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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.
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)
If  x(n) is a periodic sequence with a period N, also periodic with period 2N. X1(K) denotes the discrete Fourier series coefficient  of x(n) with period N and X2(k) denote the discrete Fourier series coefficient of x(n) with period 2N. Determine X2(K) in terms of  X1(K).







    b)
Prove the following properties.
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i)
WNIn x(n)            X((K+1))N RN (K)


ii)
x*(n)

    X*((-K))N RN(K).

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)
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.             
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6.a)
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)
Calculate the Kaiser parameter and the number of points in Kaiser window to satisfy the following low pass filter specifications:

Pass band ripple in the frequency range 0 to 1.5 rad./s ≤ 0.1dB.

Minimum stop band attenuation in 2.5 to 5.0 rad./s ≥ 40 dB.

Sampling frequency: 10 rad./s.






   b) 
Design an 11 coefficients FIR – LPF whose cut-off frequency, fc = 2fs/11


where fs = is the sampling frequency
is = 2000 Hz.


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


the equation.










b) Compare cascade and performance of direct and canonic forms.
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1.a)
Consider a LSI system with unit sample response h(n) n  =  αn u(n) where α is real and    0< α <1. If the input is x(n) = βn u(n), 0<|β|<1,determine the the output f(n) in the form y(n) = (k1 αn+ k2βn) u(n) by explicitly evaluating the convolution sum.

   b)  
Define causality and stability of LSI system and state the conditions for stability.


2.a)
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.

   b)
State and prove convolution theorem.

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)
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)
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.
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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)
An LTI system is described by the equation , y(n)+y(n-1)-1/4y(n-2)=x(n). 

Determine the cascade realisation structure of the system. Discuss the stability of the system.










   b)
Explain how speech is processed digitally.
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1.a)
Let e(n) be an exponential sequence e(n)=αn   for all ‘n’ and let x(n) and y(n) be two arbitrary sequences. Show that [e(n)y(n)]* [e(n)x(n)]=e(n)[y(n)*x(n)]where ‘*’ denotes convolution operation.

   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 it s unit sample        response h(n).


2.
Explain the geometrical construction method to determine magnitude and phase response of second order digital systems.

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)
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 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).

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)
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)
Write the difference equations for FIR and IIR system and hence derive the 


transfer function of FIR and IIR system. 





   b)
Realize the following system with minimum number of multipliers.
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1.a)
The unit-sample response of a linear-shift-invariant system is known to be zero. 

Except in the interval N0 (n (N1. The input x(n) is known to be zero except in
    the interval N2 (n (N3. As a result, the output is constrained to be zero except in


Some interval N4 (n (N5. Determine N4 and N5 in terms of N0, N1, N2  and  N3.

    b) 
By direct evaluation of the convolution sum, determine the step response of a 

Linear shift-invariant system whose unit-sample response h(n) is given by




h(n)=a-n u(-n),

0<a<1.

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)
Prove the following properties.


i)
x*(n)

               X*((-K))N RN(K)


ii)
x*((-n))N RN(n)              Xep(k) = ½ [X((K))N +X*((-K))N]RN(K).

b)
Let X(K) denotes the N-point DFT of the N-point sequence x(n) show that if x(n) satisfies the relation x(n) = -x(N-1-n) then X(0) = 0.

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)
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.

Contd…..2

Code No:410201



-2-



Set No:4

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.


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).


8.a)
How is a speech signal generated?



  



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

- - -
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