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In any communication system, during the transmission of the signal, or while receiving the signal, som
unwanted signal gets introduced into the communication, making it unpleasant for the receiver, questioning th
quality of the communication. Such a disturbance is called as Noise.

Noise is an unwanted signal which interferes with the original message signal and corrupts the parameters of
message signal. This alteration in the communication process, leads to the message getting altered. It is r
likely to be entered at the channel or the receiver.

In general, noise may be predictable or unpredictable in nature. The predictable noise can be estimated
eliminated by proper engineering designs.

Hence, it is understood that noise is some signal which has no pattern and no constant frequency or amplit
It is quite random and unpredictable. We have no control over this noise.

Types of Noise

1. External Noise from External Source

» Atmospheric noise (due to irregularities in the atmosphere).
» Extra-terrestrial noise, such as solar noise and cosmic noise.
» Industrial noise.



2. Internal Noise from Internal Source:

This noise is produced by the receiver components while functioning. The components in the circuits, due
continuous functioning, may produce few types of noise. This noise is quantifiable. A proper receiver design m
lower the effect of this internal noise.

»Thermal agitation noise (Johnson noise or Electrical noise).

»Shot noise (due to the random movement of electrons and holes).

» Transit-time noise (during transition).

»Miscellaneous noise is another type of noise which includes flicker, resistance effect and mixer generated noise
etc.

Effect of noise

» Degrades system performance (Analog and digital)
» Receiver cannot distinguish signal from noise

» Efficiency of communication system reduces



AM receiver:

Receiver consists of RF section, a mixer, local oscillator,
an IF section , demodulator and AF power amplifier.

The incoming AM eave is received by the antenna and It
is tuned and received by RF amplifier.

RF amplifier amplifying the desired RF signal and
applied to mixer.

At mixer, combining or heterodyne the signal from RF
amplifier and Local oscillator and provide frequency
conversion, where by the incoming signal is converted
to a intermediate frequency signal.

fie=fio = fre

Where f; is intermediate frequency

f, is local oscillator frequency

fis frequency of the incoming RF signal
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The mixer — local oscillator combination 1s some times referred to as the first detector and demodulator 1s second detector
The IF section consists of one or stages of tuned amplifiers which provides most of amplification and selectivity in the

receliver.

The output of IF is applied to a demodulator to extract the original message or modulating signal, it amplified by AF amp

Then it convert into voice signal.



Performance in Communication System:

In communication systems, message signal travels from the transmitter to the receiver via channel. The channe
introduces noise and hence the message reaching the receiver becomes corrupted. As the receiver detect:
both noise and message signals, it reproduces a noisy message at the output.

The noise characteristics of a modulation system is evaluated by a parameter known as Figure of Merit (Y).
It is defined as of output Signal to Noise Ratio(SNR) to the input Signal to Noise Ratio(SNR) of the receiver.

FCArDy
VAL 0

Figureof Merit (Y) = GNR)
| I

The receiver performance can be defined by the figure of merit of the receiver.

Signal to Noise Ratio(SNR):

The common and useful measure of the fidelity of the received message is the output Signal to Noise Ratio(SNR)
defined as

(SNR) Average power of message signal at the receiver output
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The output signal to noise ratio depends on the type of modulation used in the transmitter and typ
demodulation used in the receiver.

In the same way, we can define the channel Signal to Noise Ratio(SNR) is

Average power of modulated signal at the receiver input

SNR) = ' ' '
( )c Average power of noise at the receiver input
- Merit [Y) = (SNH)g
igure of Merit'Y) = (SNR),

Clearly, higher the value of Figure of Merit, the better the performance of the receiver



AM receiver Model:
For the purpose of evaluating the effect of noise on the performance of a super heterodyne receiver, we consider

model shown

Consider the model of an AM receiver consists of an gf’*) g f?,q,vaﬂ ¥ (—f) @l.
equivalent IF filter and demodulator. DE’MDJ Jalox
The equivalent IF filter represents the cascade W('F) Fil {e'{

filtering characteristics of the RF and IF sections of
the receiver.
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Calculation of Figure of Merit for various Communication Systems:

The noise performance of various communication systems can be compared by evaluating their Figure of Merit "

For convenience, in analysis the following assumption are made:

1. The signal at filter input consists of received modulated signal s(t) and front end receiver noise.

2. The noise w(t) is modelled as white Gaussian noise of zero mean and with the power spectral density N,/2 .

where NO is the average noise power per unit bandwidth measured at front end of the receiver.

3. The equivalent IF filter is usually tuned, so that its mid band frequency is same as the carrier frequency of
modulated signal s(t).i.e The bandwidth of the IF filter is just wide enough to accommodate the bandwidtt

modulated signal.



