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1.1 Basic concepts and models of communication system

1.1.1 Communication system model

There are three basic elements to every communication system: transmitter, channel

and receiver, as depicted in Figure 1. 1. 1.

Source of Tharatiline: Cl | — Use of
: —— : —= Channel — iver —=1 . . :
[nformation ol cuicbie Information

|

Noise

Figure 1.1.1 Elements of a communication system

Source of Information: speech, music. images and computer data are four important
sources of information and they may be characterized in terms of the signal that carries the
information.

Transmitter: the purpose of the transmitter is to convert the message signal into a
form suitable for transmission over the channel.

Channel: the transmitted signal propagates along the channel. In most of the practical
cases, interfering signals and also noise are added to the channel output. There are various
kinds of channels, such as twisted-pairs (A& £k ), coaxial cables (|6 % H 48 ), radio
waves, optical fibers (FGZF) and etc.

Receiver: has the task of operating on the received signal so as to reconstruct a
recognizable form of the original message signal.

The purpose of a communication system is to transmit information—bearing signals
through a communication channel.

There are two basic modes of communication: Broadcasting (J 5. H M5, Bl —XF £)
and Point-to-point communication (FH| . i i5%5).

analog signal—>speech,music, pictures

Source of Information] _
digital signal-—=computer data

1.1.2 Analog communication model

The analog waveform is transmitted in the analog communication system. The analog
communication system model is shown in Figure 1. 1. 2.

Modulation is defined as a process by which some characteristics of a carrier are varied
in accordance with a modulating wave.

Demodulation is the reserve of the modulation process. At the receiving end of the

system. we usually require the original baseband signal to be recoveried. This 1s
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Information
Destination

Source of
Information

=1 Modulation = Channel —=| Demodulation |—=

f

Noise

Figure 1.1. 2 Analog Communication System Model

accomplished by modulation.

Baseband signals (3£4F {5 5 ) : information-bearing signals which are also refered to as
baseband signals.

Passband signals (7718155 ) : the modulated signals (2215 5).

Two reasons for studying analog communication are:

(1) As long as we hear and see analog communication around us wvia radio and
television, we need to understand that how these communication systems work.
Moreover, the study of analog modulation motivates other digital modulation schemes.

(2) Analog devices and circuits have a natural affinity for operating at very high speed
and they consume very little power compared to their digital counterparts. Accordingly,
the implementation of high-speed or very low-power communication systems dictates the

use of an analog approach.
1.1.3 Digital communication model

In digital communication system, the transmitted information is digital signal. Many
digital communication systems can be summarized in the following model as shown in

Figure 1. 1. 3.

_ Estimate of
Source of Message signal message signaL User of
information information

- Tl 7] F———=—==7T~-———--- 7]

| |
: Source : : Source :
| encoder : | decoder |
| , |
: Source | : Estimate of |
| d d | | source |
| code wor : l code word :

| |
| | | |

Transmitter Cha“;ﬁl | : (d:han;El | Receiver
encoder ecoder
| | | |
| | | * |
: Channel : Estimate of
| | | channel
| code word | | code word !
| ' | |
| | | |
I Modulator : l Demodulator :
: | I |
I 3 Y |
Received
Waveform signal
= Channel =

Figure 1. 1.3 Digital Communication system model
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The source encoder removes redundant information from the message signal and is
responsible for the efficient use of the channel. Some coding includes the compression,
A/D conversion and encryption (%) coding after compression.

The purpose of the channel coding is to improve the reliability of the signal
transmission,

The main purpose of modulation is to make the characteristics of the coded signal
adaptive to the channel, and let the modulated signal be successfully transmitted over the
channel.

Finally. the common time standard between the transmitter and the receiver 1is
essential in order to know the exact beginning and ending instants of each symbol in the

received digital signals. Therefores there must be a synchronization ([f]2F) circuit in the

receiver, which 1s used to extract the symbol synchronization information from the
transmitted signals. Three types of synchronization considered here are as follows: bit
synchronization ( fiZ [d] 2 ). symbol synchronization (% JG [6] 2 ) and code-word
synchronization (345 [6]25).

Advantages of digital communication:

(1) High anti-interference ability and a decision-making deceiver at the receiver.

(2) Each repeater in the line of retransmissions may reshape the distorted signal, so
the accumulation of waveform distortion along the line can be eliminated.

(3) Error correcting techniques, such as error-correcting coding (Z4 % %% ), can be
used 1n digital communication systems.

(4) The digital encryption can be used. Therefore, the security of the system is
greatly improved.

(5) Compared with analog communication equipment, the design and manufacture of
digital communication equipments are easier, and the volume and the weight of the

equipments are smaller.

1.2 The classification of communication systems

1.2.1 Modulation mode

According to the difference of carrier wave, the modulations can be classified different

types, as follows in Figure 1. 2. 1.



“Pulse modulation

-Continuous-wave Modulation s
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AM

Linear modulation! DSB

-Analog modulation

(ASK
FSK

“Digital modulation <

PAM

-Analog pulse modulation) PDM
PPM
(PCM

DM(AM)
DPCM
 ADPCM

~Digital pulse modulation -

\ Non-linear modulation {

SSB
FM
PM

DSK(DPSK, QPSK)
| QAM, MSK

Figure 1.2.1 The common modulation methods

1.2.2 Division of frequency band

In practical applications, the frequency of electromagnetic waves are classified into

several frequency bands, which is shown in Table 1. 2. 1. In addition, the frequency band

1~300GHz 1s usually called microwave band, and it 1s divided into several bands again as
shown in Table 1. 2. 2.

Table 1.2.1 Modulation methods and applications

Continuous
Wave
modulation

Modulation Application example
Conventional bilateral band modulation :
Broadcasting
AM
Carrier communication
Linear Single sideband modulation(SSB) Shortwave
modulation radiotelephone communication
Bilateral band modulation(DSB) Stereo radio
Residual sideband modulation( VSB) Lelevision broadcasting
Fax
Microwave relay
Nonlinear Frequency modulation (FM) Satellite communication
modulation Broadcasting
Phase modulation(PM) Intermediate modulation method
Amplitude shift keying (ASK) Data transmission
Frequency shift keying (FSK) Data transmission
- Phase shift keying(PSK) g 20
Digital | Differential PS};{ ?DPSK) Data transmission
modulation — - _
Other efficient digital modulation; S P
Quadrature AM (QAM) e
Quadrature PSK (QPSK) Space communication
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Table 1, 2.2 Frequency band divisions and applications

Name Frequency range Applications
Low frequency(LF) 30 to 300kHz Navigation, time standards
Medium frequency(MF) 300kHz to 3MHz Marine/ aircraft navigation. AM broadcast
_ AM broadcasting, mobile radio, amateur
High frequency(HF) 3 to 30MHz _ _
radio, shortwave broadcasting
: [Land mobile,FM/TV broadcast,amateur
Very high frequency(VHEF) 30 to 300MHz :
radio
, . Cellular phones, mobile radio, wireless
Ultra high trequency(UHF) 300MHz to 3GHz
LAN,PAN
Super high frequency ( SHF ), millimeter- Satellite, radar. backhaul, TV, WLAN,
3 to 30GHz _
wave range 5G cellular
: Satellite, radar, backhaul, experimental,
Extremely high frequency(EHF) 30 to 300GHz

5G cellular

Terahertz, tremendously high {requency

300GHz to IR R&.D, ' tal
(THF) or far infrared(FIR) P experimenta

1.3 Information and its measurement

The purpose of communication is to transfer information included in a message.
Information is the meaningful or effective content. Can we find a measure of how much
information is produced by a source information? To answer this question. we note that the
idea of information is closely related to that of uncertainty or surprise, but it has no
relation to the importance of the message (5 A EHFA L. S HEEZRE L),

The characteristics of the information content:

“aal |

(1) Information content I contained in a message is a function of the occurrence
probability P(x,) of the message. 1. e.
I =I[P(zs)] (1. 5D
(2) The smaller the occurrence probability of a message, the larger is the information
content; and vice versa.
When Plx, ) =1, I=0D
When P(x;) = 0, I — oo
(3) Suppose the occurrence probabilities of several independent events are respectively
P(xy),P(xs) . P(x3),*+, then the information content contained in the message consisting
of such independent events will equal the sum of information content of the message of

each independent event, 1. e.

I[P(.I1}P(Ig)'"j|: II:P(.I1}:|_|_I|:P(IE):|_|_"' (1.3.2)
According to the above three properties, the amount of information can be defined as
o o — e i

P(x)
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I

a = 2 units bit or'b ¢l 3. 5)
Independent equal probability (it 37 SEHEHT) .
1

M symbols: I = log, = log, M(b)

1/M
€1. 3.4

When M = 2. I = log, = log:Z2 = 1(h)

1
12
o M = 2(h= 1235 ] = g2 = &)

Non-equal probability (ASFHER]) .
[ ¥ = }and SYpges = (1.3.5)
Py ) v Pl =3
and their occurrence probability are independent.
If an information source x can generate n different messages: {x1.x25** s Zis*** s Xn ) »
then their information contents are: {I(x;)ICxy) o I(x;) . 1(x,)}. therefore., the

average information content of the source is defined as:
H(z) = E[I(z)] =— > P(z)log, P(zy) (1.3.6)
E—1

H(x) is called as the entropy of the source, which can be regarded as average uncertainty of
the source. It is a measure of the average information content per source symbol.

Example 1.3.1: Assume there are 4 possible weather states: clear, cloudy, rainy and
foggy. Their occurring probabilities are 1/4,1/8,1/8(and 1/2). Try to find the entropy of
this source.

Solution:

H(x)=— > P(z)log, P(x)
i— 1

- llD 1 1 lo 1 - log | | lo 4
4 82 A 3 82 3 g g2 3 5 g, >
N é | g | g I ; = 1. 75(bits/state)

1.4 The main performance index of communication systems

The basic factors for measuring the merit of a communication system are efficiency

. — e ey i . . . .
and reliability CARCPER A SEM) . Efficiency refers to the rate of information transmission
in the channel. Reliability refers to the accuracy of the transmission in the channel. The

performance index comparisions between analog system and digital system is in Table 1. 4. 1.

Table 1.4.1 Main performance index of communication systems

Performance Effectiveness Reliability

Analog system Transmission frequency/B Signal to noise ratio (SNR)

Digital system Rg or R, P o P,
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1. Analog communication system

Transmission bandwidth: when the message or the signal 1s transmitted in the
channel, the lower is the message bandwidth. the better 1s the efficiency of the
communication system.,

SNR (signal to noise ratio) usually is the output SNR of the demodulator at the
receiver. The higher SNR, the better is the reliability of the communication system.

2. Digital communication systems

1) Transmission rate

Symbol rate (Ry) (%7044 i # %) : the number of symbols transmitted in unit time
(s)s T is symbols duration and the unit is Baud.

- SR . T (1. 4.1)

1
Information rate (R,) ({§ B {& 5% %) . the average information content transmitted
in unit time, the unit is bit/s(b/s).
For an independent equal probability situation, the relationship between the

information rate R, and the symbol rate Ry is

R[—, :RB l{:\gEM (b/h) (1.4.2)
Since the occurrence probability are non-equal. the relationship is
Rb:RE' H{I) (1.4_ 3)

H (x) is the average information content per source symbol.
2) Error probability

Error probability is the main specification of measuring reliability of digital

communication. There are two basic definitions.
Symbol error probability P, : It is the ratio of the number of received symbols in error

to the total number of the transmitted symbols, 1. e.

the number of the received symbols in error
B, = : (1.4.4)
the total number of the transmitted symbols

Bit error probability P, : It is the ratio of the number of the received bits in error to the

total number of the transmitted bits. 1. e.

_ the number of the received bits in error
P . , bl.a.59
the total number of the transmitted bits

For the binary signals.

Summary and discussion

First. the basic concepts of communication systems are introduced. Then, two main
communication models—analog communication and digital communication models are
given. Compared with analog communication, digital communication has more

superiorities and 1t 1s applied widely in nowadays. While., analogue communication is the
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basis, which will be introduced in greater details in Chapter 4. There are lots of
connections and comparisons between these two communication systems.

According to the different waveforms of the carrier wave, the communication systems
are classified in Figure. 1. 2. 1, which are very important for the entire course.

The definition of the information content is given, and how to calculate it including
the entropy of the source should be mastered. which are very helpful in understanding the
measurement of the amount of information. Remember, the importance of mathematics in
the whole communication systems.

At the end of this chapter, the main performance indices of analogue & digital
communication systems are given, especially in Table 1. 4. 1. The definitions and
relationship of Ry & Rg(P. & P,) should be understood.

This chapter is the basis of communication systems. Try to understand it from mind

mapping and have an overview of each chapter from the catalogue.

Homework

1.1 An information source consists of A, B, C and D. These symbols are
represented by codewords 00, 01, 10 and 11. If each binary symbol is transmitted by the
pulse with 5ms, then find the average information rates respectively under the following
conditions

(1) The four symbols have equal probability of occurrence(equal probability).

(2) The four symbols have the following probabilities of occurrence.

ey £ oy d = 2. ey 0L
Pﬂ_ai PE 41‘ P{" 4! PD 10

1.2 Assume a signal source produces 4-ary signals with equal probability, and the
width of symbol is 125us. Find its symbol rate and information rate.

1.3 Assume the information rate is 2400b/s of a 4-ary digital transmission system
(equal probability). During half an hour, the number of the received symbols in error is

216. Try to find the symbol error probability P..

Vocabulary

analog A5 4L 1Y digital B HY
anti-interference LT3k demodulation it R
binary — ik demodulator L8 s
channel BB duration 135 2L i [H]
compression & 45 electromagnetic HA, 2 11
conversion iz 4 encryption g
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index &8 b receiver UL
merit = respectively 19| b
microwave 8] redundant TUAR I
modulation VA ) specification 3 e

occurrence wE transmitter =51l
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In communication systems, signal and noise are usually random. which are called
random signals. Their transmission may be regarded as a random process. Multipath
channel and thermal noise are examples of random process. This chapter presents an
introductory of stationary random processes. In particular, it discusses the following issues:

* The basic concepts of random processes.

* The description of a random process in terms of its mean, correlation and

covariance functions.

* Stationary random process and its characteristics, including the ergodicity (£ &

i) auto-correlation function ( H A K REL) and power spectral density (3] 3%

e What happens to a stationary process when it 1s transmitted through a liner time-

invariant filter?

* Narrow band random process and its two representations:

In-phase and Quadrature Components ([a]#H 43 &5 #11E 38 43 1)
Envelope and Phase components Cliig B F1AH A7)
* (Gaussian process and Gaussian white noise.

e Rayleigh and Rice distributions (FqF| FER015).

2.1 Basic concepts of random processes (Definition of
random processes)

A mathematical model 1s widely used to describe a physical phenomenon in physical
science and engineering. There are two classes of mathematical models: deterministic and
stochastic (random).

Deterministic signals: The values of the deterministic signals can generally be
calculated from a mathematical equation.

Stochastic signals: The values of random signals at any time can not be accurately

calculated from a mathematical equation.
2.1.1 Definition

Two properties of random process;

(1) They are functions of time ¢;

(2) Its value observed at an arbitrary instant is a random variable.

The totality of sample points s, .5, ,°**,5s, corresponding to the aggregate of all possible
outcomes of the experiments is called the sample spaces S, as shown in Figure 2. 1. 1.
There are two definitions of a random process.

Definition 1. The sample space or the ensemble composed of sample functions is called a
random process X (7).

Random variable (PHHLAE /) X (7). From Figure 2. 1. 1, we note that for a fixed time
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Sample
space
S x1(7)

0 | Outcome of the
www first trial of

the experiment

_ i | Outcome of the
second trial of

the experiment

| Outcome of the
T 0 _ nth trial of

the experiment

Figure 2. 1.1 An ensemble of a sample function

t, inside the observation interval, the set of numbers{x, (#z ) a3 ()" »x, () } constitutes
a random variable X (#,).

Definition2: An indexed ensemble (family) of random variable X (#) is called a random
process.

Distinguish between X (¢,) and X (7):

For a random variable, the outcome of a random experiment is mapped into a number.

For a random process, the outcome of a random experiment is mapped into a

waveform that 1s a function of time.

2.1.2 Numerical characteristics of a random process

Under most conditions. the probability distribution of a random process is very
difficult to determine by experimental method.

Mean. variance and correlation function can partially describe the statistical
characteristics of a random process , which are often used in the research of communication
systems. Their definitions and basic properties are described respectively as follows:

1. Mean (mathematic expectation: Z{ZFHIE )y (1)

The statistical mean of a random process X (#) is defined by

u. (t)=E[LX@®)] = J

L]
o

zf.(z)dx (2.1.1)

where f,(x.t) is the first-order probability density function (pdf) of the process.
2. Variance
Define the variance of a random process X (¢) as:
02(t) = Dlx(t) ] = E{[x (&) — ux () J*} (2 K 2)
It can describe the deviation at the instant # from its mathematical expectation.
3. Correlation function (FXFHHEHDR (¢, .1, ) and covariance function (hFZERED B(t, .t,)

Auto-correlation function:
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R;,(f] nfg) — E[X(f]))((fg):l — J J i']Igf(l‘] 2 T3 Ly els )dIl dkl‘g (2. 1. 3)

where f(xy .25 t;+2;) is a 2-dimensioned joint probability density function( — 4§ Bk & H#f R
Covariance function (¥ F ZpRE) .
B,(t1,t:)= E{[ X(t1) — pux (1) ][ X(#t2) — px (t3) |}

— J J_ ..I:(I(ﬁ}_px(f]):l[tr(fg) _'th(fg)]f(.l'l s A2 3 Ilnfz)dI1dIE (2- 1-4)

The relationship between R (#,.t;) and B(#,.%,) 1s
Bl 5ts) = RUtysdp) — pldy Ypeliy) (2 1:5)
R (t,.t;) and B (#, »t;) express the correlation degree of two random values obtained
by sampling one random process at two instants.
For two random processes X(#),Y(z), the corresponding R (#,,t; ) and B (¢, ,%;) are:
Cross-correlation function (T 40K FRZD

R}:‘}-’(f]sfg) et E{X(f])Y(fg}] (2. 1. 6)
Cross covariance function (B ¥ 7 Z RED)
Bxy (t +t2) = E[X(h} _#x(h ):H:Y(Tz} _,ﬂf(fz)] (Z.1.7)

2.2 Stationary Random Process

Stationary Random Process 1s a widely used process. which plays an important role in

communication systems,

2.2.1 Definition

Definition 1. Stationary in the strict-sense (j™F-f3)

If the statistic characteristic of a random process i1s independent of the time origin,
then the random process 1s called a stationary process in its strict meaning or a strict
stationary random. Its mathematical definition is;:

FUE i B s 0 ) = P it gy il B8Rl -8 €820 1)

The (1-dimensional distribution function) is independent of time 7.

oy s8y) = Flag) o )

The (2-dimensional distribution function) is related only to the time interval t
between ¢; and 7.

Xk sikas Iyl ) = [UE 555 T) (2. 2.3)

Definition 2: Stationary in wide-sense (] X -F-f3)

Consider a strictly stationary random process X (¢). The mean of the process X (7) is

pelt) — E| X650 — J zf(x)dxr = px, forallz (2.2.4)

f(x) 1s independent of time ¢.

The mean of a strictly stationary process is a constant.
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The autocorrelation function of the process X (7) is written as:

R (f;:t:)= E[ X(£;)X(2;) | = J J xixs FLxyaxs ¢ by sl ydxjde;

— g — 0

:J J o122 f(x1 9223 T)dx1dr; = R, () L 29l

The autocorrelation of a strictly stationary process depends only on the time difference
t(z=t—#t).
El X(2) | = px = constant 55
{Rr[rl | =KL —6) = Rld) S
The class of random process that satisfy the above equations are called wide-sense
stationary random process.

The relationship between strict-sense stationary and wide-sense stationary 1s

J
strict-sense stationary =—=wide-sense stationary
X,

A wide-sense random process 1s not necessarily strictly stationary.
In communication system theory, it is often regarded as that random signal and noise

are wide-sense stationary random processes.
2.2.2 Ergodicity

In practice, it is impossible to calculate the statistical mean or autocorrelation for all
realizations of the random processes. However, if a random process has ergodicity, then
1ts statistic mean 1s equal to its time average. Hence. the statistical mean may be replaced
by the time average of an arbitrary realization of an ergodic process.

Consider the sample function of a stationary process X (z). with the observation

interval defined as —T==t=-T. The time average and time auto-correlation are defined as:

- T
px(T) = lim ;JEII(T}[{I

T—oo 11 7

; ’ 2.9
R.(z.T) = lim ijimmwr}d:

T I-‘

If the following two conditions are satisfied:

lim#x(rjj — My
- (2.2.8)
Ik CesT) = R. ()
T—=a
The process 1s called ergodic. According to this property, it 1s not necessary to make
infinite observations, but it is only necessary to make one observation, and use time

average instead of statistic mean, then the calculation can be reduced tremendously.
If a random process has ergodicity. then it must be a strict stationary random process.

However, a strict stationary random process 1s not always ergodic.

-/

ergodic random process =—=strict stationary random process
ot
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In practice, when we analyze the stationary state of most communication systems, it
is always assumed that means and autocorrelation functions of the signal and noise are all
ergodic.

Example 2. 2. 1: Consider a sinusoidal signal with random phase, defined by

X(t) = Acos(Z2nf.t +0) Ce 2
where A and f. are constant and 0 is a random variable that is uniformly distributed over

the interval | —x,7m ], that is

L! — T é ﬁ i:; T
f(O = {2“ (2.2.10)
3 elsewhere

Discuss whether X (7) 1s ergodicity.
Answer:
(1) The statistic average 1s
ux ()= E[X )]

1
2

2
= J Acos(Zrf.t+60) « —db

2
A J (cosw.tcosfd — sinw.tsinf) dd
21 Jo

2x

— Zé ’{:D:ﬁmcf J cosfdld — sinw. .t J
i 0

E“Smada]

— ()
Autocorrelation function is
Bii.t:)= El 2l5 )xli;) |
= E[ Acos(w.t;1 +6) » Acos(w.t, +8) |

2
— %E{{:Dsmc(rg —t1) + coslw.(¢t; + 1) + 26])
2 2 (2x
— A—Cﬂﬁmc(fg —I1)—|—A—J cos|w. (¢, +1,) +20] | df
2 2 Jo 27

2

= %Cﬂﬁmc(fg —5)+0

AE
— —CDSkE. T

2
Hence.x (1) 1s a wide-sense stationary process.
The autocorrelation function is plotted in Figure 2. 2. 1.

Ry(7)

£
AN
A A

1

| {—
fe

Figure 2. 2.1 Autocorrelation function of a sine wave with random phase
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(2) The time average 1s
T
2

px (T) = lim l J_Iﬂcﬂsiwcr—l—ﬂ}dr = 0 = ux ()

T f

Rx(z,T)

T—oo

T
[im L JETAEGE(mEf 1 @) « Acos| w. (t +17) + 0 ]ds

A% (2 7 _
— |lim — J cosw,.td? —I—J cos(2w.t +w.t+ 20)dt
T-o 271 (J-T I
AE
— —COSW,.T

s
Since ux (1) =px(T) ,Rx(t)=Rx(z,T),so X (t) 1s an ergodic process.

2.2.3 Autocorrelation function of stationary random processes

Let X (z) be a stationary random process, we redefine the autocorrelation function of
X (t) as

Ry(7z) =E| XGt+DDX@ ]| orall 2
This autocorrelation function has five important properties:
(1B =E| X i) |—=P: The average power of X (¢)
(2) R(r)=R(—1) An even function of
(3) |R(0) |<R(0)
According to

FE[ X))+ XG+D]P =0

We can get
ElX)+XG+o)E2XWDWXG+]1 =0
iy IR e =10
|R(z) | << R(0)

And R(7) has its maximum magnitude at t=0,

(4) R(e=)=FE*[ X () |=4° The power of the D. C. component ( E it 5 %)
lim R() = imE[X (t + D X (1) ]
= E[X(W]JE[ X+ D]
= E*[ X ()]
Therefore, when r—=><o, X(#) and X (t+ 1) are statistically independent of each other.
(5) R(0) —R(c0)=¢% A. C. power (AZIIIH)

When pux =0,R(c2) =E*[ X(#) ]=0, the result is R(0) =¢%.

2.2.4 Power Spectral Density

Let us discuss the power spectral density (PSD) Px (f) of a stationary random
process X(z). We know that the PSD of a deterministic power signal X (#) may be

expressed as;

i, 2
Pif) = lim ‘ng” (2.2.1D)

T—-—t}:} I
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St (f) is the frequency spectrum function of the truncated function (E{%8 PRZEL) of S(f)
(see in Figure 2. 2. 2).

L X(1)

| Xr(1)

I I

I Z | -I

I

s T I7 0 T I
2 12

|

Figure 2. 2.2 Truncated function

Similarly, the PSD of a random process can be expressed or defined by equation
L2 20 10

Let the PSD of a stationary random process X(#) be Px(f), the truncated function of
a realization of X (¢#) and X1 (#), and the Fourier transform of X+ (z) be St (f), then

we have

» 2
Px(f) = E[p(f)] = lim = ST,(,f}I

T—co f

e 2. 12)

This is the expression of the PSD of a stationary random process.
The power spectral density Px (f)and the autocorrelation function Rx () of a
stationary process X (¢) form a Fourier-transform pair with r and f as the variables of

interest, as shown by the pair of relations

Px () :I Rx (D) exp(— j2x fr)dc CUR)

Ry () = I Px(fexp(2nfr)df (2. 2. 1)

Equations (2. 2. 12) and (2. 2. 13) constitute the Einstein-Wiener-Khintchine relations.
The relations show that if either Rx(z) or Px (f) of a random process is known, the other
can be found exactly.

Using this pair of relations, we can derive some general properties:

(1) The total power of a stationary process is: R(0) = J Px(f)df.

=)

(2 P =0 for all f Px (f) is always nonnegative.
(3) Px(—PH=Px(PO Px (f) is an even function ({HK%0).
Example 2. 2. 2: Find the autocorrelation and the PSD of sinusoidal wave with random
phase
X() = Acosnf.t+ &)
Answer:

From example 2. 2.1, we have calculated the autocorrelation function

2 2
Balr)— %cas(Znﬁr) = %EDE(ME‘E)

Taking the Fourier transform of both sides of the relation defining Rx (¢), we find

that PSD of the sinusoidal process X (7) is
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Px(f) = ;[S(f—fc) s oL St Y

2
PAm) — ?ﬂ[ﬁ(w— w.) + 6w+ w,.) |

. ; ; ; : A’ =
which consists of a pair of & function weighed by the factor o and located at = f.. The
average power 1S;

2 2
S = R(0) = Z-cos(, » 0) = &

2.3 @Gaussian process

In this section, we consider an important random process known as Gaussian process.

1. Definition of the Gaussian process

The Gaussian Process i1s also called normal random process. The thermal noise in
communication systems i1s usually a Gaussian process.

The one dimensional probability density function of the Gaussian process X (#) obeys
the normal distribution. It can be expressed as;

1

V218

The definition of the Gaussian process X (#) with the joint probability density function
(Bk 5% B pRED) of » dimension satisfies the following condition:
fﬂ(;rj s o sy s by sils g !fﬂ) —

1 — 1\ Ty T
—= ot e Bj(f i ) €2.9.2)
(270)%68,0,++5, |B|? [ ’B ; ; B2 0 Ok ]

f(x) =

I -
L ‘”] (29D

26°

. L‘K]’J’

where a, 1s the mathematical expectation (statistical mean) of x,., 6, is the standard
deviation of x; and | B| is the determinant of the normalized covariance matrix:
1 b1z e s

bEl 1 e biu
|B| =

bﬂl bﬂE B 1
|B‘J,-;, is the algebraic cofactor (fCE % ) of the element b, in the determinant
B

;s by 1s the normalized covariance function . 7. e.

