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Digital Signal Processing (ECE 411)

Unit I
2 marks questions:

1. What are the advantages of DSP over ASP?

2. What are the applications of DSP.
3. Define “discrete time sequence” ?
4. Represent [image: image2.png]nl = (3, 546)



 in terms of impulses

5. Relate DT unit impulse with unit step function.

6. Define causality.

7. Define BIBO stability

8. Define Time invariance

9. Mention two different ways of relating input and output of LSI system.

10. Define periodic sequence.

11. A DT sinusoidal sequence has wo =2π rad. What is its fundamental period

12. Mention the conditions for stability of an LTI system

13. Mention the conditions for causality of an LTI system

14. If h[n]=δ[n] what is the frequency response of the system

15. Define Linear and Non-Linear discrete time systems.

16. Define periodic and Aperiodic signals.

17. Define Time-Invariant and Time-Variant systems.
18. What is LTI system?

19. Define discrete fourier series.
20. State and prove duality and convolution properties of DTFT.

21. Write a note on “sampling theorem”.

22. Discuss the effects of truncating a sequence x[n]  of infinite duration.

23. Differentiate between Time-invariant and Non-Linear systems

24. Give an example for discrete time signal and discrete time system..

25. What are energy and power signals?

26. Define static and dynamic systems.

27. List two properties of convolution

28. What is the linear constant coefficient difference equation and write Nth order difference equation of the discrete – time systems.

29. Determine which of the following signals are periodic compute their fundamental period

1. cos[0.1πn]
2. [image: image4.png]



30. What are the conditions for BIBO stability?

31. What is aliasing? Why does it occur?

32. What is meant by canonical form of realization of digital filters?
7 marks questions (descriptive):
1. Define signal and analyze the classification of signals. Also describe DT system with the help of block diagram.

2. Explain linearity, Time Invariance, Stability and causality of a Discrete time system with two examples each
3. What are different classes to establish the input and output of LSI system? Explain  with necessary equations?

4. Define Fourier transform for digital signals and list its properties.

5. Write short notes on Finite word length effects in realization of Digital filters
6. State and prove necessary and sufficient conditions for the causality and stability of an LTI systems

7. Show that an LSI system can be characterized by its unit sample response

8. State and prove frequency shifting property of Fourier transform and parsavels theorem
7 marks questions (problems):
1. Test the following systems for linearity, memory less, causality, time invariance properties

a. y[n]=x[n2]

b. y[n]=x[2n]

c. y[n]=n.x[n-2]

d. [image: image6.png]y[n] = 2x[n + 1] + [x[n — 1]]?




e. y[n] = log[n].x[n]

2. Find the convolution of two finite duration sequences

a. [image: image8.png]x[n]
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3. Let e[n] be an exponential sequence i.e. e[n]=an for all n and let x[n] and y[n] denote two arbitrary sequences, Show that

a. [e[n]x[n]]*[e[n]y[n]] = e[n][x[n]*y[n]]

4. Verify whether the system y[n]=x[n]+n.x[n+1] is linear causal and stable or not. Justify your answer analytically

5. Find the fourier transform of the following signals
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6.  Find the unit step response of the system with h[n] =a|n| with |a| <1

7. Determine whether the following LTI systems are memory less causal, stable or not

a. h[n] =en u[n+1]

b. h[n] = a|n|; a<1

c. h[n] = sin(nπ)

d. d.h[n] = cos(nπ/2)u[n]

Unit II
2 marks questions:

1. State and prove Parseval’s theorem for the sequence x[n]

2. Write about Jury’s criterion.

3. What is the relation between Z Transform and DTFT?

4. Write short notes on system function.

5. What are different methods of evaluating inverse Z- transform?

6. What is the Z Transform of Discrete time unit impulse?

7. Define ROC of Z Transform.
8. Describe the ROC of finite length sequences.

9. Describe the ROC of infinite length sequences.

10. State the properties of ROC.

11. State the initial value theorem of Z transforms.

12. State the final value theorem of Z transforms.

13. Define system transfer function
14. Determine the Z Transform and ROC of following sequence x[n]=3(2)nu[n]
15. Find the Z-Transform of anu[n] also mention its ROC
16. If X[z] is the Z Transform of x[n], then determine the Z Transform of x[n-m].

