Chapter 3

Analog Modulation System

Analog modulation denotes the modulation of a carrier by utilizing a source baseband analog sig-
nal. Carrier is a deterministic periodic waveform. The carrier waveform discussed in this chapter is a
cosine waveform,and its mathematical expression is

c(t) =Acos(wyt +¢,) (3.1-1)
where A is amplitude ;w, is carrier angular frequency ;and ¢, is initial phase.

A carrier has three parameters ;: amplitude A, carrier angular frequency w,, ,and initial phase ¢,.
Modulation will enable certain parameter of a carrier to vary with the signal ,in other words, the value
of signal from the source is represented by the value of a certain parameter of the carrier. Signal from
the source is called modulating signal m(¢) thereafter,and the

. . . . Modulatin; Modulated
carrier after being modulated is called modulated signal s(¢).  gganal m(;gj signal ()

The device for modulation is called modulator (see Fig.3.1.1).
Figure 3.1.1 Modulator
Modulation has the following two purposes;

(1) frequency spectrum of a baseband signal can be moved near the carrier frequency by mod-
ulation. Thus,baseband signal is transformed to bandpass signal. The frequency spectrum of a signal
may be moved to the desired frequency band by selecting the required carrier frequency. Such a fre-
quency spectrum movement is either for accommodating the requirement of channel transmission or
for combining several signals for multichannel transmission.

(2) The anti- jamming ability of the signal transferred through channels can be improved by
modulation. At the same time ,modulation not only affects anti-jamming ability ,but is also related to
transmission efficiency. Specifically speaking,bandwidths of modulated signals produced by different
modulation modes are different,hence affecting the utilization of transmission bandwidth.

Analog modulation can be classified into two kinds: linear modulation and nonlinear modula-
tion. Frequency spectrum structure of a linear modulated signal is the same as that of modulating sig-
nal. In other words,frequency spectrum of modulated signal is the result of displacement of modula-
ting signal along frequency axis. Linear modulated signals include amplitude modulated signal, sin-
gle-sideband signal , double- sideband ( suppressed carrier) signal, and vestigial side band signal.
Nonlinear modulation is also called angle modulation. Frequency spectrum structure of a nonlinear
modulated signal is much different from that of a modulating signal. In addition to the displacement
of frequency spectrum, there are many other new frequency components. The bandwidth occupied
may be much increased. Nonlinear modulated signals include frequency modulated signal and phase

modulated signal.
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Now the application of analog modulation in long distance transmission has gradually decreased
thanks to the superiority of digital communication technology and its rapid development. However,
analog modulation is still the basic modulation mode, and we need to have a basic understanding
of it.

A brief introduction of the above amplitude and angle modulations is given in this chapter.

Let the carrier be
c(t) =Acosw,t = Acos2f,t (3.2-1)
where A is amplitude (V) ; f, is frequency (Hz) ; w, =2mf, is angular frequency (rad/s).

In the above definition equation of a carrier, it is already assumed that the initial phase is 0.
Such assumption doesn’t influence the generality of our discussion. In addition, it is assumed that
modulating signal is m(t) ,and modulated signal is s(¢).

The principle model of a linear modulator is shown in Fig. 3. 2. 1. Modulating signal m(¢) and
the carrier are multiplied in the multiplier in the figure,and the result of multiplication is

s'(t) =m(1)Acosw,t (3.2-2)
Then it passes through a bandpass filter with transfer function H (f) , and obtains modulated
signal s( ).

Now assume the modulating signal is an energy signal, its frequency spectral density is M(f) ,
and there is Fourier transform relationship between them,as well as use “<=" to express the Fou-

rier transform , then we have

Modulating s10) Modulated
m<t>:>M(f) (3.2-3) ()Si;ne;tlm ‘?——@}_’ s1sg(1;;11
m(t)Acoswyt <= S'(f) (3.2-4) m(t)

Acoswyt
where  S'(f) = S TM(=f,) +M(F ) ] (3.2°5)

