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Q1 (a) Given x[n]=2Hr+2]-7é[r+]1]+ 4fri{n—i-'-—l~} - drect(

Q2

{b)

(c)

w—1

e
(=)™ (u[r]- ujrn—a]) - 2r[n — 3] - 10un — 4]

(i) Separate x[n] as its odd and even pans and sketch both of them.
{7 marks)

(i  Find y[n] for yn)=x{2r- %] using step interpolation
(1 marks)

Classify the following as left-sided, right-sided or two-sided signals. Represent those
signals in a numeric sequence 1o SUPPOTL YOur answer,

() Z{n] = xfn+1]y[r] where x{#]=0.5(5[n]+ &[n+1]—28]n+3]) and
7] =3+u[n-3]

() Hn) =+ Su[-n-1]

iy (185n7k Z;.r] here 1, 0sn<3
nt=cos nxk — —] where k =
(i) ¢ 3 0, elsewhere

(6 marks)

Given a discrete signal xn]={1,6,a,7,—4,b} . If x, =1.83 and F, =19.17, find the

value of a and b if the value b> 0.
{4 marks)

Convolution is a method of finding the zero-state response of relaxed linear time-invariant
(LTI) systems, while correlation is a measure of similarity between two signals.

(a)

12ns3

Given x{ri]=(=3,12,6,0,9) for 2€n 52 and hirl= {C )
0 elsewhere
(i) Determine the convolution of x[n] and h[n] using sliding strip method
{6 marks)

(i)  Assume that x[n] and h(n] is periodic signal. Find the convolution using
cyclic method
{6 marks}
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(b}

(a)

(b)
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2-n

A systern have an input signal of x[s]=6 recr( Y

) + {%,—8, -5,2,4} and impulse
response A[r] = (2n+1Xuln]l-uin-2])-38[n-3].

(i) Find the comrelation r,[r] for the above signal for N=3

{6 marks)
(i)  Based on answer from Q2(bXi), find r,_[7]

{2 marks}

As an electrical engineer, you are required to make an analysis of digital signal. If
you are given an analog signal, with aid of diagram, explain the first step before you
can proceed this task.

{4 marks)

Consider a sinusoidal signal g(r)=3/, sin(800 + 60°) V is sampled at about 25%

gbove the Nyquist Rate. Given a dynamic range of this signal is £3V and it will be
encoded with 4 bits per sample. Determine for-1 <n <6:

{i) The discrete signal g[n]

(i)  The quantized signal using both truncate and rounding techniques gQ1{n] and
gQ2[n]

(iii}  The encoded signal for both quantization techniques ge1[n] and ge2[n]}

(iv) The quantization error for both quantization techniques £1[n} and £2{n]

(v)  Find the Signal-to-Noise Ratio (SNR) for both quantized signals

(vi)  Based on Q3(b) (v), comment the performance of both quantized signals and
which quantization technique give a minimum error

(vii) Suggest another way to improve the Signal-to-Noise Ratio (SNR)

{16 marks)



Q4

(a)

{b)

(c)

(a)

{b)

(c)
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Let X k] = {2, 0.5+0.866, 0.5 - 0.866,} . Compute its Inverse Discrete Fourier

Transform (IDFT)
(2 marks)

Given the Discrete Fourier Transform (DFT) pair of a discrete signal,
Hqnl=§{1,-2, 3,0, -1,1,2} <—>
Z,e k1= {4, A |, -323+5.555,3.72+2.32, B | |C|[101-074)} .

By using the properties of DFT;

() Find A, BandC

{ii)  Determine the sequence w{n] = z[-n] and its DFT
{3 marks)

The Discrete Fourier Transform (DFT) of a discrete signal, c[n] is given by
C,1k)]=4{6,3-1;,—8,3+1j}. Apply Decimation in Time (DIT) Fast Fourier
Transform (FFT) algorithm to get its discrete signal, c[n].

{15 marks)
Differentiate the region of convergence (ROC) of the following signals:
(i) Causal and anti-causal finite signal.
(ii)  Causal and anti-causal infinite signal.
{4 marks)

(i) Given u{n]{%—-z—l with its ROC : |z[ > 1. Modify the signal u[n] so that
z -
its ROC: |z] <1 and support your answer using defining relation.
(4 marks)
(i) By using the properties of 7-transform, determine the z-transform and the

ROC of the signal x[n] ={2[%) +%]u[n] {4 marks}

-1
Let X(z}= -!]—;'_?%'T _Calculate the inverse z-transform of X{z) by using long
3z 4z

division method for ihe following cases:
(i} Right-sided signal
(iiy  Left-sided signal
(Notes : Show the first 5 terms only)
{8 marks)
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(a)

{b)

()
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List down four applications area of the DSP processor in modemn life.
{2 marks)

Hz+1)
3z -26z+7
fo = 2 kHz. Use this filter to design a lowpass filter with a cutoff frequency of | kHz.

{10 marks}
Design a bandpass filter with a 3-dB bandwith of § kHz and a center frequency of 9
kHz. The sampling frequency is 35 kHz. Plot the response of H(2) in the range
0 < f <20 kHz with step size of 2 kHz.

A lowpass filter operates at 8 = 10 kHz, and its cutoff frequency is

(Hint: H(s)= e cutoff frequency is 1 rad/s ) (8 marks)

5+

Design an FIR filter using Hamming window (o meet ihe following specificanons:

Passhand: [1, 10] kHz
Stappband: [5, 6] kHz
4,=2dB

As=40dB

The sampling frequency, §=25 kHz.