_E| | (x; —a;) (s —a) | ]

0 ;0

b

This probability density is decided only by each mathematical expectation, standard
deviation and normalized covariance of the random variable, so it is a wide-sense stationary
random process.

N-dimensional joint probability density function can also be defined in matrix form as
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1

n 1
(2n)7 |B|®
where the superscript ( FFr) T denotes transposition (¥4 %) and

fﬂ(.l'1_ U ) Ry R T T H‘fﬂ) —

{::{p[—%(x—p}T E_l(x—p)]

g — mean vector = [#1 s flz 9""" ,,u,,]T
X = covariance matrix = {C.( st ) )* Est = 1:2i=~smn
C.(tist;) = E{| X)) —px D I XG@) —pux ()]} Eyi = 1,255 7
3! = inverse of covariance matrix
B = determinant of covariance matrix
2. Some useful properties of Gaussian process

If a Gaussian process is stationary. then process is also strict-sense stationary.

\."I
wide-sense stationary == > strict-sense stationary

Gaussian ~/

If xr1,2,4°°*.x, are uncorrelated., that is
E{I:.X(I})_ﬁx(fk):l[.}((f,-)_ﬁx(f{}:l}:Os I;’Ek or bjg,_ = ()

Then, equation(2. 3. 2) 1s reduced to

- (.I'k — g )E i
fﬂ(l‘l g;rgqi'-g;ru; r‘_[ qu giilqrﬂ) — HE‘K]]’ 2{}2 ] — f(-l‘l Etl)f(-.rg ?EE).-.f(-.I‘u!rﬂ}
B k
The above equation shows that these random variables are statistically independent

(GEithaL).
Two uncorrelated random variables are not always independent of each other, and the

two independent random variables are certainly uncorrelated.

X
uncorrelated =—= independent
J

Gaussian-,
uncorrelated =——= independent
\I.l'

3. Gaussian random variable
The probability density of random distribution curve is shown in Figure 2. 3. 1. and

this distribution has the following properties.

@ |

2no

I

|

|

|

I

I

I

| -
0 a X

Figure 2. 3.1 Probability density curve of Gaussian distribution

(1) f(x) is symmetrical to the straight line x=a, flatx)= fla—x).

P N

'

@ | fde=1 and|" fode = |

(3) if a=0, 6=1,then the distribution is called the standardized normal distribution.
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() = Lexo[—Z
f(x) = 2HL:{p( > )

The normal distribution function can be expressed as:

. % 1 (z—a)? (I—H)
Flxl = J * dz = @
& b ZTESLKPI: ¥ ] 3

where @(x) is called the probability integral function, its definition is

i

P(x) = x/lz?ﬂimcxp[—z—;]dz

This integral is difficult to calculate. Approximation of the integral for different

values of x can usually be found by lookup-table method.

The following function describes the definition of error:
2 ‘T ull
erf(x) = — | e* d=z
T 0
Table-lookup method (£ /%) is also usually used to obtain the error function erf(x).
The complementary error function can be approximated as

|

erfe(x) =~ e

T AT
When we discuss anti-noise performance of communication system later, the above
error function erf(x) and complementary error function erfc(x)are often used. The table

of error function is given in Appendix C.

2.4 Transmission of a random process through a Linear
Time-Invariant (LTI filter

Suppose that a random process X (¢#) 1s applied as input to a Linear Time-Invariant
(LTI: &M A 428 filter with impulse response h (¢), producing a new random process

Y (¢) at the filter output. The linear system sketch is drawed in Figure 2. 4. 1.

X(1) LTI X1)

—— e

h(t)

Figure 2. 4.1 Linear system
The output random process Y (#) can be written as

Yii) ZJmh(r)X(t—r)dr (2.4 1)

The transmission of a process through a linear time-invariant filter is governed by the
convolution,

Assume X(#) is a stationary random process, let us analyze the statistic characteristics of the
output random process Y (¢). First, we find the numerical characteristics and PSD of the

output Y(#), and then we discuss its probability distribution.
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1. Mathematical expectation E[Y (¢) ]
The mean of Y(#) is
e fii— E| () |

= E[Ji@h(r)){(t — r}dr]

= J h(DE| X(t— 1) |dr (2.4.2)

Since the input random process X (¢) is stationary, So the mean pux () is a constant ux

and the equation(2. 4, 2) may be simplified as follows:

fy = p:xJ h(r)dz
= ux + H(O)
where H(0)is the zero-frequency(DC) response of the system.

We have
RN ES ry « H(O) = constant
2. Autocorrelation function Ry (¢, .t; +1) of Y(¢)

According to the definition of the autocorrelation function, we have

R}?(f] « I _I_ 1'): E[Y(f] )Y(ﬁ +T):|

— E” hh(u}X(h —u)duJ hh(w)X(n —l—r—ﬂ}dw]

— Jm ﬁxf h(wWh(WE| X(t; —w) X, + 17— v) |dudv

— 2D

The input X (#) is a stationary random process:
ElXti—wXt+—v) ]| = Rx(r+u—v)

then
Kyl +d; + 1) = [ | J hh(u)h(‘ﬂ}E[X(h —w) Xt + 77— v) ldudv = Ry (z)

Y (¢#) is only related to the time interval r, and is independent of the time ¢,

On combining this result with that involving the mean py . we see that if the input to a
LTI filter is a stationary process. then the output is also a stationary process.

3. Power spectral density Py (f) of Y (1)

The R(zr) and P(f) of a random process are a Fourier transform pair, so

Py(f)= J hRy(r)e_j‘"’dr

= J er duJ h(o)h()Rx(t+u—v)e ™ dv
Let 7’ =t+u—wv, by substituting it into the above equation, we have

P‘F(f):J fz(u)t*j““duj hh('{:)n::_j“"dt,rj th'fr")ﬂ_j‘“"’drf

—o0 —o0 —

= H" (HDH(HPx(H = |H() |2Px(f)
The result shows that the PSD of Y () is equal to the PSD of X (#) multiplied by
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]

' H(f)|*. Both input-output time-domain and frequency-domain changes are clearly

shown 1n Figure 2. 4. 2.

:r _ﬂ; _______________ 1 ; :LI(_O)_ o ': time domain

| Rx(7) h(t) Ry(T) :

pi— == = s ——————

' Py(f) H(f) Py (f)|H(f)]?——= frequency domain

Figure 2. 4.2 The input-output relation of an LTI system in time-domain and frequency-domain

4. Probability distribution of Y (¢)

If the input is a random Gaussian process. then the output is also a random Gaussian
process (U1 2 1k 3 G fn A 2 72 2 = B i, DU R e iy i e AR 2 = B ).

This principle is based on the following limit of a summation:

Y(t) = lim D X(t — 7 )h (1) Aty

T k=0
X (¢) is a Gaussian process, therefore each term X(t—t,)h(z,) At is a normal random
variable at an arbitrary instant. The summation of infinite normal random variables is also
a normal random variable. Therefore, the output random process is also a normal random

process. The difference between input and output random is the numerical characteristics.

2.5 Narrowband random process

In communication systems, signals and noises are often limited to the narrow band,
especially the noise. Suppose the bandwidth of the random process is Af, and the central

frequency is f..

If Af<<f.and f.>>0,then the random process is a narrowband random process( 7€ i i
PLid ), as shown in Figure 2. 5. 1.

P(f)

B ~fe B 0 fB  fo  [fAB

Figure 2.5.1 PSD of a narrow band process

The waveform of a narrowband process looks like a sinusoidal wave with slowly
varying envelop and phase, as shown in Figure 2. 5. 2. It can be expressed as:

X)) =a,Wcoslwt+e. ()], a.(t) =0 (7.5.1)
where a, () and ¢, (¢) are random envelope and random phase of X (z). Obviously, the
variation of a,(#) and ¢, (¢) is slower than the variation of the carrier cosw.?.

This equation is defined in terms of two components called envelope and phase.

From equation(2. 5. 1), we can deduce another mathematical representation, which is
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]

N ot
R‘UH_J__V*'UPM‘&M u’,U’U“hh
SV

1 —— O —

fe

Figure 2. 5.2 Waveform of a narrowband process

called in-phase and quadrature components.
X(t) = X.cosw.t — X, (t)sinw.t 2. 5.7
where X (t) =a,(t)cosep,(t) (in-phase components)
X.(t)=a,(t)sing,(t) (quadrature components)

From these two representatives, the statistic characteristics of X (#) can be
determined by the statistic characteristic of a, (¢) and ¢, () or X.(#) and X, (#). I the
statistic characteristics are known, the statistic characteristics of a,(¢#) and ¢, () or X ()
and X,(¢) are also determined.

Suppose X (#) 1s a stationary narrow band Gaussian random process with 0 mean and
0> variance. Now., let us discuss the statistic characteristics of X.(#) and X.(¢#), and then
find the statistic characteristics of a,(#) and ¢, (7).

1. Important properties of the in-phase and quadrature components

The schemes 1n Figure 2. 5. 3 may be viewed as narrowband noise analyzer and synthesizer.

Low-pass - —
—= ] "R =X X(1) X

| |

X 2¢c0s2m f.t cos2T it 1+
i 3 A(Y)

@ Low-pass X :
filter A0 ) ®

| |

~2sin2n £ I

Figure 2.5.3 The analyzer and synthesizer of a narrowband process

Consider a narrowband process X (#) of bandwidth 2B. each of the two ideal low-pass
filter (flG1H J€J%) has a bandwidth equal to B.

The X.(#) and X (#) have some important properties.

(1) The in-phase component X.(z) and quadrature component X,(7) have 0 mean and
6% variance, that are the same as a narrowband process X (¢). X, (#), X, (¢) are also

narrowband Gaussian random processes.
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(2) X.(t) and X (¢#) are uncorrelated and independent at an arbitrary same instant.
| Or X.(#) and X.(#) at the same instant are uncorrelated and statistically independent. |

(3) Both the in-phase components X.(#) and quadrature X, () have the same power
spectral density (PSD), which is related to the PSD Px ( f) of the narrowband process
X (1) as

Pe(f— £+ Pe(F+£)s —BESF<B
P i= P [ 62 5.3

s otherwise
2. Statistic characteristics of a,.(¢) and ¢, (1)
Note that X, and X, are independent Gaussian random variables with mean zero and

variance 0°, so we may express their joint probability density function by

. . . 1 xl + xl
R ‘::: — ‘E g . : 2- 5- 4
Plassas) = ) itan) ZHSELKP( 75 ] ( )
Therefore, the joint probability density function f(a,.¢,) can be expressed as:
f:)(.l' o A )
T *Nr — c*ls - - 2- 5- 5'
Flaysg. ) — fle.sm,) 72,0 ( )
_ T.=a,cosq,
According to _ ’
T, =a,sing,
r)_;r_‘c 5'1'5
I(x.,x.) ‘ da, Jda, COSQ, sing,
s) | _ _ —
I(a, »@,) dx. dx, — a,sing, a,cose,
3@1 ‘?Qﬁ’r

o 2 - -
Fas-w) —a, flra4) = Az ’ (a,cos@,)” 1+ (a,sing, ) ]

2“32 L’.‘K}j 2
. exp| — as
21 P\ 287

This probability density function is independent of the phase ¢, which means that a,

and ¢, are statistically independent. The mathematics expression is as following:

fla,,p,) = f(a,) *» f(@,)

oo a HE :
- . = e —i . ;?;
fCa,) _mf(al o, )do, 52 u;p( 252} s W |

and
= & __ ik
flo,) = J_mf(aragor)da_r = 5
or
(il i) 1
f(qol)—f;(ugi —27[, @E[D,Zm:]
Conclusion:

The probability density of the envelope of a narrowband process obeys the
Rayleigh distribution (F&#]434) . and the probability density of the phase distribution

obeys uniform distribution (¥ 2] 43 4i). For one dimensional distribution,a, () and

ox (t) are statistically independent.
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2.0 Sine wave plus narrowband Gaussian noise

In many digital and analog modulation systems, the transmission signals and
sinusoidal waves are as the modulated signals. When the signals pass through the channel,
the noise and interference will be added to the signal.

In order to reduce the noise, a band-pass filter is usually adopted before the
demodulator. The output of the band-pass filter is sine wave plus narrowband noise.

The mixed signal can be expressed by

r(t) = Acos(2nf.t) +n(t) (2. 0. 1)
where n(¢) =n_.(t)cosw.t —n.(t) sinw.t. We assume that n(z) 1s Gaussian with zero mean
and variance o°.

A and f. are both constants., ¢ i1s a random phase, in (0, 2w), 1t obeys the
uniform distribution

r(t)= [ Acosf@~+ n.(#) Jecosw.t — [ Asinf + n, (¢) |sinw.t
= Z.(t)cosw.t — Z,(t) sinw.t
= fo)cﬂa[wcf—l—goff)] (eh )
where Z.(t) =Acos0-+n.(t); Z.(t)=Asimn0+n.(1).
Here, we neglect the calculation of probability density of 2(#) and ¢(#) and only give

the results.

f(2) = ée.xp[— L +A3>]10 (A—fJ =0 (2.6.3)
1 O n

202

This relation is called the Rician distribution (3 #7934 ). The envelope and phase

distributions are shown in Figure 2. 6.1 and Figure 2. 6. 2.

0.61 a=0

Figure 2. 6.1 Normalized Rician distribution

Let *E;ZGE, r:z=§-p and f(v)=0f(2),we obtain the normalized form:
v* + a*
f(o) = v{:}cp( > )Iﬂ(fm) (Z.6.4)

where I, (x) is the modified function of the first kind of zero order (ZXF1&1F Dl ZE /R eRZED).
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R e ]

297
2.0F ﬂj: r
1.5F 26°
4
o) 101
L5F

—-135 90 —-45 0 45 90 135 180 ¢
Figure 2. 6.2 The distribution of ¢(#)

Discussion .
AE
(1) When the signal is week (A—>0), then the ratio F:F_"‘Gg — ], (x) =0, the
o
Rician distribution reduces to the Rayleigh distribution. The phase distribution is uniform

distribution.

2
(2) When the signal to noise ratio V=53 is strong/big. the envelope distribution is
o

approximately Gaussian.

2./ Gaussian white noise and band pass white noise

Noise can be classified into impulse noise, narrow band noise and fluctuation noise.
When the influence of noise on communication systems is discussed, the influence of the
fluctuation noise, especially thermal noise should be mainly considered. Thermal noise is
usually called the white noise, because its frequency spectrum is uniformly distributed,
which i1s similar to the spectrum of white light in the frequency range of the visible light.

1. White noise

[f the PSD of noise is a constant, then the noise is called white noise n(2).

i) = ??2_9, — oo < f <4+ 2(W/Hz) (Double sideband)
P(f) =ny, 0<f<<+o=o(W/Hz) (Single sideband)

where 7, 1s a constant. The PSD and auto-correlation distributions are shown in Figure 2. 7. 1.
They are Fourier transform pair.
2. Low-pass white noise
The sketch of white noise passing the low-pass filter is shown in Figure 2. 7. 2.
If the input is white noise, the output of low-pass filter is called low-pass noise, and
its corresponding PSD is
ny
P, (f)=]2
0,  others

. |fI<B
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P(f)A R(7) |
A #
i - 8()
2 Fourier transform
-— -
0 J O
(a)Power spectral density (b) Autocorrelation function
Figure 2. 7.1 Characteristics of the white noise
Po(f) Pp ()
= LPF —
Figure 2. 7.2 Low-pass filter
and the autocorrelation function is:
s1nZ2 bt
R(z) = n,B 22
: 2nbr
Their curves are drew 1n Figure 2. 7. 3.
R
P, )| 1o e
2 Nob

Fourier transform

<=

—B 0 R i4 fi/\_l_\/l 0 I

2B B jor] 2B B 2B
(a) Power spectral density (b) Autocorrelation function

Figure 2. 7.3 Characteristics of low-pass filtered white noise

3. Band-pass white noise

The sketch of white noise passing the band-pass filter is shown in Figure 2. 7. 4.

Po(f) Pp(f)

H(f)
BPF

——

Figure 2. 7.4 Band-pass filter

The transmission characteristic of H(f ) 1s
. fo-a<|fI<f+3
0., otherwise
where f. is the carrier wave frequency, B is the bandwidth.
The PSD of white noise after passing through the BPF is
n,
P, (H=1]2

0. otherwise

B B
y e TS |f\€fn+?
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and the autocorrelation function is

Rit) = J Pl adf = B Smﬂﬁrcﬂﬂﬂﬁr
—co O 1957

when B<KL f. and f. >0
This bandwidth of the white noise is also called the narrowband Gaussian white noise.

Its corresponding PSD and autocorrelation curves are in Figure 2. 7. 5.

0.5 1
0.4
0.5
0.3
0.2 0
0.1
—0.5
0
—0.1 -1
—4 -2 0 2 4 —1 -0.5 0 0.5 I
f !
(a) Power spectral density. (b) Autocorrelation function.

Figure 2. 7.5 Characteristics of the band-pass filtered white noise

Summary and discussion
Both signal and noise in communication systems can be regarded as random processes

The random processes have the characteristics of the random variables and functions
of time, which can be described from two different and correlative aspects:

(1) The sample space or the ensemble composed of sample functions;

(2) An indexed ensemble (family) of random variables.

The characteristics of random signals can be expressed by probability distribution and
probability density functions. If the statistic characteristic of a random process is

independent of the time origin. then the random process is called a strict-sense stationary

(/™-%3) random process; Another important concise method for the partial description of
random signals is the numerical characteristics. If the statistic characteristics of a random

process is independent of the time origin, then the random process is called a wide-sense

stationary (J X *}-f&) random process. Two ensemble-average parameters should satisfy
the following conditions:

(1) Mean is independent of time;

(2) Autocorrelation function depends only on the time difference.

If the statistical mean of a random process is equal to its time average. then the
random process has ergodicity. The statistical mean may be replaced by the time average of

an arbitrary realization of the ergodic process.
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Another important parameter of a random process is the power spectral density
(PSD). The autocorrelation function and the PSD constitute a Fourier-transform pair.
Autocorrelation function and PSD are two important numerical characteristics to describe
the stationary random processes.

If the input to an LTI filter is a stationary process. then the output is also a stationary
process. The relationship is as following:

E[Y()] = py « H(0) = constant
PA P = | HCP |2PCP

The thermal noise in communication systems is generally a Gaussian process, which is
also called the normal random process. Its numerical characteristics can completely
describe this process. The one dimensional probability density function only is determined
by the mean and variance. The two dimensional probability density function is mainly
determined by the autocorrelation function. The Gaussian process after passing through a
linear system remains a Gaussian process.

The statistical characteristics of narrowband random process are usually used to
analyze the modulated system., pass band system or wireless multi-path channel.
According to the definition and two representations of the narrowband signal, the envelope
and phase distribution of narrow band noise and sinusoidal wave plus narrow band
(Gaussian process can be derived.

There are three kinds of stationary random processes which often exist in
communication systems:

(1) Gaussian process represented by the thermal noise, which 1s also called white
noise. When Gaussian white noise is passed through low-pass or band-pass filter, the low-
pass Gaussian white noise or band-pass Gaussian white noise 1s generated. respectively.
Their autocorrelation and PSD should be remembered. which will be used in the following
chapter.

(2) Rayleigh distribution process represented by the envelope of narrow band noise.

(3) Rician distribution process represented by the envelope of sinusoidal wave plus

narrow band Gaussian process.

Homework

2.1 A random telegraph signal X(#), characterized by the autocorrelation function
Rx(t) = exp(—2v | T |)
where v 1s a constant. is applied to the low-pass RC filter of the following Figure 2. 1.
Determine the PSD of the random process at the filter output.
2.2 Let X, and X, be statistically independent Gaussian-distributed random variables,

each with zero mean and variance 6°. Define the Gaussian process
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Y(t) = X, cos(wyt) — X, sinewyt)
(1) Find ELY () ],E*LY () .
(2) The probability density function of Y (2).

R
o—1{_ | ® 0
Input C=—  Output
O & O
Figure 2. 1"

2.3 If a Gaussian white noise passes through the filter shown in Fig. 2. 1. Its mean

noise,
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is 0 and the double-side PSD is n,/2. Find the PSD and autocorrelation of the output
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In this chapter, the classification of the channel, the channel models, the noise in the

channel and the capacity of channel will be introduced and discussed.

3.1 The classification of channels

According to the transmitted media, channels can be classified into two categories:

wireless channel and wired channel.
3.1.1 Wireless channels

The transmission of signals in wireless channel is achieved by the propagation of
electromagnetic waves in space. In principles, the electromagnetic wave of any frequency
can be produced. For effectively transmitting and receiving. the frequency of the magnetic
wave used for communications is usually rather high in practical applications.

According to different communication ranges, frequencies and locations, the
electromagnetic wave propagation can be classified into three types: the line of sight
(LOS: fl2k) propagation, the ground wave (H#i{f) and the sky wave (K i) (or called

ionosphere reflection wave: H & JZ & 5 ) sas shown in Table 3. 1. 1. The sketch maps of

these three propagations are shown 1in Figure 3. 1. 1.

Table 3.1.1 The comparison of three propagation modes

Type Frequency range Propagation mode Propagation range

Ground Waves < 2MH:z along the curved ground surface | over hundreds to thousands of km

Many reflections between
Sky Waves 2~30MH:z more than 10 000 km
ground and Flayer

: ; D= +/50h (km)
LOS =>30MH-z line of sight
—satellite communication
signal
' propagation racdive 5
transmit antenna N
antenna
transmit %, § receive
antenna hANntenna

(a) Ground wave propagation (b) Sky-wave propagation

Route of transmission
o= Tl 74.|

/i Receiver

Transmitter

Ground

(¢) LOS propagation

Figure 3.1.1 Sketch of three propagations
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The propagation of electromagnetic wave in the atmosphere is influenced by the
atmosphere. The relationship between the attenuation characteristics of the atmosphere

and the frequency are shown in the following Figure 3. 1. 2.

100+

[ Sy
o
1
==
™

I+ vapor
0.1F
0.01¢
0.0011 |
0.0001L .-~ i
0.00001 |

.“-F
o i o R T

oxygen

Attenuation(dB/km)

I 10 100 350 1000
Frequency(GHz)

Figure 3.1.2 Attenuation of oxygen(% R,) and vapor(7Kz£,) (concentration 7. 5g/m’)

3.1.2 Wire channel

There are three kinds of wired channels: symmetrical cables, coaxial cables and
optical fibers.

Symmetrical cables is also called twist wire (X% %k). The telephone channel is built
using twist pairs for signal transmission. A twisted pair consists of two solid copper
conductors, each of which is encased in a polyvinylchloride (PVC: B & 4 %) sheath.
Twisted pairs are usually made up into cables, as in Figure 3. 1. 3. with each cable

consisting of many pairs in close proximity to each other. Twisted pairs are naturally

susceptible to electromagnetic interference (EMI: H#T3L).

conductor insulating layers

Figure 3. 1.3 Twist wire

Typical coaxial cable ([a] %l H 45 ) has a characteristic impedance of 50 or 75 ohms.
The composition of coaxial cable is shown in Figure 3. 1. 4. Compared to a twisted-pair
cable, a coaxial cable offers a greater degree of immunity to EMI. The standard bite rate is
10Mb/s, which is higher than twisted pairs. The applications of coaxial cables are as the
transmission medium for local area networks (ILAN) and in cable-television systems.

The optical fiber is widely used for the transmission of light signals from one place to
another. It can be classified into two categories: multi-mode and single-mode, as given in
Figure 3. 1. 5.

Optical fibers have unique characteristic that make them highly attractive as a
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Outside insulation Insulation

Copper mesh Copper wire

Figure 3.1.4 Coaxial cable

transmission medium. They offer the following unique characteristics:
* Enormous potential bandwidth.
* Low transmission losses.
* Immunity to EMI.
* Small size and weight.
* Ruggedness and flexibility.

Single-mode Multimode

Requires very straight path ~ Multiple paths-sloppy

Figure 3.1.5 The structure of single-mode and multimode optical fiber
There are two minimum loss points at 1. 31pm and 1. 55um from the following Figure 3. 1. 6.
Therefore, these two wavelengths are widely used.

1.31um  1.55um
1ok K H

Loss(dB/km)

Wave length(um)

Figure 3.1.6 The relationship between loss and wavelength

3.2 Channel models

We have introduced two types of channels, how to describe the channels in
mathematical tool is the content of this part. There are two basic channel models: one is

for modulation, another one is for coding.

3.2.1 Modulation channel model GE%|fRIEEEY)

The basic modulation channel is defined as
e.(t) = fle(®) ]+ n) £3.2.1)
where ¢;(#) 1s the signal voltage at the channel input terminal,e,(#) 1s the signal voltage at

the channel output, and n(#) is the noise voltage. Noise n(¢#) always exists in the channel.
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[t is usually called the additive noise because *+”. The model is illustrated in Figure 3. 2. 1.

ef1) modulation €ol?)

— [ -—

channel

|

n()

Figure 3.2.1 Modulation channel model

f( ) is the function between ¢; (¢) and e, (z). For simplicity, we usually assume f[e; (1) |=
}E(I)Ei(f}.
k(t) is a complicated function and it reflects the characteristics of the channel.

time variant = random parameter channels(fi Z{518)
k(t) =
constant = constant parameter channels(fHZ{518)

3.2.2 Coding channel model ({gi3{5EEE)

The input and output signals of the coding channel are digital sequences in Figure 3. 2. 2.

0101110 coding 0101111
input channel output

Figure 3. 2.2 Coding channel

Error usually happens at the output because of interference. Therefore, the best
method to describe this model is the error probability (45 iR #E3). It is also called the

transfer probability.
PO/ transmitting 0 and receiving Oy =
E e Correct transfer probability:
P(1/1) transmitting 1 and receiving 1 :

P(1/0) transmitting 0 and receiving 1

‘PC0/1) transmitting 1 and receiving 0

For binary systems:
P0/0) = 1— P(1/0)
P11 =1 — Pioil)

The model in Figure 3. 2. 3 is the simple binary coding memoryless channel model, in

which the occurrence of errors in adjacent symbols is independent.

P(0/0)

P(1/0)

Sender Receiver

P(0/1)

g

P(1/1)

Figure 3. 2.3 Binary coding channel model
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3.3 Influence of the channel characteristics on
transmission (for modulation model)

3.3.1 Influence of constant parameter channel on signal transmission

The main transmission characteristics of the transmission function are usually described by
the amplitude-frequency characteristics Clig 4% 5 ) and phase-frequency characteristics
CHHAF ).

In practice. phase-frequency characteristic can also be described by group delay (§f
JEIR ).

The amplitude characteristic can be described by insertion loss (4 A #£). Figure 3. 3.1

show the ideal amplitude-frequency and phase-frequency characteristics.

[H(o)| \ ¢ (®))

Figure 3.3.1 The ideal amplitude-frequency and phase-frequency characteristics

The definition of group delay is

do(w)

dw

(w) =

The plots of Figure 3. 3. 2 clearly illustrate the dispersive nature of the telephone

channel.
20 4
n o
= 15} E 3L
77 -
7y (431
= g
E 10 = 2
5 5
2 3 & i
| | | | |
0 | 2 3 4 0 | 2 3 4
Frequency(kHz) Frequency(kHz)

Figure 3. 3. 2 Characteristic of typical telephone connection

3.3.2 |Influence of random parameter channel of signal transmission

There are there common characteristics:
(1) Transmission attenuation of the signal is varying with time;
(2) Transmission delay of the signal varies with time;

(3) Signal arrives at the receiver over several paths, 1. e. multi-path propagation
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phenomenon exists.

Multi-path will be discussed for its great influence on the quality of the signal

transmission, the model of multipath is illustrated in Figure 3. 3. 3.