S"(f) is the frequency spectral density of s'(¢). Figure 3. 2 1 Principle model of
As can be seen from eq.(3.2-2) ,the output sig- fincar modulator
nal s" () of the multiplier is a cosinusoidal wave, the amplitude of which is proportional to
m(t) ,i.e.,the amplitude of the carrier waveform is modulated. In addition, as can be seen from
eq.(3.2-5) ,frequency spectral density S’ (f) of the output signal of the multiplier is the displace-
ment result of frequency spectral density M(f) of the modulating signal ( there is a difference in a
constant factor) ,as shown in Fig. 3. 2. 2. This is called linear modulation because the relationship
between modulating signal m(¢) and output signal of the multiplier is linear.
The characteristic H(f) of the bandpass filter in Fig. 3. 2. 1 may have different designs,so differ-

ent modulation modes are resulted. They will be introduced respectively in the following paragraphs.

I AN AN

(a) Frequency spectral density of input signal (b) Frequency spectral density of output signal

M(f)
S()

o

Figure 3. 2.2 Frequency spectra of input signal and output signal of the multiplier

69 ,
A4



Assume modulating signal m(¢) contains D. C. component, and its expression is written as [ 1 +
m'(t) ], where m’(t) is the A. C. component in the modulating signal,and | m’'(t) | <1. The
maximum of |m’'(¢) | is called modulation index m,and m<1. Thus,eq.(3.2-2) of the multiflier
output signal may be rewritten as

s'(t) =[1+m' (1) ]Acosw,t (3.2-6)

As can be seen from the above equation,the envelope of s'(¢) contains a D. C. component A,
and an A. C. component m'(t)A which is superposed on the basis of A. The envelope of s'(¢) isn’t
less than 0, i. e., the envelope cannot be negative (see Fig. 3.2.3) because the absolute value of
m'(t) isn’t larger than 1. Here,if transfer function H(f) of the filter allows frequency spectral den-
sity S"(f) of s'(t) to pass through without distortion, then output signal s(z) of the modulator is just
an amplitude modulation signal. For modulating signal without D. C. component,in order to obtain
amplitude modulation , other simpler modulator circuit is often used,and the method of adding D. C.
component is not used.

There are discrete carrier components in the frequency spectral density of a amplitude modula-
ted signal ,and they are shown in Fig. 3. 2. 3 by arrows. Now let us consider the ratio of carrier power
to sideband power in the modulated signal. If modulating signal m'(t) is a cosinusoidal wave cos{2 ¢,
then it is not difficult to prove that when modulation index m is maximum ( equals 100% ) ,the sum
of the powers of two sidebands of the modulated signal equals one half of the carrier power. (left as
exercise) That is to say,most part of the power in such a modulated signal is occupied by the carri-
er,and the carrier itself doesn’ t contain the information of the baseband signal. Therefore,the carri-
er is not necessary to be transmitted. Hence the double-sideband modulation is resulted which will

be discussed in section 3. 2. 2.
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= 4, O 4 7
(/)
L 7o T
S()
— ) o Jo f
|<7 2‘f1714>| }<_ 2-/)‘”_»’{

Figure 3.2.3 Waveform and spectrum of amplitude modulated signal

It is not difficult to know from the waveform of a amplitude modulated signal ( AM signal , for

short) , the shape of the envelope of the modulated signal is the same as the shape of the modulating
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signal. So,envelope detection method can be used to restore the original modulating signal during
demodulation at the receiver. Envelope detector can consist of a rectifier and a low- pass filter, as
shown in Fig. 3. 2. 4. Related waveforms are also drawn in this figure. There is a blocking D. C. cir-
cuit (expressed by a capacitor) at the output to separate the D. C. component in the output of the

rectifier because the D. C. component can pass through the low-pass filter.

t

il Mz\

Rectifier Low pass filter—]

Figure 3. 2.4 Envelope detector

Now performance of AM signal demodulated by envelope detector will be discussed. Assume the
input voltage of the envelope detector is
y(t) ={[1+m'(t) JA+n,(1)}cosw,t —n_(t)sinw,t (3.2-7)
where n,(t)cosw,t —n_ (t)sinw,t is the input noise voltage of the detector (see eq.(2.8-2)).