17. Find Z transform and ROC for the function given by y[n]=u[n-1]

18. Find the Z Transform of  x[n+no]

19. Find the Z Transform of n.x[n]
20. Find the Z transform and ROC of Sequence x[n]=sin[won]

21. Show that the sequences anu[n] and –an u[-n-1] have the same Z transform, but the ROC is different.

22. Find the Z Transform of unit step sequence.

23. Draw the symbols for basic units of digital networks.

24. Draw the flow graph of 2nd order IIR system by DF-II representation.

25. Draw the flow graph of 2nd order FIR system by DF-II representation.

26. What is the principle advantage of DF-II over DF-I.

27. What are the advantages and disadvantages of cascade form realization?

28. What are the advantages of parallel form realization?

29. Describe the Z Transform of causal system.

30. What are unilateral Z Transforms.

7 Marks questions (descriptive):
1. What is Z Transform? Find the Z Transform of standard digital signals and their region of convergence.
2. State the properties of Z transforms with suitable examples.

3. List out and explain all the properties of all Z Transforms.

4. Explain different methods of evaluating Inverse Z Transforms.

5. With reference to Z Transform, state and prove initial and final value theorem.

6. Explain how the analysis of the discrete time invariant system can be obtained using convolution properties of Z transform.

7. State and prove convolution property of Z Transform.
7 Marks questions (problems):

1. Determine the Z Transform and ROC for the following sequence
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2. A. Define Z Transform and prove the following properties of Z Transform

i .  [image: image14.png]ax[n] - X [7]
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B. State and prove the final value theorem of Z transform


C. Find the inverse Z Transform of the function
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  for |Z|≥3

3. Determine the impulse response h[n] for the system described by second order difference equation. Assume that the system is at rest initially.

Y[n] – 3 y[n-1] - y[n-2] = x[n] + 2x[n+1]

4. Determine the inverse Z Transform of the following
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5. Given the sequence [image: image21.png]x[n] = (00)" forn=0
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Compute the amplitude and phase response of the Fourier transform of the sequence 
as a function of frequency for w ≤ π
6. Find the inverse Z transform of X[z] given below where the ROC is i. |z|>1 

ii. |z|<1/3 using long division method
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7. Find the magnitude and phase response of the system as a function of frequency for  w≤π, with impulse response of the system given as
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8. Find the Z Transform of  x[n] = [2-n+2n]u[n] and its region of convergence. What are its limitations?

9. A system has unit sample response h[n] given by 

 h[n]= -0.25δ[n-1]+0.5δ[n]-0.25δ[n+1]

a. Is the filter causal

b. Plot |H(ejw)|, phase plot

10. Determine the convolution of pair of signals by means of Z Transforms
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11. Find the input x[n] of the system, if the impulse response h[n] and output y[n] as shown below h[n]={1,2,3,2}, y[n] ={1,3,7,10,10,7,2}  using convolution property of Z Transform

12. Obtain the Z Transform and region of convergence of the following sequence
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.
13. Determine the causal signal x[n] having the Z Transform
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14. Determine the inverse Z Transform of 
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15. A. Determine the response y[n] for n ≥ 0 of the system described by the difference equation y[n]-4y[n-1]+4y[n-2]=x[n]+x[n-1]. When the input is x[n]=(-1)nu[n] with initial conditions y[-1]=y[-2]=0.

B. Show that the canonical form realization of the following transfer function:
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16. A causal LTI system is defined by the difference equation



2y[n]-y[n-2]=x[n-1]+3x[n-2]+2x[n-3]

Find the frequency response H(ejw) magnitude response and phase response.

