10.1 Signal Transmission in Communication Systems

The main role of a communication system is to transmit signals (information) fromn
the source of information(system input) to the user, destination (system output).
The transmission is donever acommunication channelsing atransmitterand a

receiver. A simplified basic communication system is presented in Figure 10.1.

Source, sender User, destination
Input Output

Information Information
Original Reconstructed
baseband Noise (estimated)
signal l signal

Transmitter / Channel Receiver

Transmitted signal Received signal

Figure 10.1: Basic communication system
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The original signal, usuallycalled, thebasebandsignal (this namewill be
justified after weexplain the modulatiomoncept) is first transformed into the signal
convenienfor transmissiorfcalled theransmittedsignal) using théransmitter. The
transmittersends sucla signal asan electrical oroptical (electromagnetic3ignal
over a communicationchannel, which represents physical medium convenient
for propagationof electromagnetic waves (low signattenuation and distortion).
Communication channels cdme guided media (such as coppsire or optical
fiber cable channels)r free-space channels (such as satellite or wireless (radio
channels). The role dhe receiver is to convereceived signals, theoretically, into
baseband signals and pakem to the user. Du® channel attenuation, distortion,
and noise, the receiver produces a signal that is only similar but not identical t
the baseband signal. Such a signal is called estimated or reconstructed signal. 1

estimated signatan be slightly different thathe originally sent signal (baseband
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signal) especiallyfor voice and video transmissionsjnce the human eye and ear
areunable todetect small errorsHowever, in the case when we transmit data, the
signal transmission musbe error free.

Modulation

In a standard communication system, the transmitter is a modulator, and tt
receiver is a demodulatorThe modulator and demodulator togetrae called
modem. We havealready introduced the modulation concept witkine properties
of the Fourier transform.The modulation property of the Fouritransform says
the following: Let the signak(t) have the Fourietransform equal taX (yw),
wherew = 27 f. Then, theFourier transform of thenodulated signal, defineds

x(t) cos (wet), we = 27 fe, IS given by

F{x(t) cos (wet)} = %X(y(w + we)) + %X(y(w — we))
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Since| X (yw)| denotes thesignal spectrumit can beseen that thespectrum of
the modulated signais shifted leftand right byw,., asrepresented in Figur&0.2.
The frequencyw, is called thecarrier frequency. The originasignal spectrum
Is the baseband signapectrum, and thether twospectra in Figure 10.2 are the
modulatedsignal spectra. Thigustifies the naméhe baseband signal. Due to
the magnitude spectrusymmetry, the positive frequencies carry @formation
contained in the given signalie can make twabservations from Figure 10.2.

(1) The spectrum of the modulatstgnal is doubled comparing the spectrum
of the baseband signal. It contains thpper frequency sidebanaind thelower
frequency sideband, each having the bandwidth equal to the bandwidth of tt
baseband signal.

(2) Due to frequency translation, the negative frequencies come into the pictur

andthey form the lower frequency sideband.
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Hence, theamplitude modulatiorprocedure presented requirdsubling in the
spectrumrequirements (wastef the frequencyband). In Section 10.5, we will

study a techniquethat remedies thigproblem.

X

S,

~Wmax 0 Wimax

2| XG(orre, )1+ 3 [ X (00, )|

—0y~ Wypax  —Wy —WtWnax 0 Wy~ Winax (O Wyt Wiax

Figure 10.2: The spectrum of the original and modulated signals

The modulation concept indicates one extraordinary possibility that the sam
channel can be used to simultaneously transmit several signals by appropriate

shifting their spectra such th#tey do not overlap in the frequency domain. Note

The slides contai the copyrighted material from Linear Dynamic Systems and Signals, Prentice Hall 2003. Prepared by Professor Zoran Gajic 10—5



that thesignals mayoverlap in thetime domain. In Figure 3.8, we have considered

a telephone networkhat transmits manyelephone signals (calls) simultaneously.

f
Spectrum of the original signal

J [kHz]

0 4

A
Spectrum of a sequence of modulated signals

|| flz)
0 4 8 12 N-1 N B}

Figure 3.8: Transmission of [N telephone modulated signals over the same channel

It can beobserved from Figure 3.8 that the users share the frequency band. If w
assume that the channel frequency bandwidth is equaptg and that the channel
must servelN users (baseband signals), then we see that each user has reserved
the times a part of the channel frequency band equalgey /IN. Such a channel

sharing is calledrequency division multiplexing=DM).
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Another channetharing techniqueased in communicatiogystem practice is the
time divisionmultiplexing (TDM), a technique invhich each user gets the whole
frequencyband ofthe channel, bubnly during alimited period of time. In such
a case theusers are switchedn and off according tothe given time schedule.
For example, eacluser uses thaevhole channel frequency band during the time
period of At, andthey rotate so that each gedsturn after/N At time units (fair
sharing of thechannel). Note that there i® single criteria by whicho judge that
one of thechannel sharing techniques is better, due to the very simple fact that
channel with alarger frequency bandwidth has lagher capacity(it can transmit
more units ofinformation per unit of timeit is a faster channel)Hence, there is an
interplay between transmitting at high speeds during short periods of time (TDM

and transmitting at low speeds all times (FDM).
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Demodulation

The demodulation process is reciprocal to the modulation prodéssnodulation
IS an operation that reconstructs the original baseband signal from its modulate
signal. Technically speaking, the demodulator has to cut out (filter out) the
frequency bandhat corresponds tthe given baseband signal.

