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1. Find the DTFT of the two-sided sequence x[n} = {—) . (1) 

2. Find the z-transform of the following sequences. Wherever convenient, usethe properties of the z-
transform to make the solution easier: 

(a) x[n]=(±) n[-n] (0.5) 

(b) x[n}=(±)%[-n+2]+3nu[n-l] (0.5) 

(c) x[n]=2n(±) v[n+l] (0.5) 

3. Consider the following interconnection of LTI systems: 

x[n]_ wn 

ik 

h,[n] 

y[n] 

where h}[n] = 5[n — 1] and 

. i for I O J J ^ — 

0 for — =qa>|«rr 

Find the frequency response and the unit impulse response of the system. (1+1) 

4. Consider the linear constant-coëfficiënt difference equation 

y[n]~y[n-l]--y[n-2]=2x[n-l] 

Determiney[n] for n>0 when x[«] = 5[n] and y[n] = 0,n<0 (1.5) 



5. As part of the first stage in a radix 2 FFT, a sequence x[n] of length N=8 is decomposed into 2 
sequences of length 4 as: 

f9[n]=x[2n], «=0,1,2,3 
/ I [ n ] = x[2« + l ] J n=0,l ,2 ,3 

We compute a 4 point DFT of each of these 2 sequences as 

DFT DFT 
f 0 [ n ] - Fjfc] - * \ [ * ] 
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The specific values of F0[k] and F^k] (k=0,1,2,3), obtained from the length N=8 sequence in 
question are listed in the table below: 

k 0 1 2 3 

F0[k] 0 0 1 1 

F1[k] 0 0 - i 

W\ 1 - i m{1+i) 

(a) From the values of F0[k] and F^k] (k=0,1,2,3) and the values of Wk8 (k=0,l,2,3), 
provided in the table, deterrnine the numerical value of the actual N=8 point DFT of x[n] denoted 

Xs[k] . That is, deterrnine the numerical value of Xs[k] for k=0,l,...,7. (1.5) 
(b) The underlying length N=8 sequence x[n] may be expressed as 

x\}=—e2n'8 + — e " ' s where kl and k2 are both integers betweenO and 7. Given the 
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values of Xs[k] detemiined in part (a) deterrnine the numerical values of k} and k2 .(0.5) 



6. Let x^t) be an analog signal, with an amplitude spectrum [Xa[ ƒ) shown in the following figure: 

f[kHz] 

A discrete-time signal xx[n) was generated by sampling the signal xa[t) using the sampling 
frequency Fs] = 8kHz . 

We wish to design a digital system that reduces the sampling frequency of the signal xx(«) to 
Fs2 = 6 kHz such that aliasing does not appear. Let x2[m) be the resulting output signal. 

a) Sketch the block scheme of the system (including up-samplers, down-samplers, filters, etc.) and 
explain the function of each component. State the necessary specifications of the components of the 
system. (1) 
b) W i l l the reduction in the sampling frequency cause a loss of information, i.e. is it possible to 
reconstruct the analog signal xa[t) from the output signal x2[m) ? (0.5) 
c) Sketch the magnitude spectra of all the signals in the system (i.e. ƒ)) , [X2[f)) and possible 
intermediate signals) for frequencies up to at least 2x the sampling frequency. State the value of the 
corresponding sampling frequency for each graph. (0.5) 
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