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1. a)
Prove that a linear discrete time invariant system is stable if and only if 

 (


 ( |h(n)|<( where h (n) denote the unit sample response of the system.

            n = -(     

  b)
A system has unit sample response h (n) given by h(n) = - 0.5 ( (n+1) + .5 ((n) -.75 ( (n-1) .

i. Is the system stable

ii. Is the system causal

iii. Find the frequency response H |ejw|

iv. Plot H |ejw|

2. a)
A digital filter is described by y(n) – 7 y(n-1) + 10y(n-2) = x (n)-2x(n-1) obtain unit sample response of the filter if it is relaxed initially.

    b)
Two sequences x(n) & y(n) are given by x(n) = (0, 1, -1, 2) y(n) = (1, 2, -2, -1, 0).  Determine w(n) the linear convolved sum of x(n) and y(n).

3. a)
List the properties of z transform.  Give proof for any three properties.

b) Solve the following difference equations for y(n) using z transforms.

y(n) =½ y(n-1) + x(n) n>0

where x(n) = (½)n u(n) and y(-1) =¼








         z
        
 

4. a)
x(z) is given by the following function x(z) = (z-2) (z-3) find x(n); 2≤|Z|≤ 3 is the region of convergence.

    b)
For particular LTI system the unit sample response is u(n)-u(n-2) determine y(n) 
if x(n) = ((n) -((n-1)
n(0


           = 0

n<0


by using z transforms.

5. a)
Using definitions of DFT and IDFT show that x(n) and x(k) are both periodic sequences with the period of x(n).

    b)
Compute DFT of each of the following finite length sequences considered to be of length N.


i.
x(n)
=
f(n)


ii.
x(n)
=
an 
0( n ( N-1
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6. a)
Show that direct computation of DFT requires more computations compared with FFT algorithms.

    b)
Find 8-point DFT sequence x(n) by using decimate in time FFT algorithms where x(n) = {0, 1, 2, 3, 0, 3, 2, 1}.

7. a)
Compare IIR and FIR digital filters.

b) A band pass linear FIR digital filter with the following specifications is required.

i) Pass band 100Hz-200Hz

ii) Sampling frequency – 1000 Hz

iii) No. of samples – 11.

Compute the impulse response of desired FIR digital filter using Hamming window.

8. a)
Explain the impulse invariant  method of design of IIR digital filters.

b) Realize the following filter transfer function in canonical form.

1+2Z-1 + Z-3
H(z)
=
(1-z-1) (1-5z-1)
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1. a)
Define discrete time signals, how these signals are represented give some examples.

b) Differentiate between the following systems.

i) Static system and dynamic system.

ii) Time-invariate system and non-linear systems

iii) Linear system and non-linear systems

iv) Causal systems and non casual systems

v) Stable systems and Unstable systems.

2. a)
Discuss the properties of Discrete Fourier Transforms.

b)
Differentiate between Circular convolution and linear convolution of two discrete time sequences and determine linear convolution using DFT method. 




1,  n = 0


       ½; n= 0


S1(n) = 
½ , n= 1

  S2(n) =     1;   n=1





0, otherwise


       0; other wise

3. a)
How Z-transforms and inverse Z-transforms are used for solving difference equation of discrete system?  What are the applications of Z-transforms?

b)
What are the various considerations in using digital filters?  Describe the method of filter realization using FFT realization method.

4. a)
Derive a relationship between complex variable s useed in Laplace transforms (for analog filters) and complex variable Z used in Z-transforms (for digital filters).




        Z

z-1

i.e., derive
S=   Ts

z+1


where Ts is the sampling period.

    b)
Design a low pass digital filter.  Given 








       2(

Maximum pass band attenuation (max = -3dB for 0(W( 10  .







              3(
Minimum stop band attenuation (min = - 15dB for 10 ( W ( ( using Impulse response invariance method.
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5. a)
Discuss the properties of FIR digital filter.  Describe FIR digital filter design based on numerical analysis formulac.

    b)
Design a LP digital filter using Hamming and Blackman windows whose frequency response is given by




1, -Wc ( W ( Wc

H (eiw(s) = 
0, Wc ( W ( Ws




           2

6. a)
Discuss the application of DSP in speech processing and describe the model of speech waveform.

    b)
Describe the criteria of stability for linear time invariant system.  What are IIR and FIR LTI system?  Discuss.

7. 
Sketch the direct form- I, Cascade and parallel form network structures for the system characterized by the following difference equations


y(n)
=
3 y(n-1) –1 y(n-2) + 1 s(n-1) + s(n)




4              8               3

8.
Write notes on:

a) Radar Signal Processing

b) Digital Butter worth filter

c) Fast Fourier transform
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1. a)
Convert the analog filter with transfer functions


H(s)
=
(S + 0.1)           into a digital filter




(S +0.1)2 + 9



using Bilinear transforms (Ts = 1sec)

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


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



ii)
y(n)= an cos   2(n




N




n+no
iii)
y(n) = (   x (k)

                    k=n-no








                       10      
     

2. a)
Design a digital filter equivalent to analog filter  H(s) =        S2 +7S +  10 using impulse Invariant method (Ts=1sec)

b) Explain the principle and design of FIR filter using window technique.