Demodulation can be performdyy modulating again the modulatstynal

F{[x(t) cos (wct)] cos (wct)} = T{%w(t) + %w(t) cos (2wct)}
= X (j0) + S X(i(w + 200) + X (G (w0 — 2w0))

By passing thissignal through a low-pass filteve can recover the original signal
multiplied by 0.5, that is0.5z(t). In Section10.5 we will say moreabout both
the modulation and demodulation procedures. In the remaining part of this sectic

we will introducedsome notions frequently used in signal transmission.

10-8
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Signal to Noise Ratio

As mentioned earlier, channel noise is most often random in nature. Despite tt
fact that we will not study channels from the stochastic point of view, we can define
a simple quantity that tells us how much, in average, a given channel is noisy. Lt
P, denote theaverage signapower and letP,, denote theaverage nois@ower.
The signal to noise ratio indecibels[dB] is defined by

SNR[dB] = 101log;, (P—)
Apparently, the higheENR the better channel.
Channel Capacity

It can beexperimentally observed that the channapacity is directly propor-
tional to its frequency bandwidth. It has also been observed that the higher SN

implies the higher channel capacity.
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An exactformula thatrelates the channaapacity in bits per second, channel
frequencybandwidth inHz, and thechannel signal power to noise power ratio was

derivedby Shannonalso known asShannon-Harteley’s formula). i$ given by

b P,
C|—| =wpwlogy |14+ —
S Pn

The formulais valid for channels with Guassiamise (noise statistics is completely
describedy the first and second ordaroments). In the case abn Gaussian noise,
the aboveformula gives only an approximatewer bound.

Optical Fiber Cable

As the waveguide medium of the future, the optical fiber cable has a hug
frequency bandwidth that theoretically can reach several hundreds of TH
(1 terahertzs equal to10'2 Hz). It hasalso very low signal attenuation of only

0.2 dB/km, which means that
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pinp dB
10 lOglO Pout = 0.2 E

where P*™P and P°* represent, respectively, the input and output signal powers
In addition, the optical fiber cable has vetgw signal distortion. Noteéhat such

a cableis made of silica glass (dielectrignd that it transports lighsignals,
also calledoptical signals. Similarly to the frequenalivision multiplexing, in
optical communication systemsavelength division multiplexinggVDM) is used to
transmit simultaneously many signals (eighty or even more) over the same optic
fiber channel. The optical wavelength is defined by = v/ f, wherew is the
light speed(equal toc = 3 x 10® m in vacuum ande/. /€ pr = 0.6c in a
guided mediag, andu, are respectively thenedium permittivity and permeability

constants) andf the frequency of the correspondirigght signal. Note that
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DWDM standsfor dense wavelengfirequency divisiomultiplexingthat hasoptical
wavelengthchannels denselgpaced every 0~ m = 1 nm (1 nanometar).

It is interesting to point out that a channel represents a dynamic system that can
either linear or nonlinear, time invariant or time varying, deterministic or stochastic
(see systemalassification in Sectiof.4). For example, telephone channels are linear
systems in most cases, wireledgannels can be consideredtase varying linear
systems, fiber optics channels arenlinear time invariant systems thate often
linearized (see section on linearizatiohnonlinear systems, Section 8.8ptellite
channels are nonlinear. Another classification of channels distinguishes betwe
bandlimited channelsuch as telephone networks amolwer limited channelsuch

as optical fiber and satellitehannels.
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10.2 Signal Correlation, Energy and Power Spectra

In addition to the system frequency bandwidth, the signal power represents anoth
Importantquantity that engineerare particularly concerned with while transmitting
signals. We havealready defined signal energy and power in the time domain in
Section2.3. Here, we present their representations in the frequency domain ar
relate them tahe quantity known as the signabrrelation function.

Devices called signatorrelators are used to measp@ver of incoming signals
in many communicatiorfand signal processing) systems. For example, in wireless
communication systems, correlatatthe base station measure at all times the signal
power of allmobiles in the base staticarea (cell). Those powers are periodically
adjusted such that eadmobile has sufficient signal powdor a good quality
transmission, but not so much signal power as to cause unnecessary interference

the other mobiles that use tlsame frequency band.
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Continuous-Time Signal Correlation

The analytical expression for signal correlation is very similar to the convolutior
integral, even though signal correlation and signal convolution have completel
different physical meanings.

