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Generation of an FM Signal
Lecture Outline

* In this lecture, we present two methods for the generation of
a frequency modulated signal:
* The direct method, which uses a voltage controlled oscillator

* The indirect method, in which a narrow band FM is generated first,
then frequency multipliers are used to produce the desired
wideband FM.

e Both methods are analyzed in detail.
* The operation of the varactor diode is briefly described.
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Review: Basics of Angle Modulation
* When m(t) = A, cos 2nf,,t
* fi = fo + Apmky cos 2mfint;
e s(t)py = A, cos (anct + 2k fot A, COS Wy da)

* The expression for an angle modulated
signal is: s(t) = A, cos(anct + H(t))

* The mstantanecl)usef(rt()equency of s(t) is: e =A,cos (2Tf t + B sin2mf pt).
fi(t) = f.+ —— - kfAm __ peak frequency deviation _ Af
fm message bandwidth .

* For phase modulation:
* 6(t) = kpym(t), k,inrad/volt.

B: is the FM modulation index,
* When m(t) = A,,, cos 2mf,,t , FM signal can be

* s(t)pm = Ac cos (Zﬂfct + kpm(t)) represented as
ky, dm 00
RO =t 0 ¢ 5() = A X2 Jn(B) coS@R(f, + nfm)D)
* For frequency modulation: * Carson’srule: By =2(f + Df
© fi(t) = fo + kpm(t), * When B « 1, the FM is termed narrow band (the

BW is comparable to the BW of AM)

t
« 6(t) = 2nk da; k.inH It. L )
© & ffo miee)lcs sl Z/;/O * Otherwise, it is termed a wideband FM. Here the
* s(t)py = A, cOs (anct + 2mks fo m(a)da) . BW. Is much larger than that of the AM signal.

2
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Generation of an FM Signal
* Direct Method for Generating an FM Signal

* In a direct FM system, the instantaneous frequency of the carrier is varied in accordance
with a message signal by means of a voltage-controlled oscillator (VCO). The voltage —
frequency characteristic of a VCO is given by

*fi= fct+ kpm(t)
* ks : proportionality constant Hz/V
* A schematic diagram of a VCO is shown in the figure

* A realization of the CVO may be obtained by considering an oscillator (like the Hartley
oscillator) shown on the next slide in which a varactor (voltage variable capacitor) is
used. A varactor diode is a semiconductor diode whose junction capacitance varies
linearly with the applied voltage when the diode is reverse biased

Voltage controlled s(t)
m(t) ———» oscillator |, fi = fC -+ kf m(t)
fi(®)
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Direct Method for Generating an FM Signal
1
21,/ (L1+ Lp)C(¢)

Let C(t) = Cy — km(t) (A varactor diode operating in the reverse bias region can act like a variable
capacitor); k is a constant,

For the Hartley oscillator shown, the frequency of oscillation is f;(t) =

1 al ]
When m(t) =0, C(t) = Cy, and f, = TN PETATA
When m(t) has a finite value, the frequency ofloscillation is - .
fl( ) Zn\/(Ll'l' L,)(Co—k m(®)) 210,/ Co (L1 + Lp)\/ (1=k m(t) /Cq) o
ke m(e —1/2 ——
=fc(1— Tg( )) C(t) = Co — km(t)

km(t) ° . . .

When <« 1, we can make the approximation (using [(1 + x)"= 1 + nx] when x is small)

Co
k m(t)

i = fo (14 552) = e+ ky m(®)
Here it is clear that the instantaneous frequency varies linearly with the message signal.

Remark: Direct method of FM generation is very simple and cheap process, but this method can’t be
used for broadcast application because the LC oscillator used in this method is not very stable. Its
frequency depends upon various parameters such as temperature, device aging etc.
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Indirect Method for Generating an FM Signal

A wideband FM can be generated indirectly using the block diagram below. First, a narrowband
FM is generated. Then, the wideband FM is obtained by using frequency multiplication. Next,
we analyze the operation of this modulator.

