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Code No: 320402

III-B.Tech. II Semester Examination April, 2003

DIGITAL SIGNAL PROCESSING

(common to Electronics and Communication Engineering, Electronics and Instrumentation Engineering, Electronics and Control Engineering, Electronics and Telematics.)

Time: 3 Hours






Max. Marks: 80

Answer any Five questions

All questions carry equal marks

---
1.a)
Check the following systems for linearity, causality, time invariance and stability using appropriate tests.







    

i)  y(n) = n e|x(n)| 
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ii) y(n) = an cos (2пn/N)

b) Show that output sequence y(n) of  an LTI system is the convolution of input sequence x(n) and the impulse response of the system h(n).




c) A digital system is characterized by the following difference equation:


Y(n) = x(n)+ay(n-1)


Assuming that the system is relaxed initially, determine its Impulse response 

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)
Compute Discrete Fourier transform of the following finite length sequence 
considered to be of length N.

i) x(n) = ((n+n0) where 0<n0<N

ii) x(n) = (n   where 0 < ( < 1.

b)
If  x(n)  denotes  a finite  length  sequence  of  length  N,  show  that                            

x((-n))N = x((N-n))N.
4.a)
Explain the inverse FFT algorithm to compute inverse DFT of a N=8. Draw the flow graph for the same.
   b)
Compute the FFT for the sequence {  1, 0, 0, 0, 0, 0, 0, 0  }.
5.a)
With reference to Z-transform, state the initial and final value theorem. 
   b)
Determine the causal signal x(n) having the Z-transform.                       
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6.a)

Discuss Bilinear transformation method of deriving IIR digital filter from  

         
corresponding analog filter.





 
b) 
Convert the following analog filter with transfer function      
HA(S)=S+0.2/(S+0.2)2+16 using Bilinear transformation method.


7.
Design a low pass Finite Impulse Response filter that approximate the following frequency response:
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      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 msec. Draw the filter structure.
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8.a)
Explain the parallel form realisation for IIR system and obtain the direct form I, 


direct form II realisation of the LTI systems governed by the equation.      
   b)
Compare cascade and parallel form relations.
$$$
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1.a)
Define a linear-time invariant system in discrete time. Define the terms causality and stability of such systems. Discuss the properties for the following sequences

                             x(n) , for n ( 1     

y(n) = 
     0  ,  for n = 0

 
     x(n+1) , for n ( - 1 

                               

b)
Find the :


  

i) impulse response

ii) output response for a step input applied at n=0 of a discrete time linear time invariant system whose difference equation is given by

y(n) = y(n-1)+0.5 y(n-2)+x(n)+x(n-1).
2.a)
Describe the relationship between impulse response and frequency response of a


discrete time system.



                                                     

   b)
Compute the spectrum of the finite sequence x(n) for N=6, if


x(0)=x(4)=3,x(1)=x(3)=2, x(2)=x(5)=1.

                                         

3.a)
Prove the following properties:
i) arg[X(K)]  = -arg[X((-K)N]RN(K)

ii) Im[X(K)]   = -Im [X((-K))N]RN(K).
b)
If X(K) denotes the N-point DFT of N-Point sequence x(n), show that with N 
even and if x(n) = x(N-1-n) then X(N/2)=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)
How will you test the stability of a digital filter? Discuss the stability of the system described by 
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 b)
Determine the frequency, magnitude and phase responses and time delay for the 


 system
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6.a)
Compare the Digital Butterworth and Chebyshev filters.

 

   b)
Explain method of constructing Butterworth circle in the Z-plane using Bilinear transformation method.

7.
Design a band pass Finite Impulse Response filter that approximate the following frequency response:

[image: image12.wmf]1)

-

x(n

b

x(n)

1)

-

y(n

a

y(n)

1

1

+

+

=

                        

      1;  160 ≤ f ≤ 200 Hz.

H(f) = 
   


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

when the sampling frequency is 8000 sps. Limit the duration of impulse response to 2 msec. Draw the filter structure.