Correlation of two continuous-time signats () andx2(t) is defined by

oo

Ris(r) = /acl(t)acz(t—l-r)dt

— 00

wherer is a parameter—oo < 7 < oco. More precisely,R12(7) is called the
cross-correlation function. Assumirtpat the signals:; (t) andz2(t) have Fourier

transformsrespectively given byX;(jw) and X2(jw), that is
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1 T T
o) =5 [ Xa)etde, ()= [ Xaw)eds

then, wehave

Ria(7) = / x1(t) {2171-/ X2(jw)ejW(t+T)dw} dt

wl(t)ej“’tdt-‘ X3 (jw)e’ T dw

Note that X (jw) = Xi(—jw). The lastformula indicates thaiR,>(7) and

X7 (Jw)X2(yw) form the Fourier transform pair, thad

The slides contai the copyrighted material from Linear Dynamic Systems and Signals, Prentice Hall 2003. Prepared by Professor Zoran Gajic 10—15



Ri2(7) « X{(Jw)X2(jw)

In the case where,(t) = z2(t) = x(t), we have the definition of the

autocorrelationfunction as

oo

R(T) = / x(t)x(t + 7)dt

— o0
In this case,we have

1 T % [ - . j T 1 T . jwT
R(T):E / X "(Jw)X(gw)e’ dwzﬂ / 1 X (jw)|?e?“ dw

that is, theautocorrelation function angX (jw)|* form the Fouriettransform pair

R(1) < |X (jw)*
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It can be shownthat the autocorrelatiofunction has the following properties:
1) The autocorelation function is even, thatB7) = R(—T7).

2) R(0) = FE~, Where E,, stands forthe total signal energy.

3) R(0) > R(t), VT.

4) R(7) is continuous intime (like convolution).

The quantity|X(jw)|2 defines the signgbower at the given frequenay so

that | X (jw)|? is calledthe power spectrum|X (jw)|? is alsocalled theenergy

density spectrunfior the reason to be clea@oon. Introducing notation

X (jw)I” = S(w)

we have
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S(w) = / R(t)e7*"dt, R(*r):% / S(w) eI dus

Note thatS(w) is areal positiveand even functionthat isS(w) = S(—w) > 0.

It follows from R(0) = E. that

W =00
1

27

It is clearthat S(w) represents thenergy density inhe frequency domain, which
justifies the density energy spectrum name useo|1~f)(jw)|2 = S(w).

If one intends to find the signanergy in the frequency domaim any frequency
range, say(wi,w2), then the knowledge of the signal density ene&fyw) gives

the following formula
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W2 —w1 W2

1 1 1
W(wi,w2) = —/S(w)dw + — / S(w)dw = —/S(w)dw
27 27 0y
Wi — w9 Wi

The last expressiofollows from the fact thatS(w) is a positiveand symmetric
function offrequency. This formula determines tlistribution of the signal energy
in the frequency domain. Here, we s@ew the “negative” frequencies come into
the picture and how the signal energy can be completely expressed in terms

positive frequencies, which reflects physical reality.

Example 10.1: In this example we will find the frequency range that contains
the given percentage (50%) of the signal energy. Consider the signal frequent

spectrumpresented in Figure 10.3.
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' XGw)

-1 0 1

Figure 10.3: The frequency spectrum of a signal

We are looking for the frequency; such that

1 11 T
W(0,wy) = EW 29m S(w)dw = — / | X (jw)|*dw

— 00

1
1
—/(1—w)2dw=—
0y 67
0
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Hence, wehave theequality

Wi

1 1
W(Oawl) — ;/ (1 — w2)dw = §W = a
0

Using thefollowing change ofvariables1 — w = u, the above integral carme
easily calculatedwhich leads tow; = 1 — 1/+/2. Note thatin this problem we

have tacitlytaken into account the contributioof “negative” frequencies to the
signal energy.
As a measure of similaritypf two signals, the so-calledorrelation coefficient

can be defined as

R12(T)
VR11(0)R22(0) —

—1 S 612(7') =

When the correlation coefficient tdose to one then the signals are similar.
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Correlation of Periodic Signals

In the case when signals are periodic, the correlation functions can be obtaine

using the Fourier series. Let;(t) = z1(t + T) and z2(t) = z2(t + T),

T < oo, then thecross-correlation function for periodic signais defined by

Ris(7) = % / o1 (D)wa(t + 7)dt

o[~

Using the fact that periodic functions can be expressed using the Fourier series

n—~oo
x1(t) = Z Xl(jnwo)ej"“"t
n=——0o0
== : 27
x2(t) = Z X2 (jnwe)el ™ot wo =
n—"—oo
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we have

n=o

1 )
Z Xa(7 nwo)eJ"“"(t"'T) dt

R12(T) = T

|
NH\NIH
8
—
Ve
~
S
1
S
Il
|
8

n=00 1

= ) Xy(jnwo) T

n=——oo

1 (t)ej"“"tdt eI nwoT

|
NH\NIH

nN=0o

= Z X (jnwo) X2 (jnwe)ed™ o7

nN=—00

Note thatR;2(7) and X (3nwoe)X2(gnwo) are the correspondingourier series

pair, which implies that

z
. . 1 —JjnwoT
X7 (gnwo)X2(gnwe) = T / Ria(T)e "7 dr

Sl
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In the case whene;(t) = x2(t) = «(t), we can definethe autocorrelation

