VINAYAKA MISSIONS UNIVERSITY

V.M.K.V ENGINEERING COLLEGE, SALEM

DEPARTMENT OF ELECTRICAL & ELECTRONICS ENGINEERING
SIXTH SEMESTER
FUNDAMENTALS OF DIGITAL SIGNAL PROCESSING
COMMON TO EEE, CSE & IT
QUESTION BANK

UNIT I

PART A

1. What is Digital Signal Processing?

2. Distinguish between energy and power signal.

3. How can we prevent aliasing?

4. Classify the signals?

5. What is a multi channel signal?

6. State analog signal.

7. What are even and odd signals?
8. What are the types of systems?
9. What are deterministic and random signals?
10. What are the operations performed on a signal?
11. What are elementary signals and name them?
12. What are the properties of a system?
13. What is memory system and memory less system?
14. Find whether the given system is static or dynamic.  y(n) = n x(n)+5x3
15. Determine z transform and ROC of the signal {1,2,3,4}

16. List the mathematical operations performed on discrete time signals.

17. Find whether the given system is linear or not.  Y(n)=n x(n)

18. What is meant by ROC?

19.  Define z transform.

20. List the various methods of classifying discrete time system.

21. Determine z transform and ROC of the signal {5,6,7,8}

22. What are the various methods of representing discrete time signal?
23. How will you classify the discrete time signal?

24. List out some important properties of ROC.

25. Determine the convolution sum of two sequences x(n)={3,2,1,2} and h(n)={1,2,1,2}.

PART B

1. Explain signals and classify the signals with suitable examples.


(12 marks)

 2. Find the following summations


i)   
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(3 marks)


ii)  
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(3 marks)


iii) 
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(3 marks)


iv)  
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(3 marks)

3. Determine the values of power and energy of the following signals and Find whether     

     the signals are power or energy signals.


i)  
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(4 marks)


ii) 
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(4 marks)


iii) 
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(4 marks)

4. Test the causality of the following systems


i)    y(n) = x(n)-x(n-1)







(3marks)


ii)   y(n) = ax(n)+bx(n-1)






(3marks)

i) y(n) = x(n2)







(3marks)

ii)   y(n) = nx(n)







(3marks)

5. Explain the properties of Z - transform.





(12marks)

6. Test the Time invariance of the following systems.

i).y(n) = x(n)+c







(3marks)

ii).y(n) = x(n)-x(n-1)







(3marks)

iii).y(n) = x(-n)







(3marks)

iv).y(n) =  x(n)-bx(n-1)






(3marks)

7.  Determine the Z-transform and ROC of the causal and non causal sequence

i).x (n) = {1, 0, 3,-1, 2}






(4marks)

            ii).x (n) = {1,-2, 1, 3, 4}






(4marks)

iii).x (n) = {1, 2, 5,-4, 1, 3,-1, 2, 1}





(4marks)

8. Define discrete time system and classify the discrete time system with suitable examples.












(12marks)

 9. Perform the circular convolution of the following sequences x1(n) = {4, 3, 2, 1} and     

       x2(n) ={5,2,3,4}.








(12marks)
 10. Find the linear convolution for the given sequence x(n)= { 1,2,3,4} and                    

       h (n) = {1, 1,1,1}.








(12marks)
UNIT II
PART A
1. List down any four properties of DTFT. 
2. Define DFT.

3. State shifting property of DFT.

4. What is zero padding?
5. Find Fourier transform of a sequence
[image: image8.wmf]ï

î

ï

í

ì

£

£

-

otherwise

n

for

0

2

2

1


6. What is DIT radix-2 FFT?
7. Find the computation efficiency of 1024 point FFT over 1024 point DFT.
8. Why FFT is needed?

9. What is the sufficient condition for the existence of DTFT?

10. Distinguish between DTFT and DFT.
11. How many multiplications and additions are required to compute N-point DFT using radix-2 FFT.

12. What are the applications of FFT algorithms?

13. Give relationship between DTFT, DFT and Z- transform.

14. Write the application of Fourier transforms.

15. Determine the DTFT of the sequence x(n) = {1,-1,1,-1).

16. Draw the radix-2 butterfly diagram for DIT and DIF algorithms.

17. Arrange the 8 point sequence x(n)={1,2,3,4,-1,-2,-3,-4} in bit reversed order.

18. What are the differences between DIT and DIF algorithms?
19. How many multiplication terms are required for doing DFT by expressional method and FFT method
20. How many stages  are there for 8 point DFT
21. what is FFT?
22. What is a decimation-in-time algorithm?
23. what is a decimation-in –frequency algorithm?
24. Find the DFT of the sequence x(n)={1,0,0,1}using DIF algorithm.
25. Find the DFT of the sequence x(n)={1,0,0,1}using DIT algorithm
PART B
1.Find the DFT of the sequence of [image: image10.png]x(n)



 = {1, 1, 0, 0}



 (12marks)

2. Find the 8 point DFT of the sequence  [image: image12.png]1 0<n<7
x(n) = { 0, otherwise




              (12marks)

3. Find the DFT of the sequence  [image: image14.png]_(L 0O=n=2
"(")’{n, otherwise




   for N = 3 and N = 5.