Hence ,the envelope of y(¢) is

Vo(t) = JI[1T+m'(£) JA+n, (1) |? +n2(1) (3.2-8)
Under the condition of large signal to noise ratio,the above equation may approximately be written as
V.()=[1+m'(t) JA+n.(1) (3.2-9)

Therefore the output voltage of the AM signal after detection is ( D. C. component has been
blocked in the following equation)

v(t) =m'(t)A +n, (1) (3.2-10)
Here, the signal to noise power ratio of the output is
ro=E[m"”(t)A/n’(1)] (3.2-11)
And the signal to noise power ratio before detection is
ri:E{%[l+m’(t)]2A2/n2(t)} (3.2-12)

Hence the ratio of signal to noise power ratios before and after detection is

m"*(t)A*/n’(t) } [
i

r, 2m"* (1)
. TE 1+m/(t)]2]

%[1 rm' (1) PA%/n (1)
During calculation of the above equation,the characteristic of narrow band random process de-

scribed in Section 2. 8.2 has been used: E[n’(t)] =E[n*(1)].

Obviously,r,/r; is less than 1 for m'(¢) <1,1i. e.,signal to noise ratio has decreased after detec-

tion. This is because most part of power in signal before detection is occupied by the carrier,and it
makes no contribution to the useful detected signal.

Although there are better demodulation methods than envelope detection, for instance coherent
demodulation method introduced in Chapter 6, envelope detector is often used for detection of AM

signal due to the fact that it’ s simple and cheap.
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If modulating signal m(¢) in the linear modulator ( Fig. 3.2. 1) has no D. C. component, then
there will be no carrier in the output signal of the multiplier. The frequency spectrum of the modula-
ted signal now is shown in Fig. 3. 2. 5(b). This kind of modulation is called double-sideband modu-
lation (DSB) ;the reason is that its frequency spectrum contains two sidebands, and same information
is contained in the two sidebands. Its full term is double-sideband suppressed carrier AM. The two
sidebands are called upper- sideband and lower- sideband respectively (see Fig. 3.2.5) ;the side-
band located higher than carrier frequency is called upper-sideband,and the one lower than carrier

frequency is called lower-sideband.

M(f) S
Upper-sideband Lower-sideband Upper-sideband
o S o o Jo f
(a) Frequency spcctral density of modulating signal (b) Frequency spectral density of modulated signal

Figure 3.2.5 Spectrum of double-sideband modulation signal

Since the carrier of the DSB signal is not transmitted , power of the carrier may be saved. How-
ever,it is necessary to have a carrier in the receiver for demodulation,and the frequency and phase
of the carrier generated in the receiver should be the same as that in the transmitter. Hence,the re-

ceiver circuit will be rather complex. Fig. 3. 2. 6 shows a

Received r'(t) N Baseband
block diagram of this kind of demodulator. signal H(f) signal
: . : s() m(r)
Assume the received DSB signal is m' () cosw,t,
and the frequency and the phase of the local carrier at the coseyt
receiver both have certain error,i. e., assume its expres- Figure 3.2.6 Block diagram of DSB
sion is cos[ (w, + Aw)t + ¢ ] ,then the product of the re- signal demodulator
ceived signal and the local carrier is
r'(t) =m'(t)coswytcos[ (w, + Aw)t + ¢ ]
=%m’(t) {cos(Awt +¢) +cos[ (2w, + Aw)t +¢ ] | (3.2-13)

The second term in the above equation is the component with the frequency (2w, + Aw) ,and can be
1
2

The output signal equals m'(t)/2,only if the local carrier has no frequency and phase error, i.

filtered out by the low-pass filter H(f). So,the demodulated output signal is —m'(t)cos(Awt +¢).

e.,Aw =¢ =0. Under this condition,demodulated output signal has no distortion,and the difference

in comparison with the modulating signal is only one constant factor (1/2).

Two sidebands in DSB modulation contain the same information,so there is no need to transmit
two sidebands. Therefore, one sideband among them may be filtered out by the filter in the linear
modulator, and only the other sideband is transmitted. This is called the single-sideband modulation.