function for periodic signals as

1
R(r) = / 2(8)a(t + 7)dt
_I
2
which leads to
R(t)= Y  |X(jnwo)|*e’™”
Introducing the notionof the power spectrun(nwo) = |X(jnwo)|® of a

periodic signal, weéhave the corresponding Fourier serpzsr

T
nN=0o0 2
R(T) = E S(nwe)e?™“7, S(nwy) = T / R(T)e 7"“"dr
n=—oo T
3
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Note thatfor periodic signals the autocorrelatiofunction is also an even
function. The correspondingpectrum is amven and positive function. In addition,

R(0) definesthe signal energyluring one timeperiod, thatis

=00

S X (jnwo)l? = % / 22 (t)dt = W

n=—0o0

R(0) = i S(nwg) =

Sl

This relation alsaepresent$arseval’s theorem for periodisignals.
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10.3 Hilbert Transform

The Hilbert transform plays an important role in communication systems. It can b
easilyderived using knowledggom Chapter 3 about the Fourier transform. There

aretwo forms ofthe Hilbert transform. The first form is valid for causal signals and

the second form holds for real signals. The first form of the Hilbert transform has
applications in lineaelectrical circuits and electric power systerasd the second

form of the Hilbert transform is used itommunications systems.
Hilbert Transform for Causal Signals

In the following we will show that in the case of causal signals, the Hilbert
transform, in fact, relates the real and imaginary parts of the corresponding Fouri
transform. Such a relationship holds for asausalreal or complex signal (function)

x(t). Recall thatcausal signals are equal to zero fok 0.
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Due to causality, wehave

F(x(t) = X(Jw) = Xpe(w) + 1 X1m(w) = /w(t)e_j“tdt

Causality impliesalsox(t) = z(t)u(t), whereu(t) is theunit stepfunction. The

applicationof the Fourier transform produces

F(a(1)) = X(jw) = F(a(t)u(t)) = 5~ X (jw) * U(je)

Using the expressiofor the Fourier transform of the unit step function, we obtain
X(Jw) = XRe(w) + JXIm(w)

= [Xne(w) + § Xrm(w)] » [“‘5(“’) ' Jiw]
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It is known thatthe convolution ofany signal with the delta impulse signal

produceghat signal.Using this fact,the above equation is simplified into

1 1
XRe(w) + 1 Xm(w) = EXRe(w) + jEXIm(w)

1 ] 1 1
——XRe(w) %k + —XIm(w) k —
27 )

27

Equating the reahnd imaginary parts ithe last equation, we have

1
XRe(w) — XIm(w) * E

and

1
XIm((AJ) = —XRe(w) t E

These formulas relate the real and imaginary parts of the Fourier transform of tr

causal signak(t) and define the Hilbert transform.
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Using thedefinition ofthe frequency domainonvolution, the last two formulas

can be writtenin the following form

dv

W —v

Xpe(w) = 7 X 1m(v)

and
1

W —v

dv

Xim(w) = —% / XRe(v)

Example 10.2: The unit step signak,(t) is a causal signal whose Fourier
transform hadoth the real and imaginary parts, that is

Flun(t)} = 76(w) + Jiw = 76(w) — jé
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The imaginarypart of the given Fouriertransform is related to its real part

throughthe Hilberttransform, that is

o o]

1 1 1
— / 7o (v) dv = ——
™ w—v w

— o0

This form ofthe Hilbert transform has applicatiomslinear electrical circuits and
electric powersystems in order to finthe imaginary part of the Fouri¢gransform
when its real part is known (obtained experimentally) and vice versa to find the
real part from the imaginary part of the Fourier transform. For completeness, it i
presented irthis section, together with the second form of the Hilbert transform,
which has a particular importance for theodulation process in communication

systems.
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Hilbert Transform for Real Signals

The second form of the Hilbert transform is derived for real Fourier transformable

signals. Letz(t) « X(jw), that is

1 T :
x(t) = P / X (jw)e!“tdw

Consider the signak(t) whose spectrum igero for negative frequencies and

equal to2X (yw) for positive frequenciesthat is

1 T :
xy(t) = ;/X(jw)ewtdw
0

The following relationship exists between the signa(g) and z(t)

w4 (1) = () + ji(1)
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where & (t) is the Hilbert transformof z(t) defined by

o @)

Z(t) = z(t) = % = % / ar:('r)t _1 Td'r

This result can beshown asfollows. From theexpression forz(t) and &(t), we
have

X1(w) = 2Un(yw) X (jw)

whereUy, (jw) represents the unstep function in the frequency domain. We know

that up(t) < (1/jw) + w6(w). Using theduality property, we have

1 .
HE + 7wé6(t) < 27UL(Jw)
1 1

_|_ —

1 ] .
= _]271'—(—15) 2(5(1;) = 5(5(1:) + % — Uh(jw)
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Since theproduct inthe frequency domainorresponds to the convolution in the

time domain, wehave

e () = () + |o(0) + 2| = a(t) + 330

Also
X (jw) = F( 2 ) X (o)

