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Sreenidhi Institute of Science and Technology

(An Autonomous Institution)
Code No:  3CC15
B. TECH. IV–Year I–Semester Examinations, Dec 2015/Jan 2016 (Regular)

DIGITAL SIGNAL PROCESSING (ECM)
Time:
3 Hours







                            Max. Marks: 70


 Note: No additional answer sheets will be provided.

Part - A 
Max.Marks:20

Answer all QUESTIONS. EACH QUESTION CARRIES 2 MARKS.
1. What is the condition for causality in LTI System?

2. State periodicity of DFT?

3. What is meant by radix-2 FFT?

4. Draw the direct  form realization of IIR Systems?

5. Find the DFT of δ[n-n0] using time shifting property.

6. Define the terms: i) Impulse response
ii) Transfer function

7. Are FIR filters always stable or not and why?

8. What are the design techniques available for IIR filter?

9. What is mean by ROC and what is its significance in filter design?

10. Explain Decimation.

Part – B
Max.Marks:50
ANSWER ANY FIVE QUESTIONS. EACH QUESTION CARRIES 10 MARKS.
1 (a) Check whether the following systems are Linear,  Causal, Time invariant, Stable and Static 

or not.

(i). y[n] = x[-n+2]

(ii)   y[n] = x[n]Cos[x(n)] 

           (b) Determine the magnitude and phase response of the system y[n]= x[n] + x[n-2].
2 (a) Determine the 8-point DFT of the following sequence 

    x[n] =  1      when n is even

           =  0
  when n is odd

 (b) Determine the convolution of the following sequences:

                           x[n] = {0.5, 0.5, 0.5}           h[n] = {0.75, 2,1}      
3 (a)  Compute the 8-point DFT for the sequence     

                            x[n] = { 0.5, 0, 0, 0, 0 }      , 0.5, 0.5, 0.5

      using the radix-2 decimation in-time FFT algorithm.

(b)  Compute the 8-point DFT of the sequence




x[n] = { 1, 1, 1, 1, 1, 1, 1, 0 }      



      By using Decimation in Frequency FFT Algorithm. 







4 Consider an LTI System, initially at rest described by the difference equation:

y[n] = 0.25y[n-2]+x[n] 

(a) Determine the impulse response of the system and hence response to the input signal

x[n]=  [([image: image8.png]


)n + (- [image: image10.png]


 )n ]u(n)

(b)  Determine the Direct form-II, parallel form and cascade form to the above system.

     5.  (a)  Convert the following Analog Transfer Function to digital filter using impulse invariant 


transformation.
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(b)  Explain various window techniques used for FIR Filter design with symmetry.

6. (a)  Explain the concept of Decimation by a factor D and interpolation by a factor I.

(b)  Explain briefly about the significance of Anti-aliasing and Anti-imaging filters in multirate signal processing with neat sketches.




7. (a)  If an LTI System with input x[n] and output y[n] is characterized by its unit sample response h[n]= anu[n] for 0<a<1. Find the response of such system to the input signal x[n]=u[n] by evaluating convolution sum?

(b). Find the inverse Z transformation of

i)      
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ii)     
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     8.  (a)  Using Bilinear transformation, design a Butterworth filter satisfying the conditions:




0.8 ≤ IH(℮j(I ≤1
for
0≤(≤0.2π




         IH(℮j(I ≤ 0.2     for    
0.6 π≤(≤π

 (b) The desired frequency response of a high pass filter is 




Hd(ej() = 1 ; π/4 ≤ ( ≤ π. 



            = 0; ( ≤ π/4











Determine H(ej() for M=7, using a hamming window.
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