In order that the filter can practically separate the upper-sideband and the lower-sideband , the spec-

72,
LN



trum of a modulating signal is not allowed to have too low frequency components, since the filter can-
not have sharp cutoff characteristic. The spectrum sketch of a single- sideband signal is shown in
Fig. 3.2.7. A high-pass filter with transfer characteristic H(f) used in the modulator can give up-
per-sideband signal ; and a low- pass filter with transfer characteristic H, (f) used can give lower-
sideband signal.
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(a) Signal frequency spectrum before filtering
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(b) Upper-sideband filter characteristic and signal frequency spectrum

S(f)
/ Lower-sideband|

I
!

o o Jo S

(c) Lower-sideband filter characteristic and signal frequency spectrum

Figure 3.2.7 Frequency spectrum of single-sideband signal

It is necessary to add a carrier during the demodulation of SSB signals. SSB signal multiplies a carrier,
and then the original baseband modulating signal is restored. A brief illumination is given as follows.

We have proven in Sec. 2. 10. 2 that if two time functions are convoluted :

z(t) =x(t) *y(t)
then their Fourier transforms have multiplication relationship
Z(w) =X(w)Y(w)
Similarly ,we can prove (left as exercise) that if two time functions are multiplied:
2(1) =x(1)y (1)
then their Fourier transforms have convolution relationship :
Z(w) =X(w) *Y(w)

During the demodulation of SSB signal , carrier cosw,t multiplying the received signal is equiva-
lent to the convolution of the carrier frequency spectrum with the signal frequency spectrum in the
frequency domain. Now we use demodulation of the upper-sideband signal as an example to draw the
convolution of the frequency spectrum in Fig. 3. 2. 8. Among these figures, Fig. 3. 2. 8 (a) is the fre-
quency spectrum of the carrier;Fig. 3. 2. 8(b) is the frequency spectrum of the upper-sideband sig-
nal;; Fig. 3. 2. 8(c¢) is the convolution result which is then filtered by a low-pass filter H, (f) to ob-
tain the required frequency spectrum M(f) of the demodulated baseband signal.

SSB modulation can further save transmitting power and the occupied frequency band ; hence it

is an extensively-used transmission system in analog communication.
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(c) Convolution result of carrier frequency spectrum and signal frequency spectrum of upper-side band

Figure 3.2.8 Demodulation of SSB signal

The SSB signal introduced above has the advantages in the utilization of power and frequency
band , but during demodulation in the receiver, it is necessary for the local carrier to possess the same
frequency and to be in- phase with that in the transmitter;and herewith the frequency spectrum of
SSB signal can be moved to the correct baseband location. In addition,in order to filter the SSB sig-
nal in the transmitter,sharp cut-off of the filter is required. However,sometimes it is difficult to at-
tain the purpose. Frequency spectrum width of VSB signal is between that of DSB and SSB signals;
and its frequency spectrum contains carrier component. Hence, it can counterbalance the disadvan-
tage of the SSB modulation mentioned above. It is particularly suitable for the baseband signal con-
taining D. C. and very low frequency components. VSB modulation is currently used in analog TV
broadcasting system extensively. It will be briefly introduced as follows.

Vestigial sideband modulation belongs to linear modulation. The block diagram of a linear mod-
ulator in Fig. 3. 2. 1 is still applicable,only the characteristic of the filter should be modified corre-

spondingly. Frequency spectrum expression of the output signal of the multiplier in Fig. 3.2. 1 is

S =5 TMU~fy) + MU +f) ]

Assume the transfer characteristic of the filter producing VSB signal is H(f). Frequency spec-
trum of VSB signal s(¢) after being filtered should be

S =5 IMG=fy) + MU +£) TP (3.2-14)

Now let’ s find the condition which should be satisfied by transfer function H(f) of the filter in
VSB signal modulator. If the demodulation method in Fig. 3. 2. 6 is still used, then after multiplica-
tion of signal s(¢) and local carrier cosw,t,the frequency spectrum of product r'(¢) will be the re-

sult of the displacement f, of S(f) ,i. e.,the frequency spectrum of r'(t) is
SIS+ +8(=£) ] (3.2-15)
Substituting eq.(3. 2-14) into eq.(3.2-15) ,obtains the frequency spectrum of ;
DI +2f) + M) VH(F+£,) + TM(=2f,) + M) TH(F =1, | (3.2-16)
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The two terms M(f +2f,) and M(f-2f,) in the above equation can be filtered out by low-pass
filter. Hence,the output demodulated signal after being filtered is