{20 marks)
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Euler's Identity

et'? =cosft jsind

cosd = %(e’ﬁ' re?)

sing = ;—z[e” —e )

Finite Symmation Formula

n+l

Z |
Sat -t
k=) 11— a=l

4

Infinite Summation Formula

&

ot __L
k=) 1-a |ﬂ’1{1
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Table 1 : Properties of the Discrete Fourier Transform (DFT)

Property Signal DFT Remarks
Shifi x[r - n} Xy [R] e300 No change in magnitude.
Shift x[n ~ 0.5¥] -1 Xm-_.‘{k] :alf-period shift for even
Modulaticn x[nl/ 2mek /Ny k-4 ]
Modulation (- 17 x[n] X, [k —0.5N] ﬁalf—periud shifl for even
Folding *[-n] Xl 7] This is circular folding.
- i h Toton
Product xlnivln] = K orz K1® VK] Per“f Convolution is
Convolution x[1] ® y{n] X o [€ e [£] E Uﬂ:;fnluuﬂn is
Correlation x[n]® @ )in] P g [k]Y .E:F.I" [k] The correlation is periodic.
Central 1 N M-l
Ordinates x[ﬂ]_ EEXMT [k]* X per [U]-'- ;ﬁx[n]
N = &
— == (-1} X . 1k]| (¥ even),
Central "—[2] N;{ ) nﬂ[]{ ven)
Ordinates N n
X inr [E] = Z(— 1} x[n] (N even)
w=0
Parseval’s o 2
Relation E |.r[n] Y] §|X DT [‘t ]
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Tahle 2: Properties of z-transform.

Property Signal z-transform
Linearity ax, [1m]+ ayx,[n] a1 Xi(z) + a3 Xa(z)
Time reversal x[-r] X(z"

. . i) x{n - k) D)z X2
Time shifting | oy (n + %) ii) 2X(z)
Convolution xi{m)=xzm) Xi(z)XH(2)
Correlation Ty s, ()= ix, (e, {n-1) R, (z)=x, {z})(;,(z'] )
Scaling a'x(rm) Xa'z)
Differentiation | mx[n] z! EXH_(_.IEJ or - zfi@

dz dz
Ti .
dilil':fn:rcntiation ] - 2fp 1] X@)1 -2
Time integration i x(k) X{(z)= (i)
o z-1

Initial value lim hm
theorem "—» u‘t{”) I _}mX(z)
Final value Jim lim {71
theorem i — m.\'{ﬂ) |Z| - 1[ z ]X(Z)
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Table 3: Digital-to-Digital Transformations

From Band Mapping z 2 Paranteters
Edges
Lowpass X I—a o =sin[0.5(€2,, — €, )]/sin[0.5(<2, +€2,.)]
to l-az
lowpass
Lowpass | Q¢ Cz+1) & = —cos[0.5(S2y, + C )] feos[0.5(22,, - 2]
to z=1
highpass
Lowpass | [€2,€0] | «(z" + Az + A,) K = 1an(0.50,,)/an 0.5, - )}
t 2
- d':;m A2+ Adz4l | g o cos[0.5(€2, +2,)]/cos[0.5(02, -]
A =2aKiK+1) A, =(K-DIK+1)
Lowpass | [€4.€0] | (F+4z+4,) K =1an(0.5Q,,)/tan[0.5(C2, - <3}
1o 2
bandstop AT+ AZ+1 | g o _cos[0.5(02, + )] cosf0.5(02, - ©2,)]
A =2a/(K+1) 4, =—(K-DIK+1)

Table 4: Direct Analog-to-Digilal Transformations for Bilingar Design

| Frem Band Edges | Mapping s Parameters
- >
Lowpass to Q- z—-1 C = tan{0.302,.)
lowpass Ciz+1)
Lowpass to ) C{z+1) ' = tan{(.502,.)
mghpass z-1
Lowpassto | << | 22 -28z+1 (' =1an[0.5(€, —0))]. B = cosQ, or
band 2
andpass C(z8 -1} b= cos[0.5(Q, + Q)]
cos[0.5(Q2, - Q)]
Lowpassto | <<l | (22 -1) C = tan[0.5(Q, —£2,)]. B =cosL, or
bandsto 2
neop Z-2fz+1 g os[050, + )]
~ cos[0.5(€2, - €2,)]
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Table 5 : Windows for FIR Filter Design

Note: f,(x) is the modified Bessel Function of order zero.
Window Expression wjn], - 0.5(N - 1)< n < 0.5(N —1)
Boxcar 1
nrT
Cosi e
0310 DS[ N1 ]
2n
Ri sinc” . L>0
1€mann (N 1 )

Bartlen I— —2H—

N-1
von Hann (Hanning) | 0.5+ {15:0{ ;"”1]

. 2nx
Hamming 0.54 + .46 ms[ ]
N-1
Blackman 0.42+0 Scus{ 2nx ) +0 [}Ecos[ dnz J
) ' N-1) N-1
— —
Katser f.,(:rﬁ,jl 4[nt(¥ —1) ]
1,(=f3)

10
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Table 6 : Characteristics of the windowed apectrum for various windows.

Window Peak Ripple Passhand Peak Sidelobe Transition
dp=4ds Attenuation Attenuation Width
AWP (dB) AWS (dB) FWS = C/N
Boxcar 0.0897 1.5618 21.7 C=0.92
Cosine 0.0207 0.3600 33.8 C=210
Riemann 0.0120 0.2087 385 C=2.50
von Hann 0.0063 0.1103 44.0 C=32
{Hanning)
Hamming 0.0022 0.0384 530 C=347
Blackman | 1.71 x 10 2.97 x 107 75.3 C=57
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