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DIGITAL SIGNAL PROCESSING
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Time: 3 hours






Max.Marks:80


Answer any FIVE questions

All questions carry equal marks

---

1.a)
Prove that a discrete LTI system is stable if and only if 
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where h(n) is the unit sample response of the system.

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








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

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).
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3.a)
Define DFT of a sequence. Compute the N – point DFT of the sequence.



X(n) = Cos ( 2 ( r n / N), 0 ( n ( N-1  and  0 ( r ( N-1

   b)
Explain how DFT can be obtained by sampling DFS for a given sequence.

4.a)
Summarise the steps of radix – 2DIT – FFT algorithm and draw the flow graph. 

   b)
Evaluate the 8-point DFT for the following sequences using DIT-FFT

algorithm. 
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 x1 (n)   =           1  for  -3 ≤ n ≤ 3


0 other wise.

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. 
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Set No.1
6.a)
An analog integrator is described by a transfer function HA(S)=1/S.


(i) Obtain a digital integrator using bilinear transformation method.

(ii) Obtain the difference equation for the digital integrator relating Input x(n) to the output y(n).





b) Discuss magnitude characteristics of an analog Butterworth filter and give its pole locations.



7.
A low pass filter is to be designed with the following desired frequency response.
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Hd(ejω) =         e –j2ω,  - π / 4  ≤ ω ≤  π / 4





0,
 π / 4  ≤ |ω| ≤  π   


Determine the filter coefficients hd(n) if the window function is defined as 
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       ω (n) =        1, 0≤ n ≤  4



    

   0, otherwise.


Also determine the frequency response H (ejω) of the designed filter and plot the 
magnitude and phase spectra.




8.a)
Explain the different structures for realisation of IIR system and explain how 


conversion can be made from direct form I structure to direct form II structure.

   b)
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Realize the given system in cascade and parallel form

***     ***     ***
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1.a)
A discrete time  system can be 








(i) 
static or dynamic


(ii)
linear or non linear

(iii) causal or non causal

(iv) stable or unstable

Examine the following with respect to the properties above.



y(n) = cos x(n)



y(n) = x(-n+2)



y(n) = x(-n)



b) Determine the impulse response and unit step response of the system described by the difference equation.






 

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

(ii) y(n) = 0.7 y(n-1)-0.1y(n-2)+2x(n)-x(n-2)

2.a) 
Let x(n) and X(e j() represent a sequence and its transform. Determine, in terms of X(e j(), the transform of each of the following sequences :




(i)   k x(n),

k  =  any constant


(ii)  x(n-n0),

n0 = a real integer

    b) 
By explicitly evaluating the transforms X(ej( ), H(ej( ) and Y(ej( )



corresponding to x(n), h(n) and y(n) specified in part (a) show that



Y(ej( ) = H(ej( ) X(ej( )

3.a)
State and prove the circular time shifting and frequency shifting properties of the DFT.

   b)
Compute the circular convolution of the sequences 




x1(n)
=  { 1, 2, 0, 1 } and




x2(n)   
=  { 2, 2, 1, 1 } Using DFT approach.

4.a)
Develop a Radix – 2, DIF/FFT algorithm for an 8-Point sequence.



   b)
Let X(k) be the N-point DFT of the sequence x(n), for 0( n( N-1. Define a 2N-point sequence y(n) as 




     x(n/2)   n even



y(n) = 






     0 
       n odd.








express the 2N- point DFT of y(n) in terms of X(R).
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Set No.2
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?

6.a)
Discuss about the pole locations for the digital Chebyshev filters.


b) Compare the impulse invariance and bilinear transformation methods.  

7.a) 
Explain briefly the method of designing FIR filter using Fourier series method.

   b) 
Design a FIR filter approximating the ideal frequency response

               Hd(ejω) =  e –jαω, for | ω | ≤  π / 6



        

           0,       for π / 6  ≤ | ω | ≤  π   


Determine the filter coefficients for N=13.


