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SECTION "A"
[20 Q.x 0.5:10 marks]

Select the most appropriate option.

I The function f(x) = x2 + 3 is
a. DC signal b. Random Signal c. Even Signal

2. The product of two even functions is an

a. Even function
c. Random function

J

b. Odd function
d. Deterministic function

c.4n

d. Odd signal

d.2n

4

For the system with input output relationship ylk) = Zxlk - 2),the impulse response is

a. 36lk - 2l b. dU( - 2l c.26lk - 2l d. dU{ - 1l

If a is zero in signal x(t):eqt, then the output of the signal is

a. exponential growing signal b. exponential decaying signal

c. sinc signal d. dc signal

5. The fundamental period of signal cos(4n) is
I
2

1I
a. b

4

6 If xlnT = 6[n - 1] + 26[n- 3] then xtn- 1l is.
a. 26ln - 21+ 6ln - al b. d[n - 1] + z6W - 31

c. 6ln - 2l + 26ln - 3) d. d[n - 2] + 26ln - al

While combined signal operation, if a is negative in xfa(t + B /a)] then
a. Signal is not flipped b. Signal is reversed
c. Signal is left shifted by a d. Signal is right shifted by a .

If the analog signal x(t) : cos(4000nt) is sampled at the rate of F,:4000 Hz. The
discrete time signal obtained after sampling is
a. cos(4000nn) b. cos(nn) c.4cos(rn) a.Zcos(rn)

7

8.



9 If f, is samping frequency and fn is highest frequency of the signal then for perfect
reco_nstruction of signal, the minimum value ofiampiing frequency must bea. 2f" b.f,/z c.2 d.3fn

The Fourier transform

?. converts the phasor domain to the magnitude domain
b. converts the frequency domain to the iime domain
c. converts the time domain to the frequency domain
d. is used to make real time spectrum analyiers

The value of twiddle factor Wf is

l0

l4

15.

16

17.

18.

19.

The Fourier transform of rectangular function is
a. sin function b. cos function c. derta function

The value of twiddle factor Wf is
b. I c. -l d.0

complex multiplication required for N point DFT is
b.;* bg2N c.4 Nz d. N * log2N

The total number of complex multiplication required for N point FFT is
a. Yz b.; - bg2N c.4 Nz d. N x log2N

The system function H(z) - 1rfi-r, has
a. 3 poles and one zero
a. 2 poles

a.0
c. -0.707 - j0.702

a.J

The total number of
a. 1112

The ROC of delta function is
a. Entire Z plane
c. Entire Z plane except z:oo

b.0.707 - j0.707
d. 1

b. 1 pole and I zero
d. 3 poles

d. sinc function

20

b. Entire Z plane except z: 0
d. Entire Zplane except z:0 and,z:q

If there are L samples of sequence and we need to operate N-point DFT (such that N>L),the number of zeros to be padded is
a. L-2 b.N-Z s.N_L d.N_1
Impulse Invariance method of IIR filer are . . . . .. mapping, from s_domain toz- domain.
a. one to one b. many to one c. many to many d. one to many

.. significantlf ga19s all frequency above cut_off frequency.a' Low Pass Filter b. High Pass Filter c. Band Pass Fiiter d. Band Stop Filter

iL

12.

13.
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[5Q ' 8:40 marks]
Attempt ANY FIVE questions.

l. a. Discuss the advan_tages of Digital Signal Processing over Analog Signal Processing. [2]b. Forthesignalx[n] : Zxlnl;-Z < n < 3 ingraph andfind 1t , +:-+1
i. x[n - 2]
ii. x[3 - n]
iii. x[2n]
iv. Energy and Power of the signal

c. Discuss the following terms: fl x 2:2)i. LTI Systems.
ii. Causal and Non-Causal System.

2. a. Discuss the use of Impu.lse train while sampling. t3]b. S-tate and prove time shifting-property of DTFT. [:]c. How circular convolution is different than linear convolutionz izi
3. a. Compute the circular convolution of following sequences [3]

xlnl = t0,L,2,3,Lj &h[n) - {2,1,1,2}
b. Use the butterfly diagram to compute 8-point DIT- FFT of the following t5l

sequence using radix-2 decimation in time algorithm, x(n) = {1/z,Yz,!2,1/2,0,0,0,0}.

4. a. Define Z Transform and Region of Convergence. Compute and find the Z-transform of

signal x[n] = t))""t"1- {))""t"- 101. [l+3]

b. Find the Lattice Ladder Structure of the following system. t4l

H(z) =

5. a. Explain the mapping relation between analog frequency and digital frequency in Impulse
Invariant Method and Bilinear Transformation. t5l

b. The transfer function of analog filter is Hr(s) = #,, with i, = 0.1 sec. t3l
Design the IIR filter by using Bilinear Transformation.

6. a. Explain FIR filter design using rectangular window. How can ringing effect in
Windows be reduced? [3+l]
Design a digital low pass-filter with desired frequency response Ha (u,) t4l
provided below. Find the impulse response of FIR filter of length M:7 satisfying the
criteria using rectangular window defined by W{n]. Does the resulting filter have
linear phase?
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2; -Tt/4 < lwl <Tt/4
0; otherwtse
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Ha(w): & wtnt = tl 2;:;,:,




