50, will be treated as malpractice.

Important Note : 1. On completing your answers, compulsorily draw diagonal cross lines on the remaining blank pages.
2. Any revealing of identification, appeal to evaluator and /or equations written eg, 42+8

USN |/ 10EE64
Slxth Semester B.E. Degree Examination, Dec.2017/Jan.201
Digital Signal Processing :

Time: 3 hrs. © Marks:100
Note: Answer any“ FLVE full questions, selecting atleast TWO questioi;i from each part.
e PART - A N\

1 a. Perform mrcular emlvolut]on of two sequences using DFT & lDFT meihod (12 Marks)
‘ xi(n)=(1,1,2, 1) and x(n)=(1,2,3,4). «
b. Find the DFT of the sequence
x(n)=1for0<n<2:" )
0  otherwise ™
For N = 8. Plot magmtude and Phase spectrum of X(k). (08 Marks)
2 a. 14 —point DFT of 14 real time sequences is X(k). The\ first 8 samples of X(k) are given by
X0)=12,X1)=-1+j3, X(2) 3+ 4, X(3) =5, X@) =2 +52 X(S) 6+j3,
X(6) = 2 — j3, X(7) = 10. Find- he remammg samples of X(k). Also find Z|x(n)[
n=0
“ AN (05 Marks)
b. Compare Linear convolution with circula'f conv()lution 03 Marks)
c. Compute y(n) of a FIR filter with impulse response h(n)= (3, 2, 1) and x(n) = (2, 1, -1, -2,
-3,5,6,-1,2,0,2, 1). Use only 8 — point.; cnrcular convolution in your approach. Compare
the result by solving problem usmg i) Q\{erlap nge method ii) Overlap Add method.
(12 Marks)
3 a. Whatare FFT Algorithms? Show comparlson betwee DIT DIF — FFT Algorithms.
= (08 Marks)
b. Compute 8 — point DFT of the scquence x(n). Using DIT \,DIF FFT Algorithms.
xn)=(1,1,1,1, 1, 1, 1) ;;l o) (12 Marks)
4 a. Calculate the number~ of multlpllcatlons needed in the calculat{on of DFT & FFT with
N =4, 16, 64,256 and also find the speed improvement factor\ (12 Marks)
b. Compute IDFT of the- sequence X(k).
Xk)={4,1-j2: 414 0,1-j0.414,0,1+j0.414,0, 1 +j2.414}. (08 Marks)
5 a. Compare Dlglta‘ ﬁlter with analog filter. Also explain advantages and delsadvantages of
digital ﬁlter Iy (08 Marks)
b. For the gwen spec1ﬁcat10ns op=3dB, a,=16dB, f, = 1IKHz , f; = 2KHz. Determine the
order of the filter using Chebyshev type — I approximation. Find H(s) (08 Marks)
c. For the given specification a, = 1dB , a5 = 30dB , ©, = 200 rad/sec , Qs = 60! rad/sec.
Determme the order of low pass butterworth filter. ‘( ‘ Marks)
6 a “Explam the transforming of an analog normalized low pass filter into analog high pass; band...
/pass and band reject filter using frequency transformation methods. (08 Marks)”
b. Using Bilinear transformation design a high pass filter, monotonic in passband with cutoff

frequency of 1000Hz at a, = 3dB and down to 10dB at 350Hz. The sampling frequency is
5000Hz. (12 Marks)
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a. <§E§§idin the design of FIR filters using windows.
b. Des;cn a ﬁlter with

et
% <|w|<m.

Using Haiilming window with N = 7. (10 Marks)

a. Obtain Direct {orm ~ I, Direct form — II , Cascade and Parallel: form realization for the
system y(n) = 0 n-1) + 0.2y(n-2) + 3x(n) +3.6x(n-1) + 0. 6x(n ?) (14 Marks)
b. Realize the system\mEP}arallel form :
y(n) = -0.1y(n-1) + 0. 72v(}1 2) +0.7x(n) — 0.252x(n-2).

(06 Marks)

Comnns
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