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General Instructions

1. Read all instructions carefully before answering the questions.
2. This question paper consists of Five (5) questlons m Four (4) pages
3. Answer all questlons All questions carry equal marks { ”
4. Answer for each question should commence from a new .page._ N
5. This is a Closed Book Test (CBT). ST
6. Answers should be in clear hand writing.

7. Do not use Red colour pens.
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Question 01 (20marks)
a) Define Discrete Time Fourier Transform (DTFT) for the sequence x[n]. (2marks) .
b) If the DTFT of a signal x[n] is known explain how to find x[n]. (Zmarks)

c) Define the z-transform of a discrete-time sequence x[n]. What is the region of convergence
(ROC)?

(Zmarks)
d) If the z-transform of x[n] is X[z], derive an expressions from first principles for the z-
transform of y[n] in terms X[z] for the following: ' ‘ ' (8marks)
i) yln]=x[n—n]
(i)  ylnl= a™x[n]
e) Find z-transform of u[n] from first principles. (2marks)
f) Find the inverse z-transform of X(z) = ————E:-l—-—_—; for ROC |z| > 1. | (4marks)

2-3z"%+ z
Question 02 (20marks)

a) The continuous time signal x(t) = sin(207t) + cos(40mt) is sampled with a sampling

period T to obtain the discrete-time signal. (4marks)

[n] =i 7m+ 2nn
xi{n] ='sin g cos S

Determine a choice of T.

b) A systém is defined By the input output relation as, v (4marks)
y[n] = cos [x(n)] | '
Find whether the system is causal.

¢) A sinusoidal signal can be written as (4marks)
k
x[n] = Acos (—I:n + a)
where k and L do not have any common factors.

Prove that x[n] is not periodic.

d) Consider the following system, which computes the sum of a signal from time 0 up until time
n: -

n
ylnl = Txlnl) = > x[K]
' k=0
Where x[n] is the input and y[n] is the output.

I.  Show that the system is linear. : (3marks)
II.  Show that the system is not time invariant. (3marks)
III. Is the system bounded input bounded output (BIBO) stable? - (2marks
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Question 03 (20marks)

a) The input x[n] and the output y[n] of a causal system is related by the followmg d1fference

equation:
ylnl = 2yln =11+ Zyln — 2] = x[n].
" I Find the system function H(z). L ' - (4marks)
II.  Find the impulse response h[n]. » o . . - (4marks)
b ‘ ,
X[n] Y[n]
2 >
y
z! z!
5 5 |
: Figure |
For the digital filter shown in Figure 1, _
I.  Write state space equations. : S R - C - (6marks)
II.  Find the frequency response H (e/%). S, ' (3marks)
III.  Find whether the filter is an FIR fiter or an IIR filter. ; (3marks)
Question 04 (20marks)
a)

I. Sketch the frequency response of a non-ideal lowpass ﬁlter and mark 1mportant reglons

II.  Compare one critical parameter of a non-ideal filter w1th an ideal filter.
: -'(4marks)

b) It is necessary to design a low pass filter havmg a ﬁmte 1mpulse response w1th following
characteristics: - :
Pass band cutoff frequency = 7 kHz ; '
Stop band cutoff frequency = 8 kHz w1th at least SOdB attenuation
Sampling Frequency = 40 kHz : , : _
I.  Convert pass band and stop band frequencies 1nt0 dlgltal frequen01es _ (Zmarks)

II. ~ Calculate the cutoff frequency w,. - - (2marks)
III.  How can the causality of the filter be obtained? ? (2marks)
IV.  Select a suitable window function to satlsfy the requlrements B (2marks)

V.  Find the length N of the filter.. , ~ (4marks)
VI.  Write an expression for the impulse response h[n] of the filter. ' (4marks)
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Question 05 (20marks)
Briefly explain the following:

a) Upsampling and downsampling. (4marks)
b) Realization of digital filters.
1. Realization by inspection of the difference equation (2marks)
II.  State space realization of an IIR filter (3marks)
III.  FIR filter realization using window functions (3marks)
¢) Kalman filtering. (4marks)
d) Estimator model of a Kalman filter. (4marks)
Typical Window Functions
Window Type w(n) Aw Attenuation
Rectangular 1 4n -13dB
N
Bartlett 2 (N -1 | N-1 ) 8n -27 dB
N—1\ 2 "7 72 N
Hanning 0.5+ 0.5 cos(z—n—r—l—) 8n -32 dB
N-1 N
Hamming 0.54 + 0.46 cos(2™) 8m -43 dB
N
Blackman 042 + 0.5 cos(Z2) + 0.5 + 0.08 cos(222) ‘8z | 53dB
N
- Z Transform Pairs
Sequence Transform ROC
S[n] 1 All z
8[n-m] z™m All z, except 0 (if m> 0)
or « (if m< 0)
a™ u[n] 1 2| > la|
1—aqaz71
—a™ u[-n— 1] -1 |z| <1al
1—qz"1
na™ u[n] az™? 2| > |a]
(1-az 1)?

Sum of an infinite geometric series: )., ar

n-1 —

17

Z Transform Formula: X(z) = Y x[n].z™
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