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Question 1

() Considering the sequence x(0) =1,x(1) = 2,x(2) = 3,x(3) = 4, and given f; =
1Q0 Hz, T=0.01 seconds, compute the amplitude spectrum, phase spectrum and power
spectrum using the Hamming Window function. [20]

(b) Find the inverse z-transform of the following function [5]:
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Question 2

(a) Given the filter

1 —-09z " =01z 7
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H(z) =

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

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

(b) Given a sequence x(n) for 0 < n < 3, where x(0) =1,x(1) =2,x(2) =3,2x(3) =
4. Evaluate its DFT X (k) using the decimation-in-time FFT method. [5]
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(c) Find x(n) if X (2) = (z-1)(z-0.5)2

(10]

Question 3

(a) Convert the following transfer function into its difference equation. [3]

Z2-0.52+0.36
H(z) = —F—

(b) Design a bandpass FIR filter with following specifications: [10]

Lower stopband = 0-500 Hz
Passband = 1600- 2300 Hz

Upper stopband = 3500 - 4000 Hz
Stopband attenuation = 50 dB
Passband ripple = 0.05 dB


http:Z2-0.5z+0.36

Sampling rate = 8000 Hz

State all the coefficients.

(c) Describe the basic mechanism of circular buffering for a buffer having eight data
samples. [5]

(d) What is Gibb’s effect in FIR digital filters? How does it originate and how to remedy
this problem? [4]

(e) State the advantage of the floating point processor. [3]

Question 4

Design a digital bandpass Chebyshev filter with the following specifications:

- Center frequency of 2.5 kHz
- Passband bandwidth of 200 Hz, 0.5 dB ripple on passband

- Lower stop frequency of 1.5 kHz, upper stop frequency of 35 kHz
- Stopband attenuation of 10 dB

- Sampling frequency of 8000 Hz

Show all your work! [25]
Question 5

Design a digita] bandstop Butterworth filter with the following specifications:

- Center frequency of 2.5 kHz

- Passband width of 200 Hz and ripple of 3dB.

- Stopband width of S0Hz and attenuation of 10 dB
- Sampling frequency of 8000 Hz

Show all your work! | [25]



Table 1: Properties of z-transform

Property Tmme Domain z-Transform
Linearity axy(n) = ha(n) aZ{x(n)) + bZ{x2(n))
Shift theorem x(n - m) s 2 X()
Linear convolution xi{mrxa(n) = 3 xi(n - k)xa(k) X)X ()

i

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

Partial fraction with the first-order real pole:

R , X(z)
Rz~ -
z-p = o
Partial fraction with the first-order complex poles:
Az Az o A (2)
+ A=(z~P '
P - P E-R= op

P = complex conjugate of P
A" = complex conjugate of A
Partial fraction with mth-order real poles:
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Table 3: 3 dB Butterworth lowpass prototype transfer functions (& = 1)
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Table 4: Summary of ideal impulse responses for standard FIR filters.



Ideal Impulse Response

Filter Type h(n) (noncausal FIR coefficients)
Q
= n=0
Lowpass: h(n) = ¢ = @) ¢ | .
— orn#0 -M<ndM
E:& 3 g 0
Highpass: h(n) = { _sin(fn) forn#0 -~M<nsM
nir -
{ Q-1 —
Bandpass: hmy=¢ % :
: ’ Qg1 ¢ . ]
smn;n _ sm?m,u forn féo ~M<n<M
d . e =0
Bandstop: (1) = : .
sin () | sin{fy
-3t 0O forn£0 ~M<n< M

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

Transler function:

H(z) = by + bﬂ{é’”l -+ f)g.’f"z A “53;,{Z"2M
where A, = filn - M), n=0,1,--,2M

Table 5: Chebyshev lowpass prototype transfer functions with 0.5 dB ripple (¢ =

0.3493)
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Table 6: Analog lowpass prototype transformations

Filter Type Prototype Transformation
Lowpass o> @, is the cutolT frequency
Highpass 2, w, is the cutoff frequency
Band . oy e ,
anapass PR U A Aoy )
. ; s P g .
Bandstop Fral @0 = Oy, W = wyp — oy

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

Analog Filter Specifications Lowpass Prototype Specifications

Lowpass: wgy, @as
Highpass: @y, @4

vp = 1 ¥ = 00
vy = 1 v wapf Wy

04 - 4 s - : : _w
B&ﬂdp‘ms- Capls Waphs Wacly Wash T Lyg = ::: i,
! i
Wy T fBapl Wph, W) F /Wyl Washy
/ 4 L oo, Sy~ Byt
Bandstop: Qgply Waphy Waxt. Wash vp = Ly =

e = 05}
g = f0apfWaply, W = *,/(:}(mfwflﬁ;f}
w.. passband frequency edge! o, stopband [requency edge: wyy, lower cutoff frequency in
passband; wyyp, upper cutoff frequency in passband; wyy, lower cutofl frequency in stopband;
wan, Upper catoff frequency in stopband; w,, geometric center frequency.




The Z-transform

Line Mo, x(n) n=d
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