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FI%EJ . where A, and A, are the amplitudes, ¢ gencies.
g =2 , 0, and w, are the angular freq
' : :ﬂnmpﬂllﬂ! oquakion (1) with afquntion 1‘,":,. we :Eﬂt-

¢ @, = 5000n radinn/sec
L. By = 3000 radian/sec
Therefore, f =Sl
| e n
A 5000
g or = =
g fh = =5~ = 2500 Hz
oy
h 2n
3000
or [ = '—2;-1-5 = 1500 Hz
11]9“1. highﬁ‘to Frﬂquﬁu_cjl tompﬂl‘]ﬁl‘li 'Df the Ki?ﬂ‘n menssnge sizﬂll ﬂ'i" be
(Wll -~ Mﬂx {!i'l f}]

. = Max {2500, 1500} = 2500 Hz
Henece, Nyquist rate = 9 x i

1 = 2 x 2500 = 5000 Hz
1 —
Nyquist rate

and, Nyquist interval =

= .._l__ =5 - _ 1104 -9
5000 2x 107" = 200 milliseconds An

Example 6.7, A real-valued continuous-time signal x(2) is known to be uniquely
determined by its samples when the sampling frequeney is o, = 10* = radian/sec.
Find the value of n when X(ju) is guaranteed to he zero,

Solution : From sampling theorem, we know that for perfect reconstruction of
the message signal from its samples, sampling frequency or eampling rate i.hf’“ld
be greater than twice the highest frequency component of the message signal.

If X(jw) =0 for mi::—{%l

then the signal is recovered perfectly from its samples,
Hence, CTFT {x(¢)] = X(jw)

w,
" =0 for w|> —;
10%x
or | >
or jo| > 5x 10 Ans.

"~ Example 6.8. A continuous-time signal x(t) is obtained at the output of an ideal
' low pass filter with cutoff frequency w_= 10 n radian/sec, If impulse-train sam-
ﬂﬁ‘.h performed on signal x(t), which of the following sampling periods will
guarantee that x(f) may be recovered from its sampled version using an appro-
priate low pass filter?
) T, = 510 seconds
(Hi T, = 2% 107 seconds
11:.!;":‘ ne r. = 1x lﬂ" seconds
Solution ; From sampling theorem, we know that the sampling rate must be
tlonst equal to twice the highest frequency component, e, 2o,







AUo) =0 forja| > _ﬂt
Let us assume that =
We also know that PR,

WO = (1) o CTT_, 1

1
= K[A(]m!@ X(jw))

1t ia clear that we can on| |
: ﬁnﬁl& rate for ¥(1) is 2an,. nly m:;:mea that Y(jw) = 0 for |w| > v, Hence, the

‘pxample 6.11. Given n continuous.tj Deter-
. {W the Nyquist rate for the Wntinu::f. ; '&::.xgl;;ith Nyquist rate o, De

: ¥t) = x(t) cos (O
Solution: If the continuous-time sigyal x(t) has the Nyquist rate of wg, then its

CTFT X(o) = 0 for |w| > —%‘i
We also know that

() = x(t) coa mgt «~<TET_,_ _ X[ (- )] +%X[;'(m+ wg)]

1
‘ 2
It is clear that we can guaragntes that

Y(w) =0 for |lw| >, + '—;’L
or Yjo) > i:iﬂ_ wl®)

Thus, the Nyquist rate for signal y(1) is 2 » %‘L e, 3w, Ans.

Example 6.12. (i) What is aliasing ? What can be done to reduce aliasing ?

(if) Determine the Nyquist sampling rate and Nyquist sampling interval for
the following.

(1) 5, (100 t)

(2) 5,100 nt) + S, (50 xt) (U.P. Tech Sem Examination 2001-2002)
‘Bolution ;: Aliasing :

;Mluing 18 an effect of under sampling. Alasing occurs when sampling rate
0, < 2w, s not sufficiently high to prevent the ghifting of high frequency infor-
;mutmn mﬂ: lowar frequencies, Such type of pentrntmn of information form one

onse is called an aliased representation of the original continuous-time M:
‘l':hul, aliagsing phenomenon is defined as phenomenon of high frequency
ments in a spectrum of a continuous time signal seemingly taking on the
uf a lower Iruquaw in the specirum of 1ts sampled vernmn

as low pass filtered signal is sampled at a rate of frequency slightly
hen the Nyquist rate,

x(t) = §,(100 =t)

r transform, we get
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» ﬁ'ﬂ The given sigoal is,

- xyll) = cus 100 nt A
~ Qompanng it with

Xolt) = cos 2nfyt, we have

2!1& = 100n = .I':z =50 Hz ()
~ Now, digcrete time signal x,(n) is obtained Ly substituning, £ = ?.‘
Thus, equation () becomes,
;cﬂ{n,} = cod 2% -5425-
(6
of - Xy(n) = cos Errt-i )n
\ ,
or ¥oln) = m2u[l-.-%Jn =rua[2m+zt.%n] )

Now, we have cos (2an + 8) = cos 8, Therefo), equatian (v) becomes,
g :‘,;_- Xo(n) = WBZE.%ngm,%u
~ Comment: Given sampling frequency, f, = 10 Hz. Hence, the frequency conta ined in

s,';ml shoidd be less than or equol 10 == f that means < 20 Hz. But is not the case in this
0 mmpfﬂ Therefore, aliasing takes pl'un: Hure, buth the sequences x,(n) and x {n) are g wal;
 duefoaliasing effect.

