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Question 1
(a) A processor is described by the linear difference equation
yln] = x[n] + 4x[n - 2]

Find the transfer function of the processor and hence write down the unit sample
response sequence of the processor. [6]

(b) A unit-step function u(t) is sampled every T seconds. Find the z-transform of the
resulting sample sequence, assuming that the value of the unit step at time t = Qis 1.
What is the z-transform of the sampled unit step delayed by T seconds? [4]

{c) A voltage signal is modelled as the sinusoid
v(t) = 5cos(3t +0.5)

Express the signal in terms of the exponential frequency components and sketch the
frequency-domain representation of the signal. [6]

(d) List any two (2) digital signal processing applications. [2]

(e) Find the z-transform of the following:
i x(m=10u@ [2]
() x(m) = (0.5)"sin(0.25mn) u(n) [5]

- Question 2
(a) Given two sequences

xy(n) = 56(n) — 26(n — 2) and
xa(n) = 36(n — 3),

() Determine the z-transform of convolution of the two sequences using the
convolution property of z-transform. [4]
(i)  Determine the convolution by the inverse z-transform from the result in (i). [4]

(b) Find the inverse of the following functions:
10z z
0 X@=4 o5 L3

Zz=-1

. __ —5z 10z 2z
@ X(2)= T (z-1)2 + (z—0.8)2 3]




(c) Convert the following transfer function into its difference equation.

H(z) = 281
T 2241324036
[6]

(d) Draw the functional block of the digital signal processing scheme and state the
function of the last block in the diagram. {5]

Question 3
(a) Given the following difference equation,
y(n)=05x(n)+05x(n-1)

(D Find H(z) [2]
(i)  Determine the impulse response y(n) if the input is x(n) = 46(n); [3]

(b) Given the filter "

| —09z-1-0.1z-2
1 4+0.3z7! —0.04z-2°

H(z)=

Realize H(z) and develop the difference equation using the following form

() Direct-form I [5]

(i)  Direct-formII [5]

(iii)  Cascade (series) form via first order-sections [5]

(iv)  Parallel form via first oder-sections [5]
Question 4

(a) Design a S-tap FIR band reject filter with a lower cut-off frequency of 2 kHz, and an

upper cut-off frequency of 2.4 kHz, and a sampling rate of 8 kHz using the Hamming
window method. Then, determine the transfer function. [18]

(b) Design a bandpass FIR filter with the following specifications: [7]

Lower stopband = 0 - 500 Hz
Passband = 1600 - 2300 Hz
Upper stopband = 3500 - 4000Hz
Stopband attenuation = 50 dB
Passband ripple = 0.05 dB
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http:z2+1.3z+0.36

Sampling rate = 8000 Hz

Simply show the first five (5) FIR coefficients using the Hamming window.

Question 5

(a) Design a digital lowpass Butterworth filter with the following specifications: {20]
e 3 dB attenuation at the passband frequency of 1.5 kHz
» 10 dB stopband attenuation at the frequency of 3 kHz
e Sampling frequency of 8000 Hz

(b) A digital system is described by the following difference equation:
y(n) =x(n) - 025x(n—-2) - 11y(n - 1) — 0.28y(n — 2)

Find the transfer function H(z), the denominator polynomial A(z)and the numerator
polynomial B(2). [ 5]

»



Table 1: Properties of z-transform

Property Time Domain z-Transform
Linearity axi{n) + bxs(n) aZ(xi(n)) + bZ{x2(n))
Shift theorem x(n—m) o s X(z)
Linear convolution xi{myexa(n) = 3 xi{n — k)xa(k) Xi(2)Xa(2)

k=0

Table 2: Partial fraction(s) and formulas for constant(s).
Partial fraction with the first-order real pole:

R X{z
R=G@-pp— 9
z-p z p
Partial fraction with the first-order complex poles:
Az Az X()
A= (z B
Ate-7 Sl
P* = complex conjugate of P
A* = complex conjugate of A4
Partial fraction with mth-order real poles:
R Rin1 Ry t ¢! ( X(z))
+ +eet Re= :
C-p G@-p) G-p)f° = a— i \C )|

Table 3: Summary of ideal impulse r esponses for standard FIR filters.

Ideal Impulse Response
Filter Type h(n) (noncausal FIR coefficients)
% n=0
Lowpass: In) =
P ) = {”"m“"’ forn£0 -M<n<M
N 1—:_‘& n=0
Hi 5 n
ghpas () = a““‘f‘” forn#0 —M<nsM
-0 n=0
Bandpass: h(n) ={ . (0
nlly) 0@t forp £0 -M<n<M
] i {1 -Hl = 0
Bandstop: h(n) =
P () { m‘ﬂﬂ"’m“‘w’ forn#0 -M<n<M

Causal FIR filter coefficients; shifting A(n) to the right by M samples.
Transfer function:

H@) =by+ bz + bzl 4 byyz ¥
where b, = h(n— M), n=0,1,---, 2M




Table 4: The Z-transform

Region of
Line No. xn), n=0 z-Transform X{(z) Convergence
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where P and A4 are = -
complex constants




Table 5: Conversion from analog filter specifications to lowpass prototype

specifications.

Analog Filter Specifications Lowpass Prototype Specifications
LOW‘p&SS: w@, Wy vp = l, Vi = wm/wap
Highpass: @gp, @as Vp=1, % = /ey
Bandpass: @i, Waph, ©ad, Wash vp = 1,v; = Zet—el

aph ™ Copt
Wy = o\ fWgplGaph, W = \/Was Wysh

-,

Bandstop: wapr, Wophy Wast, Gush vp= Ly = T2

Wy = | fWup|Duph, WY = f W, Wack

wgp, passband frequency edge; w,., stopband frequency edge; wgy, lower cutofl frequency in
passband; @y, upper cutoff frequency in passband; w,y, lower cutoff frequency in stopband;
Wz, Bpper cutoff frequency in stopband; w,, geometric center frequency.




