Modulation
In this chapter, we are going to learn basic pples of
modulation. Modulation can be defined as the pmadsimpressing
information from a modulating signal onto anothgnal called the
carrier. The resulting signal is called the modedasignal (in general,

it is a bandpass signal).
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The reverse process is called demodulation. Whemibdulator

and the demodulator are located in the same apgarthe system is
called a MODEM (MOdulator, DEModulator).
When we do not use modulation, the system is callétbaseband
communication" system. At that time, the basebamghas is
transmitted directly.

Before we go on in the development of modulatiogotiy, we

have first to answer the following question: Whydutate?



Historically, modulation has been introduced in esrdo use
reasonably sized antennas in radio communication kiddw that the

physical size of an antenna is a fraction of theelength.

The wavelength isl :%, wherec = 3x10° m/s is the speed of

light, f is the frequency of the signal. So, if we wanttr@ansmit a

baseband signal of 3 kHz by radio, the requiredelength is 100 km.
It is evident that it is very hard to build an ama having many
kilometers of length. If we can transfer the infaititon to a bandpass
signal with a carrier of 30 MHz, we obtain a wavejth of 10 meters.
A quarter wave antenna will be 2.5 meters. Thismsch more

reasonable. Modulation is also used to make thernmdtion fit the

communication channel. Sophisticated modulation es®s are

commonly used nowadays to transmit information. hhegques like

OFDM, Trellis Coding, CDMA, etc. are commonly usedeveryday

communication systems.

Distortionless Communication

If we consider the whole communication system frone
baseband source signal to the baseband destinatgmal, all
communication systems can be considered as basdbaihis case, a
good communication system must laestortionless’. This means that
the destination signal must be a scaled (and mdglased) replica of
the source signal. K(t) is the source signal ay) is the destination
one, we must have:

y(t) =kx(t — 7). kis a constantris a time delay.



In the frequency domain, we obtain:
Y(f)=ke'?""X(f). This means that the overall communication

system must behave like a filter (LTI system) vattransfer function:

H(f) :%:ke—ﬂnfr

So, distortionless communication implies that thapbtude
responseH(f)| must be constant and that the phase respons$el@#ig
must be a linear function of the frequency. Thisanw that all
frequencies must be delayed by the same amourthelftransfer
between the input and output signal is linear ang tinvariant but
without satisfying the above conditions, we say t ththe
communication system is subjected to "linear diginof. This
distortion can come from the amplitude responselwis not constant
or from the phase response which is not lineailigted to frequency
(phase or delay distortion).

This type of distortion can be cured or minimized using a
filter called an equalizer" at the output of the communication channel.
When the transfer function between the input angutus nonlinear,
we are in presence ofidnlinear distortion”.

Har monic distortion:

When we apply a pure sinewave at a frequegdy a linear
system, the output will be a sinewave at the sasguency. However,
if the system is nonlinear, the output will be aip&ic waveform at
the same frequency, but it will not be sinusoidayraore. So, we

observe harmonics at the output.



Let the input bex(t) = Acosat, the output will be

y(t) =c, +ian cos(naw, +6,), &, =2[c,|]and 8, = Arg|c,].
n=1

The total harmonic distortion coefficient measuhesv far the

signaly(t) is from a sinewave. It is evaluated as:

It is the ratio of the rms value of all the harnmamnof the signal
y(t) over the rms value of the fundamental.

Classification of modulation systems.

Depending on the modulating signal, we distinguist different
types of modulation systems:

« Digital modulation systems: they are used to transmit digital

information through physical channels.

» Analog modulation systems: the modulating signal in this case is

a baseband analog signal.
We can also classify modulation according to thpetgf carrier used
(and therefore the modulated wave produced).

e Continuous wave (CW) modulation; The carrier is a sinewave

and the modulated signal is a narrow bandpasslsigna

« Pulse modulation: The carrier is a periodic train of pulses. The

modulated signal will carry information about saagplof the
signal.

We are going to analyze first analog CW modulation.



Analog CW modulation.

The modulating signab(t) is assumed to be bounded. This

means that there exists a peak valug(t)  such

that3(t)| < |3(t)| _ for all t. We can thus define a normalized signal

_ 81
s(t) = 50, and we haves(t) <1.