4 ﬁ,,_g;:mpla 6.14. An annlog signal is given us [ollows:
x,(t) =3 cos 50xt + 10 sin 300xt — cos 100al.
Find Nyquist rate.

i
I JBinhﬂun : The given equation can be written as under:
x,(0) = 3 cos(2n x 258) + 10 cos(2x x 150¢) — cos (2x X 501) w(0)

an we can write,
x(1) = 3 cos (Zaf 1) + 10 cos (2nfyt) —cos {2x ft) A1)

i 'Oomplnng equations (i) and (i) we get,

- fi = 26 Hz, f, = 160 Hz nind £, = 50 Ha,

fine = 150 Hz.

Naquist rate = 2 =2x 150 Hz

: Nyquist rate = 300 Hz. Ans.

mple 6.15. A continuous time sinusoidal x,(t) with fundumental period

'K

= is sumpled at the rate -:-, to produce discrete-time sinusoid

o, T i
‘that x(n) is periodic if-T—' = -;-. where k and N are integers.
¥ m

1 ¢ (i) For the discrote time signal, the normalized frequency f; is given by,
o fundamental frequency (fy,)
sampling frequency (f,) D)

‘I i
I i




| Bd

1
A and R

y
f, = % where T is sampling tume.

| Thus, equation (1) becomes

P 1/ T. ::....T— WALl)
T

Now, the discrete time sequence can be expressed as under:

i x(n) = -1001{21!.‘},“*9} w841
I' Here fﬂ = Normalized frequency
and 0 = Phase shift.
We know that a disercte time sequence is periodic if, N
x(n) = x(n+N) foralln ()

Now, replacing 'n’ by n + N in equation (iii), we have

x(n+N) = Acos [2efy(n+ N) +9] -
or Mn+N) = A cos (2nf,N + 2nf,n +0) Ab)
For periodicity, we want x(n) = x(n + N).
Thus, equating equations (ii) and (v) we get,

Acos (2xf,n +0) = A cos (2afN + 2rfn +6) e{ud)
Equstion (m) is satisfied if 2nf, N 15 interger multiple of 2x.
That means 2afoN = 2nk; where ‘X’ 15 an integer

2nk
= TN
or o= %
Hence from equations (i) and (vii), we have
A )

fu=-.-.=._.

N T,
(#) Now, the fundamental period will be

s ——

T i

wUif)

6.16. Determine bit rate and resolution in sampling of a si i
o__ﬂ Voltifthe sampling rate is 20 samples/sec ag:d an 8 Ifil::;éti];

_E*hn'-mm&equmy that can be present in the discrete signal.

Here, 8 bit ADC is used.

bit rate = samples/sec x bita/sample

1g frequency = 20 samples/see.

re, bit rate = 20 x §

| ()
Auantization process which is related (o number of

.



_ b=
- Here, b = 8 hits per o ol X

ho = vel sinee §1; i
Considering equality BIEN Wa Kﬂb“ ADO 35 used.
b =| \ ’
:;hmfoﬂ. L=gbaos_ 956 (i)
Now, o = : = :
Subitituting.ﬁum,,:f dynamie range =1V given

alues in Bquation () we gat,

= 1
= ﬁ—‘éﬁgitﬂ.gﬂnlﬁ Ans.
itf) The maxi ] .
( Ximum range of frequencies that can be represented by a discrele-time
sgnial is from ~ £ 4 L

Thus highest frequency is given by

fm = {f— = % =10 samples/zec. Ans.

Example 6.17. A digital communi tion I3 : d >
senting samples of input aignul:mm T IR Sudeg worde Rapre-

i ; 2(f) = 3 cos 600nt + 2 cos 1800 xt

link is aperated at 10,000 bits/: 'h tized inte
1024 differcnt voltage levels. ) s and each input sample is quan nto
Uj} What s the sampling frequoncy and foliding frequency in Hz ?
(ii) What is Nvquist rate of sampling for x(t) in Hz ?
(iii) Whatis resolution of quanitzation ?

Solution : (f} Given that

x(t) = 3 cos 600 =i + 2 ros 1800 xt (1)
2nf, = 600nand 2nf,= 1800
& fy =300z and [, =400 Hz
Thereiore, Maximum frequency =/ =900 Iz
S Sampling frequency = 2f, =2 % 900 Hz
or f, = 1800 Hz.
Caloulation of folding frequency:
 Given levels of quantization = L = 1024 levels,
We have number of bits per sample = b = log, L
s log,, 1024
b =log, 1024 - &u—k‘_ﬁ
b = 10 bits
bit rate = samples/sec x bis/sample

bit rate
bits / sample
Here,  bitrate = 10,000 bits/see, (given)
Lol ': bitsfsample = b =10
=

| f]

_._ampiﬁnhwc =

 camplesfsec = 220 = 1000 Ha










