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1.a)
Define linearity, causality, time invariance and stability with suitable examples.  

b) A discrete-time system is described by the difference equation 

        y(n)=0.8y (n-1)+x(n).  What is the response for a sequence cos Ω n

.

2.a)
Obtain Z transform and region of convergence for the following function.



X(n)=ancos nb      n≥0


      
 =  0    n<0

    b)
Find the inverse z-transform



           (z-1)2
X(z)=    -----------------------

                                     z²-0.1z-0.56
3.a)
Realize the following digital filter transfer function in canonical form




       z2+z

H(z)=   -----------------------


                      Z3+0.6z2+0.1z+0.006


b) Determine the 4 point circular convolution of the sequences




X1(n)   =    1,2,3,1





X2(n) =      4,3,2,1


Evaluate linear convolution sum of the above sequences using circular convolution

4.a)
Discuss about analog filter approximation.

   b)      Design a chebysher low pass analog filter for the following specifications.


Order of the filter   -2


Ripple is the pass band  -  0.015


Sampling frequency  -  2KH2

Cut off frequency   -   200 H2
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5.a)
Derive the expression for bilinear transformation.

b)   Derive Butterwarth digital filter having the following specifications.


Pass band :  0 to 4411 rad/sec


Max. ripple is pass band :  1dB


Stop band :  beyond 25975 rad/sec


Min.Attenuation is stop band:  60 dB


Sampling frequency 20KH2
6.a)
Explain the frequency sampling technique is the design of linear phase FIR digital filter. How this technique can be optimized.

   b)
Design a FIR filter to have the desired amplitude response with Hanning window function


A(f)  = 1 for 0≤ f ≤ 150H2
        = 0 else where


sampling frequency is s1KHz and is limited 20 delays

7.a)    Discuss the discrete fourier series representation of period sequences and their       properties.

b) Develop an 8 point FFT using decimation in frequency algorithm and obtain the  DFT of the 8 point sequence.



X(n)=
-1,1,1,-1,1,-1,-1,1


Indicate intermediate results.

 8.   Answer any Three of the following:

a) Radar signal processing

b) Spectral analysis

c) Spectral transformations

d) Inverse FFT
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1.a)      
State whether the following discrete time systems are linear, time invariant,   causal, stable.  Justify your answers with appropriate proof.

i) y(n) = x(-n)

ii) y(n) = x(n)+nx (n+1)

iii) y(n) = n e1x(n)1
  b)     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 output. Determine its magnitude and phase response as a function of frequency for w≤∏.

2.a)
   State and prove circular convolution property of DFT.

b) DFT X(k) of sequence x(n) is given by

X(k) = 0,-1-j,+j,2+j,0,2-j,-1+j,-j

Obtain x(n) using IDFT Radin-2, D,FFFT algorithm. 

3.a)
Determine the z-transform and sketch the ROC of the signal





           1       n



                ---      –2n
n≥0

   
      x(n) =                     3




     0

n<0
  b)
   Evaluate the inverse-z transform of 

             

   1

                X(z)=  -----           ,   | z | > | a |

                           1-az-1         

  
using complex inversion Q integral.

4.a)
Obtain canonic and cascade structures of the following system. Is system   stable




H(z) =         2(1-z-1) (√2 z-1+z-2+)           .




         (1+0.5z-1)(1-0.9z-1+0.81z-2)


b) State and prove initial value theorem of z transforms.
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5.a) 
Compare FIR and IIR filters. Mention a few applications of each.

b) Determine H(z) for a Butterworth filter satisfying the following constraints.

   __

√ 0.5  ≤ |H(ejw) |≤| for 0≤ w ≤ П





            2


|H(ejw)| ≤0.2     for 3 П  ≤ w ≤ П





          4


using impulse invariance technique.

6.a)
Design a FIR low passfitter in which 


H(ejw) =   1

|w| ≤2.5   rad /sec


           =   0

|w| > 2.5  rad/sec

   b)
Discuss the role of windows in designing FIR filters and explain their significance. 

7.a)
Explain how DSP is useful in speech processing bring out an algorithm for improving the quality of speech signal.

b) What is in place algorithm in FFT algorithm?  What are advantages of it?  Explain.

8.
Write short notes on any Three of the following: 

a) Limit cycle and dead band in digital filter

b) Warping effect

c) Low pass to Band pass conversion

d) Application of FFT in spectral analsysis
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1.a)
What are the advantages and applications of digital signal processing of signals?

b) A system is defined by impulse response h(n) is given by 


h(n) =        1        n u(n)  +  
-1      n u(n).
                                       2                              3       


Find its transfer function and verify whether it is stable or not.