Therefore for convenience in SNR analysis, we assume that equivalent IF filter has Ideal band pass characteristics
shown in figure.
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4). The signal x(t), at the IF filter output is given by

X(t) = s(t) + n(t)

Where n(t) is a band limited white noise with power spectral density
R
SJﬁalfj roig _T::f{:f+_

5,(f) = 0,otherwise
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White noise refers to noise that is
produced by combining of all audible
sound frequencies. Signal having
equal intensity at different
frequencies, giving it a
constant power spectral density.



5. The average noise power at the input can be calculated as

: . . . L
Noise Power = Power spectral density of noise X Band width 1ul 3
For evaluating figure of merit, the input noise power vl Nfl” nd
. ] 2
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figure of merit (Y) of various AM and FM receivers. pass white noise

Average power of a signal can be calculated either in time domain or in frequency domain. If signal is represent
time domain, we calculate the average power in time domain.
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When signal is random or unknown signal like noise, average power is calculated in frequency domain. The aver:
power in frequency domain is the area under power spectral density curve i.e.

Lr
Average Power = f S5 df
—
Where S, (f) is the power spectral density of noise



For a white noise, the power spectral density is defined as ‘ 4o ¢ [%3
N

Sylf)= ?D and it can be represented as No

This wide band noise is passed through a narrow band pass g
filter, resulting in narrow band noise n(t). i

Any band pass signal can be represented in terms of its in phase components and quadrature phase component
For example the narrow band noise n(t) at the output of IF section can be represented as

n(t) = n.(t)cos(2nf.t) — ns(t)sin(2 nf,t)

Where n_(t) is inphase component of n(t) and n.(t) is quadrature phase component of n(t)



Steps for calculating figure of merit (Y):

1. Calculate the average power at the input for a given modulated signal.

2. Calculate the input noise power by assuming the noise as white noise. The input noise power is always calcu
for a bandwidth of 2W’.

a0 L. N N
Average input noise Power(N,;) = J- Sy(frdf = J- ?udf = ?D[EW) =N, W

3. Calculate the output signal power at the output of demodulator.

4. The output of demodulator contains signal and narrow band noise, then the signal power is calculated from
signal component and noise power is calculated from noise component.

5. Finally obtain the figure of merit as a ratio of output SNR to Input SNR.



Noise in DSB-SC System using coherent detection: i

In DSBSC, the modulated signal is given as sB), /1 EYQ‘FNAJ&J ) Pr Iij V) ] LPDa?j !

Average signal power is given at input side of receiver ( L o8 8R i)
1 e 1 M ) | LOCnJ /
S =— x° (t)dt = — Ac: cos” (Zﬁfc t) m” (t)dt ( 056 [ldo }]
2n Jy 2i Sy - e S
o - i Joy
A 7, 1+ cosdmf_t '-DMOLQ
si=2= | m ( )at | .
2w J, 2 Fig. Model of DSB-SC receiver using coherent dete
‘qg 1 2 i 1 2 i
=— —J. m=(t)dt + —J. cos(4mf.t)m-(t)dt
2 |2m J, 2w J,y
o = Ald ™ *(t)dt
A P =3z JD ek

Second term is zero,
: N = J-“ Sy(fldf = J.“ ﬂdf _Mo (2W) = N, W Integral cos is sin, sin 0 or 1t =0
And Input noise power is - o 2 2

2
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2N, W

5= Eﬂ (P)  Where ‘p’ is the power of message signal.

(SNR), =




Calculation of output Signal to Noise Ratio(SNR),:

Referring to the figure, we have output of IF section is
X(t) = s(t) + n(t) where n(t) is the narrow band noise.
i.e. n(t) = nt) cos(2mf_t) —n(t) sin(2mf t)
Therefore V(t) = x(t) cos(2mf_t) = [ n_(t) cos(2mf t) —n(t) sin(2nft) + A, cos(2mf t) m(t) ] cos(2nf t)

V(t) = [ n.(t) cos?(2mf t) —n(t) sin(2mf t) cos(2mf t) + A cos?(2mf t) m(t)

V(t) =n_(t) i msf Tl _ n {t)[ Emm T’”]] A_m(t }[1 +msf4 w2 FL
v(t) = RCEELL) +.£1E:r;1[tj + RCE[:t:] cos(4mf.t) — njg(t) sin(4 wf.t) + A I;[t) cos(4 wf.t)

When the signal is passed through a low pass filter, reject high frequency component and allow low
frequency components. n ()  Am(D)
y(t) =
2 2

Therefore the output of demodulator consists of message m(t) and inphase noise component n (t) appea
additively at the receiver output.