8.a)
Realize the following systems with minimum number of multipliers.


 



b) Explain the principles of VOCODERS.
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1.a)
For each of the following systems, determine whether or not the system is 

      (i) stable, (ii) causal, (iii) linear, (iv) shift-invariant.




(a) T[x(n)]=g(n)x(n).




 n

(b) T[x(n)]=
 (   x(k)
Justify your answer.



         K=n0
   b)
Consider a linear shift-invariant system with unit-sample response 



            h(n)=(n u(n), where ( is real and 0< (<1. If the input is x(n)=(n u(n),    


0<|(|<1, determine the output y(n) in the form y(n)=(k1  (n + k2 (n) u(n)

2.a)
Let x(n) and X(e j() represent a sequence and its transform. Determine, in terms of X(e j(), the transform of each of the following sequences :



(i)  g(n) = x(2n)
      (ii)  g(n) = { x(n/2)

   b)
State and prove convolution theorem.


3.a)
Explain how linear convolution of two finite duration sequences is obtained using DFT with an example.

   b)
Prove Parseval’s relation for the DFT given by




[image: image2.wmf]å

å

-

=

-

=

=

1

0

1

0

2

2

)

(

1

)

(

N

n

N

k

k

X

N

n

x

 with usual notation. Give its Physical inter- pretation.

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.
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5.a)
How will you test the stability of a digital filter? Discuss the stability of the 
system described by 



   b)
Determine the frequency, magnitude and phase responses and time delay for the 


system

6.
Use the Bilinear transformation to convert the analog filter with system function 
H(S)=S+0.1/(S+0.1)2+9 into a digital IIR filters.  Select T=0.1 and compare the 
location of the zeros in H(Z) with the locations of the zeros obtained by applying 
the impulse invariance method in the conversion of H(S).


7.a) 
Design a low pass digital FIR filter using Kaiser window satisfying the specifications given below.

Pass band cut-off frequency  = 150 Hz.

Stop band cut-off frequency = 250 Hz.

Pass band ripple = 0.1dB

Stop band attenuation = 40 dB

Sampling frequency = 1000 Hz.





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


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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 with minimum number of multipliers.



***     ***     ***
Code No.410201


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

DIGITAL SIGNAL PROCESSING

(Common to Electrical and Electronics Engineering and Computer Science and Information Technology)

Time: 3 hours






Max.Marks:80


Answer any FIVE questions


All questions carry equal marks

---

1.a)
For each of the following systems, determine whether or not the system is 

      (1) stable, (2) causal, (3) linear, (4) shift-invariant.



i)  T[x(n)] = x(n-n0)
           ii)  T[x(n)] = ex(n)


                                                       iii)T[x(n)] = a x(n) + b.




Justify your answer.

   b)
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).




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) xo (n)



j Im[X(e j()]

   b)
Let x(n) and X(e j() represent a sequence and its transform. Determine, in terms of X(e j(), the transform of each of the following sequences :





(i)
g(n)
=
x(n/2)
     
n even


(ii)
x2 (n)

0

n odd

3.a)
Prove the following DFT Properties for the sequences x1(n), x2(n) and x(n)




(i)
x1(n) x2(n)  
          
         
X1 (k)             X2



(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)
Implement the decimation in time FFT algorithm for N=16.




   b)
In the above Question how many non – trivial multiplications are required.  
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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: image5.wmf]).
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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)
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.
Realise the FIR transfer function 

H(z) = (1 + 0.8 Z-1)5 = 1+4 Z-1+6.4 Z-2 +5.12 Z-3+2.048 Z-4 +0.32768 Z-5
in the following forms.

(a) Two different direct forms.

(b) Cascade of first-order sections

(c) Cascade of one first – order and two second order sections and

(d) Cascade of one second – order and one third order sections.


Compare the computational complexity of each and above realizations.    
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