 

[image: image13.wmf]2)

-

2x(n

1)

-

3x(n

x(n)

3)

-

y(n

64

1

2)

-

y(n

32

3

1)

-

y(n

8

3

-

y(n)

+

+

+

+

+

=

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.
By explicitly evaluating the convolution sum, evaluate the convolution

y(n)=x(n)*h(n) of the sequences
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h(n)  = { 

x(n) =
{
2.
Prove the following properties of the discrete Fourier series for periodic sequences.








 


Sequences



Discrete Fourier Series


i)
x(n+m)



WN-Km X(K)


ii)
x*(n)




X*(-K)


iii)
x*(-n)




X*(K)


iv)
Re[x(n)]



Xe(K)


 v)
jlm[x(n)]



Xo(K)

3.a)
A finite duration sequence x(n) of length 8 has eight point DFT X(K) show below. A new sequence y(n) of length 16 is defined as 

 





x(n/2)
   for n=even



y(n) =






0
  for n=odd

     
Sketch the corresponding 16 point DFT of y(n)

Figure
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 b)
Analog data to be spectrum analyzed are sampled at 10 KHz and the DFT of 1024 
samples computed. Determine the frequency spacing between samples. Justify 
your answer.






4.a)
Draw the butterfly line diagram for 8 – point FFT calculation and briefly explain. Use decimation –in-time algorithm. 




         
 

   b)
What is FFT? Calculate the number of multiplications needed in the calculation 

of DFT using FFT algorithm with 32 point sequence.

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: image2.wmf]).
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6.a)
Design a digital filter that will pass a 1 Hz signal with attenuation less than 2db and suppress 4Hz signal down to at least 42db from the magnitude of the 1Hz signal.








 

   b)
What are the limitations of Impulse invariance method?

 

7
Design a band pass filter to pass frequencies in the range 1-2 radians/second using 
hanning window N=5. Draw the filter structure and plot its spectrum.


8.a)
Explain the factors that influence the choice of structure for realisation of a LTI 


system. 

b)
An LTI system is described by the difference equation

          Realize it in direct form I structure and convert it to direct form II structure.  

$$$
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1.a)
Consider a system with input x(n) and output y(n) . The input-output relation

For the system is defined by the following two properties : 


 

(1) y(n) - ay(n-1) = x(n)

(2) y(0)=1

i)
Determine whether the system is shift-invariant.

ii)
Determine whether the system is linear

iii)
Assume that the difference equation(property 1) remains the same 
but the value y(0) is specified to be zero. Does this change your 
answer to either Part (a) or (b).

   b)  
Impulse response completely specifies a LSI system. Explain.

 

2.a)
If x(n) ( x(ejω) Constitute a Fourier transform pair. Prove the following:
 

Sequence


Fourier Transform

  i) Re[x(n)]



X e(e j()

 ii) x e (n)



Re[X(e j()]

    b)
i) Discuss the frequency-domain representation of discrete-time systems and  


    and signals.










ii) Comment on the importance and significance of difference equations to   


     specify a system .






             

3.a)
Define DFT. Give two properties of DFT.




 

   b)
Discuss the effects of truncating a sequence x(n) of infinite duration.
 

   c)
Compute the DFT of x(n) = { -1, 0,-1 } with T = 0.5. Plot the DFT sequence. Suggest a method for improving frequency resolution.


 

4.a)
What is the computational efficiency of FFT Radix – 2 DIT algorithm for an N-point sequence? Compare it with that of direct DFT computation?

 

   b)
A designer has available a number of 8 point FFT chips. Show explicitly how he should connect three such chips in order to compute a 24 – point DFT.
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5.a)
Check for the stability of the following system:
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   b)
State and prove the necessary and sufficient condition for stability of a system. 











  

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 filter using both impulse invariant and Bilinear transformations.

 

7.a)
Design a low pass filter using rectangular window by taking samples of ω (n) and with a cut-off frequency of 1.2 radians/sec.





   b)
Compare the various window functions.


8.a)
Explain in detail the short time Fourier analysis for speech signals 

 

   b)
What is a vocoder? Explain with a block diagram.
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