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Question 1 

(a) Calculate the filter coefficients for a 5-tap FIR bandpass filter with a lower cut-off 
frequency of 2,000 Hz and an upper cut-off frequency of 2,400 Hz at a sampling rate 
of8,000 Hz. Also, find the transfer function. [12] 

(b) A second-order notch filter is required to satisfy the following specifications: 

• 	 Sampling rate = 8,000 Hz 
• 	 3 dB bandwidth: BW =100 Hz 
• Narrow passband centered at fo = 1,500 Hz 

Find the transfer function using the pole-zero placement approach. [6] 

(c) Draw the digital signal processor based 	on the Harvard architecture and briefly 
describe the additional units. [S] 

(d) List any DSP applications 	 [2] 

Question 2 

(a) 	 Design a highpass FIR filter with the following specifications: 

Stopband = 0-1,500 Hz 
Passband = 2,500-4,000 Hz 
Stopband attenuation = 40 dB 
Passband ripple = 0.1 dB 
Sampling rate =8,000 Hz [13] 

(b) 	Perform the FIR filter realization using the linear phase form for the designed filter in (a) [2] 

(c) In one of the DSP processors, the program efficiency is greatly improved by the use 
of registers, explain the functions ofthe registers [S] 

(d) Compact disc recording system is one 	of the DSP real world applications. Explain 
what happens during playback time and the purpose of oversampling in such DSP 
system. [S] 

Question 3 

(a) Design a second-order digital bandpass Butterworth filter with the following 

specifications: 


• 	 Upper cutoff frequency of2.6 kHz and 
• 	 Lower cutoff frequency of2.4 kHz, 
• Sampling frequency of 8,000 Hz. 

State the difference equation and the transfer function of the filter designed [IS] 

(b) Use direct Form I and II to realize the filter. 	 [8] 

2 



(c) Given the following difference equation, 

yen) = 0.5 x(n) + 0.5 x(n - 1) 

Find H(z) [2] 

Question 4 

(a) Compare the executions cycle of the two architectures, Von Neumann and Harvard 

(b) 

architectures? 

Find x(n) ifX(z) = (Z-1);:-O.5)2 

[10] 

[12] 

(c) Find the z-transform of the following 

x(n) = e-O . 1n cos(0.251rn) u(n) [3] 
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Table 1: Properties of z-transform 

Property Time Domain z~Transfonn 

Linearity aXI(l'I) + bx2(n) aZ('~l(n» +bZ(x2(n)} 

Shift theorem x(n - m) co z-mX(z) 

Linear convolution xl(n)*x2,(n) = .E Xt(n- k)X2(k) XI (Z)X2(Z) 


k~-o 

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

Partial fraction with the first-order real pote: 

R R = (z _ p) X(Z)l 
z-p z =""1' 
Partial fraction with the frrst.order comple.x poles: 

Az + A*z A = (z _ P) X(z)f 
~-~ ~-~) zL, 

~ =complex conjugate of P 

A* =complex conjugate of A 

Partial fraction with mth-orderreal poles: 


Rm + Rm-I'} + ... + Rl I t/-l (. X(Z») I 
Ric =(k _ 1)1 dzk-t (z - P'f' ~-;- z...p(z - p) (z - it (z - P'f' 

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

n 


1 1 
.HI 1

2 

3 
4 
5 
6 

Table 4: Summary of ideal impulse responses for standard FIR filters. 
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Idea1lmpulse Response 

Filter Type h(n) (noncausal FIR coefflCients) 


~}_{~ n=OLowpass: 
It - sin(fl.n) for It .J. 0 -M < It < M 

fllJr .,.. - ­

it-lie n =0 
Highpass: h(n} =7l'.

{ - sm(!lr,n) for n .J. 0 - M < nsM
11'11 .,.. ­

n"~l n=O 
Bandpass: h{n) ={ sin~HR) _ sin(ULn) for It -f,. 0 -M < n < M

flit II1i r - -

Bandstop: 

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

H(z) =bo +btZ-1 +Ih.z-2 +.,. buiz-2M 

where bfl = h{n - M}~ It ~ 0, t)· .. , 2M 

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

n Hp(s) 


11 s+l 
I2 

$2+1.41429+1 
I3 

I4 

5 

6 ii+3.86311 +7.4641S4 +9.1416$3+7.4641;t+3.8637s+1 

Table 6: Analog lowpass prototype transformations 
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Filter Type Prototype Tmnsformation 

Lowpass : ' We is the cutoff frequency 

Highpass 01; , (de is the cutoff frequency 

Bandpass 
r+m2 

.fWIl, (do = ../tDll»h. W =QJIJ - fIJI 

.Bandsrop /:;'2 ~ flJO 
Il 

= ..jllJl l1Jh.W = (011 - fIJI 

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

Analog Fitter Specifications Lowpass Prototype Specifications 
, 

Lowpass: Wqp. Was 

Higbpass: (dap. (gat 

Bandpass: WapI. Wap/f. Wasl. Wash 

wo = ..jWapJ(Qaph, <UQ = ..jW(lSlWa.th 

Bandstop: llJopl, Waph, Wasl. (i}ash 

lJJO =.jUJapltJJaph. <dO = ...jWa.dUJash 

W•• passband frequency edge; W(D, stopband frequency edge; wapi, lower cutoff frequency in 
passband; (l)qpl" upper cutoff frequency in passband; Wa:d, lower cutoff frequency in stopband; 
(Darb, upper cutoff frequency in stopband; (Do, geometric oenter frequency. 

The Z-transform 
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Region of 
Line No, .x(n). n~O z· Transfonn X(z) Convergen~ 

<lO 

1 x{n) Lx(n)z­
.-& 

2 8(n} t Iz!>O 
at

3 lIU(PJ) Izi >1z-l 

4 .tt) 
:z !z! > t

(z - 1)2 
z(z +1)

5 n'lt{n) lzl >t
(11' - 1)1 

z
6 ~) 1=1:> lat

I-Q 

1 e-itifu(n) 
it 

Izl> e­(z -r") 

8 M'u(R) 
az 

>1t4
(z - a)l 

zsin(a)
9 u(an)u(n) >1il - 2:00$(0) + I* -CO$«(I)1If) cos (an)t.(It) Izi > f

Z2 - 2zoos (0) + J 
[a sin (b)]z

it ansin (bn}u(n) >Iatz2 - [1400$(b)].: + ti­
:{z - aeos(b)]

II ancos{bn)l(n) Izl> 101 
Zl - [2aoos(b}]z + (12 

{e- sin tb)]z
t3 e- sin(bn)u(n) Izl> e­

Z2 - [2e- 00:8(o»z + e-1:a 
:[z - e-ll oos(b)J

14 e-- 00$ (bn)u(n) >e-tt
z2 - [2e-ll cos(b)jz + q-24 

Az A*z
15 2IAiIPf oos(n8 + tb)u(n) --+-­z-p z-P'where P and A are 

complex constants 
defmed by P :::;;; IPIL8.A = IAii~ 
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