Chapter 8

Modulations

Modulation realizes the transmission of low-frequency signal by means of a highfrequency carrier signal. The modulating signal contains information, while the
carrier signal carries it in a high-frequency range to the receiver. Modulation allows
the selection of a modulated signal frequency such that:
• the signal is reliably handled by the receiver,
• it will not cause interference with other low-frequency signals which are being
transmitted simultaneously and which have been assigned different carrier
frequencies.
The device performing the modulation is referred to as the modulator, whereas
the device performing demodulation is referred to as the demodulator. In the case of
bilateral communication, there is often a single device, which simultaneously
modulates the transmitted signals and demodulates the received ones. Such a device
is referred to as a modem, which is an abbreviation of modulator–demodulator.
Currently, there are numerous different types of modulation in use. In the most
general terms, they can be divided into three groups: analog, impulse, and digital.
Analog modulations of amplitude (AM), phase modulation (PM), and frequency
modulation (FM) are the earliest to have been developed. Pulse code modulations,
converting analog signals to digital prior to transmission, as well as digital modulations used in the wireless transmission of global positioning system (GPS) data,
have been developed much later, to meet the needs of digital transmissions. We will
be discussing the basic principles governing the modulation of signals, their main
properties, and their applications.
On the transmitter side of the information system, the signal is modulated using a
coder and a modulator. On the receiver side, the signal undergoes a demodulation
process where the signal is reprocessed to its original form—Fig. 8.1.
The coder codes the information signal, e.g., coding its analog form into a binary
sequence, while the modulator transforms that sequence to a form enabling its
transfer in the transmission channel. Figure 8.2 presents the modulation types and
their main division.
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Fig. 8.1 Process of signal modulation

Fig. 8.2 Classiﬁcation of modulations

8.1 Analog Modulations (AM)
In analog amplitude modulation (AM), the most commonly used type of carrier
signal is the harmonic signal, whose amplitude changes in proportion to the
modulating signal, containing the information. In this group of modulations, there
are several solutions. The main differences between these are the occurrence or nonoccurrence of sidebands, and whether the carrier signal is suppressed or not suppressed. The modulating signal is crucial in determining the type of modulation.
Below we will present the main properties for those types of modulation.

8.1.1 Double-Sideband Large Carrier Modulation (DSBLC)
For DSBLC, the modulating function mðtÞ is
mðtÞ ¼ 1 þ xm ðtÞ

ð8:1Þ
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while the low-frequency modulating signal carrying information is given by
xm ðtÞ ¼ Am cosðxtÞ

ð8:2Þ

The high-frequency carrier signal is
xc ðtÞ ¼ Ac cosðXtÞ

ð8:3Þ

Let xca ðtÞ denote the analytic form of carrier signal resulting from the Hilbert
transform (6.12).
xca ðtÞ ¼ Ac ½cosðXtÞ þ j sinðXtÞ

ð8:4Þ

The analytic form of modulated signal is
xa ðtÞ ¼ mðtÞxca ðtÞ

ð8:5Þ

Substituting Eqs. (8.1) and (8.4) into Eq. (8.5), we have
xa ðtÞ ¼ Ac ½1 þ xm ðtÞ½cosðXtÞ þ j sinðXtÞ

ð8:6Þ

The modulated signal xðtÞ represents the real part of xa ðtÞ
xðtÞ ¼ Ac ½1 þ xm ðtÞ cosðXtÞ

ð8:7Þ

Expanding Eq. (8.7), we have
xðtÞ ¼ Ac ½cosðX tÞ þ Am cosðx tÞ cosðXtÞ

ð8:8Þ

Let us present Eq. (8.8) in the form of a sum
xðtÞ ¼ Ac cosðXt þ uÞ þ Am cosðxtÞ cosðXtÞ
Am
Am
cos½ðX  xÞt þ
cos½ðX þ xÞt
¼ Ac cosðXt þ uÞ þ
2
2

