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1.a) 
A second order discrete time system is characterized by the difference equation 
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    b) 
State the conditions for a digital filter to be causal and stable.



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)
Distinguish between DFT and DTFT .






b)
Consider a sequence x(n) of length L. Consider its DTFT  Xd (w) is sampled and N is the number of frequency samples. Discuss the relation between L and N for inverse DTFT = inverse DFT comment on the aliasing problem.



c)
Compute the DFT of x(n) = { 1, 0, 0, 0 } and compare with Xd (w).

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 
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express the 2N- point DFT of y(n) in terms of X(R).

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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Set.No:1
6.
Given that |Ha(j()| 2 = 1/1+64(6, determine the analog filter system function Ha(S) and convert it to a digital proto type using Bilinear transformation technique.
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) 
How is a speech signal generated?



  



   b) 
Give the model of human speech production system and explain.
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1.
For each of the following discrete-time signals, determine whether or not the system is linear, shift-invariant, causal and stable.

(a) 
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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)
Define DFT of a sequence x(n). Obtain the relationship between DFTS.
   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)
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.

5.a)
Explain how the analysis of discrete time invariant system can be obtained 

      using convolution properties of Z transform.                                      

   b)
Determine the impulse response of the system described by the difference    

      equation     y(n)-3y(n-1)-4y(n-2)=x(n)+2x(n-1)  using Z transform.             

6.a)
What are characteristics of the transfer function of the Chebyshev filter.

   b)
Find the transfer function H(S) of the third order normalized Chebyshev filter for following specifications: fp = 1 KHZ and fa = 3KHZ.
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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. 

8.a) 
Describe how targets can be decided using RADAR





   b) 
Give an expression for the following parameters relative to RADAR




i) Beam width       ii) Maximum unambiguous range   


   c) 
Discuss signal processing in a RADAR system.
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1.a) 
Check if the system defined by the difference equation 
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    b) 
Find the response of the system with impulse response 
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c) 
Find the impulse response and the unit step response of the system described by the difference equation.

2.a)
Prove (i) Re[X(K)] = Re[X(-K)]


           (ii) |X(K){ = | X(-K)| for a real periodic sequence x(n).

b) State and prove shifting property and property and periodic convolution of DFS.

3.a)
What is “ padding with Zeros ” with an example, Explain the effect of padding a sequence of length N with L Zeros or frequency resolution.

   b)
Compute the DFT of the three point sequence x(n) = { 2, 1, 2 }. Using the same sequence, compute the 6 point DFT and compare the two DFTs.

4.a)
Give the steps involved in implementing Radix –2, DIT FFT algorithm.

b) Compute the 16-point DFT of  
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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.                         

       

6.a)
Compare Butter worth and Chebydhev approximations.



   b)
Determine the order and  transfer function of the Chebyshev filter for following specifications:

i) Maximum pass band ripple is 1 db for ( ( 4 radius/sec.

ii) Stop band attenuation is 40 db for ( ( 4 radius/sec.
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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.
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.

i) Two different direct forms.

ii) Cascade of first-order sections

iii) Cascade of one first – order and two second order sections and

iv) Cascade of one second – order and one third order sections.


Compare the computational complexity of each and above realizations.    
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1.a) 
Clearly distinguish between a discrete-time signal and a digital signal.


   b) 
Explain (i) causality and (ii) stability of a linear time invariant system.


   c) 
A discrete-time system is represented by the following difference equation in which x(n) is input y(n) is output.
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Is this system linear? Shift-invariant? Causal? Justify your answer in each case.

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. Guide tow 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.
Develop a radix –2 DIF / FFT algorithm for evaluating the DFT for N=16 and          hence determine the 16-point DFT of the sequence x(n) = { 0, 1, 0, 1, 0, 1, 0, 1, 0, 1, 0, 1, 0, 1, 0, 1 }.
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.a)
Give a comparison between Butterworth and Chebyshev approximations.


   b)
What is frequency transmission? What is it required.



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) 
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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