2.a)
Define a Linear time invariant system and obtain a relation for input, output and impulse response of it.

   b)
Find the response sequence for the filter defined by the following difference equation


y(n) – 7 y(n-1) + 126 y (n-2) = x(n).


Assume the system is initially relaxed.  Obtain the system function and plot its pole zeros.

3.a)
Explain the shift property and initial value theorem of z-transforms.

   b)
Determine the sequence x(n) given  x(n) =       Z-0.5






    
 
         Z(Z-0.8) (Z-1)

4.a)
State and prove the properties of DFT.

b) Determine the DFT of the following sequence

X(n) =     1,-1,0,1,1,1,0,-1
Sketch the spectrum.

5.a)
Explain “Bit reversal” and “In-place computation” as referred to FFT algorithms.

b) Given the data x(n) = (2,1,-2,0,0,2,-1,-2)  obtain the DFT of the sequence using Radix-2, DIT FFT algorithm.

6.a)
Explain clearly the role of analog to digital transformation in the design of IIR filters. Hence bringout the rules for transformation.

b) Convert the analog filter into digital filter whose system function is 

H(s) = S+0.2
.   use impulse invariance technique with T=1ms.
           (S+0.2)2+9
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7.a)
Obtain a general expression for the frequency response of a linear phase FIR filter.

b) A bandpass FIR filter is to be designed with the desired amplitude response stated as 

Hd(f) = 1 for 250 ≤ f ≤ 500 Hz

         = 0 otherwise (0≤ f ≤ fo)

with a sampling frequency of 2k Hz are impulse response limited to 30 delays using hamming window.  determine the transfer function.

8.a)
Show a model for speech signal generation and explain the important parameters in speech signal processing.

b)
What is the significance of pitch in a speech signals. Enumerate various methods of pitch detection and compare them.
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1.a)
Solve the following linear difference equation.


Y(n) +1  y(n-1) –1  y(n-2) = 0, given y(-1) = y(-2) =1.

     
          2                4

b) With the reference to discrete-time systems, define the following:

i)  Linearity
(ii)  Shift-invariance

(iii)  Unit sample response sequence

2.a)
Show that a linear shift-invariant system is completely characterized by its 

unit-sample response sequence.

b) A discrete LTI system is described by y(n) – y(n-1) + 0.5 y(n-2) = x(n) + x(n-1).

Does it give bounded output. Find its transfer function and impulse response.  Sketch its poles zero plot.

3.a)
Discuss the relationship between the Z-transform and the DFT co-efficients of 


x(n)    , a causal sequence of length N.

b) By drawing the flowgraph of the radix-2 decimation in frequency FFT algorithm, compute the 8 point DFT of the sequence

         x(n) =   1   for 0 ≤ n ≤ 7. Show the 



 0    otherwise 


intermediate results on the flow graph itself.

4.a)
Explain what do you understand by “Bit-reversal” and its advantage in implementation of FFT algorithm.

b) Draw a Radix-2, 8-point FFT flow graph based on DIT and obtain the DFT of the following sequence. Show all intermediate results


X(n) =     1,2,3,4,-4,-3,-2,-1


5.a)
Find the Z-transform of a sequence represented by x(n) = an cos nθ u(n) 

 where |a| < 1.
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   b)
Find the inverse Z-transform of , assume x(n) to be a right side sequence

i) x(z)  =  ___ 3_____               

                 z-1 – z-1
                    4     8

ii) x(z)  = (1-1  z-1) / (1+ 3  z-1+ 1 z-2)

        2
               4          8

   for |Z| > 1

                             2

6.a)
Compare Chebysher and Butterworth approximations.  Sketch their pole locations for a third order filter. Sketch its frequency response also.

b) Design a digital LPF, using Bilinear transformation with following specifications, -2dB at 5 rad/sec and –23 dB at 10 rad/sec with sampling frequency of 1000/sec. Use Butterworth approximation.

7.a)
Discuss clearly the concept of linear phase in FIR filter design and desire the condition to have a linear phase.

b) Explain the windowing techniques used in FIR filter design.

8.a)
Explain a Vocoder analyzer and synthesizer with a neat block schematic diagram.

b) What is the significance of pitch detection in speech processing?  Explain a procedure to extract the pitch from the speech samples.
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***
***

Set No.


1





Set No.


2





Set No.


3





Set No.


4

