             (12marks)

4. An 8-point sequence is given by [image: image16.png]x(n) =1{2,2,2,2,1,1,1,1}



 Compute 8-point 

    DFT of [image: image18.png]x(n)



 by radix-2 DIF-FFT.



  
     
   
  (12marks)

5. In 8 point sequence is given by x(n)=(2,1,1,2,1,1,1,1) compute 8 point DFT of x(n) by radix-2   

    DIT-FFT









(12marks)

6. i) ) Find 4 point DFT of the following signal  x(n)=sin(nΠ/2)


(8marks)

     ii) Compare the DIT and DIF radix-2 FFT.


            
(4marks)

7.compute the FFT for the sequence                                                                        (12 marks)
        x(n)={1,0,0,0,0,0,0,0}

8.Explain properties  of  DTFT?                                                                               (12 marks)
9. compute IDFT of the sequence
         X(k)={7,-0.707-j0.707,-j,0.707-j0.707,1,0.707+j0.707,j,-0.707+j0.707}         (12 marks)
10. Find the circular convolution of the two sequences x1(n) = (2, 1, 2, 1) and 

          x2 (n) =(1,2,3,4) using DFT and IDFT method  
UNIT III
PART A

1.Draw the general realization structure in direct form-I of IIR system.

1. State the condition for the stability of digital filter.

2. Define IIR.
3. Mention any two procedures for digitizing transfer function of an analog filter.

4. Compare the digital and analog filter.

5. Mention the important features of IIR filters.

6. How bilinear transformation is performed?

7. What are the advantages of bilinear transformation?

8. List out the basic properties of IIR filters.

9. Classify the filters based on frequency response.

10. How will you determine the order N of chebyshev filter?
11. What are the steps involved in the design of digital IIR filter.

12. Give the transformation used in the approximation of derivates.

13. Write the properties of Butterworth filter. 

14. Distinguish between recursive and non recursive realization.

15. What do you understand by backward difference?

16. Give the magnitude function of Butterworth filter.

17. Sketch the mapping of S-plan to Z-plan in bilinear transformation.
18. State the steps to design digital IIR filter using bilinear method
19. Why impulse invariant method is not preferred in the design of IIR filters other than low pass filter?
20. What is warping effect?
21. Write a note on pre warping.

22. By impulse invariant method obtain the digital filter transfer function and the differential equation of the analog filter h(s) =1/s+1
23. . What are the properties of chebyshev filter?
24. How can you design a digital filter from analog filter?
25. Mention the important features of FIR filters.

PART B
1. Convert the analog filter with transfer function H(s) into digital filter using bilinear       

      transformation.  
i) H(s) = 
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(6 marks)
ii) H(s) = 
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(6 marks)
   2. Convert the analog filter with system transfer function         



                       




    (S+0.1)

i) H(s)    =  
 -------------        


(6 marks)  

                                  



 (S+0.1)2+9

 





   (S+0.4)

ii) H(s)    =  
 -------------          


(6 marks)
                                  



 (S+0.4)2+16

     into a digital IIR filter by means of the impulse invariance technique.


3. Convert the analog filter with system transfer function H(s) = 
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  into digital   

    filter by means of the impulse invariance technique. If a) T= 1 sec and b) T= 0.1 sec.

4. Obtain the Direct form–I realizations of the LTI system governed by the equation         

           y(n)= 0.5y(n-1)-0.25 y(n-2)+x(n)+3x(n-1)   




(12 marks)
 5. Determine the direct form II realizations for the following system


y(n)= - 0.1y(n-1)+0.72y(n-2)+0.7x(n)-0.252x(n-2)



(12 marks)

6. Convert the analog filter with system transfer function H(s) = 
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 into a digital filter by means of the impulse invariance technique.
 If a) T= 1 sec and b) T= 2 sec.






(12 marks)
 7.Convert the analog filter with transfer function H(s) into digital filter using bilinear    transformation.  I

H(s) = 
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 ii)         H(s) = 
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8.Convert the analog filter with system transfer function 


 H(s) = 
[image: image25.wmf])
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   Into a digital filter by means of the impulse invariance technique. If a) T= 1 sec and b) T=     0.1 sec.

9.Convert the analog filter with transfer function H(s) into digital filter using bilinear    transformation.  I

    H(s) = 
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10.Convert the analog filter with system transfer function         



 





   (S+0.4)

 H(s)    =  
 -------------          




                                  



 (S+0.4)2+16

     into a digital IIR filter by means of the impulse invariance technique.