DM TH( +f) +H £ (3.2-17)

For distortionless transmission , require
H(f+fy) +H(f-f,) =C (3.2-18)
where C = constant.
Since M(f) is the frequency spectral density function of the baseband modulating signal, as
shown in Fig. 3. 2.3 |its highest frequency component is f ,i. e.,
M(f) =0 1> (3.2-19)
So,eq.(3.2-18) can be written as
H(f+fo) +H(f=fo) =C |f] >/, (3.2-20)
The above equation is a prerequisite for the filter characteristic to produce VSB signal. The required
condition is drawn in Fig. 3. 2. 9 ,i. e., the cut-off characteristic of the filter is complementary symme-

try with respect to the carrier frequency f,.

H(f)
(ot o o oo Sotsa f
H(f/o)
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Figure 3.2.9 Filter characteristic for producing VSB signal

As can be seen from Fig. 3. 2.9 in addition to the whole frequency spectrum of SSB signal, a
part of the carrier frequency component and a small part of another sideband frequency spectrum are
reserved in the frequency spectrum of VSB modulated signal. In this way, frequency error produced
in the receiver during extraction of the transmitted carrier frequency is avoided ;and the filter in the
modulator of the transmitter can easily be manufactured. The main disadvantage is that the occupied
frequency band is a little wider than that of the SSB signal.

The above description of VSB modulation is for the reservation of the whole lower-side band and
a part of the upper-side band. Similarly, VSB modulation may reserve the whole upper- side band
and a part of the lower-side band.

In the discussion of linear modulation, we were already familiar with the concept of the carrier.
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Modulating signal is carried on the amplitude of the carrier in linear modulation. Nonlinear modula-
tion is also called angle modulation , where modulating signal is carried on the phase of the carrier.
In mathematical definition, carrier is a sinusoidal (or cosinusoidal) wave with constant amplitude,
constant frequency,and constant phase,as well as infinitely extended in time from negative infinity to
positive infinity. Therefore,it has single frequency component in frequency domain. The frequency
spectrum of the carrier no longer has single frequency component after being modulated or truncated ;
and has many discrete or continuous frequency components as well as occupies certain frequency
bandwidth. That is to say,angle modulation enables frequency and phase of the carrier to vary with
the modulating signal. Here the concept of “instantaneous frequency” is already introduced because
in its strict mathematical meaning, frequency of a carrier is a constant. Now let us define instantane-
ous frequency.
Assume a carrier can be expressed as
c(t) =Acosp(t) =Acos(wyt + @) (3.3-1)
where @, is the initial phase of the carrier;o (1) = w,t + ¢, is the instantaneous phase of the carrier;
w, =de(t)/dt is the angular frequency of the carrier.
Angular frequency w, of the carrier is originally a constant. Here dg(#)/ds after being angular
modulated is defined as instantaneous frequency w, () ,i.e.,
w,(t) =de(t)/dt (3.3-2)
It is a function of time.

From the above equation we can write

(1) = [w,(1)dt + ¢, (3.3-3)

As can be seen from eq.(3. 3-1) ,¢(t) is the phase of the carrier. If it varies with modulating signal

m(t) according to certain mode, then it is called angle modulation. If phase ¢ () linearly varies
with m(t) ,i.e.,let

@(1) =yt + @, +k,m(1) (3.3-4)

where k is a constant, then it is called phase modulation. Thus, the expression of the modulated

signal is
s, (1) =Acos[ ot + @, +k m(t) ] (3.3-5)
Substituting eq.(3. 3-4) into eq.(3. 3-2) ,instantaneous frequency of the modulated carrier can

be obtained as
0.(1) =w, +, %m(t) (3.3-6)

