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Question 1

a. Consider the signal x(¢) given as per equation below. Sketch the respective graph

according to the eguation given.

r+1-1<1 <0
L0<tg2
x{t) =
—t+32<1r<3
0, otherwiswe
(8 marks)
b. Define the difference between energy signal and power signal.
(5 marks)

‘c. Sketch as accurately as possible the real and imaginary parts of a complex
exponential sequence x(n), given by following mathematical expression and provide
the basis for the sketches:

x(n) = 2ektivoly . fp = —i—,woz

In=012,...
[3)

{7 marks)
d. Based on the part(a) for equation x(n), determine the first four values of the real part

forx(n);n = 0,1,2,3.
(2 marks)
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Question 2

a. Determine and sketch the discrete-time Fourier transform (DTFT) of a sequence,
x(n) = cos(wgn), wy = 22000
(10 marks)

b. In the double sideband suppressed carrier (DSBSC) modulation as shown in Figure
2 (b), the sequence in part (a) is multiplied by a high frequency cosine carrier,
Xeamer[n], of 100 kHz. Perform a Fourier analysis of the modulation system and

determine the resultant spectrum.

multiplier
x{n] —~ i

xc,arrier [ ﬂ] :'-

Figure 2 (b)
(10 marks)
¢. Prove that equation given satisfy the Fourier transform characteristics.
y(m)= D x(k)h(n—k)
k=—on
{5 marks)
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Question 3

Figure 3.1 depicts a cascade connection of two discrete-time LTI systems.

o [0 on [T 9
L el System2 |

winl= 31:[?;].-.- 2x{n -1+ 4xfn-2]
H,(zy=1+1z"

Figure 3.1

a. Use z-transforms to find H,(z)

(3 marks)

b, Determine the transfer function, H(z) for the overall system.

(5 marks)
c. Plot the poles and zeros of overall system, H(z) in the complex plane.

(6 marks)
d. Consider the system described by the difference equation

y(#)=2y(n—1)+2y(n~2) = x(n) +—12nx(n -1)
Analyse the equation into a z-transform and form pole-zero plot.

{2 marks)
e. Provide your justification on the system

{2 marks)
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Question 4

a. Consider a Linear Time-Invariant (LTI} system described by

1 1
y(m) =gy = 1) = x(@) +zx(n - 1)
Determine the frequency response of the system.
(8 marks)

. A sinusoidal signal of frequency 26 Hz is sampled at 20 Hz. Using frequency domain
analysis, predict the resulting aliasing effects in the time-domain.

{4 marks)
The response of a discrete-time system is characterized in the form of
y(nT + 2T) = e™ + 5x(nT + 27T)
Analyse the
. Linearity of the system A (5 marks)
ii. Time-invariance of the system (5 marks)

. An audio signal has a peak-to-mean power ratio of 12 dB. For a linear quantiser,
determine a number of bits needed for the A-to D conversion, in order to achieve a
signal to quantization noise in excess of 90 dB — a value typically required for audio
CBD formats.

{3 marks)
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Question &

a. Explain the difference between Chebychev and Butterworth filter.

4 marks]
b. You are required to design a FIR lowpass filter with the following specifications.

Sampling frequency = 8000 Hz
Passband frequency = 1500 Hz
Stopband frequency = 2000 Hz
3-dB Cutoff frequency = 1800 iz
Stopband ripple = 0.01

A Kaiser window is to he used in the design of the filter.

i.  Design a minimum order filter that will meet the specifications above, and
determine the expression for its impulse response,

[10 marks]

ii. You decide fo choose a Kaiser window parameter, g, that is larger than the

one you used in part (a)(ii). Analyse how this change will affect the response
of the filter that you have designed.

[5 marks)]

c. Digital fiters can be either Infinite impulse Response (IIR) or Finite Impulse
Response (FIR) types. Explain both characteristics.