Sincesgn(t) < 2/jw then by theduality property, we have

2 1 : :
= 2wsgn(—w) & P jrsgn(—w) = —jwsgn(w)
J

so that

X (jw) = —jsgn(w) X (jw)
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Finding analyticallythis form of the Hilberttransform requires that the signal
Fouriertransform ismultiplied by — jsgn(w) and thathe inverse Fourietransform
Is applied to theaesult obtainedThis procedure isemonstrated in the next example.
Example 10.3: The Hilbert transform of the sine function is obtained as
—gsgn(w)F{sin (wot)} = gsgn(w) X gw[é(w + wo) — 6(w — wo)]

= —71'[6((.0 + wg) + (5((.0 — wo)] = —F{cos (th)}

Hence, theHilbert transform of the signadin (wot) is equalto — cos (wot).

Using the definition of the sign function, we have

X (jw) = —jsgn(w) X (jw) = {J__,J(i(j;)):ié;fi(){w)’ . i g

It can be seen thdor real signals the Hilbert transform introduces the phase shift
of —90° = —= /2 for positive frequencieand the phase shift &f0° = = /2 for

negative frequencies.
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The signalz(t) is calledthe positive frequencyre-envelope signadf x(t).

Its main featureis given byits spectrum formula
2X(jw), w>0
X+(gw) = ¢ X(0), w=20
0, w<O0
The middlerelation follows from the propertpf the frequency domain unit step
function, thatis X4 (0) = 2UxL(0) X (0) = X (0). Similarly, we can define the
negative frequencpre-envelope signabf x(t) by z_(t) = x(t) — j&(t). Its

spectrum is

0 w >0

X_(jw) = {)E(o), w=0
2X(jw), w<O

Applications of this form of the Hilbert transform in communication systems

will be discussedn Section 10.5 within the single sideband modulation technique.
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10.4 Ideal Filter

Signal filtering plays a very important role in communication systems. Filters
can extract from agiven frequency spectrum either low frequency components
(low-pass filtering)or high frequencycomponents (high-pass filtering) or signal
componentghat belong to a certain frequency range (band-pass filtering). A filter
can also eliminateertain components from the signal frequespectrum (band-
stop filtering).

It is importantto know that an ideal filter that exactly passes the given range of
frequency components amxactly suppresses the frequency components outside o
that range isot physically realizable. However, thaeal filter has theoretical im-
portance in understanding th@erplay between the time arfcequencies domains.
Moreover, with sight modifications we can construct realizable filters starting with

the frequency characteristics of ideal filters.

The slides contai the copyrighted material from Linear Dynamic Systems and Signals, Prentice Hall 2003. Prepared by Professor Zoran Gajic 10—36



The frequencycharacteristics osuch an idealow-pass filter is presented in
Figure 10.4. Thefrequencywy is calledthe filter cut-off frequency. According to

Figure 10.4 the idealow-pass filtertransfer function iggiven by
: 1 X e I%td, |w| < wg
H — ’ -
(3) { 0, otherwise
Note that wehave assumed that the phasiethe ideal filter changeBnearly in
frequency, whiclcorresponds to the time shif the filter input signaldy tg4 (time

shifting property of the Fourier transform).

P IHGw) b arg{ H(jw)
1 ©
0 |
o
—Wy 0 (V) *_*(;)0}; *********
(a) (b)

Figure 10.4: The frequency spectra of an ideal

low—pass filter: (a) magnitude and (b) phase
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In the following, we derive the impulseesponse of the ideal low-pass filter and
showthat suchan impulse respons#oes not correspond to the impulse response of
acausal (reaphysical) system. Wknow thata rectangular frequency domain pulse
hasthe followingtime domain Fourieequivalent (note thah this caser = 2wy),
see Example 3.16

2(.00 . 2(.00
P2, (w) < ——sinc| —t
27 27

Using the timeshift property of the Fourier transformye have
Wo

H(jw) = Paun(w)e 740" — Zsinc (%(t _ td)) — h(t)

We haveobtained the shifted sinc signahose maximum, at = t4, is equalto

wo/tq. The waveform is presetuoth left and right from the point = ¢4, having
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infinite durationin bothdirections, see Figur£0.5, where we use MATLAB to plot

the corresponding impulseesponse fowy = 5rad/s andty = 2s.

Ideal filter impulse response

1 1 1 1 1 1
-2 0 2 4 6 8 10
time in seconds

Figure 10.5: MATLAB plot of the impulse response of an ideal low—passfilter
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It can be concludedhat the ideallow-pass filter impulse response produces a
waveformdifferent fromzero even fotthe times { < 0) beforethe delta impulse
input is applied tothe filter. That violates thecausality of the filter, that is, its

physical realizability.