ð8:9Þ

From Eq. (8.9) results that the signal xðtÞ has three components: a carrier component with the amplitude of Ac rotating with the frequency of X, a positive
component, with an amplitude of Am =2 and frequency of ðX þ xÞt, and a negative
component, with an amplitude of Am =2 and a frequency of ðX  xÞt—Fig. 8.3.
The envelope EðtÞ of the signal xðtÞ is
EðtÞ ¼

qﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃ
xðtÞ2 þ ex ðtÞ2 ¼ Ac ½1 þ d cosðxtÞ

ð8:10Þ

where d ¼ Am =Ac is depth of modulation.
In the case of DSBLC transmission, the transmitter must emit high energy, as it
transmits the carrier signal, as well as both sidebands, which occupy a wide
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Fig. 8.3 Three component of the amplitude-modulated signal

Fig. 8.4 Spectra in DSBLC modulation

frequency range ðX  x=2; X þ x=2Þ. This has the beneﬁt of making signal
detection very simple and achievable using comparatively low-cost receivers
(Fig. 8.4).
In DSBLC, the following three cases are possible:
• depth of modulation d\1—Fig. 8.5
• depth of modulation for d [ 1—Fig. 8.6. In this case, the carrier signal is
overmodulated and the envelope EðtÞ of the signal reaches negative values
• depth of modulation d ¼ 1, then
xðtÞ ¼ Ac ½1 þ cosðxtÞ cosðXtÞ

ð8:11Þ

and envelopes (Fig. 8.7)
EðtÞ ¼ Ac ½1 þ cosðxtÞ

ð8:12Þ
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Fig. 8.5 Amplitude-modulated signal for d\1

Fig. 8.6 Amplitude-modulated signal for d [ 1
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Fig. 8.7 Amplitude-modulated signal for d ¼ 1

8.1.2 Double Sideband with Suppressed Carrier
Modulation (DSBSC)
For DSBSC, the modulating function mðtÞ is
mðtÞ ¼ xm ðtÞ ¼ Am cosðxtÞ

ð8:13Þ

Hence, the analytic modulated signal Eq. (8.5) equals
xa ðtÞ ¼ Ac Am ½cosðxtÞ þ j sinðXtÞ cosðXtÞ

ð8:14Þ

The modulated real signal resulting from Eq. (8.5) is
xðtÞ ¼ Ac Am cosðXtÞ cosðxtÞ

ð8:15Þ

Extending Eq. (8.15), we have
xðtÞ ¼

Ac Am
fcos½ðX þ xÞt þ cos½ðX  xÞtg
2

ð8:16Þ

The envelopes EðtÞ of signal xðtÞ are
EðtÞ ¼ ½Ac Am cosðxtÞ

ð8:17Þ

From Eq. (8.16), it results that in DSBSC, the signal is composed of two sidebands:
the upper and lower, while the carrier signal is nonexistent. The frequency band of
the transmitted signal remains unchanged, while the power required for its transmission is deﬁnitely lower than in the case of DSBLC. Due to the absence of the
carrier signal in DSBSC, in order to reproduce the modulated signal, it is necessary
that each receiver generates its own modulated signal, with a high level of ﬁne
tuning precision. For that reason, the cost of receivers of signals modulated in
DSBSC is signiﬁcantly greater than in DSBLC (Fig. 8.8).
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Fig. 8.8 Spectra in DSBSC modulation

8.1.3 Single-Sideband (SSB)
For the SSB, we have
mðtÞ ¼ 1 þ xm ðtÞ  j~xm ðtÞ
where ~xm ðtÞ is the Hilbert transform of xm ðtÞ Eq. (8.2).
The analytic modulated signal is (Fig. 8.9)

Fig. 8.9 Spectra in SSB modulation

ð8:18Þ
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xa ðtÞ ¼ Ac ½cosðXtÞ þ xm ðtÞ cosðXtÞ  ~xm ðtÞ sinðXtÞ
þ jAc ½sinðXtÞ þ xm ðtÞ sinðXtÞ  ~xm ðtÞ cosðXtÞ

ð8:19Þ

From Eq. (8.19), we obtain the modulated signal
xðtÞ ¼ Ac ½cosðXtÞ þ Am cos ðX  xÞt

ð8:20Þ

which, depending on the sign of x, contains the carrier signal and upper or lower
sideband. Due to the minimum bandwidth necessary for the transmission of a
signal, the SSB method provides an optimal form of modulation, requiring much
less power than DSBLC. However, it necessitates a composite and therefore
expensive receiver. A substantial advantage of this type of modulation is the high
level of energy savings in the transmitter and, even more importantly, the possible
increase in the number of transmitters in the available frequency range.