All other components are removed by low pass filter, since they contains 4nf_t term.

The output of signal power is given by

1 2m ) 1 :H‘qu ) HE: 1 2m ) AE:
5, = — J. ve(t)dt =— J. —m-(t)dt = — m-(t)dt = P
2w J, 2 J, 4 4 2w J, 4
And output noise power is given by
N 2 HE d 1 1 2w -
0P 5o o 4 L= 421 0 fe at Time domain
1 Zi0
! f Sn.(f) df frequency domain
— o0

The power spectral density of inphase component can be represented as
Sn. () =Sn(f — fo) +Sn(f + f2)

Where Sy_ (f) is the power spectral density of inphase noise component.

Sy(f) is the power spectral density of noise
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Output noise power is

Nop = 1JWN df = ooy = 2o
opP _a Y o f_? - 7
SNR)y = AP
(SNR)o = 351
Figure of merit for DSBSC is
AZP
SNR, 2N,W
F' ur "t = 9 = o
igure of merit(y) SNR, /2P
ZN,W

Figure of merit(y) =1 for DSBSC



Radio Receivers

Noise in DSBFC or AM receiver using Envelope detector:

In a full amplitude modulated wave i.e. AM wave, both side bands and carrier are transmitted is given by
— ¥
s(t) = Ac 1+ kom(t)] cos(2 nf 1)
Below figure shows to evaluate the noise performance of an AM receiver.

The input side signal is AM signal and the average power —
of signal at input side is calculated by é@_ F%Najbj' %G\ lEY\Vda " (
Defector Dj +)

L%

Dar

S; = i f-“sg (t)dt = i J[J’flﬂq cﬂsg(z II'I]CE t) -I-.-ﬂlgkirng(t]cusg(Zch t)]dt D\)U') ‘*—-—"‘4{' Hﬁ

i im J,
o Fig.: Model of AM receiver using Envelope de
A2 [ (% /1 + cosanf.t . .. 1+ cosdmf.t
[ o (e
T
0 Third term i.e 2ab neglected, i
Jq: 1 Jq: 2 2 t . . . . _
_ A [_ (27— 0) + ﬂ] 4 Ae EEJ m () integration of cos Tt is sin =0
2 12 27T o 2
— HE :‘qg N’ . 1 Zx
5. = E+ L:E?.P VYhere P’ is the power of message givenby  _ ;J' m* (t) dt
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Average input noise PowerN, = j Sy(fdf = J( ?Ddf = EE'[EW] =N, W
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Therefore signal to noise ratio at input side of the receiver (SNR). is given by
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(SNR). = . . ,
average power of noise at input of receiver

A ) q
o [+ + k7] a1+ kP

N N, W N 2w (1)

Referring to the block diagram of AM receiver model, x(t) = s(t) + n(t)
at) — [A, T Ak m{i)]eos(Za0) T i) cos(Z2n/0) — ngl{i) s in{2n_0)
x(t)=[A, + A_k_ m(t) + n_(t)]cos(2 wf.t) — n(t)sin(2aft) - (2)

This signal x(t) which is given as input to the envelope detector. Then the output of envelope detector y(t) is
given as envelope i.e. Magnitude of signal x(t).

yit) = "ull[ﬂﬂ + Ak m(t) + n,E[:tj)2 + (n2(t)



This signal y(t) can also be obtained by representing the components of equation(2) e
by mean of phasors as shown in fig. @qvl*o’“){ he ()

The resultant of phasor is the receiver output obtained as pc(it kem@B)) et

fi9.- Flmim J}ajm'm of At wave

y(t) = envelope of x(t) Hesraband Wk
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This output y(t) is the output of an ideal envelope detector. To make the noise analysis simple, assuming thaz
signal power is large compared to the average noise power, then the signal term 4.+ 4_k_m(t) will large comj

with noise term n (t) + n(t) and the quadratic component n(t) can be neglected. The above equation czc

approximated as follows
y(t) > [A; + Ak m(t) +n ()]

The above expression contains one inphase noise component n (t), one message component and one ca
component. The d.c.or constant term A_ removed simply by means of blocking capacitor. Thus if we neglect the t
A. in the above expression, then y(t) i.e output of demodulator can be given as

y(t) = Ak m(t) + n(2)



Radio Receivers

The average signal power at the output of receiver can be given by

1 2 ) 1 2 . . ) o1 2 ) ) i
S, =— Jr g (t)dt = — f Ak “m=(t)dt = AE-L:R-—J. m-(t)dt =A_“k_"P
2w J, 2w J, 2 J,
The average noise power of the output of receiver can be give by

