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Question 1

(a) The impulse response of an electrical network is modelled by the exponentially
decaying pulse

t
h(t) =5x 10%= fort >0
=0 fort<o
The time-constant 7 of the network, where T = 1/a, is | ms. Work out the response of
the network to an input sinewave of amplitude 3V and frequency 200 Hz. . [5]
(b) Using the partial fraction expansion method, find the inverse of the following z-
transform
2
z°(z+1)
Y(z) = 1
(2) (z-1)(z2-z+0.5) - [ 3]
(c) Explain how the information is stored in the compact-disc as one of the DSP real
world application. Include illustrations where necessary. [5]
(d) State two (2) DSP applications. [2]
Question 2
. . z?
(a) Find x(n) if X (2) = sy [12]
(b) How do we reduce the spectral leakage effects? 1}
(¢) Consider the sequence
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Assuming that f; = 100 Hz
(i) Evaluate its DFT X(k) 4]
(i)  Compute the amplitude and power spectrum. (8]



Question 3

(a) Design a second-order digital lowpass Butterworth filter with a cut- off frequency of
3.4 kHz at a sampling frequency of 8000 Hz. [15]

(b) Given the filter
1+2z7 1 +z72

H(Z) = 1—~0.52"14+0.252"2

Realize H(z) and develop the difference equations using the following forms:
()  Direct—FormI (2]
(i) Direct- Form I 31

(c) A second-order bandpass filter is required to satisfy the foliowing specifications.

- Sampling rate = 8000 Hz - _

I
2. 3 dB bandwidth: BW =200 Hz
3. Narrow passband centered at f; = 1000 Hz
4. Zero gain at 0 Hz and 4000 Hz
Find the transfer function using the pole-zero placement method. {5]
Question 4

(a) Design a digital highpass Chebyshev filter with the following specifications: [20]
1. 0.5 dB ripple on passband at the frequency of 3000 Hz
2. 25 dB attenuation at the frequency of 1000 Hz
3. Sampling frequency of 8000 Hz

(b) Draw the digital signal processor based on the Harvard architecture and briefly
describe the additional units. 5]

Question 5

(a) Given the fourth-order filter transfer function designed as

0.5108z% + 10215z + 0.5108 0.3730z% + 0.7460z + 0.3730

H@) = ——55esia 04776~ > 2% + 04129z + 0.0790

Realize the digital filter using the cascade (series) form via second-order sections
using Direct-Form I and II. {10}



(b) Given an FIR filter transfer function
H(z2)=02+052z"*-032z"2+052z7% +0.2z7*
Realize H (z) using each of the following specified methods:

(i) Transversal form, and write the difference equation for implementation.  [3]
(i)  Linear phase form, and write the difference equation for implementation. [3]

(c) Consider a digital sequence sampled at the rate of 10 kHz. If we use a size of 1024
data points and apply the 1024-point DFT to compute the spectrum,

1)) Determine the frequency resolution. 1]
(ii) Determine the highest frequency in the spectrum. (2]

(d) Given the following difference equation with the input-output relationship of a certain
initiaily relaxed DSP system (all initial conditions are zero),

y(n) - 04y(n—1)+0.29y(n —2) = x(n) + 0.5 x(n — 1)

) Find the impulse response sequence y(n) due to an impulse sequence §(n) [6]



Table 1: Properties of z-transform

Property Time Domain z-Transform

Linearity axy(n) + bxa{n) T aZ{xy(m)) + hZ{x:(n))
Shift theorem x(n — m) o ™ X(2)
Linear convolution xi(mrxxlm) = 5 xi(n — K)xa(k) X1 (2)X2{z)

. k=0

Table 2: Partial fraction(s) and formulas for constant(s).

