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ANSWER ALL QUESTIONS


Equipment or materials required – Calculator, Formula Sheets


Question One (15 marks)
The input x[n] and output y[n] of a discrete-time system are related by
Y[n]=x[2n]+8
i. Is the system Linear? Justify your answer.
ii. Is the system Causal? Justify your answer.
iii. Is the system time Invariant? Justify your answer.

Solution i
determine the outputs y1(.) and y2(.) corresponding to the two input sequences x1(n) and x2(n) and form the weighted sum of outputs:
y1(n) = H{x1(n)} = x1(2n)+8
y2(n) = H{x2(n)} = x2(2n)+8
The weighted sum of outputs (add the two output) = a1 x1(2n) + a2 x2(2n)
                                                                                                8(a1+a2)                    ------------------------------------------------------------------------------------ (1)
ii) determine the output y3 due to a weighted sum of inputs: a1 x1(n) + a2 x2(n) 
y3(n) = H{a1 x1(n) + a2 x2(n)} = a1 x1(2n) + a2 x2(2n) +16                                ----------------------------------------------------------------------------------- (2)
Check if (1) and (2) are not equal. 
In this case the system is not linear 						[5]









Solution ii
y(n)=x(2n)+8
 is Not causal since y(n) at time n=1 depends on future value x(2) of the input signal.
											[5]


Solution iii
The output y(n) corresponding to input x(n) is
 y(n) = H{x(n)} = x(2n)+8
Delay this output by k ( replace n by n-k) to get 
y(n–k) =  x(2n–2k)+8     --------- (1)
For the input x(n–k) the output is
y(n, k) = H{x(n-k)} =  x(2n-k)+ 8    ---- (2)
Since (1)  & (2) are not equals , 
the system is time-varying.								[5]













Question Two (15 marks)
A causal discrete time (LTI) phase FIR filter is described by the impulse response

h[n]=[2 -1 1 2]   

If the system input is given by:

x[n]=[1 -2 3 2]

a) Sketch the impulse response of the filter (			
b) Determine the signals,  and sketch it	
c) Use tabulate time domain convolution to find the system output y[n].

Solution (a)

a) 
n
h[n]












[2]
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[4]
Solution C,

h[n]=[2 -1 1 2]       x[n]=[1 -2 3 2]


[image: ]



[image: ]













Resulting output signal y[n] is 4+4-1=7 points


Y[n]=[2 -5 9 1 -3 8 4]

											[9]











Question Three (30 mark)

a) Use the z-transform table provided to find the z-transform of the following sequence:
x(n)=25sin(0.167𝝅n))u(n)
From the properties of z-transform table, we have

X(z)=z(25sin(0.167𝝅n))u(n)=25z(sin(0.167𝝅n))u(n))
[bookmark: _GoBack]        	                     
X(z)=25(zsin(0.167 𝝅)/(+1)
	                   
X(z)=25*z*0.5/(*0.865+1)
	                   
X(z)=12.5z/(+1)	

									[6]


b) The input x[n] and output y[n] of a causal discrete time LTI system are related by the following difference equation

	y[n]+1.2y[n-1]+0.3y[n-2]-x[n-1]+x[n-3]=0
         
Find the transfer function H(z).

y[n] + 1.2y[n-1] + 0.3y[n-2] = x[n-1] - x[n-3]

Taking z transforms term by term (applying time shiffiting) and we get,
Y(z) + 1.2z-1Y(z) + 0.3z-2Y(z) = z-1X(z) + z-3X(z)

Factoring out Y(z) on the left side and X(z) on the right side:
(1 + 1.2z-1 + 0.3z-2)Y(z) = z-1 (1 - z-2)X(z)

The transfer function (TF) is



										[12]

c) The input x[n] and output y[n] of a continuous-time LTI system is given by  the following difference equation

y[n]-(1/2)y[n-1]+(1/16)y[n-2]-x[n]=0

Produce an expression for the frequency response function of the system H(e^jω) .
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										[12]
Question Four (40 mark)

a) Calculate the filter coefficients for a 3-tap ideal FIR low pass filter with a cut off frequency of 1000 Hz and a sampling rate of 10000 Hz using the Fourier Transform method.

We first determine the normalized cutoff frequency

 radians

3-tap FIR lowpass filter In this case


Therefore




Using symmetry,   

To remedy the noncausal Delaying h(n)  by M=1 samples using


Filter Coefficients
b0=h(0-1)=h(-1)=0.1871
b1=h(1-1)=h(0)=0.2
b2=h(2-1)=h(1)=0.1871
											[10]
b) Designs a 5-tap bandpass FIR filter who’s lower and upper cut off frequencies are 1000 Hz, and 1250 Hz respectively. Assume the sampling frequency is 5000 Hz, list the FIR filter coefficients


We first determine the normalized cutoff frequencies
 radians
 radians
In this case, 




therefore, the  FIR coefficients are 









Using the symmetry property




Thus the filter coefficients are obtained by delaying by samples, as

[image: ]											[15]
c) Briefly explain the meaning of :

i. Time Division Multiplexing TDM

ii. Modulation and demodulation


iii. ASK digital modulation


iv. FSK digital modulation



v. Baseband System 

[15]
Diwedd/End

[image: ]Properties of z-transform table 











Formulas for Ideal FIR filter coefficient calculations.
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h[n]