Problem 10.15: Direct derivations of thedeal filter impulse response

1 - . .
h(t) = T_I(H(jw)) — - / pzwo(w)e_J“tdeJ“tdw

1 7 1T
— edvt=ta) g, — / cos (w(t — tqg))dw
27 2w
—wo —wo
1 si t—t _ sin (wo(t — ¢ w
_ sin (w( d)) [=w0 (wo( d)) _ Osinc(wo(t —tq))
2t t—ty - 0 ﬂ'(t — td) @
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10.5 Modulation and Demodulation

Signal modulation has been the cornerstone for the development of modern col

munication theory and its applications. More precisely, the formula

F{x(t)Accos (wet)} = 0.5A. X(J(w+ we)) +0.5A. X(5(w — we))

defines amplitude modulation. Thesignal A, cos (w.t) is the carriersignal
with carrier frequencyw, and carrier amplituded.. The modulatedsignal is
x(t)A. cos (w.t). The basebandignal z(t) is also calledthe message signal,
modulating signalpr original signal. The spectraf the original (baseband) and
modulated signalsare presented in Figure 10.2.

There areseveral types of modulation technique$n addition to amplitude
modulation, wehave frequency modulatiorand phase modulationtechniques, in

which, respectively, the carriegsignal frequency and the carrier signal phase are
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affected bythe basebandignal. Hence, irnthose cases the carrier frequency and
the carrier phasearry information abouthe original signake(t). Frequencyand
phaseamplitude modulation areutside thescope of thisintroductory chapter on

communicationsystems.

In additionto the sinusoidatarrier, thetrain of pulseds used ashe carrier signal.
In the case of therain of pulses, we havagainamplitude modulatior{the pulse
magnitude is proportional to thaiginal signal magnitude at thggven time instant),
pulse duration modulatiofithe pulsewidth is proportional to thenagnitude of the
original signal), angbulse position modulatio(the pulse position with respect to the
reference position is determined by the magnitude of the original signal). The abo\
pulse modulation techniques are spedific continuous-time (analog) signals. Due
to space limitation and introductonyature of this chapter, continuous-tirpelse

modulation techniques will not be discussed.
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For digital signals, wehave thepulse codemodulationtechnique,in which
digital signals arebinary encoded anthe bits carrying information about signal
magnitudeare transmitted.We will say more abouthis modulation technique in
the next sectionwhere we preserthe essence afigital communicatiorsystems.

Amplitude Modulation

It can be seerfrom the previous analysis thalhe carrier signal amplitude is
equal toA.. Being multipliedby x(t), the carriersignal changes its magnitude
according tox(t) A., which isthe way the carrier signaarries information about
the signalz(t). There areseveral variants of the amplituaeodulation technique.

Let us demonstrate on a simple example that the envelope of the modulate
signal cancarry information about the originaignal. At the same time we will

establish conditionsequired for such a signatansmission.
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Example 10.4: Consider asimple signalz(t) = te 'up(t). Its Fourier
transformis given by F(x(t)) = 1/(1 + jw)® = X(jw). The modulated
signalz(t) A, cos (w.t), A. = 1, andthe original signake(t) are presented in

Figures 10.6 and 0.7, respectively fow. = 20rad/s andw,. = 2rad/s.

0.4

0.3 /

0.2

0.1 T~

—01}

modulated and original signals

—0.2}

—0.3}

-0.4 1 1 1 1 1 1
0 1 2 3 4 5 6 7
time in seconds

Figure 10.6: Modulated (solid line) and original

(dashed line) signals for w. = 20rad/s
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It canbe seerfrom Figure 10.@hat the modulated signal in its envelope basically
carries information aboutthe original signal. It is natural to expect that such
informationis sufficientfor recovery ofthe original signal. However, it follows
from Figure 10.7that in thiscase, the recovergrocess othe original signal from

the modulated signais very difficult if possible at all.

0.4

0.3

modulated and original signals
I

-0.4
0

time in seconds

Figure 10.7: Modulated (solid line) and original (dashed line) signals for w. = 2 rad/s
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In Figure10.8, wehave presented thmagnitude spectrum of the original signal.
It can beseen from thidigure that the signal has a significant frequency component
atw. = 2rad/s andalmost negligible frequencgomponent ats. = 20 rad/s.
We candraw a conclusiorthat for an easy andccurate signal recovery from the
modulated signal thearrier frequency must beauch higher tharthe frequency of

any significant spectral component of the signal.

