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DEPARTMENT OF ELECTRONICS AND COMMUNICATION ENGINEERING

U23ECT43- Digital Signal Processing

Part B - Questions
UNIT I DISCRETE FOURIER TRANSFORM

1. An input sequence x[n] = {2, 1, 0, 1, 2} is applied to DSP system having an impulse sequence h[n] = {5, 3, 2, 1}. Determine the output sequence produced by (a) Linear convolution and (b) Verify the same through circular convolution.

2. Convolve the following sequence using (a) Overlap-save method and (b) Overlap-add method, x[n] = {1, -1, 2, 1, 2, -1, 1, 3, 1} and h[n] = {1, 2, 1} (Nov/Dec-2014, Nov/Dec-11, Nov/Dec-2013, Nov/Dec-2024)
3. Draw the signal flow graph for 8/16-point DFT using DIT algorithm and DIF algorithm. (Apr/May-2014)
4.  Compute the IDFT for the sequence X(k) = 2-k where k = 0 to 7 using DIF FFT algorithm. (Nov/Dec-14)
5. Find the DFT of a sequence x[n] = {1, 2, 3, 4, 4, 3, 2, 1} using DIT & DIF algorithm. (Nov/Dec-16, Nov/Dec-24, Nov/Dec-23, Nov/Dec-22)
6. Find the DFT of a sequence x[n] = {1, 1, 1, 1, 1, 1, 0, 0} using DIF algorithm.  
7. Find the DFT of a sequence x[n] = {1, 1, 1, 1, 1, 0, 0, 0} using DIF algorithm. (Nov?Dec-2011)
8. Find the IDFT of a sequence X(k) = {5, 0, 1-j, 0, 1, 0, 1+j, 0} using DIT algorithm.

9. Consider two sequence x[n] = cos(nπ/2) and h[n] = 2n. Determine the output sequence y[n] by circular convolution using concentric circle method. Take N=4.

10. Determine the output sequence y[n] of FIR filter with impulse response, h[n] = {1, 2, 3} to input sequence x[n] = {1, 2, 2, 1}. Use circular convolution in frequency domain.

11. Find the Linear convolution through circular convolution of x1[n] and x2[n].


x1[n] = δ[n] + δ[n-1] + δ[n-2]
x2[n] = 2δ[n] - δ[n-1] + 2δ[n-2]

12. Given two sequence x1[n] = {1, 2, 3, 1} and x2[n] = {4, 3, 2, 2}. Find x3[n] such that (i) X3(k) = X1(k) . X2(k), (ii) using concentric circle method and (iii) Matrix method.

13. Find the output y[n] of a filter whose impulse response is h[n] = {1, 1, 1} and input signal is x[n] = {3, -1, 0, 1, 3, 2, 0, 1, 2, 1} using (i) Overlap save method and (ii) Overlap add method.

14. Find the output y[n] of a filter whose impulse response is h[n] = {1, 2} and input signal is x[n] = {1, 2, -1, 2, 3, -2, -3, -1, 1, 1, 2, -1} using (i) Overlap save method and (ii) Overlap add method. (Nov/Dec-23, Nov/Dec-24)
15. Determine the output of a linear FIR filter whose impulse response h[n] = {1, -3, 5} and input signal x[n] = {-1, 4, 7, 3, -2, 9, 10, 12, -5, 8} using (i) Overlap-save method and (ii) Overlap-add method.

16. Determine the DFT of the given data sequence x[n] = {2, 1, 4, 6, 5, 8, 3, 9} (Nov/Dec-2013, Apr/May-2012)
17. Determine the DFT of the given data sequence x[n] = {-1, 2, -3, 4, 9, -20, 12, 6} by DIT and DIF algorithm.
18. Calculate IDFT for the given coefficients X(k) = {38, -5.828+j6.07, j6, -0.172+j8.07, -10, -0.172-j8.07, -j6, -5.828-j6.07} using DIT and DIF algorithm.
19. State any six properties of DFT(Apr/May-18, Nov/Dec-14)
20. 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} using DIT and DIF algorithm. (Nov/Dec-16)
UNIT II FIR FILTER DESIGN
1. Design an analog Butterworth filter that has -2dB of passband attenuation at a frequency of 20 rad/sec and atleast -10dB stopband attenuation at a frequency of 30 rad/sec.

2. For the given specifications, design an analog Butterworth filter,

0.9 < |H(jΩ)| < 1,
0 < Ω < 0.2π

           |H(jΩ)| < 0.2,
0.4π < Ω < π (Apr/May-22)
3. Design a Chebyshev filter with a maximum passband attenuation of 2.5dB at Ωp = 20rad/sec and stopband attenuation of 30dB at Ωp = 50rad/sec.