The signal is also assumed to have an average ohkexo. This

means that there is no delta impulse at the ormgits spectrum. It is

also assumed to be bandlimited to a maximum fregqu@éh In other
words, if S(f) =S [s(t)] then S(f) =0 for | f|>W.

In CW modulation, the modulated signa{t) is a narrow
bandpass signal. This means that it can be expglesseeither
guadrature form:

X(t) = a(t)coswt —b ¢ ) sinut
or in modulus/phase form:
X(t) =r(t)cos{at+¢ ¢)

ay = 271ty being the carrier frequency. Depending on the
modulation method, the information (sigrsé)) can affecta(t), b(t),
r(t) or ¢(t).

|. Linear modulations

We are going to study in this part modulation mdthwahere the
quadrature componentgt) and b(t) are linearly dependent on the

baseband signad(t). A linear modulation method must satisfy the



superposition principle. Ifx,(t) is produced bys)(t) and x(t) is
produced bys,(t), thena;x;(t)+ax,(t) is produced by;s(t)+a,sy(t).
Before proceeding in the analysis of the differtgpees of linear
modulation, we are going to study aalrMost linear" one: The
Amplitude Modulation (AM).
Amplitude M odulation (AM)
In AM, the informations(t) is carried by the modulugt) of the

signalx(t). Since we have the constraint thé} must remain positive
all the time, we cannot simply make it proportiote$(t). We have to
add a constant in order to satisfy the above caims$tr
r(t) = A +k5(t)
A, is a positive dc signal added to mak@) =0, ky; is a

proportionality constant and(t) is the unnormalized signal. The

phase of the carrigf(t) is constant and we use the value of zero. If we

introduce the normalized sigrs{t), we can re-expresgt) as:
r(t) = A + ks3], = A (1+ms(t))

—_ ka‘g(t)‘max
m_—
A
mis called the modulation index.
Sincer(t) must be positive, we see that we must h@dgen< 1.
If it happens that m exceeds 1, we say that we bareemodulation.

The AM signal is:
X(t) = Ay (1+ms(t)) cosut



Historically, amplitude modulation is the first mddtion system
put into practice. It was used essentially becaighe simplicity of
the receiver structure. It is easily verified tAdd is not linear since it
does not satisfy the superposition principle. Itas linear as the
function f(x)=ax+b. This function is not linear however it is
incrementally linear, i.e. an increment of the inuinearly related to

an increment of the output.
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peak of modulation

Sinewave modulated waveform

The signak(t) can be an energy or a power type of signal. én th
first case, we can compute easily the spectrurhefriodulated signal

as a function of the baseband modulating one.



Starting fronx(t), we obtain
X(t) = Ay (1+ms(t)) cosut = A, cosof + Ams t( ) cosd
giving
X()=2S(F = 1)+ 25(F + £) + 22mS(F = £) + 22mS(1 + 1)

This relation is shown graphically below.
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The above sketch shows the transformation frombdmeband
signal s(t) to the bandpass signglt). We can also remark that if we
do not want to have a superposition of shifted spe@liasing), we

must havef, >W . It is also apparent that the bandwiddhof the

modulated signal is twice the bandwidth of the base signal.
B=2W



If we consider only the positive half of the spaaty we remark
that the Hermitian symmetry &f) is translated td,. So, the positive
half is composed of two halvethe upper sideband above the carrier
frequency andhe lower sideband below the carrier frequency.

Power Computation

In order to analyze power signals, we may assuraes(t) is
periodic. We can start the analysis with the sisipleal periodic

signal: the sinewave. So, let us assume #{gt=cosw,t where
U < Gb.

X(t) = A (1+ mcosw,t) cosut = A, coaf + Am cagt cag
Using trigonometric identities, we obtain;

X(t) = A, coswit +%m co$(aw, —w, )t ] +%m cos(w, + @, )t |
The signal in this case is composed of 3 sinewatwscarrier with

amplitude Ay and the two sidebands with amplitu%%meach. The

spectrum consists of only Dirac impulse functioAsmore general

case is the one of a bandlimited periodic signad. 3&nh expresxt) as:
N
s(t) = > a cogkayt +6,)
k=1
The signal has a zero dc value and the number whdracs N is

given byN :LwJ The notation] | stands for thefloor (i.e. the

m

integer just below) of the number written insidéeTmodulated signal

IS now given by:



N
X(t) = Aycosat + AymY_a, cogkat +6,) coapt
k=1
Ab N
X(t) = A, coswit +7m2ak co$(w, —ka, )t +6, ]
k=1

+%mZN:ak cog (a +ka, )t +6, ]
k=1

The above formula is general enough to allow usdmpute the
power of the modulated signal. If we assume tha different
sinewaves are independent, the total power wilgjilven by the sum
of the power of the different components.

