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Sub | Principles of Communication Systems Sub Code: | 18EC53 ‘ Branch: ECE
Date | 02-02-2022 | Duration: |90 Minutes | Max Marks: |50 | Sem/ Sec: 5/A, B, C, D OBE
Answer any FIVE FULL Questions MARKS | CO | RBT
1 | Derive the figure of merit for DSBSC receiver. [10] |CO2| L3
2  |With FM receiver model derive the figure of merit of FM receiver based on discriminator. [10] |CO2| L3
3 Briefly explain the following as applicable to FM. (i) Capture effect (ii) Threshold effect. [10] |CO2| L2
(iii) Pre-emphasis (iv) De-emphasis
4 | With neat diagram explain the basic elements of a PCM Transmitter [10] |CO4| L2
5 |1) Explain granular noise and slope overload distortion with reference to Delta modulation [05] |CO4| L2
I1) What is the significance of regenerative repeater in a PCM system. With the help of neat | [05] |CO4| L2
diagram explain the working of repeater.
6 I) A compact disc (CD) records audio signals digitally using PCM. Assume the audio [05] |CO4| L3
signal bandwidth to be 15 KHz.
a. What is the Nyquist rate?
b. If the Nyquist samples are quantized to L = 65, 536 levels and then binary coded,
determine the number of bits required to encode a sample.
¢. Assuming that the signal is sinusoidal and that the maximum signal amplitude is 1 volt;
determine the quantization step and the signal-to-quantization noise ratio. [05]
I1) Explain the following line codes with suitable examples a) Manchester Code b) CO4 |L2
differential encoding
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2.2) NOISE IN DSB-SC RECEIVERS

# A DSB-5Csignal is given by
s(t) = m(t)e(t) @ DSBSC __ /v

whera, signal 51l

mit) = message signal and let us assume

that the message signal power is ‘P* watis _

c(t) = A,cos2mf.t =carrier signal and ‘L'i'{?]ﬂ
a2

the power of the carrier signal is == Local
2 oscillator

+

cos {2

Hence,

s(t) = Acm(tcos2nft O

Fig. Model of DSB-5C receiver using coherent detection.

» The combination s(t) +w(t) is * we define the channel signal-to-noise ratia,

applied to a bandpass filter, the BPF is average power of the modulated signal
actually a narrow- BPF such that fz > Br, (SNR)= the average power gf noise in the message bandwidth
# After passing from BPF, wideband noise Az p N

wi(t) gets converted into narrowband noise n{t) (SNR).= 7 AzP e

# The filtered signal x(t) available NoW ZN.W
for demodulation is defined by
x(t) = s(t) + nit)
*(t) = A;m(t)cos2nf,t + n(t) ©
# The power of the noise n(t) is given by N, W,
where W is the bandwidth of message signal
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Coherent datector The power of the demodulated signal
[T | Acm(®) . AZP
. o |90 | s || | 2 4
S?;Balﬁl ¥ Bﬂ'f'i';'tg_a"s ::- mudu;m - L::?'ltgﬂ = yle} The power of the noise
+ I ' mi(e) . NoW
N S . R
: cog (2.1
tff & ¥ The output signal-fo-noise ratio,
Loeal avarage power gf the
ascillator SNR). = demodulated message signal
( Jo= the average power of the noise’
measured at the receiver output.
In the coherent detecter the incoming signal x(t) is multiplied by the locally AP
ganerated carrier signal to produce vit) which is given by (SNR),= EN
= v(t) = x(t)cos2uf.t TN, W
= v(t) = (s(t) + n(t))cos2nf.t © AEP
v n(t) = ny(t)cos2uf,t —ny(t)sin2af,t @ (SNR)p= ﬁ [9)
= v(t) = (A;m(t)cos2nf .t +n,(t)cos2uf .t — ny(t)cos2nf, t)cos2nf.t ) o
Finally we need to find out ‘Figure of Merit’
After passing from a LPF, all the higher frequency of DSBE-5C as
terms will be eliminated, the output is given by FoM (SNR)o
y(t) = A%Eﬂ + "!Tf”f’\ [8) ~ (SNR),

MNoise

Demodulated @
Signal FOM =1
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2.5) NOISE IN FM RECEWERS

signal :{rh T

hoisa

)
In an FM system the iute]ligenn:[jr.u the information is transmitted
by variations of the instantanecus frequency of a sinusoidal carmer
wave, and its amplitude is mantained constant. Therefore, any

variations of the camer amplitude at the receiver input must result
from noize or interference

The amplitude imiter; following the bandpass filter in the receiver
model, 15 used to remove amplitude vanations by clipping the
modulated wave at the filter output

The incoming FM signal st J is defined by
T
5(t) = A cos (Z:I'Iﬂ.I.'+ 2mky J- m[ﬂd:) ﬁ
]
T
let,  O(t) = 2mky f mdc @
]

So,s(t) = A{.ms(zrrﬁ.r + ﬂ(t}] B
2
average power of the modulated signal is Az—“
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=} | uit) | Baseband
Band-pass | * - . Output
filker H Limiter H Dlscnmmaruri‘—r{ In':ﬁm-u;ss ]—r signal

In this case it 1s more convenient to represent the narmmow
band noise n(t)in terms of its envelope r{t) and phase
W(t). as shown by

n(t) = r(t)(cos2nfet + w(r)) @
¥ The filtered signal x(t) available
for demodulation is defined by

x(t) = s(t) + nit)

x(1) = A cos(2nfer + B(1)) + r(t)(cos2nfer +pir)) @

The envelope of x(¢) is of no interest to us, because any envelope
vanations at the bandpass output are removed by the limiter

# The power of the noise n(t) is given by N, W,
where W is the bandwidth of message signal

.