Ran Eiﬂm Scattered
beam medium beams

Transmitting Receiving
antenna antenna

Figure 3. 3.3 Model of a multipath channel

Suppose the transmitting signal is Acosw,t, which is a common signal model in a

communication system. When the signal propagates to the receiver over n paths, then the

received signal R(#) may be written as:

R(t) = D i coswo[t —7:()] = D) pi () cos[wot + @i (1) ]
1 =1

1=1

where
1; (1) 1s the attenuation of #th path]
r;(¢) is the delay of +th path > are random varying
@; (1) =— w7 (1) )

Equation (3. 3. 1) can also be written as;

R(:) = Ey,—(f)c{jsgof(t)ﬁﬂsmgr— Epf(f)singo,-(r)sinmgr
i=1

i=1

Let
X.() = Zg,—cgsgo,—(t)
X, (1) = Ey,—sin(p!—(f}
Then
R(t) = X.(t)coswot — X () sinwyt = V(¢) cos[ wot + (1) ]
where

V() = /X%2(t) + X%(t) —envelope

X, (2)
X. (1)

@(t) = arctan phase

Comparing this eq. with the narrowband random process yields;

X () = X_.cosw.t — X.sinw.t = a,(t)cos| w.t + goj,(f)]

TN

(3 3.2)

So R(¢) can be regarded as a narrowband signal with random varying envelope and

phase, as shown in Figure 3. 3. 4.
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3 frn-nh‘ o ,n’ﬁﬂ“ﬂ“‘n'
\Vnmnunvnvn\ _
S

Figure 3. 3.4 The narrowband signal

To simplify the problem, here we only discuss two paths of the multi-path
propagation with the same attenuation and different delays.

Suppose the transmission signal 1s f (#), the received signals are Af (t—17 ) and
Af(t—rzr,—1), respectively, where A 1s a constant,

Their corresponding Fourier transforms are

Input.
f)=F(w)
Af(t—15)SAF (w) e ™%
Af(t — 1y — 1)SAF (w) e 5™
Output:

Af(t—1,) +Af(t — 1, —1)SAF (w)e ™ (1 + e™)
Therefore, the transfer function of the two paths channel is
H(w) = Ae ™o (1+e7™")
' H(w) | = |Ae ™% (14 e77) |
=A|l+e™

= A|1+ coswt — jsinwt | = A+/(1 + coswt)* + sin*wt = 2Acos %

The curve drawn according to the above equation i1s shown in Figure 3. 3. 5.

|I+eﬂm11
2
O T 2n n 41 E
T T T T

Figure 3. 3.5 Multipath effect

From the above curve, we consider that fading is related to the frequency., it is called
frequency selective fading (Jl 28 PEEEME =7%).

Figure 3. 3. 6 illustrates the effect of Rayleigh fading on the waveform of the received

signal, whose amplitude and phase components vary randomly with time.
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0 0.5 ] |5 2 25 3 3.5 4 4.5 %)

Time(s) 10°
(a) Input sinusoidal wave
] : . . —

Amplitude

0 05 1 L 2 23 3 35 4 4.5 3
Time(s) 10°
(b) Waveform of the resulting signal

Figure 3. 3.6 Effect of Rayleigh fading on a sinusoidal wave

3.4 Channel capacity (continuous channel)

The information capacity of a continuous channel of bandwidth BHz., with the

addictive white Gaussian noise of PSD H?D and limited in B, i1s given by
5
C, = Blog, (1 | ”DBJ(h/&) (o401

where S is the average transmitted power.

There are three key system parameters: channel bandwidth (B), average transmitted
power (S) and the noise power spectral density (n,/2).

(1) When S increases or ny, decreases, C increases.

(2) When B—co, C, approaches to the following limit:

: ~ - 1.S Bng | 1.9
fimC, = tim 2 £21oss (14275

= lim §10g2(1 + )T = §1Gggﬂ ~ 1. 44 S

0 Mg ny Mg
The channel capacity approaches 1. 44 times of signal power to noise PSD ratio.
Example 3.4.1: A frame of black and white TV image is composed of 300 thousand
pixels, each pixel has 10 levels of brightness and these 10 levels occur at equal
probabilities. If the image is transmitted at a rate of 25 frames per second, the image
signal to noise ratio is required to reach 30dB, find the required transmission bandwidth.
Answer: Since each pixel takes 10 possible levels with equal probability, the

information content of each pixel I, is
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I, = log,10 = 3. 32(b/pixeD)
The information content I; of each image frame is
I; = 30000 X 3.32 = 9.96 X 10° (b/frame)
Since there are 25 frames of image per second. the required information transmission
rate 18
I; X 25 = 9.96 X 25 X 10° = 24.9 X 10°(b/s)
According to the formula
C = Blog. (14 S/N)
24.9 X 10° = Blog,(1+10%) = 9, 96(B)
The bandwidth is;
B =24.9X10°/9.96 = 2. 5(MHz)

Summary and discussion

Channel plays a very important role in the communication system. which also i1s the
basis of the following chapters. The classification of the channel is given in this chapter.
Three main wireless channels are the line of sight (LOS: flZ) propagation, the ground
wave(HL i) and the sky-wave(KiK). There are also three main kinds of wired channels.
symmetrical cables, coaxial cables and optical fibers. Nowadays, these channels are widely
used, and they have affected our daily lives, due to their wide range of applications.

It is important to understand two mathematics models of channel. Modulation channel
model 1s usually regarded as analog channel. The multiplicative noise and additive noise are
used to reflect the channel effect. Multiplicative noise £ (¢#) can cause signal distortion,
including linear distortion, non-linear distortion. time delay and attenuation. Depending
on the k£ (¢) being a constant or time varying, constant parameter channel and random
parameter channel are distinguished. The influence of random parameter channel on signal
is multipath effect, which can cause the frequency selective fading of the signal. Additive
noise always exists in communication systems. [hermal noise 1s usually called white
noise. We mainly discuss the influence of the white noise, especially the Gaussian white
noise in this book.

Coding channel model 1s usually viewed as digital channel. Both additive noise and
multiplicative noise influence the coding channel. Error probability is used to describe this
kind of channels. which is also called the transfer probability.

There is a Shannon-Hartley theorem (FREH) about continuous channel capacity:

5 1
HDB)(b/b)

C, represents maximal information rate which can be transmitted by the channel, and
its unit 1s b/s. The bandwidth and SNR can be traded off. If the bandwidth is increased

then the SNR decreases and the capacity remains unchanged. This trade-off relationship

C, = B]ugg(l |
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has very steering significance in the design of communication systems. This trade off
cannot be naturally achieved. It required that the signal is modulated or encoded to
increase its occupied bandwidth, and then it is sent to the channel for transmission

corresponding to demodulation for decoding at the receiver.

Homework

3.1 Assume a wireless link uses line-of-sight propagation for communication, and
the heights of the transmitting antenna and the receiving antenna are both 80m. Find the
maximum communication distance.

3.2 A voice-grade channel of the telephone network has a bandwidth of 3. 4kHz.

(1) Calculate the information capacity of the telephone channel for a signal-to-noise
ratio of 30dB.

(2) Calculate the minimum SNR required to support information transmission through

the telephone channel at the rate of 9600b/s.

Vocabulary and terminologies

attenuation T ik coaxial cable ] 24 HE, 205
copper ] constant parameter channel 821458
channel =i EMI W, ®E T 30
electromagnetic Ha, 1% 1Y frequency selective fading SR Y R
fiber Y6 £F ground wave 1118054
interference T3k group delay BY 2k 5
oxygen 5 insert loss I A 41 FE
propagation 1% 1 multipath effect Z N
surface 7% [ random parameter channel bti 21518
terminal 2L Vi sky wave y. )54
vapor K72, transfer probability il T M &<
wireless T2k twist wire W A7 2

channel capacity EEAR



Chapter 3| Continuous-wave modulation

(Analog modulation system)

In this chapter, we study continuous-wave modulation, which is basic to the operation
of analog communication systems. There are two kinds of modulation: linear modulation
(ZE M #) and nonlinear modulation.

* Linear modulation: amplitude modulation (AM)

(double-sideband (suppressed carrier) modulation (DSB-SC)

A,

single-sideband modulation (SSB)

Lvestigital-sideband modulation(VSB)
* Nonlinear modulation;

tfrequency modulation(FM)

| phase modulation(PM)

The anti-noise performances of different modulations are also compared and

discussed,

4.1 Introduction

In the continuous wave modulation system, the input singal is analog. As depicted in
Figure 4. 1. 1, we can find that the transmitter consists of a modulator and the receiver

consists of a demodulator.

| ; Information
Information Modulator = Channel —=={ Demodulator }——= 0. dt.':'
source destination

Figure 4. 1.1 Continuous-wave modulation system

Modulation: the process by which some characteristics of a carrier is varied in
accordance with a modulating wave signal.

Demodulation: the reverse of modulation process.

Message signal: the information-bearing signals are also referred to as baseband
signals.

Carrier wave: is cosine waveform in this chapter.

c(t) = Acos(w.t+ @)
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A carrier has three parameters: amplitude A, angular frequency w. and initial phase o.

AM: the amplitude of a cosine carrier is varied in accordance with m(¢).

FM: the frequency of a cosine carrier is varied in accordance with m (7).

PM: the phase of a cosine carrier is varied in accordance with m(2).

Modulated signal s, (#) (& 15 5 ): the carrier after being modulated is called
modulated signal.

Modulator Gl #%) . the device for modulation is called the modulator.

The function and purpose of modulation

1. Frequency spectrum shift

The proper use of the communication channel requires a shift of the range of baseband
frequencies into other frequency ranges suitable for transmission, and a corresponding
shift back to the original frequency range after reception.

2. Anti-noise performance

The anti-noise performance can be improved by modulation.

Although the digital communication i1s superior to the analog communication and
develops rapidly. the analog modulation is still the basic modulation mode. Some concepts

and principles of analog modulation are also used in digital communication.

4.2 Linear modulation

The basic model of a linear modulator is shown in Figure 4. 2. 1.

The modulating signal m(#) and the carrier are multiplied,

Sm(7)

m(f) 2 no)

cosm,f

then it passes through a bandpass filter A (2).
The characteristics of H(f) may have different designs, so

different modulation modes are resulted. They will be __ _
Figure 4. 2.1 Basic model of a

introduced in the following part. Take the SSB modulation as :
linear modulator

an example, as illustrated in Figure 4. 2. 2, the spectrum

after modulation is the frequency shift of the message signal m(¢).

M 1) ISCAH)
o 07 P A . Al
: o el . . Jc Jb _f;-_j;.. JC C f;"‘f; cllh
nergy gap
(a) Spectrum of baseband signal (b) Spectrum of SSB wave

Figure 4. 2. 2 The spectrum shifting of SSB
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4.2.1 AM

Assume m(t) contains D. C. component ( H 70 m®).
If H(f)=C, it is an all-pass filter (£ E K a5 ), then m(e) s (0)

this linear modulation i1s amplitude modulation, as shown in ? :1
the Figure 4. 2. 3.

A, cosod
sam (D)= [ A, +m () |lcosw.t
— A, cosw.t +m(t)cosw.t (1. 2. 1)
In Figure 4. 2. 4, when | m (#) | nex = A, for any #, the

Figure 4. 2,3 The model of
AM modulator

carrier wave becomes over-modulated, resulting in carrier phase reversals (2 #8) at the
crossed zero points(iF 2= & ). The modulated wave then exhibits envelope distortion.

m(1)

(a) m(1)
s(1) s(1)

qﬁh ) [‘ "=~ Phase reversals

1
#
¢
i

+1

-
=
hy |
=

(b) AM wave for |m(1)|na<4p for all ¢ (¢) AM wave for |m(t)| ,a>Ay for some ¢

Figure 4. 2.4 AM modulation

From equation (4. 2.1), we can find the Fourier transform of the AM wave s, () :
Sam(w) = Ao 8w+ w.) + 0(w — w,) | —F%[M(Im—{—mc) + M(w— w.) ] (4.2 23

It is not difficult to know from the waveform of AM signal, that shape of the envelope
of the modulated signal is the same as the shape of the modulated signal. Therefore,
envelope detection method can be used to restore the original modulated signal during
demodulation at the receiver. As can be seen from Figure 4. 2. 5, most part of the power in
such a modulated signal is occupied by the carrier, and the carrier itself does not contain
the information of the baseband signal. Therefore, the carrier is not necessary for
transmission. Another limitation is wasteful of bandwidth. The upper and lower sidebands
are symmetry about carrier f.. This means only one sideband 1s necessary.

To overcome these limitations, we must make certain modifications: suppress the
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M(f)
M(0)
-w 0 W / 0 feW  fo  fAW !
(a) Spectrum of the baseband signal (b) Spectrum of AM wave

Figure 4, 2.5 The spectrum shifting of AM
carrier and modify the sidebands of AM wave, which will be discussed in next section.
4.2.2 Double-Sideband Modulation

If there is no DC component, then there will be no carrier in the output signal of the
multiplier. This kind of modulation is called Double-Sideband Modulation (DSB. X i/ 77 1

il ) » where the upper and lower sidebands are transmitted(see Figure 4. 2. 6).

M(f) SCF)
M(0) %ACM(U)

v o w L_ﬁ:J 0 L,ﬂ;J 4
2W 2W
(a) Spectrum of baseband signal (b) Spectrum of DSB-SC modulated wave

Figure 4. 2.6 The spectrum shifting of DSB

We write:
spsg () = m(t) cosw.t £d. 2. 23

and its Fourier transform is obtained as:

SCH :%[M(f—ff)+M(f+ﬁ>] (4. 2. 4)

The modulated signal spsg (#) has phase reversal when the message signal m(#) crosses
Zero,

The envelope of DSB-SC modulated signal is different from the message signal. In
order to recovery m(¢) . the coherent detection is usually used at the receiver, as shown in
Figure 4. 2. 7.

It consists of a multiplier and a low-pass filter. The local oscillator is exactly coherent
of synchronized with the carrier wave C(¢). This method of demodulation is known as
coherent detection (AT 4:) or synchronous demodulation ([a]25## ).

sm (1) cosw.t = m(t)cos’w.t = %m(r) —1—%3?'1(1*}%:52%1* fg. . Z.5)

After the LPF, the output is
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Product u() Low-pass

s(1) modulator filter Uoll)
Ao cos(2m fut + @)
Local
oscillator

Figure 4. 2.7 Coherent detection of DSB

m, (1) = %m(r) (4. 2.6)

4.2.3 Single-Sideband Modulation

In single-Sideband Modulation ( SSB), only the upper or lower sideband is
transmitted. A band-pass filter (BPF) needs to be designed to pass one of the sidebands of
DSB modulated wave and suppress the other.

A high-pass filter with transfer function Hysg(w) used in the modulator can pass the

upper-sideband signal.

1 . | €] | >‘ e
H(w) = Hyusp(w) = { (1. 2. %)
0, |w|<w
A low-pass filter with transfer function H g (w) can pass the lower-sideband signal.
1 * | ) | < (e) .
H(fﬂ) — H[ﬂgﬂ(iﬂ)l (ﬂ.c. 2. 8)
s | w |:’:~E—’ 2R

The frequency spectrum of SSB is
Ssplw) = Speplw) » H(w) (4.2.9)

Figure 4. 2. 8 shows the process of upper sideband SSB modulation, using the filter

method.
Spsp(®)
-, 0 @ :;
A Hysg(®)
— 0 @, EJ-
Susp(w)
—(¢ 0 W E:r"

Figure 4. 2. 8 Spectrum of SSB signal containing the upper sideband

The message spectrum must have an energy gap centered at the origin. This



i

E ( BE ) BAEEE

48 || EE/RET

requirement is naturally satisfied by voice signals. whose energy gap is about 600Hz wide
(from —300Hz to 300Hz) , as shown in Figure 4. 2. 2.

The equations (4. 2.7) and (4. 2. 8) are ideal filters, which are difficult to realize in
practice. The above method is also called filter method (FEig %) to generate the SSB signal.
Now let us discuss another method: phase-shifting method (¥8%i%) (see Figure 4. 2. 9).

si7)

Product In-phase path +
m(1) | Modulator | -‘@P“'”—.

f Acos(2m f.1)
+ Oscillator

!
Hh{m}

—090" Phase
Shifter
* ASin2x 1)

m(1) Product
Modulator Q

Quadrature path

Figure 4. 2. 9 Modulator of SSB by phase-shifting

In this model, H, (w) is the transfer function of Hilbert transform(FHF /R{BEFT#).
which is the n/2 phase shifting of input signal. We can get the time domain equation of
SSB from Figure 4. 2. 9.

sssp(2) = Lm(f}cm&mcf 7 % m (1) sinw.t (4.7, 10}

2

—

where m (¢) is the Hilbert transform of m (#).

At the receiver, the coherent detection is used to recovery the message signal. Carrier

cosw.z multiplying the received signal [ Sy (£ ) or Ssg (T8 ) | with the carrier is
equivalent to the convolution (Ff1) of the carrier frequency spectrum with the signal
frequency spectrum in frequency domain. We consider upper-sideband signal as an
example. Ssg( /) convolutes with C( /)., and then passes through a LPF. the result 1s the
frequency Spectrum of M(f). as illustrated in Figure 4. 2. 10.

Sssp( f)

—fc 0 Kk
Sssp( F)*C( 1)

0

Figure 4. 2. 10 Demodulation of SSB
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4.2.4 Vestigial Sideband Modulation

Vestigial Sideband Modulation ( VSB, %% ¥ i1 % ): Only a vestige of one of the
sidebands and corresponding modified version of the other sideband are transmitted. (One
of the sidebands is partially suppressed and a vestige of the other sideband is transmitted to
compensate for that suppression. )

We generate a DSB-SC modulated wave and then pass it through a band pass filter
(BPF), which is specially designed to distinguish VSB modulation from SSB modulation.
Frequency spectrum width of VSB signal is between that of DSB and SSB signals, and its
frequency spectrum contains carrier components and very low frequency components. VSB
modulation 1s currently used in analog TV broadcasting systems extensively.

How to determine the H( f) of VSB modulation. Here we use the system analysis

method to get the H(f) from frequency domain, as shown in Figure 4. 2. 11.

m(t) Sp(f) Sa(1)

—-—@M H(w) Mﬁ- Channel ——@—»— LPF |—=
% f

BRIz e(f) c(H)=2coso,t

Figure 4. 2.11 The VSB communication system
At the transmitter, frequency spectrum expression of the output signal of the multiplier is
Soss = 5 [M(w+w0) +Mw —w)] (4.2.11)
Frequency Spectrum of VSB should be

i = S W e B = %EM(M—FWC) L MG—w) 1B ©1.8.19)

In order to find the condition that H (w) should be satisfied. analyze it from the
demodulation. and neglect the effect of noise.
After multiplication of signal s(#) and local carrier cosw.t, the frequency spectrum of
s, () will be the result of the frequency shifting of Sysg(w) :
S, (w) = [Svss(w+ w.) + Sysp(w — w.) ] (4. 2.13)
Substituting (4. 2. 12) into (4. 2.13)

S, (w) = %EM(m—F 2w.) + M(w) |H(w+ w.) + %[M(w) + M(w — 2w,.) |H(w — w,)

4. 72.14)
The items M(w+2w.) and M(w— 2w.) can be filtered out by LPF. Hence, the output of

system 1S

Sy(w) = %M(m)[H(m—ch)—FH(m—mc)] (4.2.15)
For distortion-less transmission, we require the following condition of H(w) :
H(wtw,) +H(w—w,) = C, = (4. 2. 16)

Where wy 1s the cut-off angular frequency of message singal,where C is a constant.
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The above equation is prerequisite (WAZ2514) for the filter characteristics to produce

VSB signal. The cut-off characteristics of the filter is complementary symmetry (G %p X}
FK) with respect to the carrier frequency f. (€ f. &b B A B 4MXTFRE) ( see Figure 4. 2. 12).

) H(w)

! —
0 @
(b) Amplitude-frequency characteristic of residual partial lower band filter

Figure 4. 2. 12 The filter characteristic of VSB system

Accordingly, the transmission bandwidth of VSB modulation is

Br =B+ f, (4.2.17)
where B is the message bandwidth, and f, is the width of vestigial sideband.

The time domain of VSB modulated wave is described as
$(6) = —Am(Dcos2nfo) £ Aam (Dsin(2rfo) (4.2.18)
where m’ (¢) in the quadrature component of s(¢) and it is obtained by passing the message

signal m (¢) through a filter whose frequency response Hgq ( f) satisfies the following

requirement ;

HoCP) — 31 HCf— ) —HCF+- £ for— o= F= i (4. 2.19)
Figure 4. 2. 13 displays a plot of the frequency response Hq(f), scaled by 1/7.

--—1.0

e

]

Figure 4. 2. 13 Frequency response of a filter for producing the quadrature component

of the VSB modulated wave
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It is of interest to note that SSB modulation may be viewed as a special case of VSB

modulation. Specially. when the vestigial sideband 1s reduced to zero (f,=0).

4.3 Anti-noise performance of linear demodulation

Figure 4. 3. 1 shows the noisy receiver model. The noise n (#) 1s addictive white
Gaussian noise (AWGN ). The receiver consists of an ideal BPF following by an ideal
demodulator. We also assume that BPF has a bandwidth equal to the transmission bandwidth

B of the modulated signal s(#) and the mid-band frequency equal to the carrier frequency f..

sl reea NN 1m0
% UENZET | ) | Mo(1) "

n(r)

Figure 4. 3.1 Receiver model

Suppose the midband frequency of the band-pass filter is f., then the PSD of noise
after passing this filter is shown in Figure 4. 3. 2.
We may treat the filtered noise n (¢) as a narrowband noise represented in the
following form:
n(t) = ni(t)cos(2nf.t) —ng(t)sin(2n f.t) (4.3.1)
The filtered signal x(z) available for demodulation is defined by
akt) = stE) - nlE)

The details of s(¢) depend on the type of modulation used.

Sn(f)
No By
_____L 2 ___
-7 0 7

Figure 4. 3. 2 Idealized frequency response ot the noise filtered by a BPF

The input signal-to noise ratio (SNR); at the demodulator input is defined as:

average power of s, (#)

(SNR); = £4. 8.72)
average power of n;(¢)
The output signal-to-noise ratio (SNR) at the receiver output is defined as:
(SNR), — average power of the demodulated message signal m,(¢) (4.3 3)
average power of the noise n,(t)
We define modulation gain (Il #l B35 25 ) G for the receiver as follows:
! (SNR)g
(r =
(SNR), (4. 3.4)

We give the definition of the channel signal-to-noise ratio (SNR). as the ratio of the
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average power of the modulated signal to the average power of channel noise in the

message bandwidth both measured at the receiver input.

’ The average power of the modulated message signal s, (¢)
(SNR)(‘ — A " .
['he average power of the channel noise n.(#)in the message bandwidth
(4.3.5)
We define a Figure of merit for the receiver as follows:
: . (SNR)
Figure of merit = v -
gure ¢ (SNR). . 3.8)

The higher the value of Figure of merit or G, the better will the anti-noise

performance of the receiver be.

4.3.1 Noise in linear receiver using coherent detection

Figure 4. 3. 3 shows the DSB/SSB using a coherent detector.

. | |
(1Y | BPF Sm(®) | PF H m“{r}__
&r CON X6
| |
|

n(t)

Sm(?)

Figure 4. 3.3 The model of DSB/SSB receiver using coherent detection

The comparison of anti-noise performance between DSB and SSB is as follows:

(1) DSB input signal of receiver is (modulated signal) :

sm () = m(t)cosw.t (4.3.7)
sm (#) multiplies with carrier wave cosw.t
m(Dcostwt = —m (D) + —m(D)cosZat (4.3.8)

Then it passes through the LPF, the output signal is

m,(t) = %?n(r) (4.3.9)

S0

Si = 52 (1) = [ m()eosw.t I = %mg(r}

S, —mii — % m® (t)
The input noise of demodulator:
n:(t) = n.(t)cosw.t — n. (t)sinw,_t (4 3.10)

Multiply with cosw.7:

n. (t)cosw.t= | n.(t)cosw.t — n.(t)sinw.t |cosw.t

— %nf(r} —+ %I:HC(E)EGSZWCE — n.(t)sin2w.t | (4.3.11)

Then 1t passes through the LPF. the output noise 1s
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n,(t) = %nc(r} 4.3, 14
SO
VN e 5 R
N, ik (1) 1 N. 1 1, B
The input (SNR); and the channel signal-to-noise ratio (SNR)¢ are
g % m® (1) % m?® (1)
L = = and (SNR)c = — £4.2. 183
1'\!; ”gB ].
???UB
The output SNR 1s:
1 —
— m*(t) -
=y ) (4. 3.14)
N, 1 N ny, b
1
So we can get:
SN
. 51 o o - - 2
CT[EE Sil.";lwi
Figure of merit = EEEE;: " = ] (4. 3. 15)
(2) For the SSB system:
s (2) = %m(f)m&amﬁf T % m (1) sinw,t k1.5, 163
When this SSB signal multiplies with cosw.f. and passes through the LPF, the output
1S
m,(t) = lm(f}
) 4
SO
B ) — L}HE(E)
0 0 16
Because
- o= 9 ; .. YT o= | [
S, = s2(t) = — | m(t) cosw.t F m(t) sinw.t | [ m*“(t) + = m (f)}
4 - B I 2
and
) = (i)
It 1s easy to get
5, = % m? (1)
SO
1 — 1
S 4 s _ m () 4 G  om* ()
N. o 1 ity D Mo 13 Zns D
2 7
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T

The output SNR 1s

R awr
So 16 a _ m* (1)
i]\"nlrn 1 ny ZHDB
— —B
4 2

Finally, we can get

B , ” ‘ .. _ (SNR)g
SN, 1 and Figure of merit (SNR¢ | o,

The differences between DSB and SSB demodulator are the central frequency and
handwidth of BPF.

=1 (4. 3.17)

Important conclusion

For the same average transmitted (or modulated) signal power and the same
average noise power in the message bandwidth, a coherent SSB receiver will have
exactly the same output signal-to noise ratio as a coherent DSB-SC receiver.

Because the figure of merit is equal to 1, that is to say neither DSB nor SSB

demodulation offers high quality of reception. The anti-noise performance does not

improve at the receivers.

4.3.2 Noise in AM receivers using envelope detection

The noise analysis of AM system is using an envelope detection, as shown in Figure 4. 3. 4.

Sml(?)

Sty | | mo(t)
|

(—»{ BPF — LR
’j/ ) | : " neld)

n(f)

Figure 4. 3.4 The model of AM receiver using envelope detection

The input signal 1s

s (1) = [ Ay +m(t) |cosw,t (4. 3.18)

where [7(2) | max =<<Ao.
The input noise n;(¢) is:
n:(t) = n.(t)cosw.t — n, (t)sinw,.t (4.3.19)
We can get
2 2
§ =2 = B0
N;: =ni(®) = nyB (1.3, 203

The input signal-to-noise ratio 1s
Si  Ai+m* ()
N, 2ny D
The mixed signal s, (#) +n;(#) is equal to
so () +n, ()= Ay +m() + n.(t) Jcosw .t — n, (¢) sinw,t

(4.3.21)
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= E(t)coslw.t + ¢(2) ] £4.3.22)

where E(t) = /[ Ao +m(t) +n.(¢) ]*+n’(z) and ¢(¢) =arctan

n,(t)
[A.;, el V-l-alE) ] :

Obviously, E (z) is the envelope, its expression is non-linear and complex. In order to

simplify this problem. some approximation methods need to be used.

(1) High signal to noise ratio: [ A, +m () > /n? (t)+n? (¢)
The envelope
E(w)= J[A, +m@® ]+ 2[A, + m@®)In. ) + 72 () +nZ (D)
~ J[Ay +m@®) ]+ 2[A; +m(®)In ()

. 2n.C(t) o
_— | c
[AD —l—m(t)]F | As L)
5 | n.(t)
LA, —I—m(sf)jll I —
= A¢ + m () + n.(2) k4. 3.23)
Here the following approximate formula is used:
(1+I>%:~31+%, |z | 1 (4.3.24)
After the envelope detector, the output signal and noise are
8. = m’(§)
N =g ey =9 Ly =8 (1. 5. 25)
So
S, m® (1)
N.~ B bl 3. 26)
S L
M= SN, A+ mi) 1. 3.2%)
For the 100% modulation (|m ()| ..=A,)
e oo B . y \ o ASNR)s . 1
i — 2 and Figure of merit (SNR)« 3 (4. 3. 28)

This means that, assuming other factors are equal, an AM system (using envelope
detection) must transmit three times as much average power as a suppressed-carrier
system (using coherent detection) to achieve the same quality of noise performance.

