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6.1

We are given x, (t) e X . (F)=0 for |F | > B . Let’s use as an example the following
function X, (F ) :

xa(F)

Fn=B B

Fr=B

We know that the minimum sampling rate F| in this case would be F, =2F, =2B.

dx, (¢
(a) The Fourier transform of the signal %U is j2z-F-X, (F). The support for this
t

signal is the same as for X, (F) and therefore the minimum sampling rate remains the
same.

Fr=B B

Fr=B

(b) The Fourier transform of the signal x’ (r) is X ; (F)® x ; (F). The bandwidth for this
signal is twice that of X, (F) and therefore the minimum sampling rate becomes:

F =4B

s



Xa(F)*Xa(F)

-2B 2B

Fr=2B

(c) The Fourier transform of the signal x, (21) is % X, (gj . The bandwidth for this

signal is twice that of X, (F) and therefore the minimum sampling rate becomes:

F =4B

s

1/2-Xa(F/2)

-2B 2B

Fr=2B

(d) The Fourier transform of the signal x, (t)cos(62Br) is

X (F)= %[5(F —3B)+ 0(F +3B)] or %[xa (F -3B)+ X (F +3B)]. The minimum

a

FH
Bandwitdth

s

2F
sampling frequency verifies F, = —% where k =L J Here, the

max

bandwidth is actually 2B and F,, = 4B, therefore k_ = L;—gJ = 2. Finally the minimum

sampling frequency is:




1/2-[Xa(F+3B)+Xa(F-3B)]

Fr=4B

(e) The Fourier transform of the signal x, (t)cos(77Bt) is

Xa(F)*%[é'(F —3.5B)+0(F +3.5B)] or %[XG(F —3.5B)+ X, (F +3.5B)]. The

2F F
minimum sampling frequency verifies F, = —* where k_, =|——=>——|. Here, the
I Bandwitdth
9 S5

bandwidth is actually 2B and F,, = EB’ therefore &k, = g—B = 2. Finally the
minimum sampling frequency is:

2F

F =—t= 9B _ 4.5B
kmax
1/2-[Xa(F+3.5B)+Xa(F-3.5B)]
—3.ISB 3.ISB

Fr=4.5B



6.10

Recall that to reconstruct the signal without aliasing we need the minimum frequency to
verify:

2F F
F, =—™2 where k. = L—HJ

‘ max B
r F. + B 50+ 20
= 2 - 2 -3 which s already an integer so k,, = 3. Therefore, the

B B 20
2F :

minimum sampling frequency is simply F, = . 1= g =40Hz.

max

6.11

By using the same method as in the previous problem we have:

F F + B 100 + 12 53
A= 2 - 2 — 27 Wwhich is obviously not an integer and k, =|—|=8.
B B 12 6 6
2F :
Therefore, the minimum sampling frequency F, = ” 2= % =26.5Hz

max

6.13

We are given the received analog signal s, (t)= X, (t)+a- X, (t —7) with |a| <1 and the

following system:

sa(t) Hesl sa(n) y(n) Ideal ya(t)
— eal H(z) BL v
ampier Interpolator

|

Fs



s

At the end of the sampler the signal s, (r) will become s, (n)= X, (n)+a- X, (n - le

where T :L.
- F

N

Taking the Fourier transform we get S, (w)=Xx . (w)+a-X . (w) exp[— J a)TiJ or also,

S, () =1+ a'exp(— ]a)Tij .

X, (o)

IfL="e 7., then we can write the filter (Z ) === = — where
T S (z)

s a

s

s

==L,
TA





