DSP IAT 2 QP and Scheme and Solution

1. Using STOCK HAM’s method find circular convolution of the sequences, g(n)=58(n) + 2 &(n-
1) + 3 6(n-2) +4 6(n-3)and h(n) = n for 0<n<3.

DFT of g(n) — 3 marks

DFT of h(n) — 3 marks

IDFT of y(n) — 4 marks
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2. Find the output y(n) of a filter whose impulse response is given by h(n)=(3,2,1,1) and
input signal is given by x(n)=(1, 2, 3,3,2,1,-1,-2,-3,5,6,-1,20, 2, 1) using overlap-
add method. Use 7 point circular convolution in your approach.

Circular convoluted sequence — 5marks
Overlap add table — 5marks
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3. Find the 8-point DFT of the sequences X(N)=2"; 0<nN<7 using RADIX 2-DIT FFT algorithm.

Twiddle factors- 2 marks
FFT Signal flowgraph — 8 marks
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4. The first five points of DFT of a sequence are given as {7, -0.707-j0.707, -j, 0.707-j0.707,
1}. Obtain the corresponding time domain sequence of length-8 using RADIX 2-DIF FFT

algorithm.

Twiddle factors- 2 marks
FFT Signal flowgraph — 8 marks
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5. Design a los pass filter with an approximate frequency response given below using rectangular
window, w(n).

Ha(e®)=e72%; |w | < /4
=0;n/4<|w|<n
Determine the filter co-efficient h(n) if the window function is defined as below,

w(n) =1, 0<n<4



=0, otherwise

Hd(n) — 5 marks

H(n) — 5 marks
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5. Explain why windows are necessary in FIR filter design. What are the different windows in
practice? Explain in brief.

Necessity of windows- 2 marks

Each window- 2 marks
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6. Calculate the IDFT of X(k) = {0, 2.828-j2.828, 0, 0, 0, 0, 0, 2.828+j2.828} using INVERSE RADIX 2
DIT FFT algorithm.

Twiddle factors- 2 marks
FFT Signal flowgraph — 8 marks
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7. AnFIR filter is given by y(n)=x(n) + 2/5x(n-1) + 3/4x(n-2) + 1/3x(n-2). Draw the direct
and linear form realization.
Direct form 1 realization — 5 marks

Linear phase form realization — 5marks
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