17. Show that the frequency response of a discrete time system is a periodic function of frequency. Obtain the frequency response of the system with difference equation 

Y[n]=x[n]+2x[n-1]+3y[n-1]. Sketch its magnitude and phase as a function of frequency for w ≤ π.

18. Determine the frequency response, magnitude and phase response of the system 

Y[n] + 0.5 y[n-1] = x[n] –x[n-1]

19. Determine the transfer function and impulse response of the system described the equation y[n] = 0.5 y[n-1] + x[n] +1.5 x[n-1]

20. Determine the impulse response and step response of the following causal system. Discuss on stability.

Y[n]+4y[n-1]+4y[n-2]=x[n]
21. Determine the impulse response and unit step response of the system described by the Difference equation 

y[n] = 0.6y[n-1] -0.08y[n-2]+x[n]

22. The output y[n] of an LTI system to input x[n]is given by y[n]=x[n]-2x[n-1]+x[n-2]. Compute and sketch the magnitude and phase and frequency response of the system as a function of frequency for w ≤ π.
23. The system is represented by the difference equation




Y[n]=x[n+1]+0.81x[n-1]-0.81x[n-2]-0.45x[n-2]

Determine the transfer function of the system. Sketch the poles and zeros on the Z-Plane
Unit III
2 marks questions:

1. State the convolution property of DFT in time and frequency domains.
2. Compare DFS and DFT.

3. Obtain the relationship between DFT and DTFT.
4. List out the properties of twiddle factors.

5. List any four properties of DFS.

6. Represent 4 point DFT of an arbitrary four point input sequence in matrix form. Simplify your result with the help of periodicity and symmetry property.

7. State the properties of DFT.
8. What are the symmetry properties of DFT that permits fast implementation?
9. Distinguish between linear and circular convolution.
10. What is “padding with zeros”?
11. Define DFT of a sequence x[n].
12. What is meant by circular convolution

13. How can circular convolution be implemented?
14. How linear convolution can be implemented using circular convolution?
15. Explain linear convolution of two sequences using DFT operation.

16. What are the differences between Overlap – add methods and Overlap- save methods?
17. What is the result of sampling Z transform?

18. What is the relation between Z Transform and DFT?

7 Marks questions (descriptive):

1. Define Discrete Fourier series and explain its properties.
2. Define DFT and explain its properties.

3. What is circular convolution and explain how it is implemented using FFT ?
4. Explain the processing of linear convolution using DFT considering both overlap-add and overlap save method.

7 Marks questions (problems):
1. Compute the DFT of the sequence x[n]={1,2,3,4} and sketch its spectrum
2. Determine the circular convolution of the sequence x[n]={3,0,1,2} and h[n]={1,0,1,2,4,3}

3. Determine the linear convolution of the sequences x[n]={1,2,1} and h[n]={2,2,1} using DFT.

4. Find the IDFT of X[K] ={10,2-2j,0 2+2j}

5. Perform the linear convolution of the sequence  x[n]={2,3} and h[n]={1,2,1,2,1} using overlap add and overlap save methods.

Unit IV
      2 marks questions:
1. List the properties of Twiddle factor.

2. How many computations are involved in FFT algorithm?
3. What is the restriction on N for FFT?

4. Draw the flow graph for two point DFT in the case of DITFFT.
5. Draw the flow graph for two point DFT in case of DIFFT.

6. Draw the flow graph of basic butterfly computation in case of DITFFT.

7. Draw the flow graph of basic butterfly computation in case of DIFFFT.

8. Draw the flow graph of IFFT.
7 Marks questions (descriptive):

1. What is FFT? Explain the  DITFFT algorithm with relevant expressions and flow graph.
2. What is FFT? Explain the  DIFFFT algorithm with relevant expressions and flow graph.