2 2 N
PX :%+2X%m22ak2

k=1

and

N |,

In the above relation, we can recognize the capasver P, =

2 N
the sideband poweR, :%mZZakz. So, the total power of the signal

k=1
is: B,=P.+2P,. The sideband power can also be expressed as a
- 3
function of the power of the normalized basebamghaiP, :ZE’
k=1

A

l.e. Py :ImZPS. So, in terms of the carrier power and the siddban

power, we obtain:
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Given that the signat) is normalized with a maximum value of 1, its

2
max

: 1 5 1 B
power is less than 1F(—ﬁmes (t)dtsﬁ'[Tm\s(t)\ dt=1). The

modulation index m is also less or equal to 1. Thsans that the
power transmitted by the two sidebands is smdilan the power used
to transmit a carrier that conveys no informatibtare than 50% of
the total power is used to transmit the carrier. ¥da evaluate the
efficiency of the system using the following eféacy coefficient:

__2p, _ mPR
P+2P, 1+m’P,

7

/) cannot exceed the value of 1/2.

2
If we usem=1,

Example: ifs(t) = cosw,t, P, :%, thenn = 5 -

2+m
the efficiency becomew:%. In general, AM systems use a

modulation index smaller than 1. The typical valse30%. AM is
used to transmit audio signals that have an avgragerPs << 1. In
this case, the efficiency drops to a very smalligal

Broadcast AM radio use carrier frequencies in thedioom waves
(530 kHz to 1.71 MHz) or in short waves (3 to 30 ¥)HWe can
encounter stations transmitting in long waves #4&Hz to
283.5 kHz). The bandwidtB allocated to every channel is 10 kHz.
This means that each sideband occupies a bandwWiditb kHz.

AM production:

The following block diagram reproduces the defingggation of AM.

11



dc Acosut

Another structure can be derived by manipulating thefining

equation.

X(t) = Ay (1+ms(t)) coswt = A, cosut + Agms t{ ) coad

5(t) 5 -

A

Acosmit

These block diagrams are essentially theoretiogbractice, radically
different methods are used. A common technique issé a saturating
class C amplifier. The theory behind this type ofpéfier will be
covered in a future course. Another method for AMduiction is to
use a memoriless nonlinear amplifier.
Consider a system with the following input outpainsfer:

Z=a, +aW+aw
Letw=s +s,,thenz=a,+as,+as,+as;,+as,+2ass

If s(t) = Acoswtands,(t) =5(t), then

12



z(t) =a, + a,Acoswy +as t )+ a,A’ codwi+as’ (¥ 2aASH )com
Now, co§9:%+—;cosz’, so z(t) is the sum of four different

components:

2

a,A
2

Dc componenta, +

Baseband componerd;3(t) + a,5°(t)

Component aroundy: a Acoswt + 2,AS € ) cosuf

2
Component at @y aZ;‘ COS Yt

If we use a bandpass filter tunedfgtwe can select the component
arounday. This component is:
X(t) = a,Acosat + ZA,AS  )cosut

= alA(1+ % S(t )] cosaut
= A (1+ms(t)) cosat

28, |S(1)
CY
specify the filter, we have to compute the spectafitiie signak(t).

. In order to

In the above expressiomy, =aAand m=

2

Z(f):{ao+32;\ }5(f)
+a,8(f) +a,[ 8(f) 0S(f)]
+817A[5(f — f0)+5(f + fo)]+a2A|:§(f - f0)+é(f + fo):|

+""2f2[5(f —2f,)+5(F + 2f,)]
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Positive frequency spectrum of Z(f)

The convolution term is the Fourier transform of Sguare,s(t). If

we look at the above spectrum, we remark that thé gignal is
present around. It has a bandwidtB = 2W. We notice also that we
must havef, > 3W if we want to avoid overlap of spectra. If the
nonlinear system contains a higher degree, then dbndition will
change.

There exist many other methods for producing AMhalg. They are
better analyzed in an electronic circuit course.