3. a)
What is the spectrum of the sequence?

Y=fg? Where f(n) = ½, n =±1 g(n) =½, n=± 1 = 0 other wise = 0, else where using the frequency convolution property.

b) Find the DFT of the sequence; x(n) = an 0( n ( N –1

4. a)
Determine the response of a system to input {1, 2, 3, 4} where the impulse response is {1, 2, 1, 1}.

    b)
Design a low pass filter with FIR using rectangular, Hann and Hamming windows for N=7, T=3sec, Wc = 1 rad/sec.
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5. a)
State and prove convolution properties of z transform.

b) Obtain z transforms for the following

i)
anx(n)

ii)
x(2n)



c) Obtain z transforms of the following function.

           (Z3-1)




X(Z)
= Z(Z-0.5) (Z-1)  for |Z|>½

6. a)
Compare the performance characteristics of IIR and FIR digital filters

b) Design a chabysher filter for the following specification.

i) 3dB bandwidth 1KHz

ii) Ripple in pass band ( 1 dB

iii) At least 10dB attenuation for frequencies above 2 KHz.

iv) Sampling frequency 10 KHZ.

7. a)
State advantages and disadvantages of digital filters over analog filters.

b) Prove that x(n) xy(n) = x(z) y(z)

c) Prove that x(0) =Lt   x(Z)

  Z ( (
8.
Write short notes on the following

a) Aliasing

b) Fixed point and floating point operations

c) Rounding

d) Dead band effect.
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1. a)
If a system is represented by the following difference equation


y(n) = 3y2(n-1)-n x(n) + 4x(n-1) – 2 x(n+1) for  n(0

i) Is the system linear

ii) Is the system shift invariant

iii) Is the system causal

b)
Given a linear shift invariant system specified by the following difference equation


y(n) + 1 y(n-1) = x(n) – 1 x(n-1) ; n ( 0


           2

   2

i) Find the frequency response H(ejw) for the system.

ii) Find the |H(ejw)|.

iii) Find arg H(ejw).

2. a)
Consider a system with unit sample response h(m) given by h(n)= 2-n u(n).  If the input to the system is x(n) = 2( (n)+4((n-1) + 4((n-2)

i. Calculate and plot y(n) for n=0, 1, 2, 3, 4 5 and 6.

ii. Is this system BIBO stable?  Is it causal?
b)
Find the unit sample response of the system represented by the difference equation


y(n) – a y(n-1) = x(n)


Assume y(n) = 0 for n > 0.

3. a)
If {y(n)} = {x1 (n)}N1 * {x2(n)}N2. prove that  { y(n)} will have N1 + N2 –1 samples.

    b)
How are the DFT coefficients of {x1(n)} and {x2(n)} related if {x1(n)} =x(0), x(1), x(2), x(3) while {x2(n)} = x(3), x(0), x(1), x(2).

4. a)
Explain the symmetry conditions in DFT, which permit the development of FFT algorithms.

    b)
Draw a 8-point Radix-2, DIF FFT flow graph and obtain the DFT of the following sequence.  Show all intermediate results x(n) = {0, 1, 2, 0, -1, -2, 0, 0}.
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5. a)
Evaluate x(-2), x(-1), x(0), and x(1) using the complex inversion integral for


x(Z) =   1    
with ROC |Z| > 2



          (Z-2)

b) Given a causal system specified by its system function H(Z) as follows

H(Z)
=   
Z(Z-1)

  




     (Z-½) (Z + ¼)


i)
Find a difference equation realization of the system.

ii) Give the analytical form of the impulse response h(n)

6.
Design an IIR digital band pass filter with – 3dB lower cut off of 0.4( rad and upper –3dB cutoff of 0.5 ( rad.  The transition band for both upper and lower frequencies is 0.1( rad with minimum stop band attenuation of at least 40 dB.

7.
Compute 20 log|w(ejw)| at w=0 for the following windows:


a) Bartlett window for add N


b) Rectangular window


c) Hamming window


d) Blackman window

8. a)
With neat sketches, show the location of the poles (by labeling their co-ordinates in the s-plane) for Butter worth filter of orders (i) 4 and (ii) 5.

   b)
An FIR digital filter has the following impulse response


h(n)
=        1
0 ( n ( 4



          0
otherwise


use Hamming window and compute the impulse response of the FIR digital filter with linear phase.  Sketch its magnitude and phase response as a function of frequency for W ( (.
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