(2) Low signal to noise ratio;

[A, +m() ] <€ /n2 () +n2()

The output of the envelop detector is

E() = R) 4+ [Ay, +m(2)]cosf(z) (4. 3.29)

where R(¢) = /n* (t) +n*(¢) and 0(¢) =arctan[ n. () /n.(¢)].
This relation reveals that when the signal-to-noise ratio is low, the detector output

has no component strictly proportional to the message signal m(z), as shown in Figure 4. 3. 5.
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S

Threshold effects ([ JPR%% ) ) : Below a specific carrier-to-noise value (the threshold) .,
the noise performance of a detector deteriorates much more rapidly than proportionally

to the carrier-to-noise ratio.

o

I T TTrrT

T

—

T T TTTTT

-

Output signal-to-noise ratio, (SNR)g

T T T rrrt

DD] 1 1 1 1 1 iial | 1 L 1 11101 1 1 L1 1 11h]
Jd 1.0 10.0 100.0

Carrier-to-noise ratio, p

Figure 4. 3.5 Qutput signal-to-noise ratio of an envelope detector for varying carrier-to-noise ratio

Example 4.3.1: the AM signal s(£) =A. 1+k.m(2) |cos2nf.t is applied to the system
shown in Figure 4. 3. 6. Assuming that |k, m ()| <C1 for ¢t and the message signal m(¢) is
limited to the interval —W= f=<W and that the carrier frequency f.>2W show that can

be obtained from the square-rooter output wvs.

s(7) i) | Low-pass |Y2) | Square | ©3()
—{ Squarer [—= -

filter rooter
U, (H=s%(F) U3(0)= . [U5(1)

Figure 4. 3.6 AM generator

Solution: The squarer output is
o ()= A2 1+ k.m(t) Pcos’2n f.t

A
2

The output of the Low-pass filter is

A
2

2
(14 2k,m(t) +m*(t) ][ 1+ cosdnf.t]

2
11+ km(t) |?

‘Ug(f} —

So the output of square rooter is
A,
J2

[1+E.m() ]

e —
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Homework (part 1)

4.1 The following Figure 4. 1 shows the circuit diagram of a square-law modulator.
The signal applied to the nonlinear device i1s relatively weak, such that 1t can be
represented by a square law .

s (8) = ayv, (&) + a3 (t)
where a; and a, are constants, v, (¢) 1s the input voltage, and v, (¢#) 1s the output voltage.
The input voltage is defined by v, () =A.cos2nf.t+m(¢), where m(#) 1s a message signal
and A.cos2nf.t 1s the carrier wave.

(1) Evaluate the output voltage v, (¢) ;

(2) Specify the frequency response that the tuned circuit in the following figure must
satisfy in order to generate an AM signal with f. as the carrier frequency;

(3) What is the amplitude sensitivity of this AM signal.

Nonlinear
< f
device
m(i) x ‘
vy (1) Usl) ‘ | R,
A.cos(2m f.1) l j
Tuned to £,
Figure 4.1

4.2 Consider a message signal m (#) with the spectrum shown in Figure 4. 2. The
message bandwidth 1s W =1kHz. This signal 1s applied to a product modulator. together
with a carrier wave A.cosZnf.t, producing the DSB-SC modulated signal s (). The
modulated signal is next applied to a coherent detector, determine the spectrum of the
detector output when:

(1) the carrier frequency f.=1. 25kHz;

(2) the carrier frequency f.=0. 75kHz.

What is the lowest carrier frequency for which each component of the modulated
signal s(z) 1s uniquely determined by m(2).

4.3 The waveform of message signal is shown in Figure 4. 3. Draw the waveforms

of DSB and AM signals and compare the difference after the envelope detector.

m(f)

m(r)
0

NN

Figure 4. 2 Figure 4. 3
=1/t

-W
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4.4 Suppose the noise double-side PSD of a channel is P,(f)=0.5X10"°*W/Hz, on
this channel the DSB or SSB(upper side-band) or AM(The side-band power 1s 10kW, the

power of carrier wave is 40kW)is transmitted. The bandwidth of message signal m(#) is in

5kHz, and the frequency of carrier wave is 100kHz. The power of modulated signal is
10kW. 1If there is a band-pass filter before receiver, try to find:

(1) the mid-band frequency (H1.[» 4138 ) of this ideal band-pass filter for DSB/SSB
signals;

(2) the input SNR of demodulator;

(3) the output SNR of demodulator, and draw the output noise PSD of DSB
demodulator;

(4) the modulation system gain G of AM demodulator.

4.4 Angle modulation (Non-linear modulation process)

The angle of the carrier wave is varied according to the baseband (message) signal in
angle modulation method. In this modulation, the amplitude of the carrier wave 1is
maintained a constant.

An important feature of angle modulation is that it can provide better anti-noise

performance than linear modulation by exchanging channel bandwidth (L% ¢ # 0 & 15

L%

4.4.1 Basic definitions

The expression of angle modulation is
sm(t) = Acosl w.t + ¢(2) | (4.4.1)
where () 1s a function of m(2).
When () =K, m ()
spm (1) = Acos| w.t + K, m((t) |

Phase modulation

When iqﬁ{i—t)ZKfm(t) or o(t) = Kf[?ﬂ(f}df

sem (2) = Acos ’wcr —+ Kfj?n(r)dr]

Frequency modulation
Instantaneous phase (BERFAHAL) : w.t+(2).
Instantaneous phase deviation (B AW F%) . o(t).
Instantaneous frequency (B3 ) . d[mct—Fgo(r)]/dt.
Instantaneous frequency deviation (B} E w2 ) . de(2) /dt.

The waveform of angle modulation is shown in Figure 4. 4. 1. As can be seen, if there

is no information about the message signal, it is difficult to distinguish FM and PM signal.
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\ m(0) A m(1)

W
ki il

AL
MV VN
Figure 4.4.1 Waveform of angle modulation

Now we consider a cosine modulated signal defined by
m(t) = A, cosw,t
spm(2) = Acoslw.t + K, A, cosw,t | = Acos| w.t + m, coswyt | (.42
where m, =K _ A,.
m, 1s called the modulation index of PM signal, representing the maximum of phase
deviation.

The expression of FM is as the following equation:

sem (2) = Acos| w.t + K;J?n(r)dr]

= Acos| w.t + K;AmJ coswy, 7dT |

= Acos(w.t + m¢sinw, t) k. 4.3}

A i : S
where ?anKfAmZ—wz—fZ,Qa&mZKfAm is the largest angular frequency deviation

(B KA. Af=m; fm 1s the largest frequency deviation (I K5 ).
ms 1s commonly called the modulation index of FM signal.

Comparing the equations of PM and FM signals. We can find that an FM signal may
be regarded as a PM signal in which the modulating wave ist(r) dr in place of m(z). This

means that an FM signal can be generated by first integrating m (#) and then using the
result as the input to a phase modulator. Conversely, a PM signal can be generated by first
differentiating m(#) and then using the result as the input to a frequency modulator (see
Figure 4. 4. 2).

Depending on the value of the modulation index m; (or ), we may distinguish two
cases:

(1) Narrowband FM (NBFM), for which 8 is small compared to one radian.
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m(t) . + FM Sppl?) m(t) [ FM Seml(?)
—={ differentiator == - —= Integrator —e E—
modulator modulator
(a) Indirect PM (b) Indirect FM

Figure 4. 4.2 The indirect generation of PM and FM

[ ‘K;r m(r)dr | < %J

(2) Wideband FM(WBFM), for which 8 is large compared to one radian.

4.4.2 NBFM(FEEIEM)

We expand the definition expression of FM signal from equation(4. 4. 3) ;
sem (2) = Acos| w.t + K;J : m () dr ]

— Acosw.tcos -Kfj | m(r)dr]— AEiHWEISiH[KfJI m(r)dr] (4.4.4)

Assuming that m; is small compared to one radian, we may use the following

approximations:

CcoSs ’ K;Jr_m m'fr)dr] ~ 1

)

sirl[KfJ__ m(r)dr]ﬁﬁ K;J: m(r)dr

t

sneem (2) = Acosw.t — | AK J m () dr |sinw.t (4 5

According to the following Fourier transforms:
m(t)=SM(w)
cosw . tOn| 0w+ w.) + 6w — w,.) ]
sinw S 8w +w.) — 8w — w,.) |

Jm(r)drﬁ MF{’”)
Jw
- . 1 tM(w+ w,.) M(w— w,.)
. =

_Jm(r)df] Sinw.t > [ oo ey e ] (4.4.6)
The frequency domain expression of NBFM is
sl —l Lt il B [ ) M(“"+‘”“}] (4.4.7)

2 W — W, w T+ W,

Compare the spectrum of AM with the above equation,
S (@) = 7A[8(w + @) + 8w —w) ]+ 5 M+ w) + Mw—w)]  (4.4.8)

Suppose the message signal is m(¢#) = A.coswntswe can find the similarity and differences
between AM and NBFM from the above equations and the vector graphs in Figure 4. 4. 3
(1) Both of them have two sidebands, and they have the same bandwidth. But one of

NBFM sideband is reversed phase compared with the sideband of AM signal.
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1 1 :
and of the two sidebands
W+ w, w— .,

(2) There are two frequency weighting factors

of NBFM, which cause the change of spectrum, so it is a nonlinear modulation.

Yo
upper side frequency o~

Y

~
hﬁ‘nx\mm

upper side frequency

lower side

. 7Y . AQ  frequency

carrier wave o carrier wave Ny
'l

lower side frequency ™7

N
Jo,

Figure 4. 4.3 The vector graph of AM and NBFM

4.4.3 Wide-band frequency modulation (WBFM)

Take the single-tone modulation for example:
m(t) = Apncoswnt = AnCOS2H it (4.4.9)
sem (1) = Acosw.t » cos(Cmesinw,t) — Asinw.t » sin(msinw,,t) (4, 4, 10)

We may expand spm (2) in the form of a Fourier series ({8 B M2 %)

cos(mssinwnt) = Jo(mg) + EZJErz(?F!f)EGSZTIme
n=1

sin(mesinw.t) = ZZJE,,_1 (m)sin(2n — 1wt
n=1

where J, (m;) 1s the n™ order Bessel function (2 By Dl Z£ /R BREL) of the first kind (58 —328).
Bessel function J, (m:) has the following properties.
(1) J_.(me)=—J (m;),n is odd
J_.(m¢)=],(m¢) sn 15 even
(2) For small values of the modulation index m¢, we have
(Jo(m;g) =1
J1(Gmy) =~ my/2
J.(mp) =0, n>2

A

(3) E Jokang) = 1

= — 12

Accordingly, we may get the following expansion of an FM signal;

sem () = A EJ,;(?H{)CGS(&JC+?I{Um)E fely a1l

= =X

The Fourier transform of FM signal is:

Sem(w) = A D) ], (mp)[0(w — w, — nww) + 0w+ w, +nwm)]  (4.4.12)

The one sideband (positive frequencies) spectrum is plotted in Figure 4. 4. 4.
The spectrum of FM signal contains a carrier component and infinite set of side
frequencies located symmetrically on either side of the carrier at frequency separations of

fm'.r me - gf'm...*
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I. | | ‘ | | I AR

—
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Figure 4. 4.4 One sideband spectrum of WBFM

From the frequency domain, FM is not the frequency linear shifting of the message
signal, so it belongs to nonlinear modulation.

1. Transmission bandwidth of FM signals

In theory, an FM signal contains infinite number of side frequencies. In practice, we

find that the FM signal is effectively limited to a finite number of significant side

frequencies f., == fm. We may therefore specify an effective bandwidth required for the
transmission of FM signal.

The effective bandwidth is
Bey = 2(me+1) fu = 2(Af - fu) (4.4,13)

where m; 1s the modulation index, Af is the frequency deviation.
When m;<1, Bpy=2f. (NBFM)
When m;>1 Bm=~2Af (WBFM)
The equation(4. 4. 13) relation is known as Carson’s rule( K £HE 2 F0).
2. Average power of F'M

oo L

2

According to Ppy = sim(t) = % E J2(m;) and z J2(m;) =1, the power of FM is:
2

PFM:%:PE (4.4.14)

The physical explanation for this property is that the envelope of an FM signal is
constant. so the average power of such a signal dissipated across l-ohm resistor is also

constant,
4.4.4 Generating an FM signal

1. Direct FM
The carrier frequency is directly varied in accordance with the input baseband signal,
which is readily accomplished using a voltage-controlled oscillator (VCO: JE# Rz 4s) » as

shown 1n Figure 4. 4. 5.

m(r) Sem(l)

—= VCO |—e

Figure 4. 4.5 Direct method of generating FM

2. Indirect FM
The indirect method of generating a wideband FM signal is illustrated in Figure 4. 4. 6.

The modulated signal is firstly used to produce a NBFM signal, and frequency
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multiplications is next used to increase the frequency deviation to the desired level. The
NBFM signal is generated by the integrator (f1/34%) and NBPM. The crystal control

provides frequency stability. A multiplier is used to produce the desired WBFM signal.

Baseband Narrowband
signal —=={ Integrator |—== phase -
m(r) modulator

%

Crystal-
controlled
oscillator

Frequency FM signal
multiplier s(t)

Figure 4. 4.6 Block diagram of the indirect method of generating a wideband FM signal

A frequency multiplier as shown in Figure 4. 4. 7, consists of a nonlinear device followed by
a band-pass filter. The input-output relation may be expressed in the following general
form:

v(t) = a1s(t) +azs®(t) 4+ - +a,s" (1) (4. 4.15)
The input signal s(#) i1s an FM signal defined by:

s(z) = A.cos| 2nf.t + 2*:rrzlzfjI m(r)dr ]
The output is:
s (1) = A.cos| 2nnf .t + ZWrxkaI m(r)dr ]

and its instantaneous frequency is

i) = nfa+nKm(t)

FM signal s(t : ' :
with cﬂrri]fr fre;(u)ency Memoryless () Baﬂf}'pazsbﬁ ltgr f;dﬁ;g;iiéﬂ; :grl
/. and modulation nonlinear device ‘;;_L u[:[:c a};}, and modulation

index f3 ARk e index nf3

Figure 4. 4.7 Block diagram of frequency multiplier
The nonlinear processing circuit acts as a frequency multiplier (&4 8 ).
4.4.5 Demodulation of FM signals

1. Non-coherent demodulation (NBFM. WBFM)
Use the frequency discriminator (233 &%) : whose instantaneous output amplitude is
directly proportional to the instantaneous frequency of the input FM signal.

sem (2) :Atﬂﬁ[mcf+KfJ hm(r)dr] (4.4.16)

o

The output of demodulator:

m,(£) o< Kim(¢) (4.4 .17)
The principle of amplitude frequency discriminator is as shown in Figure 4. 4. 8.

The output of differentiator is

¢

— 0

sq (1) =— Al w, + K;rnft)]sin[wcr e K;J m(r}dr] (1.4, 18)
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! |
K Sall)
Oupieciings d Sem(f) BPF & : d Envelope : (1)
—e— . = Differentiator —m= p —= LPF f—»=
0 - Limitator | detector |
m : ! |
/ ¢ Input frequency | discriminator |
(a) Input-output relation (b) Amplitude discriminator scheme
Figure 4. 4.8 Principle of amplitude discriminator
Then detect the envelope, filter out the DC component and pass through the LPF.
m,(t) = KqKim(t) (4.4.19)

2. Coherent demodulation (NBFM)

The sketch map of coherent demodulation of NBFM is illustrated in Figure 4. 4. 9.

Snrm(f) Si(6)

—— BPF

Figure 4. 4.9 Coherent demodulation for NBFM

SNEFM(EJ — Aﬂﬂﬁwcf e AI:K{ J

L

Suppose the carrier wave is

m(t)dr ]| » sinw. ¢

(1) =— sinw.t
s,(8) =— ‘;sinzmcr+%[f<f f_mmmdr]- (1 — cos2w,.t)
After the low-pass filter
s = %K;J:mm(r)dr

The output of differentiator is

me(t) = A;{ L (1)

4.4.6 Noise in FM receivers

The discriminator consists of two components:
(1) A slope network or differentiator;

(2) An envelope detector, as shown in Figure 4. 4. 10.

\ | |
Sepal £ St m.(t
() -—? = BPF —:- limiter % discriminator —=={ LPF : i{))h
M nit
I ! 1 "o

n(l)
Figure 4. 4,10 Model of FM receiver

(4. 4.20)

(4.4.21)

(4.4.22)

(4.4.23)
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1. Input signal-to-noise ratio

sakL) = Acas[mcr—l—KF J_ m(r)dr]

S, = A2
The input power of noise is:
N; = noBgm
So the input signal to noise ratio is:
S; A’
N:  2nBem

2. The output signal-to-noise ratio
First., we assume that the signal-to-noise ratio measured at the discriminator input is
large compared with unity.
Because the signal and noise are independent.
Suppose n=0, the output signal of modulator is
m,(t) = KyKim(t) (4. 4. 24)

S, = mi(t) = (KqK¢)? m® () (4. 4. 25)
Suppose m (t) =0, the input of demodulator are the carrier-wave and narrowband
(Gaussian noise, that is
Acosw .t +n,(t)= Acosw.t + n.(t)cosw.t — n.(t)sinw,t

= | A+ n.(t) |cosw.t — n.(t)sinw,t

= A(t)cos| w.t + ¢(t) ] (4. 4.26)
s LR 7 1 .2 , o n, (1)
where A(t)= /[ A+n. () |*+n?(¢) and () ertdnA_]_HE(f).
For the large SNR: A>n.(¢) and A>n,(¢), so the phase function is
o n(t) . n(t)
@(t) = arctan R arctan P (4.4, 27)
When x<<1,arctan x=ux, ¢(¢) can be simplified as;
 n ()
(1) 1 (4.4.28)
So the output of the discriminator (see Figure 4. 4.11) is:
_ d@(t‘) - kq dng(2)
nq (1) k4 EP A ds (4.4, 29)
Hs(r} Hd(n
| ™ Discriminator >
Pi(f) Py( 1)

Figure 4. 4. 11 The input and output parameters of the discriminator

The transfer function of discriminator i1s the transmission characteristic of ideal
differentiator.
| HAL L) |7 =\ Zxf | = C2x)*F* (4. 4. 30)
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B T - 2
Pﬁf}z(gq|fﬂfﬂE-me)=(hq{2miﬁm? |jw{imm (4.4.31)
A A 2
The output noise power is
o % o i 3
Jﬁnzz‘[ Pildf = SF “5d S (4. 4.32)
- 3A
The output SNR 1s
.\ 212 2
Se AR m L) A 5y

;N{} SHE?’Iﬂffn
Suppose m(t) = coswnt (single-tone demodulation) . the modulation system gain is
s LSD/‘J.MD . 3 2 BFM

Grem SN 5 M =) 1. 4343
For WBFM system., the anti-noise performance is:
Gem = 3mi(Gm; + 1) (1.4 35)
When m;>>1:
ey = B L1, 4. 36)

Second. when the signal-to-noise ratio is small in FM receiver, there is a phenomenon
called threshold effect. as can ben seen in Figure 4. 4. 12.

When the input signal to noise ratio is below a certain threshold, the output of

. . gva o e Si W = % . Su
demodulator decreases slgnlflcantly[ Bl . %4 N K F 5 AT R B, % 8 5 S By N = 5
1V iV¥p
#iL.
60
50r
40}
£
=
£ 30f
=
cﬂ:‘
= 207
10 r
%o 5 10 15 20

(Si/Nppw/dB

Figure 4. 4. 12 Dependence of output SNR on input SNR for FM receiver

4.5 Frequency-division multiplexing($i 7w & H)

The technique of separating the signals in frequency is referred to as frequency-

division multiplexing (FDM), whereas the technique of separating the signals in time is
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called time-division multiplexing ('TDM). In this section. we discuss the FDM systems.,

the block diagram is shown in Figure 4. 5.1, and TDM systems will be discussed in next

chapter.

Message Low-pass Band-pass Band-pass Low-pass Message
inputs filters Modulators filters filters Demodulators filters outputs
| —=={ LP ——= MOD = BP = —= BP |—==| DEM ——» [P [—=]
2—= LP = MOD —= BP e p —= BP —= DEM - LP [—=2
ommon
4* & channel K +_

N—= LP = MOD (—=| BP [—=— —=— BP —= DEM - P =N
Carrier Carrier
supply supply
Transmitter Receiver

Figure 4. 5.1 Block diagram of the FDM system

Summary and discussion

Continuous wave modulation is briefly studied in this chapter. This analog form
modulation uses a sinusoidal carrier whose amplitude or angle 1s varied in accordance with
a message signal. It is classified in two categories: linear modulation and nonlinear
modulation.

Linear modulation is also called amplitude modulation, which the frequency is the
displacement of the modulated signal (AM&.DSB), or the filtering out of unnecessary
frequency components after displacement (SSB&-VSB). The bandwidth range is from B to
2B according to the different types.

Nonlinear modulation 1s also called angle modulation. It includes the FM and PM,
which their frequencies are quite different from the modulated signal, appearing new
frequency components. Hence, the bandwidth of the modulated signal increases
considerably. The Carson’s rule 1s used to calculate the bandwidth

B = 20 1) f = 20015 Fiu)

Modulation system gain G is defined to give the anti-noise comparison of different
modulations. Angular modulated signal has stronger anti-jamming ability at the expense of
an excessive transmission bandwidth, compared with the linear modulation., and is
especially suitable for transmission in the fading channel.

The model of each modulation and demodulation should be understood and

remembered, including the coherent and non-coherent demodulations. especially the
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differences of AM, DSB. SSB and VSB, the comparisons between AM and NBFM.

Threshold effects occur in AM and FM non-coherent demodulation systems.

understand it.

oy ta

Fill in the following Table 4. 1 to understand these modulations from time-domain,

frequency domain expressions, bandwidth and anti-noise performance.

Based on the analog modulation principle, frequency-division multiplexing (FDM)

technology 1s adopted widely in the multi-channel carrier telephone systems.

Table 4,1 The comparisons of different modulation methods

Modulation

Satt) ML 3 Bandwidth

Detection

AM

DSB

SSB

VSB

NBFM

omework (part 2)

4.5 Let the expression of an angular modulated signal be
s(#) = 10cos|[ 2 X 10°%nt + 10c0s20007¢ |

Find: (1) t
(21 1
(3t

he maximum frequency deviation of the modulated signal.

he maximum phase deviation of the modulated signal.

he bandwidth of the modulated signal.

Terminologies

convolution &M
complementary symmetry B #pXFFR
modulation ] ]
demodulation it %
modulation system gain I il 3R G 4
reversals K H

Carson’s rule KA
Synchronized i) 20
threshold effect BEE

carrier wave

modulated signal

EHES

FDM
TDM
AM
DSB
SSB
VSB
VCO
FM
PM
NBFM
WBFM

o 2

71 % H

] g

XLt ] il
B39 7 ] )
5% B 1w I Tl
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In Chapter 4, some parameters of a sinusoidal carrier wave are varied continuously in
accordance with the message signal. In this chapter. some parameters of a pulse train are
varied in accordance with the message signal. The carrier wave is a pulse, which is
different from CW modulation.

The following issues will be discussed:

 Sampling, which is basic to all forms of pulse modulation.

* Pulse amplitude modulation (PAM: Jk#ifiE E %)) (In discrete amplitude form).

* Quantization (g 1k ), after the process of sampling. in discrete form in both

amplitude and time.

e Pulse-code modulation(PCM: Jik ™ 4w % ¥ il ) . which is the standard method for

the transmission of an analog message signal by digital means.

» TDM (i EZHD.

e Delta modulation(A 1E & /3 & ).

Differential pulse-code modulation(DPCM 2= 43~ bk i 2 it 8 ] )

5.1 Sampling process

The process of digitizing an analog signal 1s illustrated in Figure 5. 1. 1. There are three main

steps in the process of digitizing an analog signal: sampling, quantization and encoding.

Analog signal _ — _ Digital signal
= Sampling ——{ Quantization — Encoding —

Figure 5. 1.1 The process of digitizing an analog signal

1. The sampling theorem (the sampling of low-pass analog signals)

If the highest frequency of a continuous analog signal s(¢#) is less than fy, and if it is
sampled by periodic impulses with interval time T<-1/2 fy . then s(z) can be completely
decided by these samples.as shown in Figure 5. 1. 2.

The ideal form of sampling process is called instantaneous sampling (BERfK#). T, is

. : R .
the sampling period, and f,=++ 1s the sampling rate.

T.

The derived process is in the following Table 5. 1. 1: let the spectra of m(z), &r (¢)
and m,(¢) be expressed by M(f),Ap(f) and M, (f). If the sampling frequency is lower
than 2 fu, the adjacent spectra will be superposed ( H & ), hence the original signal
spectrum M( ) could not be separated correctly by LPF at the receiver.

Table 5.1.1 The derivation of sampling process

m(t) MCf)

81 (1) =8(t—nT.) Ba(f) = == D) 8Cf —nf)

M T

m () =m(t) * & () M,(f) = M(S) * 8 (f) = = >, M(f —nf)
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] T s
- ! j\ L i-—f

1

3T 2T —F O T 23r 3T i T
5+(1) Aa( 1)

37 3T =T 0 T 2T 3T B T 0 /T 2T '}F

om0 A4 Tk | M(£)
sl T N g A
v i =T Ir"“"': --—‘fé—--

- f L | -1
2JF 3T g T 2T 3T -fu1 0 Sy
(a) Time domain (b) Frequency domain

Figure 5.1.2 Sampling process

From Figure 5. 1. 2, the condition of restoration of original signal is f,=2fu. The
lowest sampling frequency 2 fy is called Nyquist sampling rate (25 Z& 1 %F K+ 3 %), The
corresponding largest sampling time interval is called Nyquist sampling interval (4% 28 H7 §F
KAE B BRD .

2. The sampling of band-pass analog signals

The frequency band of band-pass signals is limited between fi and fu. B= fu— f1 1s
the bandwidth of the analog signal. Here. we only give the result. The sampling

frequency f, can be written as:

fﬁzzui:2K5:=25[1+{§) (5.1.1)

H

where n is the largest integer (Z&%{) less than fu/B.0<_k<Z1. The relation between f, and

f1 1s shown 1n the below Figure 5. 1. 3.

Figure 5.1.3 The relation between f, and f,

When fL.=0, fu=2B, this is the sampling condition for the low pass filter.
When f. >0, f,—>2B, the signal i1s a narrow-band signal.
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5.2 Analog pulse modulation (4= #A Rk -dr 18 &1 )

There are three parameters of pulse: amplitude, width (duration) and position.
Therefore, we can get three different pulse modulations: PAM ( Pulse amplitude
modulation) . PDM (Pulse duration modulation) and PPM (Pulse position modulation) . as
shown in Figure 5. 2. 1.

Although these modulations are discrete in time, they are still analog modulations. In
order to convert an analog signal to a digital signal, quantizer should be used in the next

step.

(a) Message signal

(b) PAM H
(c) PDM _‘ ]—
I

Figure 5. 2.1 Three types pulse modulation

In this part. the PAM is introduced in detail. There are two types PAM. natural
sampling ( H 2R %) and flat-top sampling C°F T % 4£).
1. Natural sampling PAM( B A1)

As can be seen from Figure 5. 2. 2, the top of each pulse is natural.