# we define the channel signal-fe-noise rafie,
average power of the medulared signal

(SNE)c= the average power of noise in the message bandwidth
AZ
(SNR) Z__ A&
CCN,W 2N W

The phase 8(t) of the resultant phasor
representing x(t) 15 obtaned directly from Figure

Resultant
rin)
_ IRE "

T .
! " with - () 7

r(t)sin(y(t) — B(t))

The discrinunator output, which is basically a differentiator
to detect slope is given by 15 therefore

B(t) = 0(t) +tan‘1[

We assume that the carrier-to-noise ratio measured at the

discriminator input is large compared with unity, hence we can
ignore noise component when compared with signal amplitude

at the denominator
8(0) = 0(t) + r{t}sm(ipr:t} —@(t)) e

H{t]' = Eﬂkf jrm{t}dt + r(t)Sin{lﬁijt} - @(t]}

e

Where, B(t) = 2rks j'ﬂrm(t)dt

lo

A, +rit)cos(P(t) — @(t))
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1dﬂt
o(t) = a8(t)

1 df2mkg [T m(z) dt} d[r(ﬂsm{#’ﬁi} — E'l'(t]}]
2n dt 5 =
v(t) = kpm(t) + na(t) @

Whers, n;(t) =additive noise= %w

vty =

Ayerage signal power in v(t) is k%P

assume that the phase difference (t) — 0(t)is also uniformly
distributed over 2m radians. If such an assumption were

true. then the noise n,(t) at the discriminator output would be
independent of the modulating signal and would depend only on
the characteristics of the carrier and narrowband noise

ny(t) = 1 - d{r{t)S;nW?[t}} Q

1 d[nq{t}]

t) = r(t)si t
TR ng (t) = r(t)sin(yp(t)

ny(t) =
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5N

_ 1 d{ng(t)}
”dm_zchl i ©
FT.

1
Na(f) = JT 2mfNo(f)

oo @ N
!

The input and output PSD can be related as — - =
o/p PSD= |H(f)I* i/p PSD Fig. Power spectral density of noise ng (t)at receiver output.

- N, W
Average power of output noise= JT: I, fraw

if [
Spalf) = LT Sarr;rm
_ ZNw?
f? T 342
Sva() == 5w () @D 34
¥ The ouiput signal-to-noise ratio,
The quadrature component n,(t) of the narrowband dm“:;;?j;ﬁ om“esgrs ﬂ-’:};f ;
soise (t) will have the ideal low-pass characteristic shownin  (SNR)o= 752 grorace povier ;‘ff e
fﬂ
—Ny:|f|l =W kP
Swo(f) =44 e fl {SNR}D_ 3AckGP o
ﬂ otherwise ZN W

FOM of FM receiver is given by

(SNR),

(SNE) .

34Xk;P

2N WE 3k‘§P e

FOM =

FOM = 2 W

3) (iii)Pre emphasis and (iv) Deemphasis
¥ Mear the cut-off frequancy noise becomes more dominant compared to messags

# The power spectral density of output
signal, obviously SMR will go down.

noise is given by K
fz B—W ¥ A more satisfactory approach to the efficient ufilization of the allowed
Swolf) = No:|fl < Br = (1] frequency band is based on the use of pre-emphasis in the transnutter and de-
0: otherwise emphasis in the receiver
By ) il Pre-emphasis F ¢ f’i“. Fi De-emphasis Message
I\ /‘ : filtar, H_(f) transmitter 'T recelver filkar, H,(f) plus noise
] Moise
-W 0 w ! wii)
{a) ¥ Inthis method. we artificially emphasize the high-frequency components of the
i i message signal prior to modulation in the transmitter

# The power spectral density of a typical
message source; audio and video signals | > Then, at the discriminator output in the receiver, we perform the inverse
operation by de-emphasizing the high-frequency components. so as to restore the

typically have spectra of this form,
shown in figure (b), original signal-power distribution of the message
S0 # In order to produce an undistorted version of the original message at the receiver
output, the pre-emphasis filter in the transmitter and the de-emphasis filter in the

recm'l.re;r nmst ideally have transfer functions that are the inverse of each other

J Hds(.ﬂ H B{f} g

-W 0 L
{b)




¥ Simple pre-emphasis filter that emphasizes high frequencies [= 2w?
and is commonly used in practice is defined by the transfer EIrVIHdB{f}PFdf