1 2m ) B oa
Nop= 5= f v (de= | sy, (s

Where Sy () is the power spectral density of inphase noise component given by

Sn,(f) =Sn(f — 1) + Su(f + f2)

And Sy (f) hsano over the range between —-W to W Tgm(-ﬂ
v N
The output noise power is Nop = _L_Nﬂ df = N,(2W) = 2N, W [» - k
The SNR at output of the receiver is =14 B W >F
(SNR), = average power of input signal B AlkP

average power of noise at input of receiver  2N.W
a



The figure of merit(Y) of a AM receiver is given by

Ak P
SNR N W kP
Figure of merit(y) = ° = ° = =
SNR, a2[1+i2r] 1+i2p
2N, W

The figure of merit(Y) of a AM or DSBSC receiver is always less than unity.



Signal to Noise Ratio in SSB receiver using coherent detection:

The model of SSB receiver using coherent detector is shown in figure
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We assume that only lower s_|deband is transmitted, Tpvded L 3T 4D

so that the modulated wave is expressed as . gﬂﬁﬁ :
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Where rﬁ(t] is the Hilbert transform of message signal m(t).

Average power of signal at input side of receiver is given by h cghe;en; detector
1 Lo L4
n ; n . -
5, =— j  (dt = — j % o onf i D+ f P it Qnf ) RE)ds
2m Jy o 4 mly 4
A, 21 1—|—cﬂs4'.rf ) 1 --~,1r- l—cﬂsdhrfrt .
? EJ‘ ( ) '{t]n’t+EJ‘D y ( 5 )m'{ﬂﬂ‘f
AS 1 A T2 (t)cosdnf.t
Si=7% g—fﬂ iy —f 2 dt

2 4 2 J, 2

2
1 [ me A% 1 [ me(t AT t
z_J’ (Jd c m(]msnf;dt
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In this expression, 7i(t) is the Hilbert transform of a message signal m(t). Therefore, the average power of m(t) :
are same. Therefore considering the power of signal 77i(t) is also P. Therefore, input signal is given by

2 qE AE AE

'qup' e c i
S;=— P+ P=2_"P="7"FP

Average noise power at the input side of receiver is

Average input noise PowerN, = f sy(fldf = —df = —[EW] =N, W
o "

Power spectral density of noise component is given by S+ = 3

Signal to Noise ratio at input side of receiver is

(SNR) average power of input signal of receiver
© average power of noise at input of receiver N



Radio Receivers

Referring block diagram, the output of the equivalent IF filter is

X(t) =s(t) + n(t) Y (- I
n(t) + ﬂ; mi(t)sin(2 f.t) ‘NDIL
)t —ny(B)sin2n(f, -

A,
s(t) = —cos(2nf.t)h
2

)
!
)

{
e (i-rfc"}w 2 r%\*}'i 5’

)t

wl% 5-‘~

n(t) =n.(t)cos2m(f, — g

V(t) =x(t)cos2af.t

V(t) = (s(t) + n(t))cos 2nf.t
V(t) = FE cosL.)m(t) —I—A—;zﬁ(t]sin(z n:f;z)‘ cos(2Tf.t)

W W
+ [ﬂ,ﬂ (Dcos2m(fe =)t —ns()sin2m(f, = E)f] Cos(27f:t)

y.| . A sindm .t
V(t) = [Eﬂcnsﬂzrrfﬂt]m(tj -I—Eﬂr'ﬁ(t) 5 — ]

w w
+ [nﬂ (t) cos(2 mf, t)cos2m(f, — ?]t —n,(t) cos(2nf.t)sin2n(f, — E]t]



Radio Receivers

1-”'&_'] [_m{t:l (]. + Ii'-'ﬂ:"]::'?'ﬁ ] —m{ ] 1 i"'l.‘]:i'?'ﬁ. ]
T [”f;:t] cosl4m fit — mwt) + cos (mwt)] - ﬂg;:f] [sin(4n f.t — mwt) — sin (mwi)] ]

After passing through the low pass filter

A n.(t n.(t)
y(t) = fm(t) + e (1) cos(mwt) + —=sin(mwt)
The average signal power at output of receiver is
1 rf.‘? i 1 rf??ﬂﬂ: ‘45: 1 [-:.1? ‘q 2 1 2
§, = — s (t)dt = — — m*(t)dt =— — = = z
Yo T 5 I WL . JE 16 L) 16 27 ). m> (t)dt = Te P P 27 ), m*=(t) dt
The output noise power can be given as
Nop = — L [ (t)cos (nmwt)]* dt + ld r:-‘f[ﬂ (t)sin (mwt)]* dt
oF E
42m ), 42m ),

