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Code No: 311102

III B.Tech. I-Semester Regular Examinations, November-2003

DIGITAL SIGNAL PROCESSING
(Bio-Medical Engineering, Electronics and Computer Engineering)
Time: 3 hours






      Max. Marks: 80
Answer any FIVE questions 

All questions carry equal marks

- - -

1.a) 
Define a signal. Give some examples of signals. What is signal processing? Discuss the basic elements of the digital signal processing systems. List their advantages.










b)
Show that the even and odd parts of a real sequence are, respectively, even and odd sequences.









2.a) 
Let x(n) and  X(ej( ) denote a sequence and its Fourier transform. Show that  
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This is one form of Parseval’s theorem

b) For a real sequence show that magnitude spectrum is even and phase spectrum           is odd.











3.a)
Prove the following properties

i) arg[X(K)]  = -arg[X((-K)N]RN(K)

ii) Im[X(K)]   = -Im [X((-K))NRN(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.a)
Compare the computational requirements of DFT and FFT of a given N-point sequence.

b)
Compute the 8-point DFT of the sequence x (n) = ( ½ , ½ , ½ , ½ , 0, 0, 0,0 ) using in-place radix-2  DIT FFT algorithm.

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.
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        Set No.1
6.a)
Explain the relation between analog and digital filters poles in IIM of 
transformation.








   b)
Discuss the Aliasing effect due to impulse invariance transformation (IIM)

   c)
Explain the method of determination of pole locations on an ellipse with major axis ‘R’ and minor axis ‘r’ for Chebyshev filter.




7.a) 
Outline the steps involved in the design of FIR filter using windows.


   b)
Determine the frequency response of FIR filter defined by 

y(n) = 0.25x(n)+ x(n-1)+ 0.25x(n-2). Calculate the phase delay and group delay. 
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8.a)
Realize an FIR filter  with impulse response h(n) given by 
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   b)
A system is described by it's transfer function H(Z) given by 

^^^
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1.a)
Verify whether the following sequence is periodic or not, if periodic find the fundamental period.











i)
x(n) = ej(n/8-п)

ii)
x(n) = cos (пn2/8)

   b)
Show that an LSI system can described by its unit sample response.


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


Sequence


Fourier Transform

i) x*(-n)



X*(e j()

           ii) j Im[x(n)]



X0(e j()

    b) 
Prove that the convolution in time domain leads to multiplication in frequency domain for discrete time signals.
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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) =


for n=odd

     
Sketch the corresponding 16 point DFT of y(n)
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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)
Out line steps in implementing DIF FET algorithm for an N-point sequence.  

   b)
Compare Decimation in time and decimation- in frequency FFT computation. 

   c)
Compute the FFT of x(n) = ( 1,2,3,4,4,3,2,1 ) using DIT FFT algorithm.
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     Set No.2
5.a)
Consider the system:
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0.5 < | z | < 1

i) Sketch the pole Zero pattern. Is the system stable?

ii) Determine the impulse response of the system.




  b)
Show that ( | h(n) | < ( is the necessary condition for stability of a system.   

6.
Determine  the system function H(Z) of the lowest order Chebyshev digital filter 

that meets the following specifications.

i) 1db ripple in the passband 0 ( |W|( 0.3 (
ii) At least 60db attenuation in the stopband 0.35((|W|((.  Use the bilinear transformation.







7.a)
Draw the frequency response of N-point rectangular window.



   b)
Design a fifth order band pass linear phase filter for the following specifications.

i) Lower cut-off frequency  = 0.4 π rad/sec

ii) Upper cut-off frequency = 0.6 π rad/sec

iii) Window type = Hamming




Draw the filter structure.








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.a)
A system is described by the difference equation y(n)-y(n-1)-y(n-2) =  x(n-1). Assuming that the system is initially relaxed, determine its unit sample response h(n).










  b)
A system is described by the difference equation y(n) = 3y(n-1)–nx(n)+4x(n-1)–2x(n+1)   n ≥ 0. Verify whether the system is linear, shift in variant and causal. 
2.a)
Prove the modulation and time shifting properties of distribute time Fourier transform.










   b) 
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

3.a)
Compute the discrete Fourier transform of each of the following finite length sequences considered to be of length N.






a)
x(n) = ((n)


b)
x(n) = 
((n-n0) where 0<n0<N


c)
x(n) = an 0 < n < N-1

  b)
Let x2 (n) be a finite duration sequence of length N and x1(n) = ((n-n0) where n0<N. Obtain the circular convolution of two sequences.




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

  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.
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.

1) Impulse invariance method

2) Bilinear transformation method.




Assume T = 0.2 msec.








7.a)
Describe the principle of designing FIR filter using DFT method.



b) 
Using frequency sampling method, design a band pass filter with the following specifications. 

Sampling frequency F =8000Hz

Cut-off frequency    fc1=1000 Hz 

                  

 fc2= 3000Hz    

Determine the filter coefficients for N=7.





8.a)
What are the advantages in cascade and parallel realisation of IIR systems.  

   b)
The transfer function of a system is given by
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             Realize the system in cascade and parallel structures.
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1.a)
Let e(n) be an exponential sequence, i.e.,






     


e(n)=xn, 
for all n


             and let x(n) and y(n) denote two arbitrary sequences, Show that




[e(n)x(n)]*[e(n)y(n)]=e(n)[x(n)*y(n)]

b) 
Consider a discrete-time linear shift-invariant system with unit-sample response h(n). If the input x(n) is a periodic sequence with period N, show that the output y(n) is also a periodic sequence with period N.


2.a)
Let x1(n) = x2(n)  =      1     0 < n < N-1




             0    otherwise


Find out the circular convolution of these sequences.

b)
If x1(n) and x2(n) are two finite sequences, derive the linear convolution of these sequences, using circular convolution

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  
((-n))N = x((N-n))N

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: image7.wmf]).
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6.
Determine the system function H(Z) of the lowest order Chebyshev and Butterworth digital filter with the following specification

a) 3db ripple in pass band 0( w ( 0.2 (
b) 25db attenuation in stop band 0.45 ( ( w ( (



7.
Design a FIR filter with a frequency response 


 H (ejω)   =     0    for  |ω| < 2.5 rad/sec 

                                              1     for    2.5  ≤ |ω| ≤5.0 rad/sec

   
Assume  ωs =10 rad/sec and N=11 and Hamming window Draw the filter structure.  

8.a) 
How is a speech signal generated?



  



   b) 
Give the model of human speech production system and explain 
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