Hoe(f) =1 +F ©

Hence,

1

Hds(f):_ﬂ o

e

Average output noise power

W
with de—emphasis = |Hg.(f)* | Swo(Fdf +— Amplifier
—w
N, % Dutput
-2| Herrrar @ i

cJ_w

J

The improvement in output signal-to-noise ratio produced by the use of pre- ] ) .
emphasisin the ransmitter and de-emphgys in the receiver i defined by Fig.(c) Pre-emphasis filter
r
__ average output noise power without pre-emphasis and de-emphasis —WN——

average output noise power with pre—emphasis and de-emphasis TR Outout
2N W3 signal T sipnal

342 w3
b

I= = w
N 7 e D par 3 LHa S oef it @ de-camphis e

i) Capture effect
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2.6) CAPTURE EFFECT

# In a radio receiver, the capture effect, or FM capture effect,
is a phenomenon associated with FM reception in which i g
only the stronger of two signals at, or near, the same [
frequency or channel will be demodulated.

# The capture effect is defined as the complete suppression of
the weaker signal at the receiver's limiter (if present) where
the weaker signal is not amplified, but attenuated.

#* When both signals are nearly equal in strength, or are fading
independently, the receiver may switch from one to the sore s
other and exhibit picket fencing.

# The capture effect occurs with very low ratios between a

» The capture effect can occur at the signal limiter, orin the signal of interest and a competing FM signal. This ratio
demodulation stage. depends on the receiver type and quality, but a separation

» Some types of radio receiver circuits have a stronger capture o 3-4 dB is needed between two signals for the receiver to
effect than others. The measurement of how well a receiver “lnck on” to one instead of the other.

can reject a second signal on the same frequency is called
the capture ratio for a specific raceiver.

# Itis measured as the lowest ratio of the power of two
signals that will result in the suppression of the smaller
sienal.

(ii) Threshold effect
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2.7) FM THRESHOLD EFFECT

¥» Anmportant aspect of analeg FM systems 15 FM threshold effect.
In FM systems where the signal level is well above noise received
camer-to-noise ratio then below FOM expression 1s valid
sk;P
FOM =— 7
¥ The expression however does not apply when the carrier-to-noise
ratio decreases below a certain point, Below this critical point the
signal-to-noise ratic decreases significantly, this is known as the FM
threshold effect
Below the FM threshold peint the noise signal (whose amplitude and
phase are randomly varying), may mstantaneously have an
amplitude greater than that of the wanted signal.
When this happens the noise will produce a sudden change m the
phase of the FM demodulator output. In an audie system this
sudden phase change makes a "click”. 3

Duiout 5 ga-in-nose i 10 gy, [54R ), 8

To characterize threshold performance, let the carrigr-to-noise
Fatio be defined by A2

2 Ag
= = =
p No Br P INp Bt e

¥ Aspis decreased, the average number of clicks per unit fime
increases. When this number becomes appreciably large, the

threshold 15 said to occur.
condition
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or, equivalently, if the ave

# Inmest practical cases of interest if the camer-te-noise ratio
p 1sequal to or greater than 20 or, equivalently, 13 dB. Thus, using
Eq. (2) we find that the loss of message at the discimimator output 15
negligible if

z
c

=20

Ny Br — a2
rage transmitted power 5= satisfies the

4z
= = 20Ny By
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DM(D/A) decoder

I
: : z’?:}_, L] 11 logwo 00
Input ———=  DECODER + ‘@ = Il Lm:;lﬂt:m === Qutput e
I A |
|
! T el i mq(nT,) = mq(nT, — T,) + eg(nT,)
I ¥
| | W
|
AU S S e ] my(nT) =AY sgale(iTs)]
Accumulator i=1

=Y il

» Staircase approximation ma(t) is reconstructed by passing the sequence of
positive and negative pulses, produced at the decoder output, through an
accumulator in @ manner similar to that used in the transmitter.

* The out-of-band quantization noise in the high-frequency staircase waveform
ma(t) is rejected by passing it through a low-pass filter.



Quantization error in DM ——

Slope-overload
distortion

mir)

* Slope overload distortion

Staircase
approximation

mg(nT;) = m(nT;) + g(nT}) m,(i)

e{ﬂTs} = m(ﬂT,) i m(nT, B Ts) = Q(nTs - T:)

* In order for the sequence of samples mg(nTs) to increase as fast as the input
sequence of samples m(nTs)in a region of maximum slope of m(t), we
require that the condition

by
r dt
Note
*» Slope overload:
* If the step-size for the staircase approximation mg(t) to follow a steep

segment of the input waveform m(t), with the result that mg(t) falls behind m(t),
this condition is called slope overload.

* The resulting quantization error is called slope-overload distortion

* Granular noise

* the step-size relative to the local slope characteristics of the input
waveform m(t)

* the staircase approximation mag(t) hunts around a relatively flat segment of the
input waveform.

* There is a need to have a large step-size to accommodate a wide dynamic
range, whereas a small step-size is required for the accurate
representation of relatively low-level signals.

* To improve performance, we need to make the delta modulator adaptive
* the step-size is made to vary in accordance with the input signal.