-

N _1 1J.:H[ L)) de | ' lj_r{[ L)]* de
oF 4 E]‘I . II’E[: :] 4 Eﬂ: > TT’E( :] -



Radio Receivers

_l 1 [ 5 1+ cos2mwt p 11 7% 5 1 — cosmwt p
Nor = 137), HOIEE )HEED ()~ ) e

=

T n2 (t] T n_ (t]
Nop =7 ‘|'__
42m), 2 42m 2
1 l 2 l 1 2 l Y- o —oa
N,=-—1| n2(de+-—1| nydt=-1 s (fdf + s har
[ E HJI} L % r EETE jl} & & r BJ_M J'|'|:. LW i : EJ ]'|'|:| LI F

Where S, (f) and Sy(f) are the power spectral densities of inphase and quadrature phase noise components i.e.
and n(t).

Sv. ()=S0, (N =5y [f = (£ =5)] +5v [r + (f?: )

This is because, the center frequency of noise component of SSBis f. —= . This can be given by Sy (f) = Sy.(f) =
Over the limits —=W/2 to W/2.

The output noise power is given by

l 1 Ly
— N, df ==N,(W)+ =N, (W) = -2
g), Mo =gNo()+gho)



Radio Receivers

Output signal to noise ratio is given by

(SNR) average power of output signal at receiver l_g P AP
°  average power of ncise at output at receiver N, (W] 4N, W
4
AP
Figure of Merit(y) = ——2 = AN W _ 1
4N W



Radio Receivers

Threshold effect on AM Receiver: The loss of message m(t) in an envelope detector due to the presence of large
noise is referred as ‘Threshold effect’.
The output of an envelope detector of AM receiver is given by

y(t) = “'Ill [:..élﬂ + A k_m(t)+n,_ [1_‘))E + (n2(t)

In this case consider, the noise power is large compared to the signal power

vitl) = A L ity L 1 (112 L 12+
\
vwit) = “fﬁl 1 rﬂff' YVIZ 2 r2(Y L 264 4L mitVn (£ L nit
vit) ’H.Iuh“. 17 T hngib; - LA, LN (L) =g}

y(t) = \/ng () + n2t + 2n, ()4, + m(D))

This is because neglecting [(A: + m(t)]* | Since we had considered signal power is small i.e. Ac +m(t) is small,
[(A. + m(t)]* will be very small and can be neglected.



Radio Receivers

2n. (t)(A. + m(t))
(mZ (1) + nZ(t)

y(t) = J(ng () +nZ(t)) [1 +

Consider r(t) = Jng(t) + n2(t)

()
@(t) = tan )

Consider the phasor diagram of noise components as given below

, 2(A. + m(t)) _n. (1)
th)jr (t) [1+ o Crnl W 0 e(4)

Above equation —(1) becomes Ve (1) _
(rom the  above .f\‘] we  (om it

o) = )

1
y(t) =r(t) [1 + Z(Ac:r(t;n(t))r,"{}sqo(t)r




Radio Receivers

Since noise component r(t) >> 2( Ac+m(t)), then we can approximate the above equation as

1 2(4. + m(t)) Lto) —14nos 0D o #n-Dm-2)
y(t) = ’r'(t) 1+ EX o c&sq&(t)‘ 2 3)
A + t VIFo=1+3z- 322 + 2 — Zoot + Laf —-
y(t) = 'r'(t) 1+ ( m{ )msqa(t)‘
_ r(t)
y(8) = () + (A, + m(£))cosp(t)
v(t)=1r(t)+ A.cose(t) + m(t)cosp(t) 4K =1

y(t)=r(t)+ A.cosp(t)+ A K,m(t)cosq(t)

From the above equation it is evident that, the envelope y(t) which appears at the output of the envelope detector h
no component strictly proportional to message signal m(t).

The last term of above equation containing m(t) is multiplied by large noise component i.e. cos'W't. And hence m(t)
cannot be separated from the noise.

As the modulating term m(t) is completely mixing with noise, it carries no useful information.



Radio Receivers

The loss of message m(t) in an envelope detector due to the presence of large noise is referred as ‘Threshold ef
When the noise is large compared to the signal at the input of envelope detector, the detected output has a me
signal completely mingled with noise.

This means that, if the input SNR is below a certain level called ‘threshold level’ noise dominates the message si

Threshold is nothing but, minimum signal to noise ratio.