1

0.9

0.8

0.4r-

magnitude spectrum of x(t)
o
(&)

0.3

021

0.1r-

0

1 1 1 1 4 !
0 2 4 6 8 10 12 14 16 18 20
angular frequency in rad/s

Figure 10.8: The magnitude spectrum of the original signal
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Amplitude Modulation with a Transmitted Carrier

Note that in Example 10.4 the signalt) = te~‘uy(t) is positive for allt.
If (t) changes its sign for somk then the modulated signal(t) A. cos (w.t)
will change the phase at that time, such that its envelope will be distorted and
will no longer preserve the shape of the original signal. To prevent this problem

we can define the modulated signaing a slightly different modulatioformula

(1 4 kqz(t))Accos (wet) «— Acmd(w + we) + Acmbd(w — we)
+0.5kq A X (J(w 4+ we)) + 0.5k, A X (J(w — we))

wherek, is an arbitrary constant called either tAmplitude sensitivityr index of

modulation. By choosinghis constant such that

1+ kaz(t) > 0 = |kaz(t)] < 1, Vi
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the envelopeof the modulated signal willhave the shape of the original signal
and hence carrnjnformation about theoriginal signal at all times. This property
will facilitate the use of simplemodulators for signaimodulation and simple

demodulatorgenvelope detectordpr signal reconstruction.

The frequencydomain price forsuch a time domain convenience is the presence
of two additional deltampulses in the frequency spectruohthe modulated signal.
Since A. may have darge value, such as ithe case of the modulator knovas
the switching modulatora considerable amount of powmsrwasted in this kind of
modulation known aslouble sideband with transmitted carrier modulatid®bSB-
TC). Theoriginally considered modulation technique(¢) A. cos (w.t)) does not
require anindependent carrier transmission. It is knowndmsible sideband with

suppressed carriemodulation(DSB-SC).
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In both DSB-SC andDSB-TC, the lowerand upper signal frequency sidebands
are transmitted. Sincahe signal informationis completely contained in either
the upper orlower frequency sidebandye conclude thathese two modulation
techniquesvaste asignificant amount ofhe channel’s frequendyand. Exactlyhalf
of the frequencyband can besaved by transmitting only the lower or upper signal
frequency sidebandlhis can be facilitated bthe modulation technique known as
single sideband (SSB) modulationheoretical foundations for SSB modulation lie

in the Hilberttransform considered in Section 10.3.
Switching Modulator and Envelope Detector (Demodulator)

Amplitude modulation with the transmitted carrier and corresponding demodu-
lation are easily performed by usirgyetty simple electrical devices known as the
switchingmodulatorand envelope detector (demodulatorT.hey are presented in

Figures 10.9 and 10.10.
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A.cos(w.t)
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/

Figure 10.9: Switching modulator

C = Rl; Vout(t)zx(t)
X mod (0

y

Figure 10.10: Envelope detector

Amplitude modulation for DSB-SC signals requires the use of more comple>

modulators. The most common of which is called the ring modulator. As the
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corresponding demodulatothe Costasreceiver is mostlyrecommended. It is

beyondthe scopeof this textbookto go into detail about these devices.

Note that MATLAB has the modulation functionodul at e, which can be
used for any of the above three modulation techniques. Its general form |
xnmod=nodul ate(x, fc,fs,’ nethod , paraneter), where x represents
samples of the originaontinuous-time signal sampled with tliequencyf s. f c is
the carrier frequencyft. = w./2=). met hod is eitherandsb- sc orandsb-tc
or anssb, denoting respectively the modulation methaskd DSB-SC or DSB-TC
or SSB. The choice of thpar anet er should be such that the modulating signal
IS positive with the minimum equal to zero. Thoar anet er is set to zero for
DSB-SC andSSB. It can also be omitted since its default value is zero. Similarly,
the MATLAB function denod performs demodulationyhich can be achieved by

using the following MATLAB statementx=denod( xnod, fc, fs,’ net hod’).
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Problem 10.22

In this problem weuse MATLAB to find the Fourier transform (spectrum) of the
signalpresented irFigure 2.8, findts DSB-SC andSB-TC amplitude modulated
signalsand plottheir spectra. Not¢hat the chosewarrier frequencys

fe = 0.1f; = 10 Hz, which implies thatw, = 27 f. = 62.8 rad/s.

Ts=0.01; tf=3; t=0:Ts:tf; tt=0:Ts:1;
xs=-tt+1; x=[zeros(1l,1/Ts) xs zeros(1l,1/Ts)];
figure (1); subplot(221); plot(t-1,Xx);
fs=1/Ts; fc=0.1*fs;

xmodSC=nodul ate(x, fc,fs,’ andsb-sc’);
xnmodTC=nodul ate(x, fc,fs, andsb-tc’,0.1);

subpl ot (222); plot(t-1, xnmdSCO);

subpl ot (224); plot(t-1,xnmodTCO);
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N=l engt h(x)-1; X=Ts*fft(x,N);

XmodSC=Ts*f ft (xnodSC, N) ;

XmodTC=Ts*f ft (xnodTC, N) ;

k=0:1: N 2-1; w=(2*pi *k/N)/ Ts

subpl ot (223); plot(w, abs(X(1:N2)));
figure (2)

subpl ot (211); plot(w, abs(XmdSC(1: N 2)));
subpl ot (212); plot(w, abs(XmodTC(1: N 2)));