* Let m(t) = A, cos2mf,,t be the baseband signal, then

e 5,(t) = A, cos(2nf /t + B'sin2nf,,t); B’ = k;ﬁ isa NBFM with [’ «< 1.

* The frequency of 5, (t) is f;' = f¢ + krApcos2nf,t
* Multiplying f; by n (through frequency multiplication), we get the frequency of s(t) as
fi=fc+kfAycos2uf,t  fi=nf.+ nkeA,cos2nuf,t

, s1(t)
e f.=nf!'+ nkrA..cos2nf..t NBFM Frequency
fl fc f4im fm m(t) ___, multiplier by n [——» s

* The resultis
* s(t) = A, cos[2n(nf./)t + nB' sin2nf,,t] = A, cos[2nf.t + B sin 21f,,t]
* Where f =nf’ isthe desired modulation index of WBFM fl=1KHz,B' = 0.2

. f. = nf.! isthe desired carrier frequency of WBFM fe=10KHz,f =2 >n=10
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Generation of an FM Signal: The NBFM

* Consider an FM signal
s1(t) = A, cos(2nf/t + 2mks [ m(t)dt)

Assuming m(t) — AmCOSZT[fmt' qln;egjratorﬂdt 6(t) NBFM
T f mi
s1(t) = A.cos2uf .t + B'sin(2nrf,,t)) S1(t)

s;(t) can be expanded as A.sin(nf,t) 4, cos(2nf)
s1(t) = A cos(2mf,t) cos(8(t)) — A sin(2rf/t) sin(6(t))

When |0(t)| = |B'sin(2nf,,t)| <K 1,cos 8 = 1, sin(8) = 6.

s;(t) , termed narrowband, can be approximated as

s;(t) = A, cos(2nf/t) — A.0 sin(2mf,t)

s{(t) = A, cos(2nf/t) — A B sin(2xf,,t) sin(2rf,t)

s1(t) = A.cos(2nf .t + B'sin(2nf,,t))
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* Frequency Multiplier: It is a device for which the frequency of the output
signal is an integer multiple of the frequency of the input signal. It is primarily a
nonlinear characteristic followed by a band pass filter. Now we illustrate the
operation of this device.

* The Square Law Device: Let the input be an FM signal of the form:
. x(t) = A, cos(2nf/t + B’ sin2mf,,t) =A_. cos(¢p)
* The output of the square law characteristic is:

2
* y(t) = x(t)* = Afcos?(¢) = ATC [1+ cos(2¢p)] *®© — y(t)
AZ AZ NBFM
. ==+ =<cos(2¢)
A22 A22 y'(®) BPF
. = —-+-cos[2m(2f)t + 2B'sin(21fp t)] ' 2 Je—
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Generation of an FM Signal: Frequency Multiplication

2

 y(t) = AZC + AZCZ cos[2m(2f/ )t + 2B 'sin(2mf,,,t)];

* If y(t) is passed through a BPF of center frequency 2f,, then the DC term will

be suppressed and the filter output is @y — y(t)
2 I =
- Y@= ATC cos[2m(2f)t + 2B'sin(2nf,t)]  S©
! AZ z )"(t)vri BPF
’ y'(t) = —-cos[2n(f )t + Bsin(2Znf,t)] SO 2 e—

* As can be seen from this result, the output is a signal with twice the frequency
of the input signal and a modulation index twice that of the input.

* fc=2fé;ﬁ=2ﬂ'
* To get frequency multiplication higher than two, a cascade of units, similar to

what was described above, can be formed with the number of stages that
achieve the desired carrier frequency and modulation index.
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The Varactor Diode

* Definition: The diode whose internal capacitance varies with the variation of the reverse voltage is
known as the Varactor diode. The varactor diode always works in reverse bias, and it is a voltage-
dependent semiconductor device.