4. Using impulse invariant method with T = 1s, determine H(z) if H(s) = 1/( s2+√2s+1).
5. For the analog transfer function H(s) = 2 / (s+1)(s+2), determine H(z) using impulse invariance method. Assume T=1s. (Nov/Dec-14)
6. Design a 3rd order Butterworth digital filter using impulse invariant technique. Assume sampling period T = 1s.(Nov/Dec-2011)
7. An analog filter has a transfer function H(s) = 10 / (s2 + 7s + 10). Design a digital filter equivalent to this using impulse invariant method for T = 0.2s.

8. Apply bilinear transformation to H(s) = 2 / (s+1)(s+2) with T = 1s and find H(z). (Apr/May-13, Apr/May-18)
9. Determine H(z) that results when the bilinear transformation is applied to 

H(s) =               (s2 +4.525)



                     (s2 + 0.692s + 0.504)

10. Obtain the direct form I an direct form II realization structure for the system described by the following difference equation 

i. y(n) = 0.5 y(n-1) – 0.25 y(n-2) + x(n) + 0.4 x(n-1).

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

11. Obtain the direct form I, direct form II, cascade and parallel form realization for the system        y(n) = -0.1 y(n-1) + 0.2 y(n-2) + 3x(n) + 3.6 x(n-1) + 0.6 x(n-2). (Nov/Dec-2011, Nov/Dec-2014, Apr/May-2014, Nov/Dec-2010, Apr/May-2012)
12. Obtain the cascade and parallel realization for the following systems

a. H(z) =  (1 + 1.5z-1 + 0.5z-2) ( 1 - 1.5z-1 + z-2)


          (1 + z-1 + 0.25z-2) ( 1 + 0.25z-1 + 0.5z-2)


b. H(z) =               (1 - 0.5z-1) ( 1 - 0.5z-1 + 0.25z-2)



           (1 + 0.25z-1) (1 + z-1 + 0.5z-2) ( 1 - 0.25z-1 + 0.5z-2)

13. Design a digital Butterworth filter satisfying the constraint 

0.707 < |H(jΩ)| < 1,
0 < Ω < π/2

 |H(jΩ)| < 0.2,
3π/4 < Ω < π. With T=1s using (a) Bilinear transformation (b) impulse invariant. Realize the fiter in each case using the most convenient realization form.  (Nov/Dec-2011, Apr/May-2012)
14. Design a Chebyshev low pass filter with specifications αp = 1dB ripple in the passband 0 ≤ ω ≤ 0.2π, αs = 15dB ripple in the stopband 0.3π ≤ ω ≤ π, using (a) bilinear transformation and (b) impulse invariant method. (Nov/Dec-2014, Nov/Dec-2010)
14. Design a digital Chebyshev filter to satisfy the constraint

0.707 < |H(jΩ)| < 1,
0 < Ω < 0.2π

 |H(jΩ)| < 0.1,
0.5π < Ω < π. Using bilinear transformation and assuming T = 1s. (Nov/Dec-14)
15. Discuss the steps in the design of IIR filter using BLT method. (Nov/Dec-13, Nov/Dec-12) 

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

√0.5 < |H(jΩ)| < 1,
0 < Ω < π/2

              |H(jΩ)| < 0.2,
3π/4 < Ω < π. 
With T = 1s. Apply impulse invariant transformation.

UNIT III -IIR FILTER DESIGN
1. Explain the need for the use of window sequences in the design of FIR filter. Describe the window sequences generally used and compare their properties.  

2. Derive the frequency response of a linear phase FIR filter when impulse responses symmetric & order M is EVEN and ODD.

3. Derive the frequency response of a linear phase FIR filter when impulse responses Anti-symmetric & order M is EVEN and ODD.

4. A low pass filter has the desired response as given below 

    
Hd(ω) =      e –j3ω      -π/8 ≤ ω ≤ π/2 

                             0             π/8 ≤ ω ≤ π 


Determine the filter coefficients h(n) for M =7 using Hamming and Hanning window. (Nov-2013, Nov-2011)

5. Design a LPF with 11 coefficients for the following specifications

Passband frequency edge=0.25 KHz

Sampling frequency=1 KHz Using Hanning and Hamming window.

6. A LPF is to be designed with the following desired frequency response

Hd(ω) =     e –j2ω       -π/4 ≤ ω ≤ π/4 

                                 0             π/4 ≤ ω ≤ π 


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


W[n] =   1         0≤n≤4

                         0         else

7. Determine a HPF with  M =11 using Hamming  window


Hd(ω) =     1       π/4 ≤ ω ≤ π 

                            0       ω ≤ π/4 

8. Realize the FIR filters using sum of the two sub-signal polyphase decomposition

H(z) = 1 + 2z-1 + (1/2)z-2 – (1/2)z-3 – (1/2)z-4 + 2(1/2)z-5 - 3(1/2)z-6
9. Realize the FIR filters in direct form