Threshold is defined as a value of input SNR below which the output SNR deteriorates much more rapidly than i
SNR.
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Y

FM Receivers: [wr
ampifiar
The frequency range of commercial FM radios : 88-108 MHZ _l _— - —
Mid band frequency of IF amplifier: 10.7MHz il g 7.3y Wi st
IF bandwidth: 0.2MHZ . e ___
Lo g-errephass
ascillater network

AF and power
amplifiers

FIGURE 6-28 FM receiver block diagram.

FM Receiver Model:

For the purpose of evaluating the performance of an FM receiver in the presence of noise w(t), we may use tt

model shown in below figure.
00| Bae band
Disc{aw\'wﬁ; ﬂD
) Fi[{ed f"—‘},

L)

pq o, vodd of am FM Rece

P



Radio Receivers

W(t) 1s modelled as white Gaussian noise of zero mean and power spectral density N/2.
The equivalent IF filter represents combined filtering characteristics of RF and IF sections of the receiver. This
has a mid-band frequency f, and bandwidth B.

We assume that IF filter has an ideal band pass characteristics o with bandwidth B small compared with the mid
frequency fc. Thus may be use the usual narrowband representation for the filtered noise n(t) in terms of inphase
quadrature phase components.

NS )

[§
The limiter removes any amplitude variations at the IF output. — Mo/, F&ﬂ
The discriminator is assumed to be ideal in the sense that its output is proportional - ; ’
to the deviation in the instantaneous frequency of the carrier away from f_. 1y )
Also the post detection filter is assumed to be an ideal low pass filter with a e 3

bandwidth equal to the message bandwidth ‘W’

Noise in FM receiver:

The narrow band noise n(t) at the IF filter output is defined in terms of its in-phase and quadrature phase compol
by
i.e. n(t) =nt) cos(2mf_t) —n(t) sin(2nf t) --—- (1)
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Equivalently we may express n(t) in terms of its envelope and phase as

n(t) = r(t) cos(2rf. t + p(t)) . ruadiply od

) a W e & vl

n - TN

— [p2 2 t)=tan 1= widh> W 4se)

where r(t) \]nc (t) + ns(t) @(t) n.(0) B Aot S
L.n}ui rl':ﬂ'_!. "I:L'"'""""

. : . .

We assume that the FM signal at the IF Filter output is n“ﬁ? NS

_..-L"__-:b 5
s(t)=A cos (2nf t+2nk.Jm(t)dt) T M

A_is carrier amplitude, f_is carrier frequency, K: is frequency sensitivity, m(t) is message or modulating wave

For convenience , we define

ArEy — 21 I I W S
WILL ) — Qlbivy 1 ITLy L JLLL
L J J
0
s(t) = A .Cos(2rf.t + O(t))
L i . JL =AAT AL
2
_ o € Signal to Noise Ratio at the input of receiv
Average Input signal power is given by SI: g A2
C

° (SNR): = IN_ W

Average Input noise power is given by N. = N W INg WY
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Therefore the total signal at IF section output is
X(t) = S(t) + n(t)
x(t) = A.cos|2nf.t + O(t)] + r(t)cos[2rf.t + @(t)]

Let @(t) be the relative phase angle which varies as a function of message signal, then a phasor diagram is draw
by assuming large value of carrier to noise ratio and taking the carrier component as reference.

cos [p(®) = 0(0)] = 7>

x =7r(t)Cos [(t) — O(t)]
sin [p(t) —B(1)] = T%
y = r(t)sin [p(t) — B(t)]

an [6(0) — 0] = 52— = L)~ OO

A, +x A, +7r(t)Cos [p(t) — 0(t)]
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r)sin[p®) — 0(1)]

. —1
6(t) = O(t) +tan A. +r(t)Cos [p(t) — B(t)]

As carrier power is more, the above equation can be modified as

r(t)sin [p) — 0(1)]
A,

0(t) = @(t) +tan™ "

or small values of0,tan™ 10 =0
f

r(t)sin [p) — 0(0)]

o(t) =0() + 1

The phase angle @(t) may vary between 0 to 2m and is independent of the message signal. Then the a
expression can be modified as

6(t) = O(t) + r(t)si[@(m‘
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1 d
The output of slope detector is V() =——0(t)

v =~ o+ r(t)m qo(t)]”

t
1d r(t)sm [qo(t)]
V(t) = T Zkafm(t)dt +2H dt[
0
1 1 d
V(t) = s—2mk,m(t) + r(t)sin [@ (t)]
LTT ﬁﬂ'ﬂ HE

V(t) =

2mA, dt
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We have n(t) = n(t) cos(2nf_t) —n(t) sin(2mtf t) -------- (1)

also n(t) = r(t) cos(2rf. t + @(t))
n(t) = r(t) cos(2nf,t) cos(t) — r(t) sin(2nf.t) sing(t) — (2)
By comparing equation(1) & (2) weget n _(t) = r(t)cose(t) and n.(t) = r(t)sine(

The output of the discriminator or slope detector is given as

d

oA e

2T
The signal power at the output of the receiver is givenas §, = — [ Hf@ m?* l:t:]dt

2m lg

— Er2
Noise power can be obtained by using time differentiation property of Fourier Transform

1 d_  __FT 1
N t — =
2mA_dt N T T AL

V(t) = kpm(t) +

J2nf Ny (f)
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%) = n.)