AM demodulation:

There exist several techniques for AM modulatiohey fall into two
different classes: Homodyne (Synchronous, Cohem@tyodulation
and Non Coherent demodulation.

Coherent demodulation:

In this technique, we multiply the received AM sagjirby a carrier
generated at the receiver. The local carrier mustehthe same

frequency and same phase as the one of the AM Isigea the

14



received signal bex(t) = A[1+ms(t)] cosut and the locally generated
carrier:y(t) = Bcos[(c% +Aw)t +¢0]. Awis a frequency error ang} is a

phase error. The result of the product is:
2(t) = AB[1+ms(t)] cost cof(aw, +Aw)t + ¢, ]

=%[1+ms(t)] cog( @w1+¢o)+%l ms (] cof @yt + Aw iy ¢y)

It is composed of two components. If we use a |l@spiter with a
bandwidthW, we will recover the first term. If we want to dedulate
the signal, the frequency erritv must be zero and the phase eggr
must be as small as possible (far from the valug2)t The recovered
signal will be a signal proportional t&t) plus a dc component. A
capacitor in series is enough to eliminate the dmmonent. The
locally generated carrier on the other hand must exactly
synchronized to the received carrier. In most imm@atations, we can
use the received carrier if the baseband signi#ée#f bandpass. This

is the case of most audiand speechsignals.

Narrow Lowpass
»| bandpass filter —| filter L
atfo cutoff W

The above figure shows a typical synchronous demataiu

Non coherent demodulator:

! Audio signals are usually bandpass between 50ndz18 kHz.
2 Speech signals are bandlimited between 300 and B0

15



The envelop detector is commonly use in AM receivaard is in fact

the first demodulator in the history of radio commuation.

. >

c <

The envelop detector is composed of a diode, astorsiand a
capacitor. It is essentially a peak detector. Theans that the time
constant of the circuitRC) must be much larger than the period of the
carrier (1fy). On the other hand, the circuit should not distbe
information signals(t). This implies that the time constant must be
smaller than the period of the highest frequencgs@nt in the

signal ().

i>RC>>i
wW f

0

You will have the occasion to experiment this dirau the lab. If the
above condition is satisfied, the signal obtainetha output will be
proportional to the envelop of the AM signdt). Here again a dc
blocking capacitor is needed to eliminate the dce/gresent in the
demodulated signal.

Double sideband suppressed carrier modulation (DSB-SC):

In AM, we spend more than half of the total powemsmitting a

carrier that conveys no information. The followingethod transmits
just the sidebands without transmitting the carfiére DSB-SC signal

is then:

16



X(t) = Ays(t) cosmwt
We see immediately than this method is a linearutaitbn scheme.
Furthermore, from the defining equation, the DSB-8@Gdulated

signal is a bandpass signal written in quadratarsfa(t) = As(t)and
b(t) =0. In the frequency domain, the spectrum of the (EBsignal

Is obtained by a straightforward application of thedulation theorem.
X(f)=%[8(f ~ 1)+ S(f + f,)]

We see that all the power is in the transmitte@lsahds. There is no
transmitted carrier. The transmitted power is:
P, =2P, =, AP,
2

Most transmitters are limited by thmeak power they can transmit.
The peak power is given by the square of the maxinmaf the
envelofP,, =|rt)]._ . For DSB-SC, the maximum of the envelop\is
while for AM this maximum is Ayl +m). So, for AM,
P = A2 (1+m)°and for DSB-SCP,, = A2. The ratio of sideband

power over the peak power for the two modulati@given by:

-

E DSB-SC
P, | 4
- 2
I:)peak m—P32 AM
(4(1+m)

So, for a given peak power, a DSB-SC transmittedpces more than

four times the sideband power of an AM transmitter.

17



Except for a missing impulse, the spectrum of DIB&hd the one of
AM look alike, however, in the time domain, theasfundamental

difference. The DSB-SC envelop and phase are diyen

0 0
w=ap 0= 5070

Every time the signals(t) changes sign, the modulated signal

undergoes a phase reversal.

I 0\ M *

|

\&

* N

0.

J>

0.2*
0

_0.2¢

Phase reversals,!

0.8}

1 1 1 1 1
0 0.5 1 15 2 2.5

We see that we cannot demodulate a DSB-SC sigrthl avsimple
envelop detector. We need a more sophisticated digliator.