R
- s
-

- mg(1) | - \hx
.-“"'., -._,.-

=, -
- L R

e

=3 =2 —T B I 2 3T 1

Figure 5. 2. 2 Natural sampling PAM

The differences between sampling and PAM is the period signal s(z), which is the
period pulses.
According to
niCE) = make) ¥5(E)
Its corresponding Fourier transform is

M, (f)= M(F) * S(f)
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Because the carrier wave is periodic rectangular pulses, the envelope of M, (f) is the

sinc function. The original signal M( ) can be recovered/reconstructed when M, ( f) passes

through a LPF at the receiver (see Figure 5. 2. 3).

m(1) | M)
/\ —
3T 2T -T 0 T 2T 3T ¢ 0 fu i
NEAN!
() | Ui' b
S .% . T f
o " — - 5 —— ‘-.H ..-""r
— * ihx"’#( f l\-‘!r * _—
37 2T -7 Q) T 2T 3T i -1 0 AT ¥
m(1) | ;,"'Hﬂh'\\\ A
,’#*#-‘Hh-h\"x dl..i"lllr N _‘)?_(:-T.
L X > J#J:,.Ha-h'r,u -]
— [\.‘-“hh“';’#n A [\ f\xhxﬂ"##f[\ —
3T =2T -T 0 T 2T 3T ¢ =fs o 7

2. Flat-top sampling PAM (4
The top of PAM is flat, as shown in Figure 5. 2. 4.

Figure 5. 2.3 The waveform and spectrum of PAM

LT )

s(f)
—/ /mm

5

b
Y
Y

0 L
T—-— --—L xxh
C— TS |

Figure 5. 2.4 Flat-top sampling PAM

There are two operations involved in the generation of the PAM signal, as shown in

Figure 5, 2. 5.

(1) Instantaneous sampling (BfAf K4F).

The sampling rate f, is chosed in accordance with the sampling theorem.

(2) Lengthening (f£$F) the duration of each sample so obtained to some constant

value T.
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mﬁ{f) ”?H('r)
My(f) Mu(f)

Figure 5. 2.5 The principle of PAM

Where
(1 sE g F
1 B 5o e
h(t) = 3=, t=0,t=11
2
|0,  otherwise

H(f) = Tsinel f T dexp(—jufT)
In Table 5. 2. 1, the comparisons between time and frequency domain equations

are given

Table 5.2.1 The derivation of PAM

Time domain Frequency domain

1 - —_—

m (1) = m(e) + 8: () = D, m(nT,) » 8G—nT) |M.(f) = M(F) * A, (f) = f, D) M(f—nf,)

Wi =m0 = ElD My(f) = M,(f) « H(P) = £, D>, M(f—nf.) « H(f

”_—'.-:

The problem is how to recover the original message signal m(#). The first step is that
my (t) passes through a LPF. The spectrum of LPF output is equal to M(f) H ( f).

Obviously, there is frequency distortion because of H ( f). This distortion may be

corrected by connecting an equalizer in cascade (B88%) with the low pass filter (LPF), as

shown in Figure 5. 2. 6.

PAM Message
signal Reconstruction M(f)H{fL Eaualizer signal
filter {

Figure 5. 2.6 The reconstruction of message signal

The magnitude response of the equalizer is given by

1 1  xf
H(f) | Tsine(fT)  sin(xfT)

For a duty cycle( 525 ) T/T.<<0. 1, the amplitude distortion is less than 0. 5%, in

which case the need for equalization may be omitted altogether.

5.3 Quantization process (E1£1F £ ) of sampled signal

Amplitude quantization: the process of transforming the sample amplitude m(£T) of a

message signal m(¢) at time t=£kT into a discrete amplitude m, (kT) taken from a finite set
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of possible amplitudes(F PR~ 1] B2 1 HU{H ). An example of quantization process is shown
in Figure 5. 3. 1.

de b Practical value

Quantized value

2 e — Practical value

© — Quantized value

Figure 5.3.1 The quantization process

m (k1) expresses the sampled signal input to a quantizer. m, (£T) expresses the

quantized value of the output signal of this quantizer, as shown in Figure 5. 3. 2.

m(kT) —m={ Quantizer —= my(kT)

Figure 5. 3.2 Quantizer

g1 ~qs are 6 possible levels of the quantized signal;
m, ~ms are the boundary points of the quantization intervals.
mq(kT) = qi» mi-y < m(ET) < m; (5.3 1)
In this example, M intervals are with equal space, so it is called uniform quantization
(¥ 21 fk). If the M intervals are with unequal spaces, it is called nonuniform

quantization (E¥J2J4L) . which is based on the uniform quantization.

Nonuniform quantization= uniform quantization

5.3.1 Uniform quantization (333 E1k)

Assume the magnitudes of the sampled signal is within a ~ &, and the number of

i (also called

M

quantization levels is M, so the quantization interval (FEALIE]PfR) is Av=

step-size: 21 ), and the boundary points of the quantization intervals are m; =a+iAv.,i=
051y, M,

Obviously, quantized output m, i1s different from signal sample before quantization
my s there is an error of quantizer. This error is usually called quantization noise (g {k B
7 ) and signal power to quantization noise power ratio ({§ 8 ) is used for estimating
the influence of the error to the signal.

The average value N, of the quantized noise power for uniform quantization can be
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expressed by

b
N,=[lmy—m)?] = J (my — my)? fGmy ) dmy

M
= EJz G — q)" f G dmy (5. 3.2
f=1" M}

where f(my) is the probability density of signal sample m,
m; = a1+ 1Ay

qf=a+i&v—% (. 2.2)

The average power of signal my can be expressed as
b
S = E{mi) ZJmﬁf(mk)dmk (5.3.4)

Example 5. 3. 1: Assume the number of quantization levels for a uniform quantizer is
M, and the sample of the input signal has uniform probability density in the interval
| —a.a]|. Find the average signal to quantization noise ratio for the quantizer.

Solution: From equation(5. 3. 2). we can get

M M .
N.,= EJ " e — q) fGny ) dm, = EJ " (my —qi)g(i)dmk

i=1" ™ i=1" ™

M

"—atidw 2
— EJ M —|—a—f&u—l—& 1 dm
> 2d

i—q ¥ —at(i—DAv

i(l) [&:ﬁ) M(Av)°
2a 12 ) 24a

i =1

According to M « Av=2a, so the quantization noise power is

- (Av)?

Ny 15

The average power of signal is

S, — J_ mﬁ(i]dmk _ M Ay

2a 12
The the average signal to quantization noise ratio is:
5 s
— =M or — | = 201gM(dB)
Ng Ng | 48
So

N is increasing along with the increasing of number M. That is to say when the
|

signal is small, signal to quantization noise ratio is also small. For the speech signal, there
are lots of small components. To overcome this disadvantage, the nonuniform quantization

is often used in practical applications.
5.3.2 Nonuniform gquantization

A nonuniform quantizer is equivalent to passing the sampled signal through a
compressor and then applying the compressed signal to a uniform quantizer, as illustrated

in Figure 5. 3. 3.
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3 compressor ¥ uniform quantizer

(M4 (3 3 m Al an

Figure 5. 3.3 The equivalent process of nonuniform quantizer

Compression uses a nonlinear circuit to convert input voltage xr to output voltage v
y= jlz)
where x has nonuniform scale and y has uniform scale.
Theoretically, f(2) should be a logarithm (X} %) function. f(x) needs to be properly
modified in different requirements of the practical condition. There are two ITU
recommended logarithm compression laws (X} %0 JE 48 & %) : A-law and p-law, for

telephone signal. The logarithm laws are give in Table 5. 3. 1.

Table 5.3.1 Logarithm compression laws

A-law p-law

[ A 1
— D{I{:_

= 1+1nA ;! y:ln(l—i—,u.r)

1tlnAz 1 <1 In(1-+ )
(1+InA’ A

13 segments 15 segments

El: China & European countries T1: North American, Japan and Korea

A-law 13 segments method: A-law compression i1s a continuous smooth curve. It 1s
difficult to be accurately achieved by electronic circuit, while the 13 segments method can

be easily achieved by digital circuit approximately. which 1s plotted in Figure 5. 3. 4.

I
3/8 E
2/8 | |
1/8 i :
(0 L | | o
J X
Lxs 1/4 1/2 1
1/128 | '1/16
1/32

Figure 5. 3.4 A-law 13 segments
In Table 5. 3. 2, the slope of each segment is given. As can be seen, the first and
second segments have the same slope.

Table 5.3.2 Slope of each segment

No. (T E5) 1 2 3 4 5 6 7 8
slope(FH3) 16 16 8 4 2 1 B 1/4
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Why we called it 13 segments?

The input voltage of speech signal has positive and negative polarities. So the
above compression curve is only one half of the practical characteristic curve of the
compressor. There is another half in the 3™ quadrant (£ R ), so the curve is odd
symmetry to the origin (& 5 & A XTFR).

The slopes of the 1% and 2™ segments in 1% quadrant and 3™ quadrant are the

same. These 4 segments compose a straight line. Therefore, it is called 13 segments.

Signal after quantization is a digital signal with discrete values. The next step is how

to encode these discrete values.

5.4 PCMC(Pulse code modulation ., Bk -t 4 55 18 &1 )

PCM is the most basic form of digital pulse modulation.

PCM: a message signal is represented by a sequence of coded pulses which is
accomplished by representing the signal in discrete form in both time and amplitude(PCM
I Bt I B (5 5 A8 B 1) A0 BE B Y OIECAR 2 B ).

The most often used code is to use the binary symbols representing discrete values.

such as 0 and 1. The basic operations performed in the transmitter of a PCM system are
sampling, quantizing and encoding, as illustrated in Figure 5. 4. 1. The quantizing and
encoding operations are usually performed in the same circuit. which is called an analog-to-
digital converter(A/D ¥ #4%). The basic operations in the receiver is the regeneration of

the message signals: decoding and reconstruction.

Figure 5.4.1 The PCM process

5.4.1 The principle of PCM

There are 8 bits in PCM code word (4 5 ), which can satisfy the speech
communication quality.
” _I_ o (4 :1
c;—the polarity bit (¢ P17) { §
i

czcscy—segment bits(Bt7& M%) : 000~111;

cscC70s—Iinner-segment bits (B N 5 ): 000 —~ 1111 (16 inner-segments in each
SL?gmﬂnt.).

Inner-segment bits are uniformly encoded according to quantization intervals, but
quantization intervals of different segments are different.

Among these 8 segments, the lengths of 1°* and 2™ segments are the shortest 1/128.
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=r
i

and slopes of them are the largest, after it is equally divided into 16 sub-segments, the
each sub-segment equals:

.. 3 I 1
128><16 2048

which is called the smallest quantization interval (F /Mg Ak B FF).

A

If uniform quantization is used to keep the same dynamic range 1/2048, then 11 bits
code word 1s necessary.
While for the PCM systems, only 7 bits (A& #H:{7) are used, which embody the

advantage of nonuniform quantization.

The typical sampling rate of telephone signal is 8kHz (=2 X 3. 4kHz). Thus the
typical transmission bit rate of digital telephone is 64kb/s in PCM system. This rate has
been adopted by ITU-T recommendation.

Example 5.4.1: Using A-law 13 segments encoding, if the sampling value is +1270,
find the output of PCM encoder and the quantization error.

Answer; (1) First, since +1270>0, the polarity bit ¢c; =1;

(2) Second, 1270 is in the 8" segment, so cyc3cs =111

(3) Finally, determine which inner-segment 1270 is in. There are usually two
methods. One is the successive comparison (GZIK EE#). Another one is direct calculation.

The 8" segment is plotted in Figure 5. 4. 2.

l o, 1, 2, 31 4, 5, 6, 7] 8, 9, 10, 11 12, 13, 14, 15|
1024 11521216 11280 1536 2048
Sampling value
1270

Figure 5. 4.2 The quantization interval of 8" segment

Successive comparisons:
1270 << 1536, ¢ =0
J200 = 17280 & — D
1276 > 1152 & =1
1270 > 1216 =1
Direct calculation;
inner-segment quantization interval is (2018—1024)/16=164;
Since (1270—1024)/64==3. 8, the inner segment coding is cscgc;c5 =0011.
Quantization error is: 1270—(1216+1280)/2=22A.

Therefore, the output of PCM encoder is 11110011 and the quantization error is 22A.

5.4.2 Noise in PCM system

The derivation signal to quantization noise ratio of the uniform quantizer has been
discussed in section 5. 3. 1.

S/N, = M?
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When N bits binary code word is used for encoding, the above equation can be written

as
S/IN, =2 (M=2%)
This equation shows that S/N, of PCM system is only related to N and increases with N
exponentially. For a low-pass signal, the sampling rate should be no less than 2y, so in
the PCM system, this is equivalent to not less than 2N fub/s. The system bandwidth is at
least B=N f4.
S/qu — ZEEEHH}
The S/N, of PCM system increases with the bandwidth B exponentially.

5.4.3 Delta modulation (G2& 18

1. Principle
DM or AM provides a staircase approximation to the over-sampled (1. e. ., at a rate
much higher than the Nyquist rate) version of the message signal, as illustrated in

Figure 5. 4. 3.

A | l—--ITSI--—I | [ | | [ |
g o O S o Rl O O O O N O o,
B
| i | i i | i i | i |
| I | I i | i | | | I |
SCI-_--I'__T--T--T--T__'I'--'I-- -TTAaTTAaAT AT ™A
bl L T e s H L
! I ! I i ! ! . : | I |
! I ! I | ! | ! I ! I |
e e et i e e s e Saiaty s P ey
! [ ! [ i I ! ! I ! I !
R === wit - R R R e
1 | [ | | | | | |
o FSi i ey Monm Mottty Epmiilly Hiodtsin veit ity ookt
| [ | [ | | [ | | [ | | |
| I | I I | I | | I | I | o
o 1 o 1 o1 1 1T 1 1 1 1 0 0 t

___,_\_ —— Output

Figure 5.4.3 The waveform of DM

The difference between the input and the approximation is quantized into only two
levels, namely, =A, corresponding to positive and negative differences.
If the approximation falls below the signal at any sampling epoch, it is increased by

A. If the approximation lies above the signal. it is diminished by A.

The principal ( 32 {)) virtue of delta modulation is its simplicity. It may be generated
by applying the sampled version of the incoming message signal to a modulator that
involves a comparator (¥ 8%) s quantizer and accumulator interconnected as shown in
Figure 5. 4. 4. The block labeled 2! inside the accumulator represents a unit delay. that
i1s. a delay equal to one sampling period.

The basic principle of A modulation is in the following:

eln|l=mln]— mq[n — 1]
e, = Asgnle(n) ]
myln]=myn—1]+eln]
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Comparator
Sampled + eln] | One-bit | "] DM
message Slgﬂﬂ.] —-—Q quantizﬂr ——e—= Encoder —= wave
m{n] =
mg[n—1]

r——r——— - 7 ]
l |
|

| g I
| ® — |
| |
| |
I |
: — = I
| mg|n| :
| o ___ N

Accumulator
(a) Transmitter
e T e A e e e S e =]
Sampled :

Low-pass Reconstructed
e # L]
filter message signal

channel —=| Decoder 4:—:0 ?

output | 23
I
|
I Z -—
I
I

Accumulator
(b) Receiver

Figure 5.4.4 DM system

The quantizer output mg, | n | is coded to produce the DM signal. The rate of

1
T."

information transmission is simply equal to the sampling rate f,=

2. Quantization error
There are two types of quantization error: slope overload distortion and granular noise
(see in Figure 5.4, 5).

Granular noise

\ |\
N
' - 7 =

Slope-overload
distortion

m(1)

Staircase
approximation

.F?i'q(f}

Figure 5. 4.5 Two different forms of quantization error

If considered the maximum slope of the original input waveform m(z), it is clear that
in order for the sequence of samples {m,[n]} to increase as fast as the input sequence of
samples {m[ 7|} in a region of maximum slope of m(#) . we require that the following condition:

A dm ()
N ;,:Il [

be satisfied. Otherwise, we find the step-size A is too small for the staircase approximation

m . In contrast to slope-overloaded distortion, granular noise is analogous (ZE1{)) to
Ak, 1 trast to slop loaded distort g I log (2
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quantization noise in a PCM system.

5.4.4 DPCM (Differential pulse code modulation. Z 43 Bk /% i i)

When a voice or video signal exhibits a high degree of correlation between adjacent samples
(ZREAIEHE) the resulting PCM encoded signal will contain redundant information (JUR{ER).
In order to remove this redundancy before encoding, we use a more efficient coded

signal, which is the basic idea of DPCM, as shown in Figure 5. 4. 6.

Comparator .

Sampled e[n] Eqlit DPCM
input —-—+®——- Quantizer Encoder t——= wave
m|n| A |

- + +
min| ¢ =3
P'I'EEHEHUI'I
filter mq[”i
(a) Transmitter
+
Input—==| Decoder #@ o—= Output
+
| Prediction
filter

(b) Receiver

Figure 5.4.6 DPCM system

The input signal of the DPCM quantizer is
eln] =mln]—mln]
where m| n | is the unquantized sample signal and m| n | is the prediction of m[ n].
The relationship between the output and input of the predictor is

m = Za,-mq(?—ﬁﬁﬁfﬂ“)

i=1

where p is the prediction order and a; is the prediction coefficient (& #1). The predicted
value i1s the weighted sum of previous p samples of the signal with quantization error.

If p=1.a;, =1 then m=m,—,. The predictor is simply a delay circuit, and the delay
time is sampling interval T. If the quantizer is one-bit (two-level) ,the DPCM is AM,1. e.
AM 1is the special case of DPCM.

5.5 TDM(Time-Division Multiplexing., Bt 5 S B)

The concept of TDM is shown in Figure 5. 5. 1. Each input message signal is first

restricted in a low-pass anti-aliasing filter. The functions of each part are described below.
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Low-pass Low-pass
(anti-aliasing (reconsruction
Message filters) filters) Message
inputs outputs

. Synchronized
| ——=={ [.PI \ . S — LPF ——= 1
- / N —
- o7 % . /
4 71 Pulse Communication Pulse RN ﬂ
i c s "
2 = LI'F T P modulator [ channel " demodulator \ | ER -2
h !
E Y » " A ! h ., 2 - \
. - / Commutator T T Decommutator [ PE N
Clock pulses Clock pulses

Figure 5.5.1 Block diagram of TDM system

LPF: restricts each input message in bandwidth and removes the nonessential
frequencies.

Commutator (#2[r]#%) : which is usually implemented using electronic switching circuitry.
The function is to sequentially interleave these N samples inside. The sampling interval is
T. It is the essence of TDM operation.

Pulse operator: transform the multiplexed signal into a form suitable for transmission
over the common channel.

Pulse Demodulator: the reverse operation of pulse modulator.

Decommutator: operates in synchronism (Ja]2) with commutator in the transmitter.

The multiplexing of digital signals is accomplished by using a bit-by-bit interleaving
procedure with a selector switch that sequentially takes a bit from each incoming line and
then applies it to the high-speed common line. At the receiving end of the system the
output of this common line is separated out into its low-speed individual components and

then delivered to their respective destination, as plotted in Figure 5. 5. 2.

N mo_ i
| I |
0 {3 21 3T 4T f
Sampling of m(¢)
mo(1)
"U]T ﬂ l” |rr H
TIN T+TIN OT+TIN  3T+TIN '{
Sampling of m»(f)
time slot 1 =, *3 e | 5 | 2
TR | |
T Ul a1 11 -
2R & 3T 47 {

0 T
=1 frame-=|
Sampling at the rotary switch

Figure 5.5.2 Principle of TDM
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Summary and discussion

In this chapter, we introduced the process of analog signal digitization: sampling,
quantization and coding.

(1) Sampling, which operates in the time domain; the sampling process is the link
between an analog waveform and its discrete-time representation, which also is an analog
signal in amplitude.

(2) Quantization, which operates in the amplitude domain; the quantization process is
the link between an analog waveform and its discrete-amplitude representation.

(3) Coding, which operates in both time and amplitude domain, coding process is the
link between discrete-amplitude and binary representation.

The sampling process 1s based on the sampling theorem, which states that when an
analog signal with frequency band within (0, fy) is sampled, the lowest sampling rate
should not be less than Nyquist sampling rate 2 f. The sampled signal may be converted
to different analog pulse modulation signals, including PAM, PDM and PPM. In TDM of
several channels, signal processing usually begins with PAM. In order to make full use of
the time interval of each sampling point, TDM is designed and applied in speech
communication system,

There are two methods for the quantization of a sampled signal, one is uniform
quantization, another one is non-uniform quantization. Non-uniform quantization is
usually applied in speech signal with the logarithm characteristic recommended by I'TU-T,
i. e. » A-law and p-law, which may effectively improve signal to quantization noise ratio.,
especially the small amplitude signal. European countries and China adopt A-law; North
American countries and Japan as well as other counties and areas adopt p-law. 13 segment and
15 segment methods are applied in digital circuits to achieve the A-law and p-law quantization.

Signal after quantization is already a digital signal. Encoding methods, such as PCM,
DPCM and AM, are usually used to convert a quantized signal into a binary signal. This
process is lossy in the sense that some information is lost, but the loss of information is
under the designer’s control in that it can be made small enough.

The signal to quantization ratio of PCM system increases with the bandwidth B
exponentially., while the analog modulation increases linearly. That 1s why PCM and its

improved coding are widely used.

Homework

5.1 Suppose the spectrum of a message signal m(z) is M(f),its expression is

| f

0, otherwise



Chapter 5 Pulse modulation || 85

(1) If the sampling rate is 300Hz. try to draw the spectrum of the sampled signal
m¢ (1) ;

(2) If the sampling rate is 400Hz, try to re-draw it.

5.2 Using A-law 13 segment encoding, if the sampling value is 635, find the output
of PCM encoder.

5.3 Suppose the message signal is m(¢) =9+ Acoswt, where A<<10V. If m(2) is

quantized to 40 levels, try to find the number of binary bits and the quantization intervals.

Terminologies

sampling F commutator 7 [6] A%

quantizing AL PCM ik 1 2 B 98] |
encoding S 1 DPCM 2= 51 Wk 7 G 5 38 )
uniform quantization o) ek AM 15 w5 A
non-uniform quantization JE¥JE]EAL PAM ok i 9]
quantization noise b g PDM Jik 0 v B 9JE]
equalizer ) 1y A% PPM ik b A7 9

COMpPressor & 46 7% TDM a2
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In this chapter, we study the transmission of digital data over a baseband channel,

with emphasis on the following content:

B

Waveform and representation of baseband digital signals.

Symbol Code types of baseband digital signal, mainly discuss AMI code and HDB;
code.

Matched filter (VL FC JE ) . which is the optimum system for detecting a known
signal 1n additive white Gaussian noise.

Discuss the bit error rate (R4 %) of unipolar and bipolar baseband systems.

Intersymbol interference C(ISI #% [8] & #L), which arises when the channel is
dispersive as i1s commonly the case in practice,

Nyquist’s criterion( £ 2= FFEN)) .

Nyquist’s criterion | : the transfer characteristic of no intersymbol interference.
Nyquist’s criterion [l : partial response system (F843 M W R 5¢).

Eve patternCHR [&]).

1  Waveform and frequency characteristics of baseband
digital signal

Binary signals are denoted by 0 and 1. Rectangular voltage pulse is usually used as the

waveform. The waveform of baseband digital signal is also called unmodulated digital

signal.

6.

1.1 Waveform of baseband digital signal

Waveform can be used for the electrical representation of a binary data stream. Figure 6. 1. 1

displays the waveforms of five important line codes for the example data strem 01011000 1.

l I l I

Unipolar NRZ 4
0 0 0 0 0
| ] | ]
A .
Polar NRZ
41 0 0 0 0 0
Unipolar RZ y
0
A
Polar RZ
—A
Differential code ] ] l l I I
g | 0 0

Figure 6.1.1 Waveform of baseband signals



88 || EERE (I0E) HIAHFE

Fiih
L

1. Unipolar nonreturn-to-zero (NRZ)signaling( 2t HEARITE)

Symbol 1 is represented by transmitting a pulse of amplitude A for the duration of the
symbol, and 0 is represented by switching off the pulse. This code is also referred to as
on-off signaling.

2. Polar nonreturn-to-zero (NRZ) signaling( AR IFE)

Symbol 1 and 0 are represented by transmitting pulses of amplitudes +A and — A,
respectively.

3. Unipolar return-to-zero (RZ) signaling( B{R ¥ 13FE)

Symbol 1 is represented by a rectangular pulse of amplitude A and half-symbol width,
and symbol 0 1s represented by transmitting no pulse.

4. Bipolar return-to-zero (BRZ) signaling( R V3FE)

Both 1 and 0 have half-symbol width. One is positive and another is negative.

5. Differential encoding( £ % 45 5)

A transition 1s used to designate symbol 1 in the coming binary data stream, while no

transition 1s used to designate symbol 0.
As can be seen from the above figure, when 1 appears, the voltage jumps; when 0

appears, the voltage doesn’t change. Of course, the rule may be reversed.
6.1.2 Symbol code types of baseband digital signals for transmission

The waveform of original digital signal has been discussed. In order to adapt to
transmission in the channel. the symbol code types of these waveforms should be
converted. Some requirements on the symbol code types are as follows:

* No D.C. component (JGHii5 &) and few low frequency components;

* Containing timing information( &% E {5 E);

* (ertain error-detecting ability;

e Suitable for various information sources(BE1E W {5 I8 B Z40)

* Simplicity of encoding and decoding (450 ) 8.

Here, three code types for transmission are introduced.

1. AMI code
Message symbol; 0 1 0 1 1 0 0 0 1
AMI code; 0 =t 0 —=i] =1 0 0 0 =

Coding rule: 1 in message symbol will be converted into +1 and — 1 alternatively; 0
will keep 0. Because +—1 and — 1 appear alternatively, there 1s no D. C. component. Its
decoding circuit is very simple. Disadvantage: when a long string of 0 appears, it is
difficult to get timing information. HDB; code can overcome this disadvantage.

2. HDB; (the 3™ order High Density Bipolar code: =[5 % B XN $E)
Message symbol 1 0 0O 0 0 1 0 0 0 0 1 1 0 0 0 0 1
AMI code +1 4 @9 8 e —1 B 4 0 i Ti1—1 4 8 4 1 |

HDB; code el o el R =l (8 O 8 | sl B9 ¥ —l
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Coding rule;

(1) When there are no more than 4 (not including 4) continuous 0Os, no change will be
made. AMI 1s HDB, code.

(2) When there are more than 4 continuous 0s, the fourth 0 will be converted into a
symbol which has the same polarity of the previous nonzero symbol. This symbol is called
violation symbol (% ¥/ %). The requirement of adjacent Vs is “polarity alternatively
inverse (A PEACE) .

(3) If (2) can not be satisfied. use “regulating impulse(# 7 k¥ )” B, the sign of B
is the inverse of the previous nonzero symbol.

The decoding of HDB; is simple: V and its previous 3 continuous symbols must be
continuous 0s. then 4 continuous 0Os may be restored.

3. Manchester coding( 2 ] H7 45 55)

Its coding rule is that each binary symbol is converted into a period of square wave
with different phases. Advantages of this code is: no D. C. component; a lot of timing
information; simple coding method. The disadvantage is that it occupied double frequency
band.

Message symbol 1 1. ‘4 & F I

Manchester coding 1 140 9l 9L 1% 61 10

6.1.3 Frequency characteristic

Assume the signal pulse is rectangular and a sign single pulse is g(#), the frequency
characteristic (PSD) of a random binary signal sequence will be discussed.
Symbols 0 and 1 can be represented by g, (#) and g, (#), with occurring probabilities

P and 1—P, then signal sequence s(#) can be expressed by

s() = D s5,() (6.1.1)

where
= g1(t—nT) probability P
Sa\l) =
g, (t —nT) probability (1 —P)

s(¢) can be regarded as the combination of a stationary wave v, (¢t) (]2 &) and an

alternating wave u.(2) (A28 ).

s(t) = v.(t) +u.(t) (6.1.2)

The PSD of v(2) is
Pl = 2 | f [PGi(nf) + A —P)G:(mf) ]| 26(f —mf.) BEE (6.1.3)
where G, (mf.) = J e ety i) = J | Po e R . = %, T 1s the

symbol width(F% 7T 9% ).
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The PSD of u(z) is

.00 = . pt] — §)
So the PSD of s(¢) is

) — Gt )| ® % 22 (6.1.4)

PAT) = 1y Par ko i)
Example 6. 1. 1: Suppose the pulse is rectangular, try to get the spectrum of unipolar
(B PE) NRZ and RZ.