3. Compare DITFFT and DIFFFT algorithms.

7 Marks questions (problems):

1. Compute the 8-point DFT by a) Radix 2 DITFFT and b) Radix 2 DIFFFT  for the sequence  x[n]={1,2,2,1,2,1,1,2}. Sketch the response by showing computation of each stage

2. Find the IDFT of x[k]={1,-2,3,2}using DITFFT algorithm

3.  Find the IDFT of x[k]={11,3,2}using DITFFT algorithm

 Unit V
      2 marks questions:
1. What is impulse invariance technique?
2. What are the disadvantages of Impulse Invariance Technique?
3. What is step invariance technique?

4. Write the expression for bilinear transformation.

5. What are the advantages of bilinear transformations over Impulse invariance method?

6. Write the properties of Butterworth filter.

7. Write the properties of chebyshev filters.

8. Write the analog transfer function of butterworth filter.

9. Write the analog transfer function of chebyshev filters.

10. Draw the pole zero plot of 4th order Butterworth filter.
11. Draw the pole zero plot of 3rd order Chebyshev filter.

12. Write the formula to find the poles of Nth order Butterworth filter
13. Write the formula to find the poles of Nth order Chebyshev filter

14. Write the formula for transformation from digital LPF to HPF.
15. Write the formula for transformation from digital LPF to BPF.

16. Write the formula for transformation from digital LPF to BSF.

17. What is the advantage of IIR filter?
7 Marks questions (descriptive):

1. Develop a chart for comparing Butterworth and Chebyshev filter by considering all different properties starting from the definitions.

2. What are the different techniques to design IIR digital filters? Make a notes considering the following.

a. Feature of the design technique

b. Algorithm for design procedure

3. What is an IIR filter? List out its properties, advantages and disadvantages?

7 Marks questions (problems):

1. A CT system has [image: image31.png]sta

Ha(s) = [(s+a)2+57]



 then determine the system function on the basis of  a)Impulse Invariance  b) Step Invariance

2.  A digital LPF is specified by 
0.9 < |H(Z)| ≤ 1;  0 ≤ w ≤ 0.25π
     |H(Z)| ≤ 0.25;  0.5π ≤ w ≤ π

Design a Butterworth LPF using a) Step Invariance technique b) Impulse Invariance method

C) Bilinear Transformation
3. Design a chebyshev digital LPF to meet the following using bilinear transformation
a. Passband frequency = 1600π  rad/sec

b. Stop band frequency =3200π rad/sec

c. Passband attenuation = 0.5 db

d. Stopband attenuation =40db

Unit VI
 2 marks questions:
1. What are the advantages of FIR filter over IIR filter ?

2. What are the drawbacks of IIR filters?

3. What is frequency wraping?

4. List the techniques for design of IIR filter.

5. List the techniques for the design of FIR filter.

6. What is a window? Define following windows with their characteristics.

a. Rectangular window

d.  Bartlett Window

b. Hanning Window


e. Hamming window

c. Blackmann window
7 Marks questions (descriptive):

1. What is an FIR filter? List out its properties merits and demerits.

2. What are different techniques to design FIR filter? Make notes considering the following.

a. Feature of the design technique

b. Algorithm for design procedure

3. List different windows. Find and draw the frequency response of all windows.
4. Compare the FIR and IIR filters

5. Compare digital and analog filters.

6. Explain different methods to map the s plane to z plane. Compare their relative merits.
7 Marks questions (problems):
1. Design FIR LPF with cut off frequency of 2 KHZ and sampling frequency of 5 KHZ with 10 samples using fourier series method

2. Design LPF using Kaiser window by taking 9 samples with cut off frequency of 1 rad/sec

3. Repeat the above problem with different windows

Unit VII

2 marks questions:
1. What is the difference between speech analysis and speech synthesis?
2. How is speech signal generated?

3. What is a vocoder?

4. What is the need for short time spectral analysis?

7 Marks questions (descriptive):
1. Give the model of Human speech production system.

2. Explain in detail the short time fourier analysis for speech signals.

3. What is a vocoder? Explain with block diagram.

4. Explain the various stages in voice processing .

5. Explain various applications of FFT in spectral analysis