        UNIT IV
PART A

1. List the well known design technique for linear phase FIR filter design?

2. What are the types of digital filter according to their impulse response?

3. How phase distortion and delay distortion are introduced?

4. Write the steps involved in FIR filter design.

5. Compare hamming window with Kaiser window.

6. Draw the impulse response of an ideal low pass filter.

7. What are the advantages of FIR filter?

8. Draw the direct form realization of FIR system.

9. What is Gibb’s phenomenon?

10. Write the characteristic features of rectangular window.

11. State the condition for a digital filter to be causal and stable.

12. When a cascade form realization is preferred in FIR filters?
13. What are the properties of FIR filters?
14. For what kind of applications, the anti symmetric impulse response can be used? 

15. Draw the frequency response of N-point rectangular window.

16. What is the response that FIR filter is always stable?

17. List the features of hamming window spectrum.

18. What are the techniques of designing FIR filters?
19. What are the disadvantages of FIR FILTER
20. What is the necessary and sufficient condition for the linear phase characteristic of a FIR filter?
21. List the well known design technique for linear phase FIR filter design?
22. What is the reason that FIR filter is always stable?
23. When cascade from realization  is preferred in FIR filters?
24. What is the principle of designing FIR filter using frequency sampling method?
25. For what type of filters frequency sampling method is suitable?
PART B
1. With neat diagram explain the structure of FIR filter                                          (12 marks)
2. Design a low pass filter using rectangular window by taking 9 samples of w (n) and with a 

     cutoff frequency of 1.2 radians/sec.       





(12 marks)
3. Determine the coefficients of a linear phase FIR filter of length M=15 has a symmetric

    unit sample response and a frequency response that satisfies the condition.      



H (2(k/15) = {1
; for k=0, 1, 2, 3


                           
0
; for k=4, 5, 6, 7}



(12 marks)
4. Draw the direct form structure of the FIR system described by the transfer function           

                H (Z) =1+1/2z-1+3/4z-2+1/4z-3+1/2z-4+1/8z-5        



(12 marks)
5. Realize the following system with minimum number of multipliers   

           

                H (Z) =1/4+1/2z-1+3/4z-2+1/2z-3+1/4z-4




(12 marks)
6.  i) Explain the advantages and disadvantages of FIR filters.

          (6 marks)

       ii) Compare FIR and IIR filters.




                      (6 marks) 

7. A low pass filter is to be designed with the following desired frequency response

                      H( e
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Determine the filter coefficients h
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(n) if the window function is defined as

                          w(n)= {1, 0
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                           0, otherwise

8.A filter is to be designed with the following desired frequency response

  H( e
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Determine the filter coefficients h
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(n) if the window function is defined as

                          w(n)= {1, 0
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                           0, otherwise

9.Determine the coefficients of a linear phase FIR filter of length N=15 which has a symmetric unit sample response that satisfies the conditions       





H (2(k/15) = {1
; for k=0, 1, 2, 3


         


0.4
; for k=4

                     


0
; for k=5, 6, 7}


10.Design a FIR low pass filter with cutoff frequency 1kHZ and sampling rate of 4 kHZ

with 11 samples using fourier series method.

UNIT V

PART A

1. Define multi rate DSP.

2. Define sub band coding.
3. What is a QMF filter?

4. Define decimator.

5. Define interpolator.
6. What is down sampling?  

7. What is sampling rate conversion? 

8. Give advantages of multi-rate DSP.
9. What is up sampling?

10. Define Periodiogram.
11. What is the need for anti-imaging filter?

12. What is the need for anti-aliasing filter?

13. What is the use of QMF?

14. What are the two sections of QMF bank?

15. What is the need for Multirate signal processing?
16. Give some examples of Multirate digital system.

17. With an example explain the sampling process.

18. What is mean by aliasing?

19. What are multilevel filter banks?

20. What are the errors in QMF filter banks?

21. What is signal flow graph?

22. How can aliasing be avoided?

23. What are the advantages of Polyphase decomposition?

24. What are nyquist filter?

25. What are digital filter banks?

PART B

1. Briefly explain

(i)Interpolator







                  (ii)Decimator








      (iii)Effects due to sampling rate conversion



2. Explain sub band coding with neat sketch.





3. Explain sampling rate conversion by the integer factor I.



4. Explain sampling rate conversion by the integer factor D. 


5. Explain poly phase rectification.





6. Briefly explain QMF filter with neat diagram. 



7. Explain poly phase decomposition for 
i) FIR filter structure

ii) IIR filter structure

8. Explain the filter banks with equal and non equal filter pass bands.

9. Explain about multistage interpolators and decimators.

10. Explain about two channel quadrature mirror filter bank
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