8.1.4 Single Sideband with Suppressed Carrier (SSBSC)
Modulation
In the case of SSBSC, we have
xðtÞ ¼ xm ðtÞ  j~xm ðtÞ

ð8:21Þ

The analytic signal is given by
xa ðtÞ ¼ Ac ½xm ðtÞ cosðXtÞ  ~xm ðtÞ sinðXtÞ
þ jAc ½xm ðtÞ sinðXtÞ  ~xm ðtÞ cosðXtÞ

ð8:22Þ

From Eq. (8.22), we obtain the modulated signal
xðtÞ ¼ Ac Am cos½ðX  xÞt

ð8:23Þ

which, depending on the sign of x, contains only the upper or lower sideband
(Fig. 8.10).

8.1.5 Vestigial Sideband (VSB) Modulation
For VSB modulation, we have
xðtÞ ¼ xm ðtÞ þ j½~xm ðtÞkðtÞ

ð8:24Þ

8.1 Analog Modulations (AM)
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Fig. 8.10 Spectra of SSBSC with upper sideband

where kðtÞ is the impulse response of the ﬁlter attenuating the lower sideband.
The analytic modulated signal is
xa ðtÞ ¼ Ac xm ðtÞ½cosðXtÞ  kðtÞ sinðXtÞ
þ jAc xm ðtÞ½sinðXtÞ þ kðtÞ cosðXtÞ

ð8:25Þ

and thus,
xðtÞ ¼ Ac Am ½cosðXtÞ cosðxtÞ  kðtÞ sinðXtÞ cosðxtÞ

ð8:26Þ

In VSB, the upper sideband is transmitted almost completely, whereas in the case of
the lower sideband, only a trace amount is transmitted. In VSB systems, the DSBSC
signal is generated ﬁrst and is then ﬁltered through a ﬁlter attenuating the lower
sideband. In VSB, due to the necessity of transmitting a partly attenuated sideband,
a slightly wider transmission band is required than in DSBLC modulation.
Figure 8.11 presents the spectra of modulating the signal XðxÞ and modulated
signal VSB where XV  X is the frequency of the partly attenuated sideband.

8.2 Angle Modulations
In the case of angle modulation, the amplitude of modulated signal is constant with
time. The angle of the modulated signal changes depending on the instantaneous
value of the modulating signal. Relating to the angle changes, PM and FM are
applied in practice.
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Fig. 8.11 Spectra of VSB modulation

8.2.1 Phase Modulation (PM)
In PM, the modulated signal has the form
xðtÞ ¼ Ac cos½Xt þ Am sinðxtÞ

ð8:27Þ

After extending Eq. (8.27), we get
xðtÞ ¼ Ac fcosðXtÞ cos½Am sinðxtÞ  sinðXtÞ sin½Am sinðxtÞg

ð8:28Þ

The analytic form of the Eq. (8.28) is
xðtÞ ¼ Ac fcosðXtÞ cos½Am sinðxtÞ  sinðXtÞ sin½Am sinðxtÞg
þ jAc fcosðXtÞ sin½Am sinðxtÞ þ sinðXtÞ cos½Am sinðxtÞg

ð8:29Þ

which may be represented in the exponential form
xðtÞ ¼ Ac ejðX tþAm sin xtÞ

ð8:30Þ

The instantaneous phase /ðtÞ of the modulated signal is
/ðtÞ ¼ Xt þ Am sinðxtÞ

ð8:31Þ

This means that /ðtÞ with respect to carrier frequency X changes proportionately to
the modulated signal.