The above equation shows instantaneous frequency in phase modulation varies with the derivative of
the modulating signal.
If instantaneous frequency linearly varies with the modulating signal, then frequency modulation
is obtained. Now instantaneous frequency is
w, (1) =w, +km(t) (3.3-7)
And from eq.(3.3-3) we have

(1) = jwi(t)dt + @, = Wyt + kffm(t)dt + @, (3.3-8)

In this way,the expression of the modulated signal obtained is
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s, (1) = Acos[ wyt + ¢, + ka'm(t)dt] (3.3-9)

As can be seen from the above discussion,the phase of the carrier in phase modulation varies
linearly with modulating signal m(#) ,and the phase of the carrier in frequency modulation varies lin-
early with the integration of modulating signal. There is no difference between them substantially. If
modulating signal m(¢) is integrated first,and the phase of the carrier is modulated , then frequency
modulated signal is obtained. Similarly, if modulating signal m(¢) is differentiated first,and frequen-
cy of the carrier is modulated, then phase modulated signal is obtained. Whether it is frequency
modulation or phase modulation ,the amplitude of a modulated signal is constant. And it is impossi-
ble to distinguish them by modulated signal waveforms. The difference between them is only the rela-
tionship between modulated signal and modulating signal. Fig. 3.3.1 is an example of waveform of
angle modulation. Fig. 3.3.1(a) shows the relationship between instantaneous frequency w, of the
modulated signal and time;it linearly varies between w, and 2w,. Fig.3.3.1(b) shows the wave-
form of a modulated signal. If the waveform of modulating signal m(¢) varies linearly as shown in
Fig. 3.3.1(a) ,i.e.,m(t) varies along a straight line , then the modulated signal is frequency modu-
lated signal. If m(t) varies with ¢*,then modulated signal is phase modulated signal , because from
eq.(3.3-6) the instantaneous frequency of the modulated signal also varies linearly. Hence, we
won’ t distinguish frequency modulation signal from phase modulation signal in the following discus-

sion on the performance of angle modulation signal.

S0

1
|
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(a) Relation between instantaneous (b) Waveform of modulated signal

frequency and time

Figure 3.3.1 Waveform of angle modulation

The bandwidths of various linear modulation signals discussed in Sec. 3.2 equal one to two
times of the bandwidth of baseband signal. However,the bandwidth of angle modulated signal may
be much larger than that of baseband modulated signal. As a simple example for analysis, a sinusoid-
al modulating signal for frequency modulation is used.

Assume the modulating signal m(t) is a cosinusoidal wave :

m(t) =cosw,, ¢ (3.3-10)

As can be seen from eq.(3. 3-7) ,instantaneous angular frequency obtained from frequency modula-
tion by this modulating signal is

w, (1) =w, +km(t) =, +kcosw,t (3.3-11)

The above equation shows that the largest frequency deviation Aw of the carrier angular frequency equals

Aw =k, (rad/s) (3.3-12)

Without losing generality ,we let ¢, =0 in eq.(3.3-9) ,then the expression of modulated signal is
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si(1) = Acos[wyt + k [eosw,tdi] = Acoslwyt + (Aw/w,)sinw i1 (3.3-13)

where Aw/w,, = Af/f, is the ratio of the largest frequency deviation to the frequency of the baseband
signal ;and is called frequency modulation index m,:
m,=Af/f, =Aw/w, =k /0, (3.3-14)
Eq.(3.3-13) is the expression of a frequency modulated signal ,and there is a cosine function
containing a sine function in the equation. It can be proven that the equation may be expanded as
the following infinite series
s, (1) =A{J,(m,)coswyt +J,(m;) [ cos(w, +w, )t = cos(w, —w, )] +
J,(m,) [ cos(w, +2w,, )t +cos(w, —2w, )t ] +
Ji(m,) [ cos(w, +3w,,)t = cos(w, 3w, )t] + ool (3.3-15)
where J, (m,) is called the Bessel function of the first kind of order n. Its value can be obtained by

table-lookup method (see Appendix F) ,and also can be obtained from the curves in Fig. 3. 3. 2.
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Figure 3.3.2 Bessel function