* The Varactor diode is made up of n-type and p-type semiconductor material. In an n-type
semiconductor material, the electrons are the majority charge carrier and in the p-type material, the
holes are the majority carriers. When the p-type and n-type semiconductor material are joined
together, the p-n junction is formed, and the depletion region is created at the PN-junction. The
positive and negative ions make the depletion region.

* Reference: https://circuitglobe.com/varactor-diode.html
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Demodulation of an FM Signal
Lecture Outline

* In this lecture, we present two methods for the demodulation of a
frequency modulated signal:

* The discriminator, which is a differentiator followed by an envelope
detector.

* The phase locked loop.
* Both methods are analyzed in detail.

* The time response of the phase locked loop is analyzed in the transient
and steady state conditions.

* The frequency response of a first order PLL is derived.
* The concept of pre-emphasis and de-emphasis in FM is introduced.
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Review: Basics of Angle Modulation

 The expression for an angle modulated signal is: s(t) = A, cos(anct + B(t))
1 do()
2w dt

* The instantaneous frequency of s(t) is: f;(t) = f, +

 For frequency modulation:
* filt) = fo+kem(t); = m(t) = (fi(£) —f.)/ks; Key Demodulation Concept

. %td?lit) = kfm(t); = 4(t) = 21k, fotm(a)da; ki in Hz/volt.

e s(t)py = A, cos (2nf,.t + 2wk tm(a)da .
fJo

* For phase modulation:
« 0(t) = kpym(t), k,inrad/volt.

e s(t)py = A, cos (anct + kpm(t))
fi@® = fi+ 2290 o) = [P2n(fi(@) - fo)da

2 dt
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Demodulation of an FM Signal: The Dlscr|m|nator

* An FM signal may be demodulated by means of what is called a I A LT T ==
discriminator. o IR

* One realization of a discriminator is a differentiator followed b
envelope detector, as illustrated in the figure. The operation o th|s
discriminator can be explained as follows

* Lets(t) = A, cos(wct + H(t)); 0(t) = 2mks f(fm(a)da, 6(t) = k,m(t)
. ds(t) —A, (a)c + Z—(Z) sin(wct + H(t))

dt PIE R b ﬁ’i t i i
: do
* The output of the envelope detector is A, (a)c + E)| =A.w,+A,— e ==
* The capacitor blocks the DC term and so output is: ) i 1] (it
. do "iH“HHH“M““‘\H “\J\“‘w‘““‘”‘ ‘H\‘
VO _ACE “‘ H“H“u‘\“‘ H ‘“ \ Hu“\“ T
* If s(t) isan FM signal, then Vi = 2mky A.m(t) \‘\ i U | M W ‘M‘ {‘m L
, , \\“‘Muw | “\“~“\”“ils‘
* Ifs(t) isa PM signal, then V, = kp% = m(t) =k, [ Vo (t)dt likss "“‘“,““N {1k AT
- : W\ | I th
* Atypical FM signal and its derivative are shown in the figure. | *
* Next, we review the envelope detector and explain how a differentiator is
|mplemented
s(t) Differentiator Envelope
— f detector
dt
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A Simple Practical Envelope Detector

The Ideal Envelope Detector: The ideal envelope detector responds to the envelope of the
signal, but is insensitive to phase variation. If

s(t)= A.(1+k m(t))cos2xf .t

then, the output of the ideal envelope detectoris ~ y(f) = A ‘l +k, m(f)|

Ac(1 + kym(t))cos2rmf,t
C( a ()) fc ACll +kam(t)|

Ideal Envelope S| . o m(t)

Detector

>

Capacitor

o hv

* A practical envelope detector consists of a diode followed by an
RC circuit that forms a low pass filter.

* The operation of the envelope detector was described in a
previous lecture.
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S} = 6(f),

i.e., either between (f, f>) or (f3, fa).