Solution: Suppose g1(¢) = 0,g:(t) = g(t),then substitute them into the following

formula

P,(f) =P.(f)+P. () = £, P(A—P) |G (f) =G, () |2+

[ ]

S | £.LPG 1 Gnf.) + (1 — P)G; (mf )] |28(F — mf,)

H=——00

We can get the PSD of unipolar signal is

P.(f) = f,PA—P)|GH |2+ 2, |f.Q1—P)GGnf ) |?6(f —mf,)

7=

When P=1/2,

P.(f) = GO [P+ 112 20 [Glnf ) [28(f —mf )
(1) If the unipolar is NRZ, the time domain and frequency domain of g(#) is
y |
1, |[f<= sinre f T,

2  and G(f) = 1(

0, otherwise

): T.0alnfl, )

g(t) = { “&fT.

So the PSD is

ok e sinn 1T, - _ 2 LA i 1
A0 = 4fﬁfﬁ( 2T J| 4-:f‘?(f) 4Sd (Kf15)+46(f)

(2) If the unipolar is RZ (duty cycle is 50% ). the frequency domain of g(#) is

s D O
G(f) = ZSd( > J

The PSD is as follows:
_Hw *r:f"fﬂ)l - ,z("”ﬂ) B
.01 16Sd [ > | 16?}1:2_%:5 Sa 5 Bl et o)

According to the above equation, the PSD can be plotted in Figure 6. 1. 2.

Unipolar(P=1/2)

Solid line NRZ
Dotted line R/

0 f 3, 3

Figure 6.1.2 The PSD of NRZ and RZ(for unipolar)
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Example 6. 1. 2 Suppose the pulse is rectangular, try to get the spectrum of bipolar
(e PE) NRZ and RZ.
Solution: Suppose g, (z) =—g,(t) =g(¢), then according to the following formula
P.(f) =P.(H+P,(f) = fLPAA—P) |G () —G,(H |+

e

N | RIPG b — P | e —af D

= —00

we can get

P.(f) =4f,PA—P) |GH |2+ D) | £,@P—1GUnS.) |26(f —mfs)

When P=1/2,
P.(f) = f.|G(H|?
(1) If the bipolar is NRZ, P,(f)=T.Sa’(xfT,)

(2) If the bipolar is RZ (duty ratio is 50%) ,P.(f) = QESHE [%fﬁ)

The PSD can be plotted in the following Figure 6. 1. 3.
| Bipolar(P=1/2)

Solid line——NRZ
Dotted line RZ

0 Is 3 s

Figure 6.1.3 The PSD of NRZ and RZ({for bipolar)

0.2 Matched filter

The main index of digital communication performance is error probability. Therefore,
- . _ . a’ _ .y s . . . 6 . "
it is appropriate to set the minimum error probability as the criterion for being “optimum”.

Here we only discuss the LTI (linear time-invariant) system, as shown in Figure 6. 2. 1.

io x(f) | (i) NT)
Sample at

time (=T
n(t)

Figure 6. 2.1 Linear receiver

The filter input x(¢#) consists of a pulse signal s(#) and additive channel noise n(¢), as
shown by
z(t) =s() +n(e) 0T (6.2..1)
where T is an arbitrary observation interval.

The spectral density function of the incoming symbol s(z) is S(f).
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i . . . _ . n
['he double-side power spectral density of the noise n(z) is P,,(f}Z?D.
Since the filter is linear, the output y(#) may be expressed as

y(t) = 5,(t) +n,(¢) (6. 2.2)

where s, (1) = J HE S0 ey,

The output noise power spectral density 1s

P, () =H"(HH) « P, ()= |H|*P, (f) (6.2:9)
So the output noise power N, equals to
Nﬂzj \H(‘f)\”*z—“dfz”?“ H(P |2df (6.2.4)

At the sampling instant #, » the instantaneous power of the output signal to average noise

power ratio 18

0o 2
(£ el27 A
5065 |® ‘J_WH(]C;‘-S(][)L df
R — N — == Eh. 2.5)
o | _THO S
To find the maximum 7r,. we use the Schwarz inequality (it FLZZ A FFL) .

oo | 2 i | s

‘ B fi1lx) « fo(x)dx QJ_ | f1 () |3dx J_ | f2(x) |%dx (6. 2.6)

If f1(x)=FFfs (x), where k is a constant(‘H Z(), then the equal sign in the above
equation holds. Now, let fi(x)=H(f), f,(x) =S(f)e*™ ,we have

J'Z H(PH |2df |S(F) |2dF Jm S(O1f

¥y B — — EB. &)
?ﬂ : 9 H_D Hq
5 | HEF) | bdf >
when H(f)=FkS" ( fle ¥, the above equal sign holds.
The impulse response function
h(t) = H(He*™df = ks(ty —t) (6. 2.8)

—00

h(t) should satisfy h(z) =0, when t<{O0. That is s(¢z, —t) =0, when #<C0. Or
satisfying s(¢#) =0 when ¢t >¢,.

Usually, tc=T. Hence, h(¢) can be written as:

hilt) = ks{T —1¢) (b.2.9)

Example 6. 2. 1. Suppose the message signal i1s a rectangular shape(see Figure 6. 2. 2(a)),
according to equation (6. 2. 9), the matched filter is plotted in Figure 6. 2. 2(b), and the
output of the matched filter is shown in Figure 6. 2. 2(¢). The maximum value of the

output 1s at t="1T.
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g(@)
A
Energy=A°T
!
0 T
(a)
h(f)
kA
"
0 &
(b)
Matched filter
output g,(1)
b 3
/\
' r
0 T
(c)

Figure 6. 2.2 (a) Rectangular pulse. (b) h(#) of Matched filter. (¢) Matched filter output

0.3 Error rate due to noise

The structure of receiver is shown in Figure 6. 3. 1.

no(1) = Say 1 if x>V,
: _|_ . 'l..‘]
PCM wave @ Matched o iz Decision

s(f) filter device Say 0 if x <V,

+
t Threshold V4
White Gaussian n(f)

Figure 6. 3.1 Receiver for baseband transmission of binary-encoded PCM wave
The input noise n(#) is a stationary Gaussian random process, and matched filter is a

liner receiver, therefore, the output noise n, (#) is also a stationary Gaussian random

process. The probability density function of n, (#) is

- L — 2
f(v) = 27:3“pr[ 25 ] (h..5. 1}

where mean is 0 and variance is 6.
6.3.1 Binary polar baseband system

In the signaling interval 0==t=-T, the received signal can be written as

+A+n(t), 1 was sent
bA = (D S0 2)

— A +n(t), 0 was sent

After the matched filter, there is a decision making device. The sample value x(T,)
should be compared to a threshold V.

The following question is how to get a proper V4 to get the minimum error
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probability.

There are two possible kinds of error to be considered, as plotted in Figure 6. 3. 2;

(1) Symbol 1 is chosen when a 0 was actually transmitted, this error is the error of
first kind P(1/0).

(2) Symbol 0 is chosen when a 1 was actually transmitted, this is the second kind
error P(0/1).

!
Jo(x) Si(x)
XN
F{i X

Figure 6. 3.2 Noise analysis of PCM {for polar signal

When symbol 0 was transmitted. the probability density function of x(£T,) is

] fi -4y .
D( b T Al 6. 3. 3
Tolx) > aﬂu{p[ 252 ] ( )
when symbol 1 was transmitted. the probability density function of x(£T.) is
] (r—A)?

(x) = ‘ (6.3.4)

i@ = e
B . i ] 1 Vi+ A
1 = Pla >V —Jvdf.;,(.r)d,r— > Zer[ /7. ] (6. 3. 5)

| v, Vi—A
PO — Pl P — J_lfl(x)d;r = ; | étrf( 5/55,, J %G 2

The total P, of the system is

P, = PCLAPW L) = PO PCLI0) (6.3.7)
From Figure 6. 3. 2, when P(1)=P(0)=1/2, we can find that when V;=0, P, is the
minimunm,.

The optimum threshold is

P, = Leste[ -2
. = ZLrLﬁSH

6.3.2 The unipolar baseband system

The unipolar noise analysis is similar to the polar system. The different is the position
of the f,(x), as shown in Figure 6. 3. 3.
The optimum threshold 1s
A | o, - P(_U}
2 A Pl
When P(0)=P(1)=1/2, Vi =A/2, the corresponding error probability is

V.; p— (6.3.8)
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Jo(x) | Si(x)

SRON

Vd X

Figure 6. 3.3 Noise analysis of PCM for unipolar signal

A
b.3.9
zmﬂ) B

Question: which system 1s better? Unipolar or bipolar? Why?

I, = %{:rf{:[

6.4 Intersymbol Interference

Consider a baseband binary PAM system, a general form is illustrated in Figure 6. 4. 1.

{ag} | Transmit | g(7) xolf) x(f) | Receive | w(¥) W) N
Input—={ PAM (—={ filter —= Ch}?{ﬁ‘e' L filier o D;:J?:;n
b1} 40 ? c(f) * -
nif
() 4

Figure 6. 4.1 Baseband binary data transmission system

Intersymbol interference arises when the communication channel is dispersive (FRH).
The PAM modifies the binary sequence {b,} into a new sequence {a, ), whose
amplitude a, is represented in the polar form
+1, if symbol &, 1s 1
= _ | Eh 1)
—1, if symbol b5, 1s O
The transmitted signal is

S{f) e Zﬂkg(f_qug.) (6. 4:.2)
k

where T, 1s the pulse duration.

The receiver filter output can be written as;

y() = u D arp(t — kT3 + n(t) (6.4.3)
k
The scale up(z) 1s obtained by a double convolution
pp () = g(t) * h(2) * c(2) (6.4.4)
Assume p(0) =1, the Fourier transform of up(#) is
pP(f) = G(HOH(HCS) (6.4.5)

where P(f), G(f),H(f),C(f) are the Fourier transforms of p(¢), g(¢#), h(#), and
c(2).

So the received filter output y(#) is sampled at time ¢;,=:T,, yielding

y(t;) :#££f+fiZakp[(i—k):r;,]—Fﬂ(h) (6.4.6)

p=—oc0

k=i
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pa; represents the /™ transmitted bit, which is the useful information. The second term
represents the residual effect of all other transmitted bits on ™ bit, which is called ISI.
The last term represents noise sample at time ¢;. Under ideal conditions (in the absence of
both ISI and noise) ;

y(t;) = pa; (6.4.7)

We have discussed the matched filter,which can get the maximum signal to noise ratio. In

this part, we consider how to eliminate the ISI.

6.4.1 Nyquist’s criterion 1

In order to eliminate ISI, Eaﬂp [ (k—n)T, +t,]= 0 should be satisfied.

n=k
The time-domain condition of system overall transfer characteristic p(z) is
- 19 k s U
p(kT,) = (6.4.8)
0, 2+0
Only the sample of p(¢z) at the sampling point equals 1, and the samples of other pulses
p(tEnT) are equal to zero.
According to the time-domain condition, we can derive the frequency-domain

condition:

Ep(w | ?‘i”)— e | B (6.4.9)
i . 1 b 1 b
This condition 1s called Nyquist’s criterion I,

1. Ideal Nyquist channel

If PC(f) has ideal rectangular characteristic. Nyquist’s criterion can be satisfied.

. T
[ = L2k AR
P(f) = ’ 1 *  and p(t) = i - Sa(nz/T,) (6.4.10)
0, other T
1,

Figure 6. 4. 2(a) and 6. 4. 2(b) show plots of P(f) and p(¢). In Figure 6. 4. 2(a), the
normalized form of the frequency function P ( f) is plotted for positive and negative
frequencies. In Figure 6. 4. 2 (b), the signaling intervals and corresponding centered

sampling instants are included.

From the above figure, when t==+%FT,, p(t)=0.
P(#) has its peak value at the origin(J& &) and goes through zero at integer multiples
of the bit duration T,. If the received waveform is sampled at the instant time t=0, =T,,

+2T, .+, the pulses up(z—iT,) will not interfere with each other.

Nampise bamdwadibs we— 2,} (115
; . 7? —_— R.{./-‘:U — 2
Mot ThD ste. 1 =0 = Ii (iand
3]

However, the ideal low-pass transmission characteristic can not be physically achieved.

The tail of p(¢) has large fluctuation and lasts a very long time (& B2 % i 12 H 57 22 0
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p1)
1.0
0.5F
I R
W: —
2T, 2

2WP( 1) ~3f —2\—1/ 0 1\/2 3 T
1.0

A S S R B

- J
= -'.'.'r.-l
Sampling instants

f o ==~ ]
—1 0 1 W N o J
Signaling intervals
(a) Ideal magnitude response (b) Ideal basic pulse shape

Figure 6. 4.2 The ideal low-pass transmission characteristic

] <.

If the transfer function P ( f) is a real function and has odd symmetry at f = w,
equation(6. 4. 2) can be satisfied.

2. Raised cosine spectrum

A raised cosine spectrum satisfies the odd symmetry.

o 0< Jo| < L2)E
b
T o T (1 —a)x (1+a)n
—_— e —— o e . {i {
P(w) : ’1+*~11’1 2.-:;(_1;; “’N TS w| < T (6.4.11)
0. s K G

And corresponding p(¢) is

sinnt/ T, cosant/ T,
xt/ Ty 1— 4a’8?/T?

p(t) = (6.4.12)

a 1s called the roll-off factor(7& & Z %)
Br = 20— f, = w(1 +a) transmission bandwidth

_Rs _ _2 ' e g
n = A T (Band/Hz) The maximum bandwidth efficiency

when a=0, p=2,P(f) is the low-pass transmission.

whena=1, =1, P(f) is known as the full-cosine roll-off characteristic. The
bandwidth is double the required bandwidth for the ideal Nyquist channel. In Figure 6. 4. 3(a),

three values of « (0, 0. 5 and 1) are plotted and corresponding p (¢) are shown in
Figure 6. 4. 3(b).



08 || EERE (I0E) HIAHFE

B

p(1)

2WP([)
1.1}

T
2

(a) Frequency response (b) Time response

Figure 6.4.3 The raised cosine transmission characteristic

6.4.2 Nyquist’s criterion II

By adding intersymbol interference to transmitted signal in a controlled manner, it is
possible to achieve a signaling rate equal to the Nyquist rate of 2w symbols per second in a
channel with a bandwidth of w Hertz.

Such schemes are called correlative-level coding or partial-response signaling schemes.

The particular form of correlative-level class 1 partial response 1s shown iIn

Figure 6. 4, 4.

Ideal Output
La — -—@—-— channel —I--CI\O—-— sequence

1
H(f) =kT} {3

Delay
T

Figure 6. 4.4 Duobinary signaling system

Assume transfer function H ( f) of a baseband transmission system has ideal
rectangular shape. We consider two unit impulses with space time T as the input terminal,
then the output waveform should be superposition of these two sinx/x waveforms. Let the

superimposed waveform be g(#), then its expression will be
cox( DY oxf,_T
- (H 2) R (f 2 ) 4 [ cosnt/T, | G

Yy R Y S T
im0 2 § 9 s

The wavetorm of g(¢) is plotted in Figure 6. 4. 5.

g(t) decreases along with the increase of #°. It attenuates more rapidly than sinc

g1} =

function.

The Fourier transform of g(¢) and frequency efficiency are
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Figure 6. 4.5 Waveform of g(#)

(2?“5(:(]5 WIE; . | (o) |£ ,TE 1
2 | Rs T,
G(w) = < and p=— = = 2(Band/Hz)
0, | w |>‘ ,TE a T
| Igj 2.{5

This partial response system can achieve;
(1) The tails decay rapidly;
(2) The ideal frequency efficiency p=2.
According to Figure 6. 4.4, we may express duobinary coder output ¢; as the sum of
the present input pulse a, and its previous value a,—;
C; = a; + azp_y (6.4.14)

where a,= *1, the possible values of ¢, are +2, 0, and —2.

Let a, represents the estimate of the original pulse a, at the receiver at time t==~kT,.

Then we get

It is apparent that if ¢; is received without error and if also the previous estimate a,—;
is a correct decision, then a, will be correct. But once fault decision happens, the error
will be propagated, and the following received symbols will be influenced.

A rather practical partial response system is given as following Figure 6. 4. 6.

modulo-2 1
adder J
by ¢ Ty
o Uk = . A _| Decision B
& l : l Addition e
n 4: I r Sampling pulse
I

precoding | correlative encoding
|

Figure 6. 4.6 Block diagram of first partial response system

The precoding rule 1s:

ap = by B by (h.4 15)
where@)is the addition mod 2.
The correlative encoding rule 1s,
e = by + by (6.4.16)
The operation of mod 2 on ¢, is:
Lck Jumots = LB ¥ ba—t otz = b @ by = a, (6.4.17)

So
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dr — [Ek]mﬂdﬁ
[ a 1 0 0 0 1 0 1 1 \
bk—l —10 111 -:11 111 411 —10 —10 111 |
}bip{:lar R4 ) |
bk 111 111 111 111 —10 —10 111 —10 I
| |
&k O % 42 2 @8 @i l 0 0 |
¢ 1 0 o0 o 1 !1i}1 1 |
N -~ &

The decision rule 1s:
0 say symbol 1s 1
Eg — _ (6 4. 18)
+2 say symbol 1s 0

Therefore, the error propagation can not occur in the detector.

0.5 Eye pattern

An experimental tool for such an evaluation in an insightful manner is the so-called
eye pattern.
An eye pattern provides a great deal of useful information about the performance of a

data transmission system, as described in Figure 6. 5. 1.

Best
sampling

time
| Distortion at
I sampling time
gy

Slope=sensitivity \ Margin
— over noise

to timing error

Distortion of
Zero-crossings

/

Time interval over which
the received signal can
be sampled

Figure 6.5.1 Interpretation of the eye pattern

(1) The width of the eye opening defines the time interval over which the received
signal can be sampled without error from ISI. It is apparent that the best time for sampling
is the instant of time at which the eye is open the widest.

(2) The sensitivity of the system to timing error is determined by the slope.
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(3) The height of the eye opening defines the noise margin of the system.

Summary and discussion

When the digital signal is generated, it needs to be transmitted in the channel. In this
chapter, we discussed the baseband case, including the baseband signal and baseband

transmission system, and we will discuss the pass band in next chapter.

First, the baseband signal should be processed before transmission. The purpose is to
let the signal match the characteristics of the channel. There are five important line codes:
unipolar non return-to-zero(NRZ) waveform. polar non return-to-zero waveform.,unipolar
return-to-zero (RZ) waveform, bipolar return-to-zero (BRZ) waveform and differential
encoding. These waveforms are not suitable for transmission because of the D. C
components and very low frequency components. Many transmission symbol code types
are designed, such as AMI, HDB; ., biphase code etc.

Second, based on the baseband transmission model, there are two important issues:
noise and inter-symbol interference (ISI), which effect the signal. In order to reduce the
noise, the matched filter is designed to maximize the output SNR. To eliminate or
decrease the ISI, the transmission characteristic of baseband system should satisfy the

Nyquist criterion. The frequency-domain condition of Nyquist criterion I is:

Ep[u | i‘i”)— F \WIQ%

b

The ideal low-pass transmission characteristics can reach the ideal band efficiency
value 2B/Hz, but can’t be physically achieved. The tail has large fluctuations and lasts a
very long time. Raised cosine spectrum can be realized and has fast tail, but the maximum
band efficiency value is only 1B/ Hz.

Nyquist criterion |l can resolve these problems: by adding inter symbol interference
to transmitted signal in a controlled manner. 1t 1s possible to achieve a signaling rate equal
to the Nyquist rate of 2w symbols per second in a channel of bandwidth w. This is also
called the correlative-level coding or partial-response signaling schemes, which can achieve
the ideal band efficiency value and has a fast attenuation tail. In practice, the equalizer
composed of a transversal filter is used to cancel or decrease the ISI.

At last,the eye pattern 1s given and introduced as an experimental tool.

Homework

6.1 Suppose the information symbolis1 10010001110, draw the waveform of
unipolar NRZ,unipolar RZ,bipolar NRZ,bipolar RZ and differential encoding.
6.2 Suppose the message data streamis1 01000001100001 1, try to get the
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AMI and HDB; encoding.

6.3 The baseband transmission transfer function is H(w). If the transmission rate 1s

f Baud, find which one (in the following Figure 6. 1) can satisfy the no ISI condition.
H(w) | : H(w) | ]
-1/ T 0 /T ® —3n/T, 0 /T, .::-ub
(a) (b)
Hw) | H(w) | |
T, g AT, o w0 T, @
(¢) (d)
Figure 6.1
Terminologies
Matched filter VL FiC 38 I Polar NRZ TR P AN 1 &
bit error rate(BER) P EES Unipolar RZ B PRI R
Nyquist’s criterion 2% 25 iy e 4 ) Bl B A P I
partial response system #B43 M b & 5t Differential encoding E 57 G i
Intersymbol interference fith[8] & stationary wave v.(z) T2
line codes 2 B alternating wave u () 38748

Unipolar NRZ B MR I
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In most cases. the baseband signal should modulate a carrier wave with a very high
frequency, so that the baseband signal is shifted to a high enough frequency and can be

transmitted from the antenna. This process is the digital passband transmission.

Passband modulation usually needs a sinusoidal wave as a carrier. There are three
parameters of sinusoidal carrier. For binary baseband digital signal. there are three
modulations:

ASK (HR I8 245 . Amplitude shift keying) hUﬂUﬁ hvﬁvﬁ

FSK (#8245 . Frequency shift keying) '\UﬂVf\U

PSK (#H#2 5 ¥ . Phase shift keying) Wj%%%w
In this chapter, the following topics are covered:

* The basic principles of ASK,FSK,PSK (DPSK).

* Coherent detections of ASK,FSK.,PSK (DPSK).

* Noncoherent detections of ASK,FSK,DPSK.

* Bit error rates of ASK,FSK,PSK (DPSK).

/.1 The basic principle of three digital passband modulation

In this part. we discuss the principle of ASK. FSK. PSK and compare their
differences. The often used sinusoidal carrier is usually expressed as

c(t) = Acos(w.t+ &) SR ENE

/7.1.1 ASK

1. Basic principle
The general expression of 2ASK is
esask () = 5(2)cosw, i A R

where s () = Eaﬂg(r —nT,), g(t) 1s a rectangular pulse, as shown in Figure 7. 1. 1.

Baseband ‘ \
Data
(r

] 0 0 1
ASK
modulated
signal

Figure 7.1.1 The waveform of ASK

There are two methods for generating the 2ASK.

The first method is by using a multiplier (3 #%), as shown in Figure 7. 1. 2(a).
The output signal is given by the multiplication of baseband signal s(z) and carrier c(2).

The second method 1s by using a switching circuit, as shown in Figure 7. 1. 2(b). The
switch (FF %) is controlled by s(z). This method is also called OOK (on-off) keying (if I#f
BT,
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| Multiplier
_W]—WMJ7 ~,
' --@ — @ & A\\ 2 — f\v_ -
| ~, ASK
Sinusoidal Output
Je Carrier I (band limited)
Oscillator Unipolar
binary sequence
(message)

(a) Multiplication method (b) Switching method

Figure 7. 1. 2 2ASK/OOK signal modulators

In the receiver, there are two demodulation methods for ASK, 1. e. the envelope

detector and coherent demodulation method, which are respectively shown in Figure 7. 1. 3.

| |
Emﬂ Band pass 4‘5"'_1'_ Full-wave _J:r__ Low-pass :_'-3__ Sampling L4 )
filter : rectifier filter : & decision
!- Envelope detector _! 1
Timing pulses
(a) Non-coherent demodulation
S B s | Ml | e eton—
COS 1 t
Timing pulses
(b) Coherent demodulation
Figure 7.1.3 The demodulations of ASK
2. PSD

According to
esask (2) = s(&)cosw,t

where s(z) 1s unipolar rectangular pulses. Its PSD is:
Paask () = 5 [P.C(f + O+ Pu(f — £ ]

where P, is the power spectral density of s(z).

Consider P(0)=P(1)=1/2, we can get the PSD of 2ZASK..
T, r smnl 0L, sint( f — f )T, |?
16 [ wk F <+ P21, L

where f,=1/T, is the signal symbol rate (band).
From the following Figure 7. 1. 4, the wideband of 2ZASK is Byasx =2 f.

2

PEASK(f) o

G 1)

(i 1.4

+§ﬂ&f+ﬂ»+af—ﬁn]

i)
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APaask(f)

Figure 7. 1.4 The PSD of 2ASK

/7.1.2 FSK

1. Basic principle
The symbols 1 and 0 of 2FSK are respectively transmitted by two sinusoidal with
different frequencies.
Acos(wnt+¢,) when 1 is transmitted

o (7.1.6)
2FSK Acos(w;t +¢,) when 0 1s transmitted

2FSK is the equivalence of two 2ASK superposition(Z ).

FZaﬂg(f —nl . )cosw,t > ASK]1
EopsKk — 2 - (7. 1.. 7)
2 a. gt —nl )coswst = ASK2

i

The generation method of 2FSK is given in Figure 7. 1. 5, where a, is the inverse code

(%) of input data a,.

Oscil[atnr On-off
1

~ V eorsi(n)
tan} = invertor Gl :

l

Dsc;}lamr On-off

Figure 7.1.5 Generation method of 2FSK

The receiving of the FSK signal is also classified into coherent and non-coherent
receivings.

The coherent receiving 1s equivalent to two parallel ASK demodulations, as shown in
Figure 7. 1. 6.

If the signal in the upper branch is larger, then the received decision is 1, if the signal
in the lower branch is larger, then the received decision 1s 0. The coherent carriers (cosw, ¢ and
cosw,t) should be extracted from the received signal, so it will increase the complexity of
the receiver.

The method of non-coherent receiver is given in Figure 7. 1. 7 as follows.

The rule of envelope detection is the same as the decision rule for the coherent

receiving method.
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BPF
| W) a%* LPF ‘
exrsk(f) St Timing pulses output

Sample &

decision
COSAI ‘
BPF I PF 1
()4

Figure 7.1.6 Coherent receiving of 2FSK

—— = BPF |——Envelope detection &

earsk(f) output

Sampling decision ——

*

Figure 7. 1.7 Envelope detection of 2FSK

— BPF [—— Envelope detection

Another method is the zero crossed detection, which is given in Figure 7. 1. 8.

a ifi b d € L
- A"}thler& ——== Differential 9 Recifier —== F‘duls:a —= | .PF }——=
eapskl?) i b output
i O A v R o

(a) Zero-crossing detection principle

SAVAVAVAVENYZ WAVAVAVAY
o JUUUY L UL
CLHHLHTAV kr HATHATL
d IO A DDA

e ST UL e
\ J

(b) The waveform of each point

s

Figure 7. 1.8 The principle and waveform of zero-crossing detection

2FSK signal 1s extensively used in digital communication. I'TU-T recommends that
2FSK system to be used at bit rate 1200b/s and lower.

2. PSD

The PSD of 2FSK should be the sum of the PSD of two 2ASK with different
frequencies. (P(0)=P(1)=1/2)

P (f) :i f:‘r-il’l?l:(f—|_ Fard, : | E.irli'l:(f—fl}]“s 2 | Sil’lﬂ(f—ng)TE 2 N
= 6] | wCFHAIT, | " | af—f)E | | = RIT
sink( f — f2) T, |* B B N
T[(f—‘fE)’I"E }+16[a(f+,f1)—|—3ff f1)—|—3(f—|—fg)—|—3(f f-g)]

L% 1.8)
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As can be seen from the above equation (7. 1. 8), the PSD curve of 2FSK can be
plotted in Figure 7. 1. 9. When | f,— f;| << f,, the curve has only one peak; when
| fo— f1 | =F., there are two peaks.

|- fil<fs | S fil= s | o= hiIF2 15

Figure 7.1.9 The PSD of 2FSK

The bandwidth of the 2FSK signal approximately equals to
Af = | f, — fi]+2f. (7.1.9)

1
T."

where f,=

/.1.3 PSK (Absolute phase shift keying)

1. Basic principle
The symbols 0 and 1 of the 2PSK signal are expressed respectively by two different

initial phases 0 and w. Their amplitudes and frequencies remain unchanged.

