequences x1(n) and x2(n) with DFTs  X1(K) and X2(K) respectively . Let g(n) = x1(n) + j x2(n) and G(K) its DFT. { When GOR(K), GER(K), GOI(K), GEI(K), denote the odd part of the real, the even part of the real and odd part of Imaginary and even part of imaginary respectively} Determine X1(K) and X2(K) .

5. a)
Determine the stability of region for the causal system 
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 by computing its poles and restricting them to be inside the unit circle.

    

b) Determine the zero – response of the system:

y(n) = ½ y(n –1) + 4x(n) + 3x(n – 1)  to the input  
[image: image11.wmf]).

(

.

)

(

0

n

u

e

n

x

n

jw

=

    

(Contd…2)

Code No: NR-311102.


.. 2 ..



Set No: 3

6.
A digital low pass filter is required to meet the following specifications 



Pass band attenuation ( 1db



Pass band edge 4 KHz



Stop band attenuation ( 40 db, Stop band edge = 8KHz



Sample rate 24 KHz

The filter is to be designed by performing a bilinear transformation on an analog system function. Design a butter worth filter and realize it.

7. a)
Calculate the Kaiser parameter and the number of points in Kaiser window to satisfy the following low pass filter specifications

Pass band ripple in the frequency range 0 to 1.5 rad./s ≤ 0.1dB

Minimum stop band attenuation in 2.5 to 5.0 rad./s ≥ 40 dB

Sampling frequency: 10 rad./s






   b) 
Design an 11 coefficients FIR – LPF whose cut-off frequency, fc = 2fs/11

where fs = is the sampling frequency
is = 2000 Hz.

8. a)  
What are the basic elements used to construct the block diagram of discrete time  


system?                                                                                                               

    b) 
Construct the block diagram and signal flow graph of the discrete time system


whose input-output relations are described by following difference equation

           (i)     
y(n)=0.5x(n)+0.5x(n-1)




     

           (ii)    
y(n)=0.25y(n-1)+0.5x(n)+0.75x(n-1)

~ ~ ~ ~
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1. 
Show that the necessary and sufficient condition for a LTI system to be stable is
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   where h(n) is the impulse response and hence determine whether for the discrete time signal, the system is linear, shift invariant, causal and stable 
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 is a non zero constant.

2. a)
A discrete system is given by following difference equation






y(n)-5y(n-1) = x(n) + 4x(n-1)

where x(n) is the input and y(n) is the out put. Determine its magnitude and phase response as a function of frequency.

b) State and prove convolution theorem.

3. a)
If  x(n) is a periodic sequence with a period N, also periodic with period 2N. X1(K) denotes the discrete Fourier series coefficient  of x(n) with period N and X2(k) denote the discrete Fourier series coefficient of x(n) with period 2N. Determine X2(K) in terms of  X1(K).







    b)
Prove the following properties.








i)
WNIn x(n)            X((K+1))N RN (K)


ii)
x*(n)

    X*((-K))N RN(K)

4. a)
Implement the Decimation in frequency FFT algorithm of N-point DFT where N-8. Also explain the steps involved in this algorithm.

b) Compute the FFT for the sequence x(n) = { 1, 1, 1, 1, 1, 1, 1, 1  }.

5.
Find the transfer function of a system whose input is:


[image: image15.wmf])

1

(

)

(

)

(

)

(

)

(

1

2

1

4

1

2

1

-

-

=

-

n

u

n

u

n

x

n

n

 and the out put is 
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 . Is the system stable? Realize the system with minimum possible amount of memory. Determine its impulse response.
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6.
Design a low pass digital filter with the following specifications;


Maximum pass band attenuation (max = -3db, for 0 ( w ( 2(/10



Minimum stop band attenuation (max = -15db, for 3(/10  ( w ( (

Use following two methods.

i) Impulse invariance method

ii)
Bilinear transformation method.




Assume T = 0.2 msec.


7. a)
Compare the performances of rectangular window, hamming window and Keiser window










    b)
The desired response of a low pass filter is   


    e –j3ω,  - 3 π / 4  ≤ ω ≤ 3 π / 4


Hd (ejω) = 
       0,
  3 π / 4  ≤ |ω| ≤  π   

Determine H (ejω) for M=7 using a Hamming window.

8. a)
List the different types of structures for realizing FIR system and determine the direct form-I, direct form II of the following LTI system

y(n)=-0.5y(n-1)+0.25y(n-2)+0.125y(n-3)+x(n)+0.5x(n-1)+0.75x(n-2)

    b)
Write briefly about digital processing of speech.
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