Demodulation of an FM Signal
* Realization of the Differentiator: From the properties of Fourier transform, we know that if

} = j2rfe(r)

* This means that multiplication by j27tf in the frequency domain amounts to differentiating
the signal in the time-domain. Hence, we need a circuit whose frequency response is linear
in f to perform time differentiation. A circuit that performs this task is a tuned circuit,
provided that the signal frequency variation falls within the linear part of the characteristic,

then

* The circuit below is a realization of an FM demodulator. The primary and secondary tuned
circuits perform the task of differentiation, while the envelope detector extracts the
envelope, which is supposed to be proportional to the message signal m(t)

ED

Primary circuit tuned to f;

STUDENTS-HUB.com

——

()

——0

Secondary circuit tuned to f > f

FM signal

carrier shott 21f /. N\ —2T
fall within e,l\\\?\\ : !
these bands Y. "“*\\7k PN
_ AN e SN RN
fi(®) = fe+ kym(p). —=——>
fi 12 fs fa
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Demodulation of an FM Signal
Balanced Slope Detector

* To extend the dynamic range of the differentiating circuit, two tuned circuits
with center frequencies f,; and f,, are used as shown in the figure

* This circuit has a wider range of linear frequency response
* No DC blocking is necessary

V V -

Tuned circuit2 2 1 Tuned circuit 1 Tuned Envelope

characterisﬁ/g : characteristic o P A
—
for fe for Tuned Envelope

| circuit foz detector
Overall freq. to
voltage characteristic /r\
f02 § g \ V
I fil)=fc+ kfm(t) Vo=V1-V;
ol
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The Phase Locked Loop

* Another implementation for the discriminator is the phase locked loop (PLL).

* The PLL is a negative feedback control system whose purpose is to force the
frequency of the voltage controlled oscillator (VCO) to track the frequency and
phase at its input.

* Has many applications in communications:

 Carrier synchronization
 Demodulation: e.g., DSB, FM

* Frequency multiplication and division,
* Frequency synthesis

* Clock recovery circuits

* It consists of three main components:
* Phase detector (PD)
* Loop filter
* Voltage controlled oscillator (VCO).
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Phase Locked Loop Concept

* Synchronize the input and output signal in frequency as well as phase

Qin (t)
()

Phase
Detector

Active
Low Pass Filter

vCo

Pour (L)

four ()

* main objective: f, =

f

out

* Makes phase equal ? X
* Makes phase difference constant?

Note: If phase difference is constant the frequency must be the same,
so once it is constant the frequency will be synchronized.

KEY: If there is difference in frequency/phase ------
----Based on this VCO frequency will increase or decrease until f, =f_ . (Locked!!)

STUDENTS-HUB.com

Initially VCO runs at f,

(center frequency)

Phase detector compares

f,, and f_ . (multiplier)
Ideal Multiplier

Reference

Signal Phase Detector

Output

fin - fout and fin +fout

Output Signal

error signal is generated ----- LPF ----error voltage
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Operation Modes of PLL

Before the input is applied
VCO runs at center frequency f,

: after the input frequency is
applied VCO continues to change until it equal
the input frequency

Capture Range ----- Lock Range

. - Lock Yange
:when f_=f_ . ) ) -
e >
\ |
'l | Capture vange : '|
' e fe B [
Note: PLL can acquire lock state only when input signal fin is I : : |
within capture range . ! :. :
| ot = 5

Capture Range : The range of input frequency around VCO
center frequency in which loop can lock when starting from
unlock condition

STUDENTS-HUB.com
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Functional Blocks of PLL
v T !
|
FM Signal | Loop Lo V()
s(t) ™PD ™ Eiter v i
L ' Phase-
1) VCO |- ' Locked
L____________________JLoop

* Phase detector (PD): finds phase difference between the two inputs s(t)
and r(t)

* Loop filter: provides appropriate control voltage for the voltage-
controlled oscillator (VCO). It determines the order of the loop (first or
second order).