Where N_(f) is the noise at Discriminator output and N(f) is the quadrature phase noise component

Therefore average Noise Power at the output is given by
1 r” o
Nop =— | f“Sy.(F)df — (1)
AE — 0

Where S\((f) is power spectral density of quadrature noise component is given by

Sns(f) = N,. Over the limits —W to W.

This can be proved as follows

SNs(f) — SN(f _f{:) "I'SN(JF + Jﬂ:}'
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After passing through the low pass filter, which having maximum frequency component ‘W’.
The spectrum of f2S(f) is shown in figure.

he  FITT pG)

1 (v N, [£31" _ 2Now? w3
Noyp == _wf N”df:ﬂ}i 3

L
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Signal to Noise Ratio at the output of the receiver is given by

2 21,2
kPP 3AZKZP

SNR), = =
( )G 2Nﬂw3 2Nﬂw3
. . 3AZ
Average Input signal power is given by
AE
SI: — _C
2

Average Input noise power is given by N, = N W

Signal to Noise Ratio at the input of receiver is

AE
{51}'1"?151}5 — —E
2N, W
3AZ REP
(SNR), 2N, w3 3k§P
Figure of Merit = = =
g f (SNR). A2 W2

2N, W
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Capture Effect:

The purpose of an FM receiver is to effectively reconstruct the original message signal with mini
noise.

The presence of amplitude limiter eliminates all unwanted amplitude variations to make FM best in
performance.

In addition to this, FM receivers can also reduce interference from other stations. This is possible
when the signal from desired stations is stronger than the interfering station.

When the interference is stronger than the desired signal, then the receiver locks on to the stronger s
and there by suppresses the desired FM input.

When both are nearly equal strength, the receiver fluctuates back and forth between them.
phenomenon is known as Capture effect.
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FM Threshold Effect:
2 21,2
ka _ 3AZ ka
2N,w?® 2N, w?
31’-1%

The output signal to noise ratio of an FM receiver is given by (SNR), =
o =

This 1is valid only if the carrier to noise ratio at the discriminator input is high compared with unity.

When the noise is increased, the carrier to noise ratio is decreased. At first, individual clicks are |
in the receiver output and as the carrier to noise ratio is decreases still further, the clicks rapidly n
into a crackling or sputtering sound.

Then onwards the receiver starts predicting larger values of SNR than the actual ones.

This phenomenon is called Threshold Effect.

The threshold effect is defined as minimum carrier to noise ratio giving an FM improvement wh
not significantly degraded from the value predicted by actual SNR.

For qualitative discussion of FM threshold effect, consider the signal x(t) at equivalent IF filter o
when there 1s no signal present, So that carrier wave is unmodulated. 1.e.

x(t) =[A; + n.(t)] cos(2mf,t) — n.(t) sin(2mf,t)



Radio Receivers

Where nc(t) and ns(t) are in phase and quadrature phase components of narrow band noise n(t).
In the above phasor diagram, r(t) 1s the envelope or magnitude of narrow band noise.

When carrier to noise ratio is large, n (t) and n(t) are usually much smaller than carrier amplitude .
So that Point P wanders near point.

When noise starts increasing, PQ crosses ‘O’. Based on the direction of the phasor PQ either positive
negative clicks heard.




re-emphasis and De-emphasis.

> In FM, the noise increases linearly with frequency. By this,

the higher frequency components of message signal are
badly affected by the noise.

** To solve this problem, we can use a pre emphasis filter of
transfer function Hp(f) at the transmitter to boost the
higher frequency components before modulation.

yor Similarly, at the receiver, the deemphasis filter of fransfer
function HdA(f) can be used after demodulator to
attenuvate the higher frequency components thereby
restoring the original message signal



emphasis and De-emphasis.