8.2 Angle Modulations
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Fig. 8.12 Signals in PM modulation

8.2.2 Frequency Modulation (FM)
A signal in FM has the form
2
xðtÞ ¼ Ac cos4Xt þ Am

Zt

3
sinðxtÞdt5

ð8:32Þ

0

The analytic FM signal in exponential form

xðtÞ ¼ Ac e

j½X tþAm

Rt

sinðxtÞdt

0

ð8:33Þ

indicates that the instantaneous amplitude of the signal is constant, whereas the
Rt
instantaneous phase changes proportionally to the integral 0 sinðxtÞdt of the
modulating signal (Fig. 8.12).

8.3 Impulse Modulations
In impulse modulation, the carried signal is a sequence of impulses, while the
modulating signal is a harmonic one (Fig. 8.13).

8.3.1 Pulse Width Modulation (PWM)
In PWM, the width of the impulse signal changes, while its frequency and
amplitude remain constant (Fig. 8.14).
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Fig. 8.13 Signals in FM modulation

Fig. 8.14 PWM modulation

PWM is most frequently used for changing the mean value of the signal, e.g., in
controlling brightness of lighting, in the control of DC systems, etc. In practical
applications, the disadvantage of PWM is that signal switching generates
interference.

8.3.2 Pulse Amplitude Modulation (PAM)
In PAM, depending on the value of the modulating signal, the amplitude of the
carrier impulse changes. The generation of the PAM signal is similar to sampling,
where the modulated signal presents a sequence of samples of the modulating
signal.
The modulated signal is generated by the product of signal xm ðtÞ and xc ðtÞ
xðtÞ ¼ xm ðtÞ xc ðtÞ

ð8:36Þ

The sequence of samples for the modulated signal may be created by means of three
types of sampling: ideal, real, and instantaneous.

8.3 Impulse Modulations
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8.3.3 PAM with Ideal Sampling
In PAM with ideal sampling, the sampled signal xc ðtÞ has the form of impulses—
Eq. (4.2), in which the sampling frequency results from Shannon’s theorem
(Fig. 8.15).
From Eq. (4.3), we have the ideal sampling in the form
xi ðtÞ ¼

1
X

1 
X
  


xm nTp d t  nTp ¼ xm ðtÞ
d t  nTp

n¼0

ð8:37Þ

n¼0

8.3.4 PAM with Real Sampling
In PAM with real sampling, the carrier signal is a sequence of rectangular impulses
—Fig. 8.16.
A single impulse and carrier signal are given by

Fig. 8.15 PAM with ideal sampling
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Fig. 8.16 PAM with real sampling



Ps ðtÞ ¼
and
xcr ðtÞ ¼

1
0

for 0\t\s
elsewhere

1
X

Ps ðtÞnTp

ð8:38Þ

ð8:39Þ

n¼0

Let us represent the signal (8.39) in the form of exponential Fourier series


1
s X
s jn xp t
Sa np
ð8:40Þ
xcr ðtÞ ¼
e
Tp n¼0
Tp
Eq. (8.40) gives the modulated signal as


1
X
s
s jn xp t
xr ðtÞ ¼ xm ðtÞ
Sa np
e
Tp
Tp
n¼0

ð8:41Þ

8.3 Impulse Modulations
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8.3.5 PAM with Instantaneous Sampling
In PAM, the carrier signal has the form of rectangular impulses, whose amplitude
value at sampling moments depends on the instantaneous value of the modulating
signal xm ðtÞ—Fig. 8.17.
In PAM, the signal xc ðtÞ is
xc ðtÞ ¼

1
X
n¼0

1
  
 X
 


xm nTp Ps t  nTp ¼
xm nTp Ps ðtÞ  d t  nTp

"

¼ Ps ðtÞ

n¼0
1
X

xm



 

nTp d t  nTp

n¼0

Fig. 8.17 PAM with instantaneous sampling

#

ð8:42Þ
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8.3.6 Pulse Duration Modulation (PDM)
In PDM, the width of the carrier signal impulses changes depending on the
amplitude of the current sample of the modulating signal xm ðtÞ:
The widths sðnTs Þ of successive impulses are
sðnTs Þ ¼ a0 þ a1 xm ðnTs Þ

ð8:43Þ

where the constants a0 and a1 are selected to satisfy the inequality 0\sðnTs Þ\Ts .
It is easy to see that the PDM is equivalent to analog the PM (Fig. 8.18).