Since the Bessel function has the following properties;

Jn :J—n h i
(m,) (m,) when n is even (3.3-16)
J,(m;) = =1_,(m,) when n is odd
eq.(3.3-15) can be rewritten as
sf(0)=A4 2 1, (mp)cos(w, +nw, )t (3.3-17)

It is known from eq.(3. 3-15) and eq.(3.3-17) ,there are side frequencies in pair with angular
frequencies (w, tw, ) ,(w, +2w0,),(w, +3w, ) ,---appearing on two sides of the carrier frequency
in the frequency spectrum,as shown in Fig. 3. 3. 3. It seems apparent {rom the figure that the band-
width of modulated signal is infinity. However,actually most of the power concentrates within a limit-
ed bandwidth centered at the carrier frequency. For example,when frequency modulation index m, <
1,as can be seen from Fig. 3. 3. 2 that all components may be neglected except J,(m,) and J, (m,).
Now the bandwidth of the modulated signal is basically equal to that of amplitude modulation,i. e.,
2w,. Frequency modulation with small modulation index is called narrowband frequency modula-
tion. When the modulation index increases ,bandwidth of the modulated signal also increases. Here

modulation is called broadband frequency modulation. During broadband frequency modulation, if

the side frequencies with amplitudes smaller than 1% of the unmodulated carrier amplitude are neg-
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Figure 3.3.3 Example of frequency spectrum for frequency modulated signal

lected ,then as can be seen from the curves of the Bessel function that the J, ( mf) with n > m,
(n equals integer) may be neglected. Thus,the bandwidth B of the modulated signal for frequency

modulation can approximately be
B=2(Aw+w,) (rad/s) (3.3-18)
B=2(Af+f,) (Hz) (3.3-19)
where Af' = Aw/2 is frequency deviation; f, is the frequency of the modulating signal.
The instance discussed above is the situation of single sinusoidal wave modulation. When a

modulating signal has many frequency components,f, in the above equation should be the frequency

of the highest frequency component of the modulating signal.

It is mentioned in Sec. 3. 3. 1 that the amplitude of an angular modulated signal is constant. Al-
though the amplitude of the angular modulated signal after transmission over a random parameter
channel fluctuates due to the rapid fading and the superimposed noise , there will be no loss of infor-
mation by the change of the signal amplitude. The reason is that the amplitude of the angular modu-
lated signal doesn’ t contain information of the modulating signal. The influence of the fading and the
noise in the channel on the angle (frequency and phase) of the signal is less than that on the ampli-
tude. Therefore anti-jamming ability of angular modulated signal is strong. For eliminating the influ-
ence of the fading and the noise on angular modulated signal , generally an amplitude limiter is used
before demodulation in the receiver to remove amplitude variation. The received signal after the am-
plitude limiter becomes a signal with constant amplitude ,and then demodulated by a frequency dis-

criminator or a phase discriminator.
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Analog modulation system is briefly discussed in this chapter. Analog modulation is classified
into two categories: linear modulation and nonlinear modulation. The structure of frequency spec-
trum of a linear modulated signal is the displacement of the frequency spectrum of the modulating
signal , or the filtering-out of unnecessary frequency components after displacement. Linear modula-
tion includes AM,SSB,DSB,and VSB. Nonlinear modulation is also called angle modulation. Fre-
quency spectrum structure of a nonlinear modulated signal is much different from that of the modu-
lating signal. Many new frequency components appear in the frequency spectrum of a modulated
signal , hence frequency bandwidth of the signal also increases considerably. Nonlinear modulation
includes frequency modulation and phase modulation.

