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Lingaya’s  University

M.Tech. 2nd Year (Term – V)
Examination – Feb 2011 
Digital Signal Processing (EC - 502)

[Time: 3 Hours]                                                   [Max. Marks: 100]


Before answering the question, candidate should ensure that they have been supplied the correct and complete question paper. No complaint in this regard, will be entertained after examination.


Note: – Attempt five questions in all. All questions carry equal marks. Question no. 1 (Section A) is compulsory. Select two questions from Section B and two questions from Section C.

Section – A

Q-1.
Part – A 



Select the correct answer of the following multiple choice questions. 



          [10x1=10] 

  
(i)
 The Z-transform X(z) of a sequence x(n) is given by 
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. It is given that the ROC of X(Z) includes the unit circle. The value of x(0) is


(a) 0.25          (b) 0.5                  (c) 0                     (d) 2

(ii)
A Causal LTI system is described by the difference equation 
[image: image2.wmf])
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 ; The system is stable only if


(a) 
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(d) none

(iii)
A 5-point sequence is given as x(n)= [4,2,0,3,7].let 
[image: image6.wmf])
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denote the discrete time Fourier transform of x(n). The value of 
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 EMBED Equation.3  [image: image8.wmf]dw
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(a) 8
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             (b) 4
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                    (c) 0                       (d) 2
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(iv)
The input and output of a discrete time system is denoted by x(n) and y(n). Which of the following description corresponds to a causal system?


(a) y(n)=x(n-2)+x(n+4) 
(b) y(n)=nx(n-2)                            (c) y(n)=x(n+2)x(n-1) 
(d) y(n)=n.x(n+2)

(v)
The ROC of the Z-transform of the sequence 
[image: image12.wmf])

1

(

5

6

)

(

6

5

-

-

÷

ø

ö

ç

è

æ

-

÷

ø

ö

ç

è

æ

n

u

n

u

n

n

must be


(a) 
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(d) 
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(vi)
In the decimation we use low pass filter 


(a) before down sampling   
(b) after down sampling               (c) Both (a) &(b)  

(d) None

(vii)
The FIR filter is 


(a) Recursive filter       
(b) Non-Recursive filter              (c) All-pole System   
(d) None

(viii)
Linear-phase characteristics exist in 


(a) Analog filter   

(b) IIR digital filter                      (c) FIR digital filter     
(d) Both (b) and (c)

(ix)
The unit impulse response of the system described by Y(n)-y(n-1) = x(n)-x(n-1) is


(a) 
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(d) 0

(x)
Expansion of Hanning Window is 


(a) 
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(b) 
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(c) 
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(d) 
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Q-1.
Part – B 


(a)
Explain Recursive filter and Non-Recursive filter.

(b)
State and prove initial and final value theorem of Z-transform.









 [2x5=10]

Section – B
Q-2.
(a)
A discrete time signal is given by  
[image: image22.wmf]*
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 EMBED Equation.3  [image: image23.wmf])
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Find the Z-transform and sketch the pole zero plot with ROC.






         [12] 

(b)
Compute the N-point DFT of the given sequence
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            [8]
Q-3.
(a)
Obtain direct form-I and II realization of the system described by 




[image: image25.wmf])
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            [8]


(b)
Write the various properties of Region of convergence (ROC) of Z-transform. 




            [6]

(c)
Differentiate between Linear convolution and circular convolution.     




            [6]
Q-4.
(a)
Design a second order discrete time Butterworth filter with cut-off frequency of 1 KHz and sampling frequency of 
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 samples/sec. using bilinear transformation.  

          [12]

(b)
What is coefficient quantization error? What is its effect?     [4]                    

(c)
Draw the structure of linear phase FIR filter.                          [4]
Section – C
Q-5.
(a)
Design the FIR Low-Pass filter for which desired frequency response is expressed as 
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The length of filter should be 7 and 
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radians/sample. Make use of rectangular Window.


          [12]

(b)
Explain Hamming window function for FIR filter design.     [8]
Q-6.
(a)
Find the Inverse Z-transform of  
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If the ROC are (i)
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          [10]


(b)
Explain the application of DFT in linear filtering and spectrum analysis. 





            [5]

(c)
Differentiate between Analog signal processing and digital signal processing. 




            [5]    
Q-7.
(a)
Derive and explain N-point radix-2 DIT ,FFT algorithm. For N=8 draw the signal Flow graph. 


          [12]

(b)
Use the four point DFT and IDFT to determine the circular convolution of following Sequences: 



  X(n)=(1,2,3,1) and h(n)= (4,3,2,2) 

            [8]
Q-8.
(a)
Explain the interpolation process for an integer factor I with an example.    





          [10]    

(b)
Compare the DSP Processor with the Conventional processor.                        









          [10]
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