The expression of 2PSK is

Acosw.t when 0 1s transmitted
ezpsk (1) = _ _ LE 110
— Acosw.t when 1 1is transmitted
or written as
espsk (1) = s(t)cosw.t b 1. 1)
when s(#) = Ea .2 (t —nT.) . a, is the binary NRZ bipolar rectangular pulse ( AUtk ¥4 A~

HZ).

The 2PSK modulator is illustrated in Figure 7. 1. 10, including the waveforms.

1011011 0 Multpler

e AN

Line e -
Encoder Polar NRZ-L | Binary Phase Shift Keying
(BPSK)
L.ocal
Oscillator Carrier frequency: /.

Figure 7.1.10 2PSK modulator

The demodulation method of 2PSK signal is the coherent receiving. as shown in
Figure 7. 1. 11.
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a c d

eapsk (1) e
O ey —
b

cose, I

Figure 7.1.11 2PSK coherent demodulation

And waveform of each point is shown in Figure 7. 1. 12.

s 4 6 - B = E &
2 ' ' /N,
T/\:/\/\/;\/\/:
WalVaANVAN AN /AN

|

g
gi{r

onall |

-
S

<
> C
<

T

-—

(

[:'______

Figure 7.1.12 The waveform of each point

There may be a phase ambiguity (A i B #) of cosw.t at the receiver, which will
cause phase 0 and = inversing. The symbols 1 and 0 are inversed. and error decision 1s
made. In order to overcome this shortcoming. the DPSK system 1s usually adopted in
practice, which will be discussed in section 7. 1. 4.

2. PSD

For 2PSK signal g,(z) = —g,(¢), and their spectra G, (f) =—G,(f). When P(0) =
PL1)Y=1+2;

ngg}{(]c): %ft[‘Gl (f_l_‘fc} ‘E _|_ ‘G](f_fc} ‘2]

2 2

_Fop| smnl b, sinRlf — J.) T, ] (7.1.12)

Al TSI lkfi— f 0

Compared equation(7.1.6) with (7.1.9), and Figure 7. 1. 4 with Figure 7. 1. 13, the

difference is that PSD of 2PSK have no discrete components 6§ ( f+ f.) and 6 ( f— f.).

Therefore, the 2PSK signal can be regarded as s suppressed carrier DSB ASK. The
bandwidth of 2PSK is Bypsx =2 f.

A Papsk(f)

AN A

Figure 7.1.13 PSD of 2PSK signal

7



10 || BREEE (IE) MK

/7.1.4 DPSK (Differential PSK)

The 2DPSK (Z£41 PSK) utilizes the relative value of the carrier phases of the adjacent
symbols to express baseband signals 0 and 1. @ is used to express the initial phase of the
carrier.

Af is the phase difference of the current symbol and the previous symbol, the rule is

A =0 when 0 1is transmitted

i 7. 1.13)
A = when 1 1s transmitted
For example: (Initial phase is 0)
Baseband sequence a,: 1 1100110 Absolute code
DPsk (0) b6,:10111011 Relative code
by = ar @ b WA N E S

The generation diagram of 2DPSK is given in Figure 7. 1. 14.

s(1) - o €2ppsk(?)
= Code converter ———= Re]a:iwe Multiplier -
Absolute R
code
COSM, !
— eappsk ()
L - \\ -

phase shift n | ode s(f)

converter

Figure 7.1. 14 Generation method of 2DPSK

There are mainly two methods for demodulation of DPSK signal. The first method is

direct comparison of the phases of adjacent symbols, as shown in Figure 7. 1. 15.

eppsk(?) s(1
e B e e S |

—= Delay T

Figure 7.1.15 Direct method of DPSK demodulation

The second method is the coherent demodulation, as shown in Figure 7. 1. 16.

eppsk(f) Sample &
ple Inverse code 1
——= BPF |—= LPF " gecision |1 comversion &

cosm I

Figure 7.1.16 The coherent demodulation of 2DPSK
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/.2 Anti-noise performance of digital passband
modulation system

/.2.1 Bit error rate of ASK

1. Coherent modulation
For a 2ASK system, the sketch map of bit error rate is shown in Figure 7. 2. 1, which

1s similar with the unipolar baseband system.

A

P(0) fo(x) P(1) fi(x)

() h h* o X

Figure 7. 2.1 Bit error rate ot 2ASK

The additive white Gaussian noise in the channel 1s considered.
n(t) = n.(t)cosw.t — n.(t)sinw.t ti. 210
After multiplied by the local carrier and passing through the LPF, the received signal is
v(t), its voltage at the sampling&decision point can be expressed by

A+n.(¢t) when 1 1s transmitted
ki) — k. 2.2
n.(t) when 0 1s transmitted

It 1s similar with the unipolar baseband system.
When P(1)=P0)

Vd* —

A .
o> £7. 4.3

and

1 r "
.. . tlr' L]
2 ZLFL !4 (7. 2.4)
2

a : . . : . .
Where r=gsz el 18 the input signal-to-noise ratio of demodulation.
by

2. Envelope detection
In the envelope system, the conditional probability distribution functions are written

in equation (7. 2.5) and (7. 2. 6), the curves are shown in Figure 7. 2. 2.

£ (V) = ;Jﬂ(?]e—“’“f”ﬁi (7.2.5)
fo(V) = azz“_ﬁmi 7. 8.8

f1 (V) obeys the generalized Ravleigh distribution. f, (V) obeys the Rayleigh

distribution.
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ALl

P(0) fo(V)
P(1) /()

P(1/0)

P(0/1)

0 b bg VIs?
Figure 7. 2. 2 The geometric representation of ASK P. for envelope detection
When p(0)=p(1)

V' = — (7. 2,717

B = %cr C #; | ét:_”u (. 25)

| g
When r—>oco, P.=—¢ "*,

s

Example 7.2, 1: for an ASK signal transmission system, assume the symbol rate is
R,=4.8>X10° Baud, the amplitude of the received signal is A=1mV and the single-side
PSD of the Gaussian noise is 7, =2 X 10 " W/Hz. Find:

(1) the optimum symbol error probability when the envelope detection 1s used;

(2) the optimum symbol error probability when the coherent demodulation is used.

Solution: The bandwidth of 2ASK is 2/T Hz. According to the signal rate, the
optimum bandwidth of the bandpass filter in the receiver should be selected as

B=2/T=2R,=9.6 X10°(Hz)
Therefore, the mean power of the output noise of the bandpass filter is
o =B = L 92 x 17 (W)
The output signal to noise ratio 1s

A 10°°
258: 21 9Z2%ig

= 26 > 1

y

For the envelope detection

| R | —4
= e = et =7, )
| & > ¢ > ¢ 3% 1k
For the coherent demodulation
. = 1 e Mt = 1 e e

S /3. 14 X 26
/.2.2 Bit error rate of 2FSK

1. Coherent demodulation
According to the block diagram of 2FSK coherent demodulation.

Suppose symbol 1 is transmitted, the two received voltages after passing the two
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band-pass filters can be written as
yv1(2) = [A+n.(t) ]coswit — ni1, (1) sinw; ¢
Vo (1) = ns. (t) cosws () — n (¢) sinw. t (7.2.0)
They are multiplied by the local carrier, and pass through the LPF, so the inputs of
decision-making circuit are
Vili) = A1-n..Xt)
V(1) = ny (8) T 210
Because P(0/1)=P(V;<V,;) and P(1/0)=P(V,>V,)

When P(O)=P(1),
R [
L — ZLTL z Ero 2

e 2 k1. 4. 12)

Whﬂﬂ ?‘>>1 .

;

27r
2. Envelope detection
When symbol 1 is transmitted, the two voltages at the sampling & decision device

Input are

alry — \/[A +nq() ] +n4() and V,(2) = V% (2) +n% ()
Pel :P(V1 <Vg) HHdPEg :P(Vl >“VE)
so the bit error rate is

- - %{:_% (7.2.13)

Example 7. 2. 2. assume there 1s a 2FSK transmission system, 1ts transmission
bandwidth is 2400Hz; the two carrier frequencies of the 2FSK signal are respectively f, =
980Hz, f,=1580Hz,the symbol rate is Rg=300Baud,and the signal to noise ratio at the
input of the receiver is 6dB.

Find: (1) the bandwidth of this FSK signal;

(2) the symbol error probability when the envelope detection is used;

(3) the symbol error probability during the coherent demodulation.
Solution:; (1) The signal bandwidth is

Af = |fi— fo|+2f. = 1580 — 980+ 2 X 300 = 1200(Hz2)
(2) The symbol error probability of the envelope detection is

| i — %{:_é

which 1s decided by the signal to noise ratio r. Now the given input signal to noise ratio is
equal to 6dB, but after passing the bandpass filter the noise will further limited, and the
signal to noise will be increased. The bandwidth of the bandpass filter should be equal to:
B=2R,=600Hz. The bandwidth ratio of the input and output of the bandpass filter equals

2400/600=4. So the noise power will be reduced to 1/4,i. e. The signal to noise power
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ratio will be increased by 4 times. Thus the signal to noise ratio at the receiver 1s r=4 X4=16.
So
1 _r 1

PE — ?L‘_E — ?L‘_H = J. T X 10

(3) The symbol error probability of the coherent demodulation is

_ ok e IE 4 o r. |— .2 o __ 9 r —5
P. = ZLI‘fL #2 2[1 erf #2} 2[1 erf2. 8284 | w25 10

and the approximation is

1

27r

P. = ez = 3.39X107°

/.2.3 Bit error rate of PSK

For 2PSK system, the sketch map of bit error rate is shown in Figure 7. 2. 3, which is

similar with the bipolar baseband system.

|
Jo(x) : fi(x)
|

Figure 7. 2.3 Bit error rate of PSK

1. Coherent demodulation of 2PSK

The input voltage of the sampling and decision device can be written as

a—+n.(t) when 1 1s transmitted
i) — (7. 2. 14)
{—a +n.(t) when 0 1is transmitted
Because
n.(t) ~ N(0,86%)
So
Filx) = ! b {:}:p[ (IZ_SEH)E] when 1 1s transmitted
210, n
1 (o f )" . .
FoloE = {:xp[ ; ] when 0 1s transmitted
2O, 20,
The best decision threshold is
Vd* = 0

Then the bit error rate is

When =0 or r—>c<

e -4 15)
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2. Phase comparison method of DPSK
P(0/1) = P{x < 0}

= P{%[(u + 1) Ca + n2e) + Gugns) | << D}

= PUC2a-Lng 195, )° -+ Cngy 0.0 — Cye — ) — Coy, —ims, )7 1 <03
[et ¢ = (2a+nm.+n.0°+ (ny. +n..)% and Rz = (ny. — n5.)% + (nye — n5.)°

P(0/1) = P{Ri <R:3, F(R) = &10(“&};@%5”4&5

i
_ R,
P(0/1) = %{; L R = ﬁc R; /45,
So
PeIfo) =
2
when
P(O) = P(1) = 5+ Po= 3¢ (7.2.16)

3. Coherent detection of 2DPSK
The difference between PSK and DPSK is the code inverse converter, as shown in

Figure 7. 2. 4. We only discuss the bit error rate of the code inverse converter.

{bn} Code {Hﬁ'}

—| nverse =

f
e converter | Pe

Figure 7. 2.4 Code converter

The output probability of the code converter is

P’ = 2P. = erfc+/r (7. 2.1D

/.2.4 Performance comparison of digital keying transmission

system

The symbol error rate probability equations of various binary keying systems
discussed in this chapter are listed in Table 7. 2. 1. As can be seen from these equations,
the symbol error probabilities of the coherent demodulation are all related to erfc(r) and

the symbol error probabilities of the non-coherent demodulation are all related to exp(—1#r).

The symbol error probability curves are plotted according to these equations are

shown in Figure 7. 2. 5. From this figure. we can see that for the same keying mode., the
symbol error probabilities of the coherent demodulation are all less than those of the non-

coherent demodulations. and symbol error probability of PSK is the best.
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Table 7. 2.1

The bite error rate of digital passband system

Modulation Coherent detection Non-coherent detection
e I
ZASK 5 erfu;( I) 5 €
~ L . i — /0
ZFEJK 2 EI’IL( I? ) 2 c
X 1
2P5K ?erfc (J; ) —
, 1
2DPSK erf{:(\/F) ?E

|
Non-co

Coherent ASK
Non-coherent

herent FSK

I
I
I
I
I
I
I
I
I
I
I
I
I
Ui P o st
I
I
I
I
[
[
I
I
I
I
I
I
|

r(dB)

Figure 7. 2.5 The relation between P. and SNR

7.3 Hybrid amplitude/phase modulation schemes

In an M-ary PSK system, the in-phase and quadrature components of the modulated
signal are interrelated in such a way that the envelope is constrained to remain constant.
This constraint manifests itself in a circular constellation for the message points. However,
if the constraint is removed., and the in-phase and quadrature components are thereby
permitted to be independent, which leads to get a new modulation scheme called M-ary

quadrature amplitude modulation (QAM). Both amplitude and phase modulations are

involved in modulating the carrier in this scheme.

In QAM. there are two basis functions, as shown by
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= x%ms{znfcz)., gt gy

p2(0) = [Zsin2nf), 0<¢<T

The transmitted M-ary QAM signal for symbol %k, is defined by

5 (1) = ﬁ/Zf?“akco:a(zfcf;D— Ef“bksin(znﬁm, S Tk = 0,1y 4 2

The signal s, (¢) consists of two phase-quadrature carriers with each one being

modulated by a set of discrete amplitudes, hence the name is quadrature amplitude

modulation, as illustrated in Figure 7. 3. 1.

Figure 7.3.1 Signal-space diagram of 4QAM

16-QAM square constellation is as following Figure 7. 3. 2.

a, A

® & # @ 7
1000 1001 | 1011 1010 - . ,,M"‘"“*i‘

2 & & & 5 F = : ..-'II
1100 1101 | 1111 1110 /

bn 1 ; -

& & ® » % ""-h - : J-_,:’ :

0100 0101 | OT11 0110 ha : |
z i“"":iﬁ_ y: Iy

2 o ® ®

0000 0001 | 0011 0010

(a) (b)

Figure 7. 3.2 (a) Signal-space diagram of M-ary QAM for M=16; the message points in each quadrant
are identified with Gray-encoded quadbits. (b) The generation principle of 16QAM

/.4 OFDM system

Orthogonal Frequency Division Multiplexing (OFDM) is a kind of multi-carrier
parallel modulation system. The main aims of this scheme are:
(1) To improve the frequency utilization and increase the transmission rate.

Frequency spectra of modulated subcarriers are partially overlapped;

(2) Modulated signals are strictly orthogonal to each other in order to be completely

separated in the receivers;
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(3) Modulation of each subcarrier is M-ary modulation;

(4) The modulation system of each subcarrier can be different and adaptive to the
variation of the channel.

OFDM has been widely used in ADSL, HDTV, DVDB (digital video broadcasting),
wireless local area networks, and etc. It has been the focus of research to be used in the
next generation of cellular networks.

Assume there are N subchannels in an OFDM system., each subchannel uses a
subcarrier

x3(t) = BycosZnft + @), k=0,1,2,-,N—1 W B
where B, is the amplitude of the 2™ subcarrier, decided by the input symbols; £, is the
carrier frequency of the ™ subchannel. ¢, is the initial phase of the carrier of the £™

subchannel, then the sum of the N-sub signal in the system can be expressed as

N-1 N-1
s(2) = 2;1‘;,(1‘) — ZBé{?GE(Zﬂﬁ,E + @) (7.4.2)
k=0 k=0

It also can be rewritten as the complex form as follows:
N—1
s(1) = Y Bye™ it €7.4.3)
k=0

where B, is the complex input data of the 2™ subchannel.

[f the frequency spacing between adjacent subcarrier are identical and equal the
reciprocal of the symbol duration Af=1/T. and the subcarrier frequencies equal f, = (m+
n)/2T ,m=1,2,sn=1,2,¢

Then arbitrary two subcarriers in the symbol duration T are orthogonal, 1. e.
T
J cos(2nfit + @ )cos(2nfit + ¢;)dt = 0 (7.4.4)
0

where f;,=(m—n)/2T. The hold of the orthogonal condition in equation(7. 4. 4) is the
independent of the values of ¢, and ¢;. Therefore, this multi-subcarrier system is called

OFDM system, as shown in Figure 7. 4, 1.

Figure 7.4.1 The spectra of multichannel subcarriers

Summary and discussion

In the digital pass band system. the carrier wave is also sine wave. We can compare

this with continuous wave modulation in Chapter 4. The difference is that the baseband
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signal in this chapter 1s digital signal, not the analog signal. The three modulation
parameters of carrier are also amplitude, frequency and phase, so there are three basic
digital modulations: 2ZASK. 2FSK and 2PSK. Since there 1s phase ambiguity in the 2PSK.,
then the 2DPSK is usually adopted in practice. Here the spectrum of modulated signal is
the shift spectrum of digital baseband signal, which is more suitable for transmission. We
have studied the time domain and frequency domain of baseband digital signal in chapter 5,
which is also the basic theory of this chapter.

The general model of passband data transmission system should be remembered. The

input signal of ASK can be regarded as unipolar signal, while the input of 2PSK can be

regarded as bipolar signal. So the anti-noise performance can be also compared with the

unipolar and bipolar systems and the results are similar. The different of 2FSK system is

that there are two carrier wave frequencies. Compare three modulations from generation,
spectrum, bandwidth, demodulation and anti-noise performance. you can understand the
system more fluently(consider another form).

ASK is used almost in every digital communication link including your cell phone and
cable TV. In most wireless links such as satellite TV and high definition TV broadcast
channels uses two ASK links in parallel, each of 16-levels, but rotated in phase 90
degrees, thus the 16x16 combination 1s known as 256 QAM.

2FSK transmitter and FSK receiver implementations are simple for low data rate
application. The 2FSK systems can provide high SNR and it has lower probability of error
and higher immunity to noise due to constant envelope. But it uses larger bandwidth
compared to other modulation techniques such as ASK and PSK. Hence it is not
bandwidth efficient. The BER (Bit Error Rate) performance in AWGN channel is worse
compared to PSK modulation. In order to overcome drawbacks of 2FSK, MFSK
modulation techniques with more than two frequencies have been developed.

For the PSK system, it carries data over RF signal more efficiently compared to other
modulation types. Hence., it is more power efficient modulation technique compared to
ASK and FSK. 2PSK system is less susceptible to errors compared to ASK modulation and
occupies same bandwidth as ASK. Higher data rate of transmission can be achieved using

high level of PSK modulations such as QPSK (represents 2 bits per constellation)

16-QAM (represents 4 bits per constellation) etc.

Homework

7.1 If the message signal is 101101, draw the waveform of ASK, FSK, PSK and
DPSK.
7.2 Assume the rate of 1Mb/s is required to transmit data using the 2DPSK system,

and the symbol error probability does not exceed 107 %, also single-side power spectral
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density of the white Gaussian noise at the receiver input is 7, =10 *W/Hz. Find:
(1) the required received signal power for the phase comparison method;

(2) the required received signal power for the polarity comparison method.

Terminologies

ASK(Amplitude shift keying) I i B 5
FSK (Frequency shift keying) Wil A% S 1

PSK (Phase shift keying) S B 15

DPSK (Differential PSK) 2= o MR EE 4
QPSK IE MRS B 4%
QAM 1 A2 4 1 5] )]
OFDM IE 250 B2




Chapter 3| Further reading: new technologies

In communication systems

8.1 Compressive sensing (CS)

According to the sampling theory. the sampling rate 1s usually 5~ 10 times ot the
maximum frequency of the message signal in practice, and sometimes there is a redundancy
of data. So is there any other method to recovery the original signal with fewer samples?
Recently., the compressive sensing theory has been proposed and become widely used in

communications radar and image processing systems.

8.1.1 Introduction

An early breakthrough in signal processing was the Nyquist-Shannon sampling
theorem. It states that if the signal’s highest frequency is less than half of the sampling
rate, then the signal can be reconstructed perfectly by means of Sinc interpolation. The
main idea is that with prior knowledge about constraints on the signal’s frequencies, fewer
samples are needed to reconstruct the signal.

Around 2004, Emmanuel Candeés., Justin Romberg, Terence Tao, and David Donoho
proved that given knowledge about a signal’s sparsity, the signal may be reconstructed
with even fewer samples than the sampling theorem requires'’). This idea is the basis of
compressed sensing. Compressed sensing ( also known as compressive sensing,
compressive sampling. or sparse sampling) is a signal processing technique for efficiently
acquiring and reconstructing a signal, by finding solutions to underdetermined linear
systems. This is based on the principle that, through optimization, the sparsity of a signal

can be exploited to recover it from far fewer samples than required by the Shannon-Nyquist

sampling theorem. The basic assumption in CS approach is that most of the signals in real
applications have a concise representation in a certain transform domain where only few of
them are significant, while the rest are zero or negligible. There are two conditions under
which recovery is possible. One condition is defined as signal sparsity, which requires the

signal to be sparse in some domain. Another important requirement is the incoherent
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nature of measurements (observations) in the signal acquisition domain. Therefore, the
main objective of CS is to provide an estimate of the original signal from a small number of

linear incoherent measurements by exploiting the sparsity property.
8.1.2 The mathematics theory

Imagine we have a signal x, which represents a time-domain signal of length N. In a
perfect world, we would simply take N measurements. However, we can only take M
measurements (M <<N) each time. We use a vector y to represent our M measurements.
What’s important to note is that one measurement doesn’t necessarily correspond to a
single input wvalue. This may seem confusing at first, but in real-life systems
measurements aren’t always made in a single-file, linear fashion. In order to get to y, we
use @ . Put simply:

y = @x (5.1. 1)
® is the sensing matrix, which allows us to get from x to y (via random
measurements, transformations, or a combination of the two). To summarize, we have the

following Figure 8. 1. 1.

.}!‘

MX1

NX1

Figure 8. 1.1 The illustration of equation (8.1, 1)

e x N X1 vector representing original signal (must be somehow compressible).

e y MX1 vector of output values.

& MXN sensing matrix (how we get from input to output).

x can be uniquely reconstructed by solving the following well-known convex
optimization problem (ML 4k [A]&1) .

minimize ||z |, subject to @x =y (8. 1. 2)

where ”IH1 is /;norm(¢, & %Z¥). This is a NP hard problem. There are basic three type
algorithms: matching pursuit (MP) . basis pursuit (BP), Bayesian compressive sensing
(BCS) and their extending methods, which are usually used in signal processing'®l. The

signal process of CS is shown in Figure 8. 1. 2.

N N=K

k K
2 ’ * L * L N -~
x —= Sampling = Compressing —= Transmission = Receiver [—==| Decompressing —= I

Figure 8. 1.2 The process of compressive sensing
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The comparison table between Nyquist’ s sampling and compressive sensing are in

Table 8.1.1

Table 8.1.1 The comparison between Nyquist sampling and compressive sensing

Comparison

Nyquist Sampling

Compressive Sensing

Sampling Frequency

=2 fu

<Su

Recovery

Low pass filter

Convex Optimization

Exercise 8. 1. 1: Imagine x is of length N=28 and has random values. We want to keep

only 3 of them (let’s say the 1%, 2™ and 5™). Here’s what the linear algebra would look

like in terms of y = Ax in equation (8. 3) "I,
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Inequation (8. 1. 3), we are clearly keeping three samp
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les of our original values and

throwing away the other 5. If x is a sparse signal (only a few useful values) then we can

not afford to randomly keep a few values, or else we might lose the ones we need. This is

because we do not know the location of the useful values beforehand.
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(8.1.4)

| 0 |

[f we randomly select values from our sparse signal, we lose some information. We need a

different approach so we do not lose our non-zero values. If we use Gaussian random

variables as our sensing matrix A, we will not lose the data. It will not look the same for

now ., but 1t 1s still encoded in the output. In equation(8. 1. 5), the sampled points obtain

only 3 output values in a different manner random measurements.
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Simple simulation examples:

1. A sparse time-domain signal (see Figure 8.1.3)

Original signal

2-F h :
{} Y A v
_2 i v 1 ] | 1 ] i
50 100 150 200 250
K measured values
]{} 1 | 1 | 1 1
.U. =
=1 1 1 1 I 1 1
10 20 30 40 50 60
Recovered signal
2 B | 1 I | h [_
'[} ) A v
_2 I v | | | | | i
50 100 150 200 250

Figure 8.1.3 The simulation of a sparse time-domain signal with the compressive sensing method

The original signal had 256 values but we recovered it perfectly even though we only
took 64 random measurements. As can be seen, compressed sensing worked for this
simple example.

2. The image processing with CS method

Take the picture Lena as an example: the compressive sensing method is used for this

image, here the OMP algorithm 1s adopted to recovery picture, as shown in Figure 8. 1. 4.
8.1.3 Application

CS is being a growing field and a wide variety of applications has benefited from this
sensing modality. Figure 8. 1.5 shows a taxonomy (4328) listing major applications of CS.
This section overviews the application areas where CS finds its applicability in current

scenario. This may be helpful in identifying an application area to work on using CS**,
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original image recovery image

Figure 8. 1.4 The original image and the recovery image based on CS method

Com pressive Sensing
Application

| | l | | |

Com pressiving Biomedical Communication Radar Pattern Spg’f}iﬁgnd Video
: icati Systems rstems Recognition ) : Processin
Imaging Application b Systems 2 processing L 2

Figure 8.1.5 Major applications of CS

The various types of radar imaging techniques where CS has been used are synthetic
aperture radar (SAR), inverse synthetic aperture radar (1ISAR), through the wall imaging
radar (TWR) and ground penetrating radar imaging (GPR) ;

In communication system, the research is mainly focused on the following aspects:

1. Wireless Sensor Networks

The efficient data gathering schemes based on CS has been proposed for wireless
sensor networks ( WSN) in exploiting raw data compressibility using opportunistic
routing. These compressive data gathering schemes offers advantages like robustness,
prolonged network lifetime, reduced energy consumption and simple routing scheme, etc.

2. UWB Communication

UWB communication basically makes use of CS architecture called RMPI, for
acquisition of UWDB signals. The reconstruction of original signal can be done by exploiting
its spatial and temporal information. The other issues like, impulse radio detection, echo
detection. channel estimation, high precision ranging and non-coherent UWDB systems has
also been addressed using CS,

3. Direction of Arrival (DOA) Estimation

Method for compressive beamforming using random projections of the sensor data for
DOA estimation has been proposed. CS also has been used to solve problems in
beamforming like grid-mismatch, reducing the number of sensors, DOA estimation for
non-circular sources and the arrays with multiple co-prime frequencies.

4. Blind Source Separation (BSS)

CS for BSS addresses the separation of signal sources from the mixed music/speech
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signal using two-stage cluster-then-¢, optimization approach and using non-negative matrix

factorization.

8.2 Ultra wideband (UWB) system

8.2.1 The definition of UWB

Ultra wideband (UWDB) communication is based on the transmission of very short
pulses with relatively low energy. This technology may see increased use in the field of
wireless communications and ranging in the near future. UWDB technique has a fine time
resolution which makes it a technology appropriate for accurate ranging. UWDB is usually
used in short-range wireless applications but can be sent over wires. Ultra wideband
advantages are that it can carry high data rates with low power and little interference.