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

(ii) H(z) = 1 + 2z-1 - 4z-2 + z-3 + 3z-4

10. Design a HPF using hamming window with a cut-off frequency of 1.2radians/sec and M =9.

11. Design a band pass filter to pass frequencies in the range of 1 to 2 rad/sec using Hanning window with M =5.

12. Design a band pass filter to pass frequencies in the range of 1.2 to 1.7 rad/sec using Blackman window with M =7.

13. Obtain the Linear phase realization for the transfer function given below:

(i) H(z) = 1 + (3/4)z-1 + (17/8)z-2 + (3/4)z-3 + z-4
(ii) H(z) = (2/3) + z-1 + (4/5)z-2 + 3z-3 + (7/8)z-4
14. Design an FIR filter to meet the following specification

Passband edge = 2 KHz

Stopband edge= 5 KHz

Stopband attenuation = 44dB

Sampling frequency = 20 KHz
(Nov-2014, May-2014, 2012)

15. Design a High pass filter using Hanning window to meet the following specifications.


Cut-off frequency = 250 Hz








Sampling frequency = 1 KHz


Filter length = 7







(Nov-2010)

UNIT IV- FINITE WORD LENGTH EFFECTS

1. Draw the quantization noise model for a second order system and explain  and find its steady state output noise variance 

[image: image2.png]H(z)=1/(1-2rcosfz ' +1r'z”%)




2. Consider the transfer function H(z)=H1(z)H2(z) where   [image: image3.png]Hi(z)=1/(1-a;z") , Hoz)=1/(1-a:2").



 Find the output round off noise power. Assume a1=0.5 and a2=0.6 and find out the output round off noise power.                                                                                                    

3. Find the effect of coefficient quantization on pole locations of the given second order IIR system when it is realized in direct form I and in cascade form. Assume a word length of 4-bits through truncation.  
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4. Explain the characteristics of Limit cycle oscillations with respect to the system described by the differential equations. y(n)=0.95y(n-1)+x(n) and determine the dead band of the filter.                                

5. i) Describe the quantization errors that occur in rounding and truncation in 2’s complement.  

ii) Draw a sample/hold circuit and explain its operation.(Nov-2014,May-2014,Nov-2010,May-2011)

6. Express the following decimal numbers in binary form 

    
(a) 525    (b) 152.1875 (c) 225.3275 

7. Express the decimal values 0.78125 and -0.1875 in (i) 1’s complement form (ii)sign magnitude form (iii) 2’s complement form. 

8. Express the decimal values  -6/8 and 9/8 in (i) Sign magnitude form (ii) 1’s complement form and (iii) 2’s complement form 

9. Study the limit cycle behavior of the following systems 

(a) y(n) = 0.7y(n-1) + x (n) 

(b) y(n) = 0.65y(n-2) + 0.52y (n-1) + x (n) 

10. Derive the quantization input noise power and determine the signal to noise ratio of the system.  (Nov-2014)

11. Derive the truncation error and round off error noise power and compare both errors. 

12. Explain product quantization error and coefficient quantization error with examples (Nov-2014,April-2011,May-2014)

13. Derive the scaling factor so that prevents the overflow limit cycle oscillations in a second order IIR system.

14. The input to the system y(n)=0.999y(n-1)+x(n) is applied to an ADC. What is the power produced by the quantization noise at the output of the filter if the input is quantized to 

(a) 8 bits      (b) 16 bits                                                                                    

15. Convert the following decimal numbers into binary:                      

(a) (20.675)     (b) (120.75)

16. Find the steady state variance of the noise in the output due to  quantization of input for the first order filter y(n)=ay(n-1) + x(n)    

17. The output of an A/D  is fed through a digital system whose system function is 

 
H(z)=0.6z/z-0.6. Find the output noise power of the digital system=8 bits. 

18. a.Write a short note on limit cycle oscillation. (Nov-2010,Nov-2011)                                                                                                    b. Explain in detail about signal scaling.  ((Nov-2011,May-2012)

19. A digital system is characterized by the difference equation 

y(n)=0.95y(n-1)+x(n). Determine the dead band of the system when x(n)=0  and y(-1)=13

20. Two first order filters are connected in cascaded whose system functions of the individual sections are H1(z)=1/(1-0.8z-1)  and H2(z)=1/(1-0.9z-1 ). Determine the overall output noise power.           

UNIT V -DIGITAL SIGNAL PROCESSORS
1. Write short notes on VLIW architecture 
2. With suitable block diagram explain in detail about TMS320C50x DSP processor and its memory architecture.
3. Discuss in detail about pipeline operation of TMS320C50xx processors
4. Explain the various pipeline programming models that are adapted in DSP processors.
5. Write short notes on Von Neumann Architecture and  Harvard architecture.
6. Explain the  addressing formats and  functional modes of a DSP processor 
7. Explain in detail about Multiply and Accumulate(MAC) unit. 
8. Design a DSP based system for the process of audio signals in an audio recorder system 
9. Discuss the addressing mode used in programmable DSPs
10. Briefly explain the architecture of DSP Processor.

