
INDIAN INSTITUTE OF TECHNOLOGY KHARAGPUR
End-Spring Semester 2017-18

Date of Examination : 26-04-2018 Session: AN
Subject No. : EC3l 008 Subject: Digital Signal Processing

Duration: 3 hrs Full Marks: 100
Department: Electronics & ECE

Specific charts, graph paper, log book etc., required: No
Special Instructions (if any): Answer must be brief and to the point with clear mention of necessary assumption.
Handwriting must be legible. Diagram / Sketch must be neat and properly labeled. Total: 5 questions in 2 pages.

1. (a) A discrete-time system is defined by the difference equation, y[n] = x[n] + x[n - 10]. Compute
and sketch its magnitude and phase response for frequency 0 to 2rr. Determine output y[n] of this

system if the input to it is, x[n] = cos (nIT) + 3sinCIT +~).10 3 10
(b) Realize the system defined by y[n] = -0.2y[n - 1] + O.ly[n - 2] + x[n] - O.lx[n - 2] using
Direct Form 1.Apply transposition theorem on it to arrive at an alternate realization.

(c) Show with illustration how sampling in frequency domain can be useful in FIR filter design.
Comment if IIR filter can also be designed by such sampling.
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2. (a) Design a causal high pass digital FIR filter using rectangular window of length, N = 11 for which
ideal frequency response with pass band edge frequency of tt / 4 is desired. Express the filter in terms of
H(z) and H(eiw). Find the magnitude of the frequency response at frequencies rr/2 and tt . If the
designed filter deviates from ideal frequency response, comment why so.

(b) In 2(b), consider that the rectangular window is replaced with same length Hamming window
N-1 N-1

defined by, w[n] = 0.54 + 0.46 cos 2rrn/(N - 1) for -- ~ n ~ - and w[n] = 0, elsewhere. Find2 2
H (eiw) of the resulting filter. Find the magnitude of its frequency response at frequencies tt /2 and tt

and comment on the difference, if any with corresponding results obtained in 2(a).

(c) Give mathematical representation of the function which is minimized in optimal FIR filter design.
State Alternation Theorem and show how it is useful in this design.
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3. (a) Two 4-point sequences are defined as x[n] = cosCn
) and h[n] = 2n for n = 0,1,2,3. Calculate 4-

2

point DFTs,x(k) and H (k). Calculate 4-point circular convolution of x[n] and h[ n] directly. Calculate
inverse OFT of the product of X(k) and H(k) and compare it with the previous result.

(b) If x [n] of 3(a) is input to a system defined by impulse response h [n] as given in 3(a), find the output
of the system through OFT-10FT calculation.

(c) What is the usefulness of overlap-and-save method? Derive necessary mathematical representation
and explain how it can be computed.
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4. (a) Draw the signal flow diagram of 8-point FFT computation by decimation-in-time algorithm. Using
this, compute DFT coefficients X(k) for the discrete time sequence, x[nJ = {l,2,3AA,3,2,l}. Show
signal value at each node of the signal flow diagram i.e. after every mathematical operation in the signal
flow. Compute 8-point DFT of x[nJ directly from basic DFT equation and compare the result obtained
through the FFT computation.

(b)Write the equation for 8-point IDFT, and from it calculate x[nJ if X(k) is as obtained in 4(a). Show
how FFT algorithm of 4(a) can be modified to calculate 8-point IDFT that will give computational
advantage (No computation of value is required.)

(c) Show why DFT coefficients are arranged in bit-reversed order in FFT computation by decimation-in-
frequency algorithm. Accordingly, give the order of DFT coefficients in 16-point DFT computation by
this method.
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5. (a)For a real, causal sequence x[nJ,it is given that lm{X(ejW)} = 3sinw + sin(3w). Calculate
x[nJ and show if you can get a unique solution of it. Ifit is additionally mentioned that, X(ejW) = 3 at
W = IT, what would be the value of x]n]? Hence, calculate Re{X(ejW)}.

(b) Show why Hilbert Transformer is termed as a 90 degree phase shifter. How can it be used to
calculate instantaneous frequency?

(c) Find a realization of H(z) = 1- O.SZ-l + 0.4z-2 - 0.3z-3 + 0.2z-4 - O.lz-s using polyphase
decomposition in which number of channels to be considered is 2. Show a block diagram of its
realization at the end. (No requirement of derivation I theoretical proof.)
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