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Subject: Digital Signal Processing Subject No.: EC31008 
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INSTRUCTIONS: Answer ALL Questions. 

Answer all parts of a question in the same place. 
Make proper assumptions if necessary with clear justifications. 
All symbols and variable;; have their usual meaning. 

' . 

1. Write down the Z-transform and the Difference Equation, whose frequency response is given by 

1 - jo ~ fj31V 
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2. Given an LTI system, with impulse response h[n] given by, 

~r"J == ti)~ ~ r~ I 

determine the steady state response for the excitation x[ n] = cos ( n n) u[n]. 

3. Consider the backward difference equation given by, 'fl ')L C"'J ~ :A.-(:11\J~ 'J<f"'--}.] 

Find h;nv[n ], such that cascaded with the difference system, we can recover the original signal back. 

4. (a) Find the Fourier Transform of x[n] = .>d {..,.. W o ~ 
n- ""-- ~ 

(b) State the condition for existence of the Z-transform. 

(c) Comment on the results of (a) and (b), whether they agree or disagree with each other, Why ? 

5. Find the Z- Transform ofw[n] = 

' ' 

6. Determine the cepstrum of the sequence, x[n] = 6 [n] +a 6 [n-N], given, Ia! < 1. 
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7. Consider the following relationship, [;to] 

'X(_'-) ~~~-c) "f(_"a;) 
- ~~~]qt(6)\_t 

Given Ha(z) = (l+z- 1)/2 & H1(z) = (1-z-1)/2, determine Go(z) & G1(z) such that the output is a replica of 
the input with a delay. 

8. Consider an ideal LPF H(z) with a cut-off frequency = n IM, is given by; 

... _ .. _ .. _,,,;;,;, 



Show that each polyphase subfilter Hk(z) is an all-pass filter. 

9. Develop an expression for y[n] as a function ofx[n] for the following relationship, 

10. (a) Let hLP[n] and hHP[n], be the impulse response of a Low-pass and a High-pass FIR filter with \:5] 
linear-phase. Show that one can obtain hHP[n] by, hHP[n] = (-1)" hLP[n]: 

(b) If we wish the resulting High-pass filter be symmetric, which of the four types of linear phase FIR 
filters can be used for the LPF design. 

11. An ideal analog integrator is described by H.(s) = 1/s. 

(a) Write H(z) of a digital integrator via bilinear transform. 

(b) Write down the difference equation relating x[n] and y[n]. 

(c) Sketch the magnitude and the phase response of the frequency response of the Analog Integrator. 

(d) Sketch the magnitude and the phase response of the frequency response of the Digital Integrator. Also 
draw its pole-zero plot. 

(e) Compare (c) and (d) and comment how well does the digital integrator is a close representation of the 
analog integrator. Is ther any restrictions on x[n] due to the presence ofthe pole. 

12. State the Alternation Theorem and sketch the flowchart how it can be used to design a minimum [toJ 
phase FIR filter. 

13. We are designing a linear phase FIR filter which has the following frequency samples. 

H (~. ) ;: j 'J Je. .. t.i>l '' 'l.. 
'3"2---- -L y'l.. I k! 3 
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(a) Sketch the direct-form realization (utilizing the symmetry of the FIR filter). 

(b) Sketch the Frequency Sampling realizatiOJ?. of the above filter. ComP,are (a) and (b). 

14. Discuss the aliasing in time domain, when we sample the DTFT. Derh:e the necessary expressions to Qt> J 
support your claim. How do we reconstruct the frequency response from the sampled DFT coefficients. 

15. Consider a real, causal sequence x[n] whose real part of the DTFT is given by, 

'~ o<erow - ---------~ / 
, .... '2-~Cn-t.> -+o< 

Determine X(z). [HINT: First calculate XR(z), x.[n]," and x[n] in order to calculate X(z)] 

/ 




