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) A low-pass FIR filter i to be designed with the following specifications: passband 10 kHz,
stopband 11 kHz, stopband attenuation 50 dB, and a sampling frequency of 44 kHz. As-
sume that having better stopband attenuation is more important than having faster rolloff.
Determine the impulse response h(n) for this filter

b) Compute

ngin (m) with
x(n) = uln+ 1)~ uln —4) ~5(n - 5)
h(n) = [u(n +2) — u(n - 3)1.G ~ In])

a) The frequency response H(n) of a system is given in the polar form as follows:
MagH = {80, 31.305,8}
PhaseH =1{0,~0.4636, 31416}
‘where PhaseH(n) is given in radians.
Find the impulse response and step response of this system.

b) Explain how time domain aliasing and frequency domain aliasing occur within a signal

©)

resolution version of this signal having 1000 points. Desc

the frequency domain inter-
polation procedure needed to obtain your desired result.

a) Describe the problems associated with using the polar notation to represent the frequency
domain of a signal

b) Identify the factors that limit the frequency resolution of a signal.

©) The frequency domain representation of the input, X(n), and the output, ¥(n), of a system
is given in the rectangular form as follows:
X = (80 +0,28 - 141, =8 + 03}
¥ = {=80+0i,~70 + 1401, 24 + 0i}
Find the frequency response of the system in rectangular form.

a) Tilustrate the effect on the phase of  signal due to 4 right shift or left shift in the time domain
with relevant examples.
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b) Show how the bit reversal sorting algorithm is used to find the time domain decomposition 7
ofa 16 point signal in the Fast Fourier Transform (FFT) algorithm. (co2)
(o1

©) Explain how the FFT butterfly functions as 4 fundamental computation unit in the FFT 5+ 5
synthesis step. Nlustrate how the FFT buterfly is used to combine two § point frequency ~ (€02)

spectra into a single 16 point frequency spectra. (PoD)

5. a) Explain how FFT is more advantageous over DFI in terms of both time complexity and 9
accuracy. (con

ron)

b Suppo&e the flter kemel of a low-pass filter having the cutoff frequency 200 Hz is given as
~1,0,1,2,1,0,~1}. Assuming that the sampling frequency is 1 kHz, Calculate the
mw kernel for the follow'mg filters:

i. A high-pass filter having a cutoff frequency at 300 Hz. 5
(co2)

*o1)

ii. A band-pass filter that allows frequencies in the range of 200 Hz t0 300 Hz. 6
(o2

(eon)

i, A band-reject filter that stops frequencies in the range of 200 Hz to 300 Hz. 5
(co2)

(o1

6. a) Suppose you are given an arbitrary time domain input signal, x(n), and your DFT function 8
s providing the y calculating 16 point real (€03
DFT of the mpm signal: (Po2)
X(n) = {44 20,5~ 20,6+ 61,7 7,8 +1,7+0,6 = 20,5 +2i}
Justify how you know that your implementation of the DFT function is not correct.
b) The

7
B coz)
xi(m) = (-1,2,13 5 yyn) = 1.2,-1,0,1} (eon)
x(n) = {1,
*
X =041y ={1.2.1}
Here, the leftmost point is the origin for each of the signals and © represents the system.
Provide justifications regarding the time invariance of the system.

15 yum) = (-1.1,0.2}

) Explain why amplitude modulation is used in DSP. Describe its effect on the corresponding 4 +6
frequency domain of the modulated signals. oy
02)
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