* VCO: generates a signal r(t) with frequency determined by the control
voltage v(t), hence the name VCO.
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The Phased Locked Loop: Basic Operation

Initializing the loop: Let the FM input to the PLL be:
s(t) = A.cos(2mf .t +0(b)); FM signal 1| oo || Loop Fiter

1
i
t s H() i
c O(t) = 2mky fo m(t)dt ; for an FM input ! wle® | PLL
* Initialize the loop by setting (t) = 0 E VCO |« !
* The frequency of the VCO will then follow f.; such that *------------------- - -
cg®)=0;v()=0 fr(@®) = fe+ kyv(t);
* r(t) = A sin(2xf . t) F) = f 4L 40,
« When 0(t) # 0 the frequency of the VCO is ' T

* f.(t) = f. + k,v(t); VCO is an FM modulator

* The VCO signal will then follow
r(t) =4, sin(anct + qb(t)); r(t) is an FM signal

: 1 . do(t
* ¢(t) = 2mk, [, v(t)dt; sothat v(t) = (anv) $(t)

dt
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The Phased Locked Loop: Basic Operation

att) gt i t
FM sii?nal_q,* PD [ Loog(fF)ilter :V(>
* Phase Detector i oo E PLL
* Consists of a mixer followed by a LPF : VCO |- !
|

s(Or(t) = A /A sin(2nf .t + (1)) cos(2nf,t + 6(t)) e SN
= 0.54,//A. sin(4nf,t + $(£)/2 + 6(t)) + 0.54. A, sin(0(t) — (1))

The output of the LPFis: 0.5A4,. A, sin(@(t) — gb(t))

When 6(t) — ¢(t)is small, sin(@(t) — cf)(t)) = 6(t) — p(t);

g(t) = ky[0(2) — @p(D)];

o(t)

PD
LPF

9O = k(00 - $©)

q

FM Signal
s(t)

()
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First Order PLL

* Loop Output ' kg o) ka : 0
. - | Loop Filt vt

* In the simple case let H(f) = k, FMSS(’;?”:(';* PO = e —

* Then, the output v(t) is: : r(t)t | PLL

+v(t) = kog(t) = (ko) k) [6() — (O]} v | YO T :

———————— kv - o m mw e mw o o

*v(t) = k[0(t) — p(D)]; k = (kg)(kp) t

o o(t) = anf_f m(t)dt

* The two main loop equations for a first order PLL P(t) = anv]tv(t)dt

() = KOO - $O));

t
: [ V() = =) dﬁf) } OR £¢<t) - 21k, jo v(t)dt}
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The Phased Locked Loop: Impulse and Step Responses

* Find loop impulse response relative to input
6(t) and output ¢ (t);

* v(t) = k[0(t) — ¢(1)] (1)
* $(8) = 2mk, [y v(D)de (2)
Taking the Fourier transform of (1) and (2),

V(f) = k[0(f) =2(f)] ()

FM

21tk
« (F) = T2V (F) (@
* Combining (3), (4), the transfer function is:
@ 2m)kky K
. Hl(f) — (f) _ (2m) _ 1

0(f)) 2mkky+j2mf  Ky+j2nf
h{(t) = K e X1tu(t) ; K;: Loop Gain
* Step Response: If 8(t) = u(t), then

* (1) = (1 - e ¥ )u(®)

* Hence, as K increases, ?b(t) becomes closes and
closer to 6(t) for any value of t.