In amplitude modulation system,ratio of the peak voltage of baseband modulating signal to that
of the modulated carrier is called modulation index. The maximum value of modulation index is
100% . The envelope of modulated signal is the same as the waveform of baseband modulating sig-
nal,so envelope detection method can be used for the demodulation of amplitude modulated signal.
The carrier component in the amplitude modulated signal doesn’t carry information in baseband sig-
nal ,but possesses a greater part of power in the signal ,so transmission efficiency is low. If the carri-
er in amplitude modulated signal is eliminated ,then we obtain DSB signal. In comparison with am-
plitude modulated signal ,DSB signal can save a large part of transmitting power, but the carrier must
be restored in the receiver. In this way,the complexity of the receiver increases. In DSB signal ,up-
per-side band and lower-side band carry the same baseband information,and hence repeated trans-
mission is formed. Therefore ,we may transmit only upper-side band or lower-side band. Thus SSB
signal is obtained. SSB signal has the superiority in the utilization of power and frequency band ,but
carrier frequency should be restored in the receiver during demodulation. In addition, for filtering
SSB signal in the transmitter, sharp cut-off of the filter is required , which is sometimes difficult. Fre-
quency spectrum of VSB signal is between that of DSB signal and that of SSB signal, and contains
carrier component. Therefore the disadvantage of SSB signal mentioned above can be avoided. VSB
signal is especially suitable for baseband signal containing D. C. component and very low frequency
components.

Substantially , there is no difference between frequency modulation and phase modulation in an-
gle modulation. They can’t be distinguished from modulated signal waveforms;and difference exists
only in the relationship between modulating signal and modulated signal. Generally speaking, angle
modulation occupies broader frequency band. The amplitude of these signals doesn’t contain infor-
mation of modulating signal ;hence in despite of the amplitude of the received signal random fluctua-
ting due to transmission , information in the signal is unable to get lost. Angular modulated signal has

strong anti- jamming ability ,and is especially suitable for transmission in the fading channel.

3.1 What is the purpose of modulation?
3.2 What categories can be classified for analog modulation?

3.3 How is linear modulation categorized?
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3.4 How is nonlinear modulation categorized?

3.5 What is the difference between amplitude modulation and DSB modulation? Are the
bandwidths of these modulated signals equal?

3.6 Does the bandwidth of DSB speech signal equal twice that of SSB speech signal?

3.7 What is the requirement on the characteristic of the filter for producing the VSB signal?

3.8 What kind of baseband signal is suitable for VSB modulation?

3.9 Write the expressions of frequency modulated signal and phase modulated signal.

3.10 What is the frequency modulation index?

3.11 Write the approximate expression of the bandwidth for the frequency modulated signal.

3.12 Describe the main advantages of angle modulation.

3.1 Assume the expression of a carrier is ¢(#) =5cos(1000ms) ,and the expression of base-
band modulating signal is m(#) =1 + cos(200m¢). Find the frequency spectrum of amplitude modu-
lated signal ,and plot frequency spectrum diagram.

3.2 In the above exercises,what are the amplitudes of carrier component and each sideband
component respectively?

3.3 Assume the carrier frequency of a frequency modulated signal is 10 kHz, baseband modu-
lating signal is a single sinusoidal wave with frequency 2 kHz,and modulation frequency deviation is
5 kHz. Find modulation index and the bandwidth of the modulated signal.

3.4 Prove that if a baseband cosinusoidal wave is used for amplitude modulation, then the
maximum power of the sum of two sidebands of the amplitude modulated signal equals one half of the
carrier power.

3.5 Prove that if two time functions are multiplied: z(¢#) =x(¢)y(t) ,then their Fourier trans-
forms have convolution relationship: Z(w) =X(w) * Y(w).

3.6 Let a baseband modulating signal be a sinusoidal wave with the frequency 10 kHz, and
the amplitude 1 V. It modulates the phase of a carrier with frequency 10 MHz, and the maximum
phase deviation of modulation is 10 rad. Calculate the approximate bandwidth of the phase modula-
ted signal. If the frequency of the modulating signal is changed to 5 kHz,find its bandwidth.

3.7 If the modulating signal modulates the frequency of the carrier in the above exercise ,and
the maximum frequency deviation of modulation is 1 MHz, find the approximate bandwidth of the fre-
quency modulated signal.

3.8 Let the expression of an angular modulated signal be

s(t)=10cos(2 x 10°mt + 10c0s2000¢)
Find: (1) the maximum frequency deviation of the modulated signal ;

(2) the maximum phase deviation of the modulated signal ;

(3) the bandwidth of the modulated signal.
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