8.3.7 Pulse Position Modulation (PPM)
In the PPM, depending on the current samples of the modulating signal xm ðtÞ; the
impulse position changes, in relation to the nominal position nðTs Þ—Fig. 8.19. The
PPM is achieved in a similar manner to analog FM.

8.3.8 Pulse Code Modulation (PCM)
PCM is the simplest way of converting an analog signal into a discrete one. The
signal is sampled at regular time intervals and converted into digital form using an
A/D converter (Fig. 8.20).

Fig. 8.18 Signals in PDM

8.3 Impulse Modulations

157

Fig. 8.19 Signals in PPM

Fig. 8.20 Signals in PCM

PCM is realized in two stages. In the ﬁrst stage, the signal xm ðtÞ is sampled by means
of PAM, and in the second stage, it is quantized and coded in natural binary code.
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8.3.9 Differential Pulse Code Modulation (DPCM)
DPCM is based on the method applied in PCM and coding the difference between
the current and expected sample.

8.4 Digital Modulations
8.4.1 Modulation with Amplitude Shift Keying (ASK)
In ASK, the amplitude of a harmonic carrier signal is varied depending on the
digital value of a binary sequence. It is the equivalent of analog DSBLC.
ASKðtÞ ¼ Ac cosð2pftÞxm ðtÞ

ð8:44Þ

Figure 8.21 presents an ASK modulation, for which the digital modulating
signal is the sequence of the bits 0010111010.

8.4.2 Modulation with Frequency Shift Keying (FSK)
In FSK, two subcarriers with frequencies of f0 or f1 are generated

FSKðtÞ ¼

Ac cosð2pf0 tÞ
Ac cosð2pf1 tÞ

for bit 0
for bit 1

ð8:45Þ

Figure 8.22 presents an FSK modulation for f1 [ f0 and the bit sequence
0010111010.

Fig. 8.21 Digital modulating xm ðtÞ signal and the modulated signal ASK(t)
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Fig. 8.22 Digital modulating signal xm ðtÞ and modulated signal FSK(t)

The frequency deviation in the FSK is
1
Df ¼ f1  f0 ¼ tb
2

ð8:46Þ

where tb is duration of the bit.
If the phase of the signal is constrained to be continuous, we have a special case
of FSK named continuous-phase FSK modulation—CPFSK.
For the deviation
1
Df ¼ tb
4

ð8:47Þ

we have minimum shift keying modulation—MSK.
In the case where the rectangular signal is approximated by signal of Gaussian
shape, we have the Gaussian minimum shift keying (GMSK) modulation. In
comparison with the rectangular impulse, it has a smaller sidebands and narrower
sideband.

8.4.3 Phase Shift Keying (PSK) Modulation
In PSK, the phase of the harmonic modulated signal changes, depending on the
digital value of the modulating signal

PSKðtÞ ¼

Ac cosð2pft þ /1 Þ for bit 0
Ac cosð2pft þ /2 Þ for bit 1

ð8:48Þ

Figure 8.23 represents PSK modulation where the digital modulating signal is the
sequence of the bits 0010110011.
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Fig. 8.23 Digital modulating signal xm ðtÞ and modulated signal PSK(t)