STUDENTS-HUB.com

Signal ___ &+
s(t) e(f)

(f)

0.9

0.1

Ka

kg .
Loop Filter

H(f)

V(f)

VCO |=

2ik,
jenf

r(t)

u(t) a@) = u()

v(t)
>

PLL

Uploaded By: Malak Obaid



The Phased Locked Loop: Impulse and Step Responses

* Hence, as K; increases, ¢(t) becomes closes Fm signal ky __Ka
and closer to 8(t) for any value of t. s(t) 4 Loop Fiter | V() V()
: H(f)
 For any phase input 6(t); the steady- el e -
state condition for the loop is such that: Veo |
. t
* ¢p(t) = O(t); When the loop gain is large e -

.+ 21k, [, v(t)dt = 2mk; [ m(t)dt;
* locking condition r(t) = A/ sin (anct + 2nk, fotv(t)dt)

» = k,v(t) = kym(t); :
K s(t) = A, cos <2nfct + anff m(t)dt)
« = p(t) = k—fm(t) 0

* Hence, FM demodulation is
accomplished.
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The Phased Locked Loop: Steady-State Frequency Response

. geI:V lzzél})l\:( f;lm cos(2mtft); i 523 (21tfct - ftm(a)da> k

* Fin . .

* v(t) = k[6(t) — p(6)] (1) FM Signal & Loop Filter | V() V(B

. ¢(t) = 21k, [ v(t)dt (2) s(t) 0(f) H(f)

. 0(t) = 2mk; [ m(t)dt (3) o(f) PLL
— £ I, }

* Taking the Fourier transform of (1), (2), and (3) 0 VCO

. _ 2L ‘ . . .

0(f) = 2L M(f) (6 H0) = K.k, JIHO)

* Combining (4), (5), and (6), the transfer function is: fi
V() _ @mkkr K,

B = M(f)) ankv+j2fnf ~ Ky+j2nf H(0)/v2 /

* PLL acts like a LPF with 3-dB bandwidth of B = K, //2.
* High frequencies are attenuated more than low ones.

« m(t) = (D[cosrfi(t)] + (1)[cos2rf,(t)]
* v(t) = Ailcos@2rfi(t —t)] + Az[cos2nfo(t — t,)]
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Pre-emphasis and De-emphasis in FM

Three factors affect the quality of high frequencies at the FM demodulator output:

1. Power spectral density of message (in practice) falls off for higher frequencies.

2. Power spectral density of noise at demodulator output is proportional to the square of
the frequency (will not be derived here).

3. The PLL behaves as a low pass filter, in the sense that higher frequencies will be
attenuated more than low frequencies.

* These three effects severely affect the high frequencies of the signal resulting in
a lower signal to noise ratio (SNR) for these frequencies. Hence, high frequencies
will be distorted to a higher degree than the low frequencies.

* Pre-emphasis and de-emphasis are used to maintain an almost constant SNR

over all frequencies. Su(f)

Sy (/)

I\ fz fl
fi /‘ N2
- .» - ,

W 0 W 7Y . m
Message PSD L5

Noise PSD at PLL output
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Pre-emphasis and De-emphasis in FM

* The pre-emphasis filter H,,(f) is used to emphasize the high frequency components of
the message prior to modulation, and hence before noise is introduced.

* The de-emphasis filter H;. (f) used at the receiver restores the original message signal

* H,.(f)H4.(f) = constant ; for a distortion-less transmission).
* Intheory, H,.(f) < f and Hg(f) < 1/f

Pre-emphasis

"0 = fitter, H,(1)

Fi
transmitter

G(f)=Q@+jHM)

c

Inpat

signal signal

o

O

STUDENTS-HUB.com

T

owu  H_(f)=1+jf] f,

Jo=1 I(27rC),

_‘:\: amoiier —o (@) Pre-emphasis filter

o FiM
receer

De-emphasis
fiter, H(f)

MNoise
wir)

R=r, 2nfrC=I

=
Input e ‘ Qutput

signal

o

—[ signal

Q

Message
“ plus noise

(b) De-emphasis filter
H, ()=

L+ Jf 7 fo

16
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Pre-Emphasis and De-Emphasis Circuits