Partial fraction with the first-order real pole:

R R { | -
g _-p, : R . R=(z J2] z ..,
Partial fraction with the first-order complex poles: '
Az Az X(2)
+ A={z-P)—
(Z""‘P) (Z-’Pk) z, 259 4
P* = complex conjugate of P
A* = complex conjugate of 4
Partial fraction with mth-order real poles: -
Ry Ry R, 1 &1 ( X(Z))
+ o Rp=—r——l(z~
G-p) G-pF C—p)" =g\ )|

Table 3: Chebyshev lowpass prototype transfer functions with 0.5 dB ripple (£ = 0.3493)

n H p(s)

1 2.8628
5+2.8628

2 1.4314

: £4+1.42565+1.5162

3 0.7157
$4+1.2529524-1,534954-0.7157

4 0.3579 |
£+1.197483+1. 71695 +1.025554+0.3791

5 0.1789
£4+1.1725:4 41,9374 41,3096 55 +-0.75255+0.1789

6 0.0895

115929 +2. 17185 +1.5898 + 1171957 +0.432454-0.0948




Table 4: Summary of ideal impulse responses for standard FIR filters.

Ideal Impulse Response

Filter Type h{n) (noncausal FIR coefTicients)

Q

‘ = n=10

Lowpass: n) = { Ly

20 forn£0 ~M<n<M
Highpass: hn) = = n=0

SRpY --s—i“—%ﬂ forn#0 -—-M<n=M

By n=0

Bandpass: my=¢ .7 .
" R P

Bandstop:

?}"'ng-{-ﬂl n= O
h(n) = 9 B
- sin(Qum |, sin{{ln) . _
=t forn#0 -M<a<M

Causal FIR filter coefficients: shifting i(n) to the right by M samples.

Transfer function:

HE) =by+ bz bz 2 4 - byyzM
where b, =hln—M),n=0,1,-.-, 2M

Table 5: 3 dB Butterworth lowpass prototype transfer functions (¢ = 1)

n Hp(s)
I

1 T
2 v

S+1.41425+ 1

I B
2 $3 428242541 |

S+2.61318+34 :43.%-1-2 6131s+1
3 $54+3.2361H 4523613 +5.23615+3.236154+1

: 1

6 38637 L TAG IS 19 141657 +7 464155+ 3.863 7s+1




Table 6: Analog lowpass prototype transformations

Filter Type Prototype Transformation
Lowpass =, @ is the cutoff frequency
Highpass &, w, is the cutoff [requency
Bandpass %}ﬁ,woxm,ﬂ’=w~ws
Bandstop ;%: wy = \Jwiop, W =w, — w;

Table 6: Conversion from analog filter specifications to lowpass prototype specifications.

Analog Filter Specifications Lowpass Prototype Specifications
Lowpass: wy,, was vp = 1, Vs = W[,

‘Highpass: wgp, W vp= 1, v = wgp /gy

Bandpass: Wapl, Waph, Wasl, Bash vp= Ly = {—m

W0 = W apf@apk, W0 = \/Wag@ash

Bandstop: @, Waphs Gast, Gash vp = Ly = S0

WO = @l Waphy W0 = \fWadsh

g, passband frequency edge; wg, stopband frequency edge; wyy, lower cutoff frequency in
passband: @, upper cutoff frequency in passband; w,y, lower cutoff frequency in stopband;
wash, Upper cutofl frequency in stopband; w,., geometric center frequency.




The Z-transform

Region of
Line No. d#), n=0 z-Transform X{z) Convergence
e =
i Xm fo_n}:”"
=0
2 &{n) i izi >
3 aln} zfi fzj > 1
4 P o j m 2> 1
5 nuin) i‘ +1;3’ ff> 1
6 aulm A — 7> ld
7 e e 2l > e
8 i uln) G azﬂ}z izl > o
) ) £3in (g} bl
9 sin {en i) T rcosta) 1 2> 1
10 L z[z — cos{a)) L
o5 {anhdn) F5rcosia) 41 izi» |
. o fusm{M]: L
i1 a* sin {bn)uin) P {;ms{bil’ + & izl > i
e 2{z — acos{b) ,
12 @ cos(bryn) F _’{{Zam(b}}g i]_ - izl > ldf
A . . e sin (b2
13 e~ sin{bnuin} 5 —{253 = cos( b;}}: T jzl > e™
o 2z — e cos(b
1 ¢ oo {brutn) = -[ge"“ coﬂb‘;;' E o2 =1 > e
i5 2.APT cos{n® + dhln) 2'43 7 v‘i;

where P and 4 are
complex constants

defined by # = P04 = 4