The most commonly used demodulator for DSB is theddyne one.
However, since there is no carrier transmitted @laith the signal,
the local carrier generation is more complex.

Let x(t) = A;s(t)coswt . The signals(t) is assumed to be a power

signal with zero average. If we square the sig(tal we obtain:

X°(t) = A’s®(t) cos’ awt = Afszz(t) (+ cos@yt) . The signal S°(t) is

completely positive. This means that it has an ayervalue that is

18



different from zero. We can express it fi§t) =< s*(t) > +s (t). The

signals;(t) has a zero average. In the frequency domaimgmein:

2(1)=2=° (t’>5<f>+%a<f)

oA <Zz(t) Z[3(f —2f,)+3(f +21,)]

2
+22IS(F 21+ 5(F + 21,
We observe a spectrum arourfgtBat is practically the one of an AM

<S>

signal with a carrier area of 2 . S0, we can use a narrow

bandpass filter tuned atfp2to extract a carrier. The filter will be

followed by a frequency divider by 2 (a simple ip{flop).

Narrow
Bandpass Filter
at Zo

) LPF

()

A 4

A 4

A 4

Squaring loop demodulator

In the above system, there remains a small problénen we divide a
frequency by two, we have an ambiguity/oih the phase. This is due

2at + 2K :
to the fact that( “ 5 ) =t + k. This means that we can have

a signal reversal at the demodulator. If the desitn of the
demodulator is the human ear, this reversal witlbe noticed by the
auditor. However, if the system is used to transhaita, and if we

assign "1" to a positive value and "0" to a negatiglue, then the data

19



will be negated. One way to prevent this is to samgrefix word
known to the receiver. If it is received correctiiye keep the output of
the squaring loop. Otherwise, we invert the outparier from the
squaring loop.

One way to avoid problems in carrier recovery iséad a subcarrier
at a frequency related to the one we want to racove

Single Sideband M odulation (SSB):

When we are transmitting real signals in DSB-S@, ttho sidebands

are related and if we know one, we can deduce ther.oSo, this
modulation method transmits only one of the twebahds, either the
upper sideband (USB-SSB) or the lower sideband (ESB).

Basically, an SSB modulator can be implementedgusirDSB-SC
one followed by a sideband filter.

st > Sideband ——>

filter

A, cosait

SSB modulator
It is quite simple to represent the different opiers in the frequency
domain. The following sketch shows a USB-SSB sigmalthe

frequency domain.
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USB-SSB Spectrum
We can observe from the above sketch that the hdtilwf the SSB

signal is the same as the one of the baseband.s&maor the same
information, the SSB modulated signal uses halfudedwidth of the
DSB modulated signal. This is why SSB is used owcled spectrum
environment such as amateur radio. It has beenalsedn Frequency
Division Multiplexing (FDM) systems to transmit tBfent voiceband
signals. If we observe the following figure, we can obsethat the
different shifted spectra do not overlap. They bartransmitted using
a single wire. To avoid any problem in carrier negny, a subcarrier is

usually transmitted in a separate channel.

% A voiceband signal is a signal that conveys huspeech. Its spectrum is essentially different fammo in a
band between 300 and 3400 Hz.
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Band Limiting Filters

SSB Filter
- DSBSC
4kH
CH1 «— > /X
| 8.6 - 15.4kHz 12.3 - 15.4kHz
my(t) ——» ! > /)/\&
300Hz 34(I)OkHZ
f, = 12kHz
4kHz :
CH i 12.6 - 19.4kHz ﬂ/\(? 16.3 - 19.4kHz
my(t) " /X/
300Hz 34(I)OkHZ T
f, = 16kHz
Increase in 4kHz steps
FDM OUT
» 12 — 60kHz
4kHz :
CH12 | 52.6 — 59.4kHz %
my5(t) i -
- /X/ 56.3 - 59.4kHz
300Hz 3400kHz

f;, = 56kHz

12 Channel FDM system
To see how SSB is demodulated, we have to exgnesS$B signal in
the time domain. In order to do so, it is simplerabtain first the

corresponding analytic signak,(f) and then use the fact that
x(t) =Re[x, ¢)]. When we observe the USB-SSB spectrum, we notice
that the analytic signaX, (f)is just the analytic signd, ( f)shifted
and scaled in the frequency domain. 3Q(f)=AS,(f - f,). In the
time domain, it giveg, (t) = As, (t)exd jat]. Replacings, (t)by its
expression(t) + j§(t), we obtain:

X(t) = A Re[ (st)+ j5¢))(cosut + | simt) ]

= A[s(t)coswt —§ ¢ ) sinu]
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The above expression is the one of a USB-SSB mtetlkagnal. It is
a simple matter to show that the expression of L&B-SSB
modulated signal is:

X(t) = A[s(t)cosawpt + 5 ¢ ) sinu]
The above two expressions suggest that SSB modslat@n be

implemented using the following block diagram:

>3

A

A, cosawit

S(t) : @' :

T

2
| Hilbert ‘é
"| transform -
The minus sign is for USB-SSB while the plus is f@B-SSB. This

method of SSB production is called tRleasing Method.
SSB Demodulation:

We are going to consider only the coherent demdidnlanethod. A

general SSB signal isx(t) = A[s(t)coswt F5¢)sinut] . We
multiply this signal by a carriey(t) = Bcog (@, + Aw)t + ¢, |. Let us

consider first the case of zero frequency offAgb € 0).
The result of the product contains terms at lovgdiency and terms

around 2Z,. The low frequency component is:

AZ[s(t)cosg, 75 €)sing)
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So, the output of the coherent demodulator will taon a linear
combination ofs(t)ands(t). If the end destination is the human ear,
this signal will sound exactly at) alone. This is due to the fact that
the human ear is insensitive to phase shifts irsiipeal. In other cases,
the phase error cannot be tolerated.

The analysis of the frequency error is easier wdysin the frequency
domain. Using the modulation theorem, the resulthef SSB signal

multiplied by a carrier is:
f[x(t)cos(% +Aa))t]:%X (f - f,—Af )+—;x (f + f,+Af)

Starting from a USB-SSB signal with the spectrummvah below:

A

X()

\ /A

oW o fo fotW f

We obtain the following spectrum after eliminatiointhe components

around %,

S

N |/

-W - Af —Af Af W + Af f

v
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We remark that all the frequencies of the messagdranslated by a
constant shift. This constant shift does not make tspeech
unintelligible. However, whenfis positive, it makes everybody
sound like "Donald Duck", hence the nanignald Duck distortion.
On the other hand, music will be completely digdrtsince the
harmonic relations between notes will disappear.

Advantages and disadvantages of SSB:

We see that SSB is a linear modulation system Haaes on
bandwidth. The transmission bandwidth is equalh® s$ignal one.
However, in order to achieve this result we needy veomplex
hardware.

In the filtering method, we have to transmit conglye one sideband
and eliminate completely the other. This means that transition
region of the filter is zero. The only way to acleeeasonable filters
Is to use this method for signals that have no ggnaround zero

frequency.

X(f) Filter
Amplitude
transfer

________

1
1
1
1
’
1
1
1
1
/
al
»

fo-W fo fot W f'

If we want to apply the phasing method, we will @mater the same
problem. It is impossible to build a filter that gde shifts all

frequencies from zero &. This means that the phase response of the
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filter has also a zero transition band. We can @yprate the Hilbert
transformer if the signad(t) has the same character as above. It must
not have any energy around zero. So, SSB is ugefué want to
transmit speech. Audio signals can be transmittatleaexpense of a
quite complicated hardware. Data cannot be tramsthih the shape

of a sequence of pulses. This signal possesses pbwero frequency.

If we want to transmit signals that have spected #re different from
zero around dc, one solution is to use VestigideBand.

Vestigial Sideband (VSB):

In VSB modulation, we use filter that transmit mo$tone sideband

and a very small amount of the other (a vestige).

In order to determine the filter characteristicse wust analyze a
complete modulation and demodulation system. Thaodelation

method is always coherent. We multiply the receisgghal by a

carrier Bcoswyt and we lowpass filter the result to eliminate term

around2aw, .
A B : C D E
VSB Filter > L_owpass
Filter
A, cosawit Bcosapt

In the above block diagram, we must determine igpeass at different
points.
At A, we have the baseband signal(t) =s(t) with spectrum

Xa(f) = S(0).
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At B, we obtain the DSB-SC signgl(t) = Ags(t)cosapt with spectrum

Xo(1) =22 5(f - 1)+ 2s(f + 1),
2 2
At C, we have the VSB signal obtained by filterthg DSB-SC signal.