{6 marks)
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APPENDIL
TABLE Al1 Common DTFT Pairs
Sequence BYFT
5[n] 1
5 — g} g I
1 i)
2w + 2k}
| Ean]
atufn} .jal<i ]
1 gaTie
~gul-n—1] ,lal>1 .
1= gel0

uln}

1 .
mi‘ Z ﬁg(iﬂ“}‘szk)

b %11

+ 1)@;;{;;] <1

| i (D
rrsina,{n+ 1} 1
s:;ipr ulal irf <1 1~ 27 cos Wy, e7I9 #rign/ie
shia , s e <
o - X(eh) = {0, w <lwlsn
T, O0gnsM sinfw(M +1}/2)
=1 " A e AL T 1
x{n} {G, otherwise oin (0] -
o

. ejnwﬂ

Yzt

2rl(tw — wy 4+ k)

cos {wgn + @)

[

[ref®8{w — wq + 2rek) + e 7P E(w + ey + 2wk}

famemes
TABLE AlLZ Properties of DTFT
Property 'Sc'q-hcm:e. BFFT
Lineanity ax[n] + by[n] aX(e’) + by (e!*)
Time-shift x5 g™y (gl
Time-reversal x[—nl X (e=1¢y
Modulation 2"t n} X (plte-wa)y
Convolulion x[n] = yinl X{ef“’)!’f_[ei‘")
Conpugation x'fnl X (e
Derivative nx(n]  dx (el
. d e .
T dar
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APPENDIX T
TABLE AllL1 Common z-Transform Pairs
Sequence ) - Transform RGOC
&ln] _ 1 All z
a’ujn 1 ' fz| > {d]
- I—gzt
—gPyul-n— 1] H iz] < {a]
1zt
u[n] ! lzl > 1
1 pk )
oy ‘ 1 <1
1o ztk
na"uln] gzt iz > |ai
{1~ gz" )%
—nau—n — 1] az™? izl <1d
(cos wemuin) 1~ (coswgre ™ lzl =1
_ 1—-(2eoswyiz t + 273
{sim wgrjuinl {sin wylz* lzi>1
1 —{Zeoswnizi 2R
{+# coswenjulnl 1—(rcosuigyz™* fz| > r
1~ (2rcoswplz=t & iz ?
(™ sinwgryu[n] (rsinagir? gl =r
1— (2reoswy)g R riz-?
x_(n):[a“,ﬁsnii\f—l T gzl R
. 0. gtherwise e
TABLE All.2 Properties of z-Transform
Property Sequence e-transform ROC
- Linearity axtnl + by[n} aX(z) + bY(z) Contains R, N R,
“Time-shift x{n —npyl - X(z) i R
Time-reversal ' x]—n] Xezmy 1/By
Exponentiation ax[n] X{a~iz) [l Ry
Convolution xin] * yin] X{z}¥(z) Containg Ry R,
Conjugation x*in} X (z") B,
Derivative nx[n] ) Rx
dz
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APPENDIX H
TABLE AliL1 Some Common Windows
1 0£n<EHN
Rectangular w(n)g_. {
¢ else
v
Hanning' w(,n): 0.5 0.5 008(“5‘}—-] 0=ns XN
0 else
- Hamming w(n)z _0.54“~ {).46005[%} D<ns N
0 else
Blackman w{n}: (.42 G.Sco{%} 4 G.Ogms[%} O<nsN
0 else
: 4 g . I U2
Kaiser _ LA -lin—a)lal) ] 0<n< N
- Wiz} = (B
4] else

'y the fiterature, this window is also called & Hann windew or a von Hann window.

2 The unit sample response of an ideal low pass filter

by =22

,GSI-TSN*LGZT-‘-%

TABLE Alll2 The Peak Side-Lobe Amplitude of Some Common Windows andg the
Approximate Transition Width and Stopband Attenaation of an N th-Order Low-

Pass Filter Designed Using the Given Window.

' Window Side-tobe Amplitude (dB) | Transifion w;dm'{af) Siophand Altenuation (dB)
Rectangular 43 0.9/N 21
Hanning ch| 3N -44
Hamming -41 3.3/N -53
Biackman 57 B.5IN 74
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APPENDIX Ui (CONT.}

TABLE AliLz Characteristics of the Kaiser Window as a Function of B.

Parameter, p | Sidelobe(dB) | Transition Width (NAF) | Stopband Attenuatien{dﬂj
2.0 TR 1.5 29
30 24 2.0 37
4.0 -30 26 45
50 -37 32 " 54
6.0 -44 3.8 T -83
7.0 51 4.5 ] 77
8.0 59 5.1 | -81
9.0 &7 5.7 50
100 73 | 5.4 | 99

Stopband attenuation o is refated to paramster b as follows:

0.1102(e, —8.7) g, > 50
B =40.5842(a, - 20 +0.07886(a, —21) 2Isa, =50
0.0 R AR A

N is related to the transition width Af and the stopband attennation as o, follows;

zm a‘gs 22&
14,364/

END OF QUESTION PAPER
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