In the case of

BPSKðtÞ ¼

Ac cosð2pft  p=2Þ ¼ Ac cosð2pftÞ
Ac cosð2pft þ p=2Þ ¼ Ac cosð2pftÞ

for
for

bit
bit

0
1

ð8:49Þ

we get the biphase shift keying modulation—BPSK (Fig. 8.24).
In BPSK, the modulated signal consists of fragments of sine function, with a
period equal to the modulation impulse, and a frequency equal to the frequency of
the carrier signal.
The BPSK may be represented in a so-called constellation diagram—Fig. 8.25.
Similar to BPSK is differential phase shift keying differential PSK modulation
(DPSK), in which the phase changes by p if the binary value is 1, and remains the
same if the binary value is 0.
An extension of BPSK is the quadrature phase shift keying modulation (QPSK),
consisting of two-bit coding on 4 orthogonal phase shifts, e.g., p=4; 3p=4; 5p=4,

Fig. 8.24 Digital modulating signal xm ðtÞ and modulated signal BPSK(t)
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Fig. 8.25 Constellation diagram for BPSK

and 7p=4: In one period of the carrier signal, two bits are coded, so that for a given
carrier frequency, QPSK allows data transmission at twice the speed of BPSK.
If the modulated signal is
QPSKðtÞ ¼ Ac cos½2pft þ ð2p  1Þp=4

ð8:50Þ

we have for p ¼ 1; 2; 3; 4
QPSKðtÞ ¼ Ac cos½2pft þ p=4

for p ¼ 1

QPSKðtÞ ¼ Ac cos½2pft þ 3p=4 for p ¼ 2
QPSKðtÞ ¼ Ac cos½2pft þ 5p=4 for p ¼ 3

ð8:51Þ

QPSKðtÞ ¼ Ac cos½2pft þ 7p=4 for p ¼ 4
Let Eq. (8.50) be
QPSKðtÞ ¼ Ac cosð2pftÞ cosð2p  1Þp=4  Ac sinð2pftÞ sinð2p  1Þp=4

ð8:52Þ

Denoting
/1 ðtÞ ¼ Ac cosð2pftÞ and

/2 ðtÞ ¼ Ac sinð2pftÞ

ð8:53Þ

we ﬁnally get
QPSKðtÞ ¼ p=4½cosð2p  1Þ/1 ðtÞ  sinð2p  1Þ/2 ðtÞ

ð8:54Þ

The diagram of the constellation QPSK—Fig. 8.26 contains four points corresponding to the four possible two bits transmitted within one period of the carrier
signal. The points are located symmetrically on the circle, the radius of which
equals the signal amplitude.
In BPSK, the distances between adjacent points on the constellation diagram are
shorter, which gives a doubling of transmission speed, for a given carrier frequency.
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Fig. 8.26 Diagram of constellation for QPSK signal

8.4.4 Quadrature Amplitude Modulation (QAM)
QAM presents a group of modulations, in which changes to the modulating signal
result in changes to both the amplitude and phase of the modulated signal. Thus, it
is a combination of ASK and PSK modulations. In QAM, the modulated signal is
divided into two parts, and the second part is shifted in relation to the ﬁrst one by
the angle of p=2. Both parts of signal are individually modulated, before being
added and transmitted.
The code data are formed according to the constellations diagram in a sequence
of binary data, which correspond to both amplitude and phase (Fig. 8.27).

Fig. 8.27 Constellation diagram for 16-QAM modulation
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8.5 Examples in MathCad
1. DSBLC Modulation for m\1
t :¼ 0; 0:01. . .10 x :¼ 2 X :¼ 10
Am :¼ 1 Ac :¼ 2
Am
d :¼
Ac
d ¼ 0:5
xc ðtÞ :¼ Ac  cosðX  tÞ
xm ðtÞ :¼ Am  cosðx  tÞ
xðtÞ :¼ Ac  ð1 þ d  cosðx  tÞÞ  cosðX  tÞ
EðtÞ :¼ ðAc þ Am  cosðx  tÞÞ

2

1

xc (t) 0
−1
−2

0

2

4

6

t

8

10
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1

0.5

xm(t)

0

− 0.5
−1

0

2

4

0

2

4

t

6

8

10

6

8

10

6

8

10

4

x(t)
E(t)