Frequency Pre-emphased
Jj'\/\ Modulator ™ FM Output

Rq

%Rz
S

Pre-emphasis Circuit

(a) Pre-emphasis Circuit

6 dB octave
slope ™4

3dB---—mmme - i

0d84/§

i fuE30KHz
2122 Hz
(b) Pre-emphasis Curve
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De-emphasis
circuit
FMin EM r 1

demodulator Wo out

T

(c) De-emphasis circuit

0dB
-3 dBA

\

2122 Hz
(d) De-emphasis Curve

Amplitude
A
Pre-emphasis frequency
response
+3dBl-—-m e .
0 dB . Combined frequency
3dBF---————-—-—Ig-- response
De-emphasis frequency
response

t » Frequency
T =75 micro second

= %= 2,123 KHz

Combined freaquency response
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Key Applications Where Pre-Emphasis And De-Emphasis Are Used:

*FM radio broadcasting - Pre-emphasis boosts high frequencies before transmission, while de-emphasis is
applied in receivers to reduce noise and distortion. This improves FM signal quality.

*Magnetic tape recording - Tape recording applies pre-emphasis to utilize the full dynamic range, while playback
applies de-emphasis to restore the original frequency response.

*Disc recording technologies - Optical and magnetic discs like CDs, DVDs, and Blu-ray employ pre-emphasis
and de-emphasis to maximize SNR and minimize errors.

*Microwave radio links - Pre-emphasis allows longer hops in microwave line-of-sight communication links. De-
emphasis restores the original spectrum.

-Satellite communication - Pre-emphasis is applied to signals sent to communication satellites to overcome
noise in space. The satellite or receiver de-emphasizes the signal.

*Telephony - Both cellular and landline telephony apply pre-emphasis to speech before transmission and de-
emphasis at the receiving end for clarity.

*Professional wireless systems - Wireless microphones and in-ear monitors use pre-emphasis and de-
emphasis for clean audio over the radio.

*HDTV broadcasting - Some HDTV standards have pre and de-emphasis circuits for luminance and
chrominance signals.

*Dolby noise reduction - Dolby systems use a form of sliding pre and de-emphasis to attenuate frequencies with
less audio content, reducing noise.
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AM versus FM

* Normal AM requires simple circuits, and is very easy to generate and demodulate
* It is simple to tune, and is used in almost all short wave broadcasting.

* The area of coverage of AM is greater than FM (longer wavelengths ; lower
frequencies).

 AM is power inefficient, and is susceptible to static and other forms of electrical
noise.

* The main advantage of FM is its audio quality and immunity to noise. Most forms of
static and electrical noise affect the amplitude, and an FM receiver will not respond
significantly to such an amplitude noise.

* The audio quality of an FM signal increases as the frequency deviation increases
(deviation from the center frequency), which is why FM broadcast stations use such
large deviation.

* The main disadvantage of FM is the larger bandwidth it requires
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Frequency Division Multiplexing
* Multiplexing: A technique which allows multiple users to use the same channel at the same time by
assigning each user a portion of the available bandwidth without interfering with other users.

* The main two topics of this lecture are quadrature carrier modulation and frequency division

[N/ /N /N

multiplexing.
\le(f)
B, 0 B J
M(f)
B, 0 B. /
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Frequency Division Multiplexing

* Quadrature Carrier Multiplexing: This scheme enables two DSB-SC modulated signals to occupy the
same transmission B.W and yet allows for the separation of the message signals at the receiver

* Modulation: m,(t) and m,(t) are low pass signals each witha BW =W Hz.

* The composite signal is:

1(f5) /‘_\" DSB SC s(t)
* s(t) =A.my(t)cos2nf .t + A.m,(t)sin2nf t \T/ 1(t) )
¢ S(f):[Ach(f_fc)+Ach(f+fc)]/2 Accosluft Asin2nfit | —-w fc+|VV
© H[AM(f — £O) — AM(f + f)/12 . 7
¢ 5(6) = 51(8) + 5,(6) /i\ DoEE I frequer!cy

m® N\
» where s;(t) and s, (t) are both DSB-SC signals. s2()
« BW of s,(t) =2W; BW of s,(t) =2W; B.W of s(t) =2W Modulation