> combined effect of pre-emphasis and de-emphasis is to increase
high-frequency components during the transmission so that they

| be stronger and not masked by noise

dulating Demodulated
input output |
signal signal
Angle modulated transmitter Angle modulated receiver
g\l _T [ BLBETA
Preemphasis | | | | Deemphasi I
! FM I , FM S
g A transmitter Channel te receiver | > fiktey >
Iy (f) | | Hy(f) |

Owverall Block Diagram

Pre-Emphasis:

Applies a high-pass filter to the signal before
transmission

Boosts or amplifies the high-frequency compon
Commonly boosts frequencies above 2-3 kHz
Provides up to 10 dB of gain to high frequencies
Done prior to transmission or recording

Takes advantage of high-frequency noise immur
De-Emphasis:

Applies a low-pass filter to the received signal
Attenuates or reduces the boosted high
frequencies

Rolls-off highs above 2-3 kHz

The reverse process of pre-emphasis

Provides gain reduction equal to the pre-empha
Restores original frequency spectrum

Reduces noise and distortion picked up during
transmission



Pre-Emphasis

- Pre and de-emphasis circuits are used only in frequency modulation.
 Pre-emphasis is used at transmitter and de-emphasis at receiver.

1. Pre-emphasis

= In FM, the noise has a greater effect on the higher modulating frequencies.
» This effect can be reduced by increasing the value of modulation index (my), for
higher modulating frequencies.

¢« This can

increasing the amplitude of modulating signal at higher frequencies.

Definition:
The artificial

boosting

of

higher

audio modulating

frequencies

be done by increasing the deviation ‘6" and '3’ can be increased by

accordance with prearranged response curve is called pre-emphasis.

=
| 1 i
Modulating : | FM |, Pre-emphasized
AF signal ™| - | |modulator|  FM output
== 1--1 :
Pre-emphasis |:1 : 3dB
circuitis 28 | 068
basically a high “-+-
passfiter =

(a) Typical pre-emphasis circuit

,H Lua):

l
2122 Hz 30 kHz

(b) Pre-emphasis characteristics

—

At

o mﬁ@ﬁJ
R

Rl. (H’ 5 Ryl

+ fm

. As modulating

frequency (f,) increases, capat

reactance decreases and modulating voltage goes on increa

in Fig. 2.

fn
Boosting is

*

Output
(dB)

+3
0
-3

12.6

oc Voltage of modulating signal applied to FM moq

done according to pre-arranged curve as st

A

e = = e = e e e e o= =

3180 Hz 15 kHz

25 Hz

Fig. 2: P re-emphasis Curve



2-emphasis i
 De-emphasis circuit is used at FM receiver.

finition:

'he artificial boosting of higher modulating frequencies in th
ycess of pre-emphasis is nullified at receiver by process called
-emphasis.

 De-emphasis circuit is a low pass filter shown in Fig.

|
M— L —LAWWW

0t Demodulator N

|
!
R i oufpi
|
|

] |
11
<o

< 0rDe-emphasis creut

Fig. De-emphasis Circuit

1
HE > TFsRe

Fig. De-emphasis Curve

db 4
0
A} — \\ |
| |
| |
| |
| | h’
25Hz 3180 Hz 15kH=z f

As shown in Fig.5, de-modulated FM is applied to the de-emphasis
circuit (low pass filter) where with increase in f_, capacitive reactanc
decreases. So that output of de-emphasis circuit also reduces ¢

Fig. 5 shows the de-emphasis curve corresponding to a time
constant
50 us. A 50 ps de-emphasis corresponds to a frequency response cur
that is 3 dB down at frequency given by,

f 1/ 2nRC

1/ 2m x 50x 1000
3180 Hz



PLL FM Demodulators

The phase locked loop, PLL is a very useful RF buiding block. The PLL uses the concept of minimising the ~ somtr —— 72 contole
difference in phase between two signals. a reference signal and a local oscillator to replicate the reference

[y

stages oscillator

signal frequency. Using this concept it is possible to use PLLs for many applications from frequency _ =

oon

synihesizers fo FM demodulators, and signal reconstitution. [

PLL Phase locked Loop FM demodulator

To look at the operation of the PLL FM demodulator take the condition where no modulation is applied anc
carrier is in the centre position of the pass-band the voltage on the tune line to the VCO is set to the mid positio
However if the carrier deviates in frequency, the loop will try to keep the loop in lock. For this to happen the
frequency must follow the incoming signal, and in turn for this to occur the tune line voltage must vary.
Monitoring the tune line shows that the variations in voltage correspond to the modulation applied to the signe
amplifying the variations in voltage on the tune line it is possible to generate the demodulated signal.

Although no basic changes to the phase locked loop are required for it to be able to demodulate FM, a b
amplifier is typically provided from the tune line to prevent the tune line being loaded by other sections o
receiver. It provides a lower output impedance and as a result, this prevents loading from the audio amplifier
upsetting the loop in any way.