2
0

− E(t)
−2
−4

t

2. DSBLC Modulation, for m [ 1
t :¼ 0; 0:01. . .10 x :¼ 2 X :¼ 10
Am :¼ 15 Ac :¼ 10
Am
d :¼
Ac
d ¼ 1:5
xðtÞ :¼ Ac  ð1 þ d  cosðx  tÞÞ  cosðX  tÞ
EðtÞ :¼ ðAc þ Am  cosðx  tÞÞ

30
20
x(t)

10

Ε (t)

0

− Ε (t) −10
−20
−30

0

2

4
t
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3. DSBLC Modulation, for d ¼ 1
t :¼ 0; 0:01. . .10 x :¼ 2 X :¼ 10
Am :¼ 1 Ac :¼ 1
xðtÞ :¼ Ac  ð1 þ cosðx  tÞÞ  cosðX  tÞ
EðtÞ :¼ Ac  ð1 þ cosðx  tÞÞ

2

1

x(t)
E(t)

0

− E(t)
−1
−2

0

2

4

6

8

10

8

10

t

4. Phase Modulation
t :¼ 0; 0:01. . .10 x :¼ 1
Am :¼ 2 Ac :¼ 4
xm ðtÞ :¼ Am  cosðx  tÞ

X :¼ 4

xc ðtÞ :¼ Ac  cosðX  tÞ

xðtÞ :¼ Ac  cosðX  t þ Am  sinðx  tÞÞ

4

x(t)

2

xm(t)
0
xc (t)

−2
−4

0

2

4

6

t
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4
2

x (t)

xm(t)
0
xc (t)
−2
−4

0

2

4

6

t

5. Frequency Modulation
t :¼ 0; 0:01. . .10 x :¼ 1
Am :¼ 2 Ac :¼ 4

X :¼ 4

xm ðtÞ :¼ Am  cosðx  tÞ
0

xc :¼ Ac  cosðX  tÞ
1
Zt
xðtÞ :¼ Ac  cos@X  t þ Am  sinðx  tÞdtA
0

6. ASK Modulation
t :¼ 0; 0:01. . .10 f :¼ 2
0

if 0  t  2

1
0

if 2\t  3
if 3\t  4

xm ðtÞ :¼ 1

if 4\t  7

0
1

if 7\t  8
if 8\t  9

0

if 9\t  10

xc ðtÞ :¼ cosð2  p  f  tÞ

8

10
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1
0.8
0.6

x m(t)
0.4
0.2
0

0

2

4

6

8

10

t
1
0.5

m(t)
0

AS K(t)
−0.5
−1

0

2

4

6

t

7. FSK Modulation
t :¼ 0; 0:01. . .10 f0 :¼ 1 f1 :¼ 2
xc1 ðtÞ :¼ cosð2  p  f0  tÞ
xc2 ðtÞ :¼ cosð2  p  f1  tÞ
0

if 0  t  2

1
0

if 2\t  3
if 3\t  4

xm ðtÞ :¼ 1
0

if 4\t  7
if 7\t  8

1

if 8\t  9

FSK(tÞ :¼

0 if 9\t  10
FSK
xc1 ðtÞ if xm ðtÞ ¼ 0
FSK

xc2 ðtÞ if xm ðtÞ ¼ 1
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10
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8 Modulations
1

0.5

xm (t)
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PSK (t)
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8. PSK Modulation
t :¼ 0; 0:01. . .10 f :¼ 1 /1 :¼

xm ðtÞ :¼

0

if 0  t  2

1
0

if 2\t  3
if 3\t  4

1

if 4\t  6

0
1

if 6\t  8
if 8\t  10

p
2

/2 :¼ p

xc1 ðtÞ :¼ cosð2  p  f  t þ /1 Þ
xc2 ðtÞ :¼ cosð2  p  f  t þ /2 Þ
PSK(tÞ :¼

PSK
PSK

xc1 ðtÞ if xm ðtÞ ¼ 0
xc2 ðtÞ if xm ðtÞ ¼ 1
1

0.5

xm(t)
FSK (t)

0
−0.5
−1

0

2

4

6

t

8

10