* This method provides bandwidth conservation. That is, two DSB-SC signals are transmitted within the
bandwidth of one DSB-SC signal. Therefore, this multiplexing technique provides bandwidth
reduction by one half.
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Frequency Division Multiplexing
Quadrature Carrier Multiplexing (QAM)
* Demoduiation: Given s(t), the objective is to recover m,(t) and m,(t) from s(t). Consider
first the in-phase channel
* x,(t) = 2cos2nf.t s(t)
= 2cos2nf.t (Aomq(t)cos2nf .t + A.m,(t)sin2mfqt) 2cos2mfit

o = 24.mq(t)cos?2nf,t + 24, m,(t)sinw t cosw,t p ——— 4m,©
1 2 . " %o
e =24.m4(t) (+C+wct) + A m, (t)sin2w,t . f;
s(t) | sin2nf;,
« = A.my(t) + A.mq(t)cos2w .t + A.m,(t)sin2w,t ,/L Ay ()
- LPF
» After low pass filtering, the output of the in-phase channel is \_J x®

. y1(t) = Acm,(t).
* Likewise, it can be shown that y,(t) = A.m,(t).

* Note: Synchronization is a problem. That is to recover the message signals, it is important that
the two carrier signals (the sine and the cosine functions) at the receiver should have the same
phase and frequency as the signals at the transmitting side. A phase error or a frequency error
will result is an interference type of distortion. That is, A component of m, (t) will appear in the
in-phase channel in addition to the desired signal m4 (t) and a component of m, (t) will appear
at the quadrature output.

Demodulation
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Frequency Division Multiplexing

* A number of independent signals can be combined into a composite signal
suitable for transmission over a common channel. The signals must be kept

apart so that they do not interfere with each other and thus they can be
separated at the receiving end.

\ 51 ()
Modulator = N~ , Demodulator
Vaa | v vy 5 e ] A AAAA L
BW=W Carrier f; \\ Pt ‘ \\ A \ Carrier f,
s, (t) (t) 52(6)
odulator I S t Pl \ emodulator
A _l\Jll\\/l]AV?\]AIVA;AVAV_ ”H“‘ e x”J{“HHHHHIl S(t) Filter l —ADVAVAVAVCZV&VA;AV_ A
BW=W Carrier f, ”' /' i ““H S J / Carrier f,
\\ Vi \ /7
:: ! Modulator ) Demodulator
crersmrmd N 111111 1"wll‘II!"'!i"Ii!'v\l'xlv'ﬁ s3(t) il l | S %
analog signals Carrier f3 \ l n I S3 (t:Carrlerf3 analog signals
2850 =LY s(t) = A, my(Dcos2rfit + A,,my(t)cos2nmf,t + A.,ms(t)cos2mf3t Receiver
Transmitter
A R s
Reference: Data Communications
‘ s1(t) | s, (t) \ s.(t ‘ frequenc and Networking: Forouzan
3 q y
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Example: Double Sideband Frequency Division Multiplexed Signals

Let m,, m, and m5 be three baseband message signals each with a B.W = W.

The composite modulated signal s(t) is
s(t) = A, my(t)cos2rfit + A, my(t)cos2nfrt + A, ms(t)cos2mfst

‘ = 51(t) + s5(t) + s3(t)
S1, S and s3 are DSB-SC signals with carrier frequencies f;, f, and f5, respectively. If the

spectrum of m,(t), m,(t) and ms(t) are as shown, the spectrum of s(t) can be found as

for—w= fi+w or f,—f; =2w

shown below.

My (f)

fz—w = fo+w or f3—f,=2w

M3(1)

s, (8)

s(f)
Mi(f = f)

Guard band

\oc

Mz (f = f2)

=

oC

02w

m,(t)

Ms(f = f3)

A.cos2nfyt
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ACYENN
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BPF
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BPF
f
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