X[n] 1 -2 3 2

X[0]h[n] 2 -1 1 2

X[1]h[n-1] delay -4 2 -2 -4

X[2]h[n-2] delay delay 6 -3 3 6

X[3]h[n-3] delay delay delay 4 -2 2 4

Y[n] 2 -5 9 1 -3 8 4




image4.emf
𝒃 𝟎 = 𝒉 ሺ 𝟎 − 𝟐 ሻ = 𝒉 ሺ − 𝟐 ሻ = − 𝟎 . 𝟎𝟗𝟑𝟓𝟓   𝒃 𝟏 = 𝒉 ሺ 𝟏 − 𝟐 ሻ = 𝒉 ሺ − 𝟏 ሻ = − 𝟎 . 𝟎𝟏𝟓𝟓𝟖   𝒃 𝟐 = 𝒉 ሺ 𝟐 − 𝟐 ሻ = 𝒉 ሺ 𝟎 ሻ = 𝟎 . 𝟏   𝒃 𝟑 = 𝒉 ሺ 𝟑 − 𝟐 ሻ = 𝒉 ሺ 𝟏 ሻ = − 𝟎 . 𝟎𝟏𝟓𝟓𝟖   𝒃 𝟒 = 𝒉 ሺ 𝟒 − 𝟐 ሻ = 𝒉 ሺ 𝟐 ሻ = − 𝟎 . 𝟎𝟗𝟑𝟓𝟓  


image5.png
o9~ 0
Home

1

= — —

Introduction -DSP3-Rabya-old - Microsoft PowerPoint

Insen Pageloyout  References  Mallngs Inset  Design  Tanstions  Anmations  SideShow  Review  View -0
¥ cut G gem <t | A & | Aae N 3 Find - ¥ cut [ tayout - T x . 1z Tt Direction - \\Ooo - 1 shape Fill - B Fina
Ba Copy AN |ar|B N Ly assbceo AaBbCi Aasbce AAB aasvee 2, Replace (3 Copy - =) Reset <% = Edaigntex - AL LSO t @ 2 shape Outline « | 5, Replace -
P S romatranter [B] 7 U e xo x| %A [H | &- - NoSpacng Headingl Heading2  Tle  Subtile |<| ChOnOC| e P Fomatpainter | gien- “Ssection~ | B § e - har | A- B comvertto smarat - || % N Y #p[5] A9 UK G rape ereas - | Iy seteat s
Cipboard Font 5 Paragrapn 5 Styes 5| eating ipboard siges Font 5 Parsgrapn 5 Drawing | eating
[] r
E R — L T e
E 1\
[rable-of-z-transform-pairsq
B ies of fi
] lne- signalt ZTranstorm Regionof Propertles of z-transform
g Nox x(m), mz0m X@n Convergencers
= - u
H w Y x =m x —— N
) =] Property Time Domaj z-Domai ROC
E . = — —
2| 2 S b Entire z-planert Notation x(m X@) ROC: 1y < 21 <1y
g aun) i Izl > 1 i x(n) X (2) ROC,
a & oo B s x(n) X2(2) ROC,
B x mueou e [FISTE Linearity ayx(n) + ayx(n) @ Xy(2) +a: X(2) Al least the intersection of ROC,
: o and ROC;
o s2 w?u(nn e Izl > 1n Time shifting x(n—k) ' X@ That of X(z). except z =0l k > 0
2 = ® andz=ooil k<0
o ot e Izl > lalx Scaling in the z-domain  a"x(n) X lalry < |21 < lalr,
7 e un — > e * Time reversal x(-m) Xz Lol B
" 3 . oy Roc r
et on S ot " Conjugation x*(n) Xz ROC
e Real part Relx(n)} X @+ X)) Includes ROC
2 sin & !
ox  sin(am) u(mn = Izl > [l Imaginary part Im(x(n)) dx@ - x @) Includes ROC
2(z- cos : o dx
o8 costam) u(n Zlemcos@) st * Differentiation in the ~ nx(n) - ne<lzl<n
22— 2zcos(@) + 1 z-domain dz
lasinb)l 2 & i
1% a® sinGm) u(n T ] Izl > lals Convolution xi(m) w xy(m) @) Xa(2) At least, the intersection of ROC,
21z—a costh)] B and ROG,
128 a" cos(bn) u(n)n - Racosdlz a2 Izl > lalx Correlation Py = x s x0(=0)  Ryy@) = Xi@ X" At least, the intersection of ROC of
e Lo~ sintb)] = ey % Xi(z) and X3z™")
o~ sin(bn) u(n Sl - -
= o o e Initial value theorem  1f x(n) causal *(0) = lim X(2)
zlz—e ™ coslb)] " o
& cos(bm) u(n] T e ™ . . 1
190 o T el sen Multiplication x(myxa(n) rﬁx.mx. (G)otan Avteast rury < fel < rira,
x v
214IIPI" cos(nd +§) ul)where P 4. 4, i 3 1 !
152 and Aarecomplexconstantsdefined byl 5 + = ® Parseval's relation 3w = mﬁx.(w){;u/u‘)u"d--

P=1Plc6;A=alzgn

T o

“m 4

Click to add notes





image6.png
Filter Type Ideal Impulse Response
h(Kk) (non-causal FIR coefficients)
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Causual FIRfilter coefficients: shifting h(n) to the right by samples.

Transfer Function:

H(z) =bg+biz ' +byz 2+ + byyz M
Where by = h(k— M) for k=0,1,2,---,2
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