The results obtained are presented in FIGURES 10.7 and 10.8. Note that tl

signal spectra (Fourier transformai)e evaluated using FFT and the formula

X(Jw) = Ts X(392)
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Single Sideband Amplitude Modulation

Theoretical foundations for the development of single sideband amplitude modt
lation lie in the Hilbert transform. The single sideband amplitude modulated signa
can be obtained by using the Hilbert transform as follows. Consider the cosin

modulated originalkignal, that is

Smod(t) = #(t) cos (wot) X(J(w — wo)) + X(J(w + wo))

The Hilbert transfornof «(t), denoted byi(t), modulated bythe sine signal is

Srmod(t) = &(t) sin (wot) < X(J(w + wo)) — —X(J(w — wo))

The signalse(t) and&(t) are related through the Hilbert transform so that

X (jw) = —jsgn(w) X (jw)
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which implies
g5 (t) = #(t) sin (wot)
o ~sgn(w + wo) X (§(w + w0)) — >sgn(w — wo) X (§( — w0))

If we form now the new modulated signal as

Smod(t) = - fﬁiﬁd(t) - —Aii’o’d(t)

its frequency spectrurwill be given by

S+ sgn(ew — @)l X (5 — wo)) + 111 + sga(ew — @)l X (§(w + w0))

Having in mind the expression for the signum function, we see that the spectrut

of the above modulated signal has the following form
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F(smont(0) = 7 55224(0) = 55in,(0))

0.5X(J(w—wo)), w>wo
0.5X(J(w+wo)), w< —wp
0, otherwise

This spectrum igresented in Figure 10.11.

A
Frequency spectra
(T T T T T TN
/ \
/ \
/ \
ﬁ I \ j W
—0h~ Whax —0 ~Whmax 0 Wmax W, Wy T Wimax

Figure 10.11: The frequency spectra of the original (dashed

line) and single sideband modulated signal (solid line)
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Similarly, it can beshown that thdrequency magnitude spectrum of the signal

1 .
2 Smod(t) ‘|‘ o ()

contains onlythe lowerfrequency sidebands, thet

0.5X(J(w+wo)), 0>w> —wog

0.5X(j(w—wp)), 0<w< wy
)
0, otherwise

1 .
7 (Ga(t) + 55n,
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Demodulation of SSB Signals

The original signal can be extracted from a single sideband amplitude modulate
signal by modulating the modulated signal again using the signal of the sam

frequency and phase, that is
F{[x(t) cos (wct) — &(t) sin (wct)] cos (wt)}

— ,’F{%w(t) 4 %w(t) cos (2w.t) + %zﬁ(t) sin (2wct)}
= %X(jw) + iX(j(w + 2w.)) + EX(j(w — 2wc))
FEXG (@ +200)) = TX((w — 200))

The original signal can be easily extracted by using a lower pass filter since

This demodulation technique is calledherent demodulation
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10.6 Digital Communication Systems

Nowadays signal transmission in communication systems is mostly done digitally
The advantage of digital signal transmission techniques is their improved toleranc
to noise. Noise is unavoidably present in all communication channels. The rapi
developmenbf digital computer networks, digitalignal processing, fast electronic
and photonic switching devices during tHast ten years has facilitated powerful
signal transmission techniques that can mdiggtal communication systems more

efficient than corresponding analog communication systems.

In the introductory Section 1.1.1, we have introduced the concept of discretizatio
of continuous-time signals witlthe given sampling period, which leads to the
formation of discrete-time signals. Thlevice that performs the signal discretization
(sampling) is called thesampler. In addition of being discretizedin digital

communication systems, signals are also quantized (discretized with respkeet to
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magnitude). Thealevice thatperforms such anagnitude quantization is called the
quantizer. Suchan obtaineddiscretized and quantizesignal is called the digital
signal. Finally, the digital signal obtaineds encoded inta stream of bits. This
processcomposed okampling, quantization, anehcoding, is knowras thepulse

codemodulation(PCM) technique. It issymbolically presented in Figure 10.12.

X (t) ) Xd (t) xa[/1 (t) Xtransmited

. dt

— Sampler Quantizer Encoder [——

Figure 10.12: Pulse code modulation technique

The transmitter in a digital communication system performs pulse code modt

lation on an incoming signaknd forms the encoded binary signal. The encoded
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binary signalis thensent over &communication channel as a stream of bits.

In this section, we have presented only the essential idea of digital communic:
tions. Further study of digital communications is beyond the scope of this chapte

Example 10.5 PCM for Speech Signals

Speech (telephonesignals are sampledvery 125 us, which generates8000
samples per secondQuantization of speech signals performed at128 = 27
levels, with eachquantized sample being encoded usidits (one bitfor the
sign). This generate8000 x 8 = 64000 bits per second, commonly denoted
as 64 kbps (kilo bits per second). Hence, while talking on the telephone, each
user(speaker) generatéit kb every second. Owingp recent advances in digital
communication networks$hat use optical fiber channetsich a heavy bit stream

can beeasily handled.
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