We are going to characterize it in the frequencynaim only:
Xc(f):%[H(f)S(f - f,)+H(F)S(f + fo)]

At D, we use the modulation theorem of Fourier $farms and we

obtain:

Xo(1) = BEH(F = 1)S(F =2160) + H(F = 1)S(1)
+H(f +f)S(f)+H(f+ f))S(f +2f,)]

The lowpass filter eliminates all the terms arow2f}. So, the signal
at E will be: X (f) :%[H(f —£)S(f)+H(f + f))S(F)]

If we want to have a distortionless transmissidis signal must be
proportional tos(t). This means that:
H(f +f,)+H(f - f,)=constant

After some manipulations, we obtain that the tran$finction of the

filter must satisfy:
H(f, +x)+H"(f,—x) =2RgH (f, ) for f aroundf,.
If H(f)=R(f)+ jX(f), then
R(f, +X) + R(f, —x) = 2R(f,)
X(f,+x)=X(f,=%)
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[ReH(f)]

| Im[H(f)]

fo f

The above graph shows the different symmetries ttatreal and
imaginary part of the transfer function must sgtidthe real part must
show an odd symmetry with respect to the pdgntReH(fy)]) while
the imaginary part must have the vertical line papdy fy as a
symmetry axis.

The VSB signal has been characterized in the freggudomain. We
have seen that it can be demodulated using cohdmmodulation.

We can also have the expression of the VSB signtiia time domain.
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Being a general bandpass signal, it can be exmlassguadrature
form and it is completely described by its compéewelop. The VSB
signal appears at point C in our block diagramcdsplex envelop is
given by the filtering of the complex envelop 0&tBSB-SC signal at
B by the lowpass equivalent filter.
The complex envelop of the signal at B ng;(t) = As(t) with a
spectrunM . (f) = A S(f) . The lowpass equivalent filted, (f)is
the filter H (f)translated down. Using the symmetries derived apove
we can express the equivalent lowpass filter tearfsinction as:
H,,(F) =R(fy) + ACF) + jX,,(f) = R(f,)[1+ jQ(f)]
In the above expressioA(f) is an odd functionR(f) translated down
to f =0 and shifted down bRR(fy)) while X,(f) is an even function.

This implies thaQ(f) satisfiesQ(f)=Q"(-f). The complex envelop
of the VSB signal is theM (f) = AR(f,)S(f)[1+ jQ(f)] or in the
time domain: m,(t) = AR(f,)s(t) + AR(f)F [Q(F)S(f)] . The
function Q(f)S(f) satisfies the condition of Hermitian symmetry.isTh
implies that its inverse Fourier transform is realet

q(t) = *[Q(f)S(f)] then the complex envelop of the VSB signal is:
m,(t) = AR(f,)[s(t) + ja(t)] and the VSB signal can be written as:

X(t) = AR(f,)[s(t) coswt —q ¢ ) sinwg].
The signal(t) is the output of the filter with transfer funati®(f).

Af) |, Xp(F)

f)=
=Rt TR
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Two extreme cases are interesting:
If we want to keep the upper sideband and elimicatapletely the
2R(f,) f>f,

lower one, we must havd (f) =
0 O< f <f,

This implies thaQ(f) =—jsgn(f Jandq(t) =5(t) . The VSB signal in
this case is a USB-SSB signal.

The other extreme case is when we want to keep $iddbands. At
that time,Q(f) = 0 and the signal is just a DSB-SC one.

In our analysis, we have assumed that we favougper sideband.
We can obtain the same results for the lower sidgéb&he modulated
signal bandwidth is intermediatéd/ < B < 2W.

Envelop demodulation of linear modulation + carrier:

If we add a large amplitude carrier to the inphaseponent of a
bandpass signal (DSB, SSB, VSB) we obtain:

X(t) = Bcosayt + A,s ¢ ) cosut + AQ () siavt

The envelop of the signal is:

AQ%(t)
B+ As(t))’

If B>>A,, the expression inside the absolute value willagisvbe

r(t) =J(B+ AS())” + A2Q2(t) =|B + AS(t) \/1+(

- - Ad(t)  _ -
positive and r(t) =(B+ As(t))+ 2(B+ As() =B+ As(t) .This

technique is used in the transmission of analogvigibn where the

TV signal is transmitted in VSB+Catrrier.
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