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    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)| 
(ii) [image: image9.wmf]ú
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y(n) = an cos (2пn/N)

b)
Show that out put 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 

i) Impulse response 

2. a)
A discrete system is given by the 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. Find the impulse response. Determine its magnitude and phase response as a function of frequency.


b)
Show that the frequency response of a discrete system is a periodic function of frequency.


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






i)
x(n) = ((n)


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


iii)
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)
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. 


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


0 other wise.

5. a)
An LTI  system is described by the equation y(n)=x(n)+0.81x(n-1)-0.81x(n-2)-0.45y(n-2).  Determine the transfer function of the system. Sketch the poles and zeroes on the Z-plane.

b)
Define stable and unstable system test the condition for stability of the first-order IIR filter governed by the equation y(n)=x(n)+bx(n-1).
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6. a)
What is an IIR digital filter?







 b)
How are IIR digital filter realized?





c)
What are the various realizability constraints imposed on transfer function of an IIR digital filter.

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 the structures for realisation of FIR system and draw the direct form structure of the FIR system described by the transfer function.
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    b)
Realize the following IIR system by cascade and parallel forms.
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1. a)
Show that a relaxed linear time invariant system is equal if and only if h(n) = 0 for n<0. 








 b)
Determine the range of values of parameter ‘a’ for the linear time invariant system with impulse response h(n), to be stable, where







h(n) ={




2. a)
Discuss the frequency-domain representation of discrete-time systems and      signals. By deriving the necessary relation.






 b)
Draw the frequency response of LSI system with impulse response 

h(n) = an u(-n)


(|a| < 1)

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 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)    
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 impulse invariance 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 impulse invariance method.
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7. a)
Design a high pass filter using hamming window with a cut-off frequency of 1.2 radians/second and N=9








    b)
Compare FIR and IIR filters.
   

8. a)
Obtain the cascade and parallel form realization of the LTI system governed by the equation.









    b)
Compare cascade and performance of direct and canonic forms.
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1. a)
Define a discrete linear time invariant system and give an example. What are causality and stability?







b)
Consider a discrete linear time invariant system described by the difference equation:

Y (n) - (3/4) y (n-1) + (1/8)y (n-2) = x (n) + (1/3) x (n-1)

Where y(n) is the output and x(n) is the input.





Assuming that the system is relaxed initially obtain the unit sample response of the system.

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






 b)
The out put y(n) for a linear shit invariant system, with the input x(n) is given by

Y(n) =  x(n)-2x(n-1)+x(n-2)

Compute and sketch the magnitude and phase response of the system |w|≤ п.   

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)
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.

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. a)
What is warping effect?  Discuss influence of warping effect on amplitude response and phase response of a derived digital filter from a corresponding analog filter.


    b)
Discuss impulse invariance method.
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7. a)
Design a band stop filter to reject frequencies in the range 1-2 radians/second         using rectangular window N=7.







 b)
Write the magnitude and phase function of FIR filter when impulse response is anti symmetric and N is odd function.


8. a)
Explain the parallel form realization for IIR system and obtain the direct form I, direct form II realization of the LTI systems governed by the equation.  
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    b)
Compare cascade and parallel form relations.
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1. a)
Find the impulse and step responses for the given system:


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







   b)
Test the following systems for linearity, time invariance, causality and stability.


(i)
y(n) = a |x(n)|

(ii) y(n) = sin(2п fn/F) x(n)

2. a)
 State and prove time and frequency shifting properties of Fourier transform.


    b)
 Find the Fourier transform of the following signals

(i) x(n) = (αn sin won)u(n) 

|α|<1





(ii)
x(n) =(1/4)n u(n+4)




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 
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 with usual notation. Give its Physical inter pretation.

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)
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. a)
Derive a relationship between complex variable S used in Laplace Transform (for analog filters) and complex variation Z used in Z-transform (for digital filters).

    b)
Discuss the various properties of Bilinear transformation method.

7. a)
Design a Finite Impulse Response low pass filter with a cut-off frequency of         1 kHz and sampling rate of 4 kHz with eleven samples using Fourier series method.   

    b)
Show that an FIR filter is linear phase if h(n) = h(N-1-n).
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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)
Realize the given system in cascade and parallel form

###
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0  otherwise





an n ≥ 0 n even
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