Because of the huge bandwidth, UWDB waves have a good material penetration
capability. UWDB is a communications technology that employs a wide bandwidth (typically
defined as greater than 20% of the centre frequency or 500MHz). The mathematical

definition of relative bandwidth is"® .

f.H_fL flfl_fL 0
By = = 20 3 |

The definition of absolute bandwidth is
Bf == f]{ e fL >‘ 500MHE (8. 2. 2)

According to Shannon’s capacity formula, this large bandwidth provides a very high

capacity. Thus, high processing gains can be achieved that allow the access of a large
number of users to the system. Figure 8. 2. 1 shows the comparison between UWB and

narrowband signal. As can be seen,the widthband of UWDB system is really far wider than

m NB
UWB

- . T

fi 7 £y [(Ho)

the narrowband system.

Power Spectral Density

Figure 8. 2.1 The comparison between UWB and narrowband signal

The impulse radio UWDB is a carrier-less (i. e. » baseband) radio technology and
accordingly, in this radio technique no mixer is needed. Therefore, the implementation of
such a system is simple, which means that low cost transmitters/receivers can be achieved
when compared to the conventional radio frequency (RF) carrier systems. Through the
years (1960s—~1990s) the United States military developed the UWDB technology that was

first used for ground penetrating radar. In 1998, the Federal Communication Commissions
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(FCC) recognized the significance of UWB technology and initiated the regulatory review
process of the technology. Consequently, in February 2002 the FCC report appeared, in
which UWDB the

applications. operating frequency bands as well as the transmitted power spectral

technology was authorized for commercial uses with different

densities.
8.2.2 Comparison with other wireless communications

UWB, which stands for ultra-wideband, is a network standard that specifies how two
UWB devices use short-range radio waves to communicate at high speeds with each other.
For optimal communications, the devices should be within 2 to 10 meters (about 6.5 to 33
feet) of each other. Examples of UWB applications include wirelessly transferring video
from a digital video camera, printing pictures from a digital camera, downloading media to
a portable media player, or displaying a slide show on a projector. Figure 8. 2. 2 shows the

spectrum of different wireless communication.

Bluetooth,

802.11a

Emitted 802.11b
Signal Cordless Phones
Power Microwave Ovens
—41dBm/MHz - - - - - R _ _ _ _ _

10.6

1.61.9 24 3.1 5

Frequency/GHz

Figure 8. 2.2 The spectrum of different wireless communication

Bluetooth is a standard, specifics protocol, that defines how two Bluetooth devices
use short-range radio waves to transmit data. To communicate with each other, Bluetooth
devices often must be within about 10 meters (about 33 feet) but can be extended to 100
Examples of Bluetooth devices can include desktop

handheld
microphones, digital cameras, GPS receivers, and printers.

Difference between UWDB and Bluetooth i1s that UWB,

wideband, is a network standard that specifies how two UWB devices use short-range

meters with additional equipment.

computers, notebook computers., computers, smart phones, headsets,

which stands for ultra-

radio waves to communicate at high speeds with each other. For optimal communications,

the devices should be within 2 to 10 meters of each other.

8.2.3 Feature of UNB

Following are the features of UWDB technology.

* (Coverage range: About 30 meters;

e Data rate: About 1 Gb/s;

* Operating frequency: below 1GHz, 3~5GHz and 6 ~10GHz;
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 Standard: IEEE 802. 15. 4a;

« PHYSICAL Layer: MB OFDM, DS-UWB;

* Modulation types: BPM, OOK., PAM, OPM.

Following are the advantages of UWDB.

* [.ow Power;

* (Good noise immunity;

* Signals can penetrate variety of materials easily;

* high immunity to multipath fading;

 potentially very high data rates.

Disadvantages of UWDB.

* Higher cost;

e Slower adoption rate;

* Long signal acquisition times;

e FCC has limited emission requirements which 1s less than 0. 5mW max power over
7. 5GHz band;

e The UWB technology has issues of co-existence and interference with other radio

based technologies.
8.2.4 Impulse modulation signal in UWB signal

The selection of impulse-signal types for UWDB impulse systems is one of the
fundamental considerations in designing UWDB impulse systems, antennas. and circuits
because the type of an impulse determines the UWDB signal’ s spectrum characteristic.
Many types of impulse signals such as step pulse, Gaussian-like (or monopolar) impulse,
Gaussian-like single-cycle (or monocycle) pulse, Gaussian-like doublet pulse, and multi-
cycle pulse can be used for UWB impulse systems. Among those, Gaussian-like impulse,
doublet pulse, and monocycle pulse (see Figure 8. 2. 3) are typically used in UWDB impulse
systems. Particularly, the monocycle pulse is preferred in most UWDB impulse systems
because of its spectral characteristics (having no DC level) that facilitate easier wireless
transmission than the impulse.

UWB uses various modulation schemes based on application requirements, There are
time based techniques and shape based techniques. Pulse position modulation (PPM) is
used as time based modulation. PPM is a simple technique but it needs fine time resolution
in receiver. BPM (Bi-phase modulation), OOK (On-Off Keying) . PAM (Pulse Amplitude
modulation), OPM (Orthogonal Pulse Modulation) etc. are used as shaped based

modulation techniques. PAM and OOK are also simple binary only techniques but they
have poor noise immunity. OPM is complex but it has the advantage of orthogonality.
According to the principle of different modulations, try to match the following

modulations with each corresponding waveform (3% 2k VL),
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Figure 8. 2.3 The monocycle pulse and its spectrum

On-Off Keying (OOK)

Pulse Amplitude Modulation (PAM)

Bi-Phase Modulation (BPM)

Pulse Position Modulation (PPM)

8.2.5 The application of UNB

Ultra-wideband characteristics are well-suited to short-distance applications. such as
PC peripherals. Due to low emission levels permitted by regulatory agencies, UWDB
systems tend to be short-range indoor applications. Due to the short duration of UWB
pulses, it is easier to design high data rates; data rate may be exchanged for range by
aggregating pulse energy per data bit ( with integration or coding techniques).
Conventional orthogonal frequency-division multiplexing (OFDM) technology may also be
used, subject to minimum-bandwidth requirements. High-data-rate UWDB may enable
wireless monitors, the efficient transfer of data from digital camcorders, wireless printing
of digital pictures from a camera without the need for a personal computer and file
transfers between cell-phone handsets and handheld devices such as portable media
players. UWDB is used for real-time location systems; its precision capabilities and low
power make it well-suited for radio-frequency-sensitive environments, such as hospitals.
Another feature of UWB is its short broadcast time.

Ultra-wideband is also used in * see-through-the-wall” precision radar-imaging

technology. precision locating and tracking (using distance measurements between
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radios) . and precision time-of-arrival-based localization approaches. The system of UWDB
through-the-wall radar system is given in Figure 8. 2. 4 It is efficient, with a spatial
capacity of approximately 1013b/s/m?. UWDB radar has been proposed as the active sensor
component in an Automatic Target Recognition application, designed to detect humans or

objects that have fallen onto subway tracks®.

T : \ &
Mixer 1 . m \ 44
PIIZ)I ‘ probe signal " % - o) yf

Colpitts Oscillator

llllll

Figure 8.2.4 The UWB through-the-wall radar system

UWB has also been considered for development of personal area networks and
appeared in the IEEE 802. 15. 3a draft PAN standard. However, after several years of
deadlock, the IEEE 802. 15. 3a task group was dissolved in 2006. The work was completed
by the WiMedia Alliance and the USB Implementer Forum. Slow progress in UWDB
standards development., the cost of initial implementation, and significant lower than
expected performance are several reasons for the limited use of UWB in consumer products

(which caused several UWDB vendors to cease operations in 2008 and 2009).

8.3 MIMO technology

MIMO (multiple input multiple output) 1s a technique where multiple antennas are
used at both the transmitter and the receiver to increase the link reliability and the spectral
efficiency. This concept has been around for many years but its application in wireless
standards is more recent. This is probably due in part to the fact that OFDM (orthogonal
frequency-division multiplexing), which facilitates the implementation of MIMQO, is now
commonly used in today’s wireless standards. MIMO techniques are used in technologies
like Wi-Fi and LTE, and new techniques are under study for future standards like LTE
Advanced'™.

By transmitting the same data on multiple streams. the MIMO radios introduce
redundancy into data transmission that classic single antenna setups (SISO. Single In,
Single Out) can not provide. This gives MIMO systems several advantages over typical

SISO configurations:
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(1) MIMO radios can utilize the bounced and reflected RF transmission to actually
improve the signal strength even without clear line-of-sight, since MIMO radios receive
and combine multiple streams of the same data. This is particularly useful in urban
environments, where signal degradation between single antennas without clear line-of-
sight 1s a major issue.

(2) Overall throughput can be improved, allowing for greater quality and quantity of
video or other data to be sent over the network.

(3) By utilizing multiple data streams, lost or dropped data packets can be reduced,

resulting in better video or audio quality.

8.3.1 The model of MIMO

The basic MIMO model is in Figure 8. 3. 1. Suppose there are M transmitter antennas

and N receiver antennas.

M

Receiver

g Y2
Transmitter -

Yy

Figure 8. 3.1 The basic model of MIMO system

The received signal can be written as;
y=Hx +n £8 1)

where the transmitting signal is x=[ 2, sx2+***s2m |» the receiving signal is y=[ v; s y; s***
Rt his wen R |

vy |s the channel is H=| : . :+ |and n 1s the noise 1in the system.

_hwl hmg JIINM_

Data to be transmitted is divided into independent data streams. The number of
streams M is always less than or equal to the number of antennas N3; in the case of
asymmetrical (m7 n) antenna constellations, it is always smaller or equal the minimum
number of antennas. For example, a4 X4 system could be used to transmit four or fewer
streams, while a3 X2 system could transmit two or fewer streams. When M antennas are
used at both the transmitter and the receiver, and M is large, then the theoretical
maximum capacity C increases linearly with the number of streams M/,

C = MB]Ggg(l_I_%J (8.3.2)

According to the number of users, there are two types systems: SU-MIMO and MU-
MIMO, as shown in Figure 8. 3. 2.
(1) When the data rate is to be increased for a single UE, this is called Single User



132 of]| BERIE (WE ) MUK

MIMO (SU-MIMO) ;

(2) When the individual streams are assigned to various users. this 1s called Mult
User MIMO (MU-MIMOQO). This mode is particularly useful in the uplink because the
complexity on the UE side can be kept to a minimum by using only one transmit antenna.
This 1s also called 'collaborative MIMOQO".

Y
z M5,

— Y ' — — 57
- ! > e - :
Y : 4 Y ¥
e S e \, / B
N/
MS;
(a) SU-MIMO system (b) MU-MIMO model

Figure 8. 3.2 SU-MIMO and MU-MIMO systems

Antenna technologies are the key in increasing network capacity. Beamforming is the
method used to create the radiation pattern of an antenna array. It can be applied in all
antenna array systems as well as MIMO systems.

In MIMO systems, the space-time block-codes (STBC) are widely used, which
involves the transmission of multiple redundant copies of data to compensate for fading and
thermal noise in the hope that some of them may arrive at the receiver in a better state than
others. In the case of STBC in particular, the data stream to be transmitted is encoded in
blocks, which are distributed among spaced antennas and across time. An STBC is usually
represented by a matrix. Each row represents a time slot and each column represents one
antenna’s transmissions over time. Space-time codes combine spatial and temporal signal
copies as illustrated in Figure 8. 3. 3. The signals s, and s, are multiplexed in two data
chains. After that, a signal replication is added to create the Alamouti space-time block
code.

transmit antennas

Sir 812 e g

time-slots | | %21 %22 <+ Sy

: : : S 5
S:
| S1 S22 et Sy _32* ST

(a) Space-time character (b) STBC for 2 antennas

Figure 8. 3.3 The space-time codes

8.3.2 Applications

1. LTE
LTE can use transmit diversity (MISO) and receive diversity (SIMO) as well as
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beamforming, either alone or in combination with MIMO. For LTE and LTE Advanced,
successive 3GPP standards releases increase transmission complexity, beginning with
release 8, which introduced transmission mode 7 (TM7), which supports single layer
beamforming. Release 9 added TMS8, which supports dual layer beamforming (i. e. 2X2
MIMO with beamforming) and Release 10 adds TM9, which supports up to 8 X8 MIMO
with beamforming. The conceptual diagram of adopted 8 X8 LTE terms is illustrated in
Figure 8. 3. 4.

1 eNB 1 UE
e
User I_- @ User
g ~ Cross channel
.—-0"6 '+, de-mapping
Lam I
Multiplex B R ‘ ot — Demultiplex
Into S :
sdinade Map The “channel Received
into . codeword
layers
(streams)

Figure 8. 3.4 Conceptual diagram of adopted 8 X8 LTE terms

The terms “codeword,” “layer,” “precoding,” and “beamforming” have each been
adopted specifically for LTE to refer to signals and their processing. The terms shown in
Figure 8. 3. 4 are used in the following ways:

* Codeword: A codeword represents user data before it is formatted for
transmission. In the most common case of single-user MIMO (SU-MIMQ), up to
two codewords are sent to a single handset or user equipment (UE),

 Layer (or stream): For MIMO, at least two layers must be used. Up to four for
LTE and eight for LTE-A are allowed. The number of layers is always less than or
equal to the number of antenna ports. The receiver needs at least as many antenna
ports as the number of layers.

* Precoding: Precoding modifies the layer signals before transmission. This may be
done for diversity, beamforming. or spatial multiplexing. The MIMO channel
conditions may favor one layer (data stream) over another. If the spatial
multiplexing 1s closed loop. the UE provides a precoding matrix indicator (PMI) so
the eNDB can cross-couple the streams to counteract the imbalance in the channel.

 Beamforming: Beamforming modifies the transmit signals to give the best carrier-
to-noise interference plus noise ratio (CINR) at the output of the channel,
normally by maximizing antenna gain in the direction of a particular UE. It may
also be set to minimize gain in the direction of a second UE which is managed by

another base station (eNB).
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The basic concept for LTE in downlink is OFDMA (Uplink: SC-FDMA), while
MIMO technologies are an integral part of LTE. Modulation modes are QPSK, 16QAM,
and 64QAM. Peak data rates of up to 300 Mb/s (4 X4 MIMOQO) and up to 150 Mb/s (2X2
MIMO) in the downlink and up to 75 Mb/s in the uplink are specified.

In order to keep the complexity low at the UE end, MU-MIMO is used in the uplink.
To do this, multiple UEs, each with only one Tx antenna, use the same channel.

2. WIiMAX

The WiMAX 802. 16e-2005 standard specifies MIMO in Wireless MAN-OFDMA
mode. This standard defines a large number of different matrices for coding and
distributing to antennas. In principle, two, three or four TX antennas are possible. For
all modes, the matrices A, B, and C are available. In the “STC encoder” block, the
streams are multiplied by the selected matrix and mapped to the antennas. The downlink
MIMQO WiMAX system 1s shown 1n Figure 8. 3. 5.

_ Sub-carrier
Encoder (= Modulation —= = Mapping/

PRBS

i
i

IFFT = Filter = DAC = RF

"

encoder

Sub-carrier
Encoder = Modulation —== —=| Mapping/
PRBS

+
-

IFFT = Filter = DAC = RF

Figure 8.3.5 WiMAX Downlink

In Uplink-MIMO only different pilot patterns are used. Coding and mapping is the
same like in non-MIMO case. In addition to single user MIMO (SU-MIMO) two different
user can use the same channel (collaborative MIMO, MU-MIMOQO).

3. Radar

Like MIMO communications, MIMO radar offers a new paradigm for signal
processing research. MIMO radar possesses significant potentials for fading mitigation,
resolution enhancement, and interference and jamming suppression. Fully exploiting these
potentials can result in much improved target detection and recognition performance.

Known MIMO radars may be divided into two classes, as shown in Figure 8. 3. 6;

(1) MIMO radars with collocated antennas and coded signals;

(2) Radars with widely separated antennas, the so-called “Statistical MIMO radars”.

The main areas of research are focused on.

(1) Synthetic aperture radar (SAR) MIMO;

(2) MIMO radar using compressive sampling;

(3) UWB MIMO radar for through the wall and medical imaging;

(4) Performance of MIMO radar with angular estimation and targets tracking:;

(5) Signaling strategies for hybrid MIMO phased-array radar.

One of the important applications of MIMO SAR is on high resolution microwave
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(a) Statistical MIMO radars (b) Collocated MIMO radar
Figure 8. 3.6 MIMO radar models
imaging, a technology which can connect to a huge variety of emerging industries including

airport security checks as well as auto piloting. Following Figure 8. 3. 7 is the 3D imaging

resultst®.

<

(a) The 3D model of airplane (b) The 3D SAR MIMO imaging

Figure 8. 3.7 The comparison of 3D imaging
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Experiment 1 Continuous-wave modulation (Corresponding
to Chapter 4)

1. Introduction

The principles of the CW modulation, including the AM/DSB/FM communication
systems will be studied in this experiment.

At the end of this experiment, you should have learned:

* the simple procedure of CW modulation.

* the concepts of modulation and demodulation.

* the effects of proportional, integral and derivative actions.
* how to carry out simulations using MATLAB software.
2. Description of CW modulation

1) Block diagram

The CW modulation system 1s 1llustrated in Figure A. 1.

M?SSHEE = | Modulater Modulated Channel Demodulater E;timatﬂe: of
signal wave output message signal
Sinusoidal

carrier wave

(a) transmitter (b) receiver

Figure A.1 Component of a continuous-wave modulation

In basic signal processing terms, we find that the transmitter of an analog
communication system consists of a modulator and the receiver consists of a demodulator.
as depicted in Figure A. 1. In additional to the signal received from the transmitter, the
receiver input includes channel noise.

For the demodulation, here we use the coherent detection to recover the message

signal m(z), as can be seen in Figure A. 2.
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Figure A.2 The demodulation of coherent detection

2) The model of AM system and simulation

The generation principle of AM is shown in Figure A. 3.

m(t) ? ? 1)

Aq Cosm 1
Figure A.3 The generation of AM

Suppose the modulating signal m (#) 1s single tone signal cosw.#, so the modulated
signal can be given by
Sam (1) = Agcosw.t + m(t)cosw.t (1)
3) The model of DSB system (see Figure A. 4)

mil) ? Snl1)

COS@, It
Figure A.4 The modulation of DSB
4) The principle of FM system and simulation
The frequency modulated signal is described in the time domain by

b R— ACC{}S[ZﬂfEI‘—FZTE}EfJ m () dr | &,

—

The time domain and frequency domain of an FM signal are plotted in Figure A. 5.
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(a) Time domain (b) frequency domain

Figure A.5 Time domain and frequency domains waveforms of a FM Signal

3. MATLAB simulations for CW modulation
1) AM simulation
Step 1: start MATLAB and type the following commands at the prompt
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>>al0=2;f0=10,fc=50;fs=1000;snr=5;

£=| —20:0.001:20);

aml = cos(2 * pi* f0 * t); % message signal

am=al + aml;

tl =cos(2 * pi*xfcx*xt); % carrier wave

S am=am. ¥ tl;

AM1 = fft(aml); T1 = fft(tl); S AM= fft(s am);

f=(0:40000) * £s/40001 — fs/2;

subplot(3,2,1); plot(t(19801:20200),aml1(19801:20200)); title( 'message signal');
subplot(3,2,2); plot(f, fftshift(abs(AM1))); title( 'spectrum of message signal ');
subplot(3,2,3); plot(t(19801:20200),t1(19801:20200)); title('carrier wave ');
subplot(3,2,4); plot(f, fftshift(abs(T1))); title(' spectrum of carrier wave ');
subplot(3,2,5); plot(t(19801:20200),s am(19801:20200)); title( 'modulated signal');
subplot(3,2,6); plot(f, fftshift(abs(S AM))); title( 'spectrum of modulated signal');

Click “Enter”, you can get the simulations of the AM process. Copy the results in the

following blank (see Figure A.6).

Message signal % 10*  Spectrum of message signal

(VAVAVAYI Ry

02 2 ~500 0 500

1 Carrier wave 5% 10° Spectrum of carrier wave
T o |

0 L I

NIAAARARRAARAARRARRAN 0 L

-0.2 —0.1 0 0.1 0.2 -500 0 500

s Modulated signal 25K 104 Spectrum of modulated signal

0 2

5 , . . 0 |

-0.2 0.1 0 0.1 0.2 =500 0 500

Figure A.6 AM simulation results

Step 2: add the noise to the modulated signal

>> % Add noise

y=awgn(s_am, snr); % fmiffHEEE

a=[35,65];b=[30,70];

Wp=a/(fs/2);Ws=b/(fs/2);Rp=3; Rs=15;

[N,Wn] = Buttord(Wp,Ws,Rp,Rs) ;

[B,A] = Butter(N, Wn, 'bandpass') ;

g=filtfilt(B,A,vy);

Q==£Et{q);T = fitly);

subplot(2,2,1);plot(t(19801:20200),v(19801:20200));title( 'signal with addictive noise ');
subplot(2,2,2);plot(f, fftshift(abs(Y)));title(' signal spectrum with addictive noise ');
subplot(2,2,3);plot(t(19801:20200),g(19801:20200));title( 'The signal after the BPF ');
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subplot(2,2,4); plot(f, fftshift(abs(Q)));title(' The signal spectrum after the BPF ');

Click “Enter”, you can get the simulations of the AM signal with noise. Copy the results

in the following blank (see Figure A.7).

Signal with addictive noise % 10* Signal spectrum with addictive noise

4 . . . I 4
{
2 " | 3|
0L M | 21
=2 | \' J ] 1]
I " : |
-0.2 -0.1 0 0.1 0.2 500 0 500
y The signal after the BPF 6 % 10* The signal spectrum after the BPF
> W w n A ’
0+ i
21
Al |
Ll A V| LJ
4 . L 1 0 |l
-0.2 —0.1 0 0.1 0.2 -500 0 500

Figure A.7 The modulated signal with noise

Step 3: the demodulation process

>> 88 am=q. % tl;

Wp=15/(£s/2);Ws=40/(£s/2);Rp=3; Rs = 20;

[N,Wn] = Buttord(Wp,Ws,Rp,Rs) ;

[B,A] = Butter(N,Wn, 'low");

mQ = filtfilt(B, A, ss am);

MO = fft(m0);

subplot(2,1,1);plot(t(19801:20200),m0(19801:20200));title( 'Demodulated signal');
subplot(2,1,2); plot(f, fftshift(abs(M0)));title( 'spectrum of demodulated signal');

The demodulated signal result of AM modulation signal can be get. Copy the result in the
following blank (see Figure A. 8).
2) DSB simulation

Step 1: the signal generation at the transmitter

>>dt=0.0000001;
t=0:dt:0.005;

f1l = 2000; % message frequency
m=cos(2 * pi* fl % t);

figure(1l);
subplot(311);plot(t,m);title( #EM{FI# (a)');axis([0,0.001, - 1.5,1.5]);
%$%%%%% carrier wave EEEEEFTEEETETESR

fc=1000000; % carrier frequency

c=cos(2*pix*fc*t);

subplot(312);plot(t,c);title('# k{5 % (b)');axis([0,0.00001, ~1.5,1.5]);
$%55555%5%5%5%%% DSB modulation $%%5%%5%5%5%5%5%%%
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Demodulated signal
| 19 [ Y. PO T—— [T RSN, I J— _]

BN SE——. o et Rtttk ottt et et Tttt S dautetets 2]
0.2 —0.15 —0.1 —0.05 0 0.035 0.1 15 0.2
6. X 104 Spectrum of demodulated signal

| i I I | | I

SR, FUUN SO SN WU No— SO S S N—
AR, RS JURNE S SO S HRNUNL ST T s
0 | | | || | | |
=500 —400 =300 =200 -100 0 100 200 300 400 500

Figure A. 8 The recovery signal and its spectrum

s=m. ¥ ¢c; %$DSB signal
subplot(313);plot(t,s);title('DSB {g 5(c)"');axis([0,0.001, -1.5,1.5]);

You can get the simulation of the DSB signal. Copy the result in the following blank(see
Figure A.9).

(¢) DSB signal

Figure A.9 The simulation of DSB signal

Step 2: the multipath propagation and noise in channel

>>al=0.9; $ A9 EER
a2 =0.7; % FH 2=
£2=0.0001; % & 9F K A ZE



ffsA MATLABIFESELRS [|p 141

sl =al *s; % FWE 5K

s2=a2*cos(2*pi*flx* (t+t2)). *cos(2*pix*fcx* (t+t2)); % TUE I
x=sl+s2; % RBEWES

x1 =awgn(x,10); $ M EMEWE {FME N 10

figure(2);

plot(t,x1);title('#HWiR{E = (24 + B ) (f)'),;axis([0,0.001, - 3,3]);

You can get the simulation of the AM signal with multipath &noise. Copy the result in

the following blank(see Figure A. 10).

Received signal ( multipath +noise)

0 0.2 0.4 0.6 0.8 1
%1073

Figure A. 10 The multipath signal with noise

Step 3: the band pass filter

Sewul=2%dt® [fc—F1— 20);

w2 =2 % dt * (fc + f1 + 20);

[c,d] = butter(4,[wl w2], 'bandpass'); % 4 B butterworth JiE i 2%

x2 = filter(c,d, x1); % {5 58 i 8 I K 2%

figure(3);

plot(t,x2);title( {558 i 4 H I P 4% (d) ') ;axis([0,0.003, - 1.5,1.5]);

Copy the result in the following blank(see Figure A, 11).

The signal passed through a bandpass filter
Lig . . 1

] F

05F

0 0.5 I 1.5 2
X 1073

Figure A.11 The output signal of band pass
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Step 4: demodulation

>>x3=cos(2*pix*fext). *x2; % 5P

w=2*dtx* (f1+500);

[p,q] = butter(4,w, 'low'); % 4 B butterworth {i i/ JE I a5

x4 = filter(p, q,x3); % 1§ 5@ i 1% 8 I8 I 2%

figure(4);

plot(t,x4);title( (F-5 M T @A @I KB IEH A ');axis([0,0.003, - 1,1]);

Copy the final recovery signal of the DSB system in the blank(see Figure A. 12).

The signal recovered by the coherent modulation

D

IANANAWANA
VIV VN

—0.5
=y
0 B e I 1.5 2 Poia, 3
% 10
Figure A.12 The recovery signal
3) FM simulation
Step 1: the generation of FM signal(time domain)
>> dt = 0.001; % X E N E] 2K
t=0:dt:1.5; % 7= 4 B (8] () &
am=>5; % 1 & VW il {5 = IR B
fm=5; % 1 ) il {5 = W %
mt = am * cos(2 * pi * fm * t); s 4 A EES
fc=50; % W IE %
ct=cos(2*pi*fcxt); s 4 B I
kf =10; % 1 7€ VA 4 45 &L
int mt(1) = 0;
for i=1:length(t) —1
int mE(i+ 1) =int mt(i) +mt({i) * di; $ KES n(t) W
end s W&, FEEHEES
sfm=am* cos(2* pi* fc*x t+2* pi*kf * int mt); S HEAFIES
figure(1)
subplot(3,1,1);plot(t,mt); % 2z i 8 A5 5 1Y B e A

xlabel ("B} [E] t');

title( ' FRHIE S RETEE ) ;

subplot(3,1,2);plot(t,ct); % & il 2 I 1) Bt 3
xlabel ("B [E] t') ;

title( " A BT A ) ;

subplot(3,1,3);
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plot(t, sfm); $ 221 2 {5 5 89 B 35 [E
xlabel ("B [E] t');

title('E MG S AR E ") ;

Click Enter. The time domain of the message signal/carrier wave/FM can be get. Copy
the results in the next blank(see Figure A. 13).

5 -. | s \ f’ \“-.

Message signal
\

| / / \"'. fX HI"» /\% / \H\" / ‘1\\.

L \ \ \ "55 / \ \ !-"
w2l Nl /. \/ . \/ \/ \m\

Carrier wave

LTI T u”nr [Mrn il Ml ll”nf 1”

o AR A
_1[‘11 M | \!].Sl W V'J V'Jl | l‘ W | l‘w “15
— - . Mod ullf-,?l:ed si gr}a;l e
OM l lll I|| !|'| n | ||' [u |'| I ll' U‘ ||| l ||| | ’ :
=i ||“ L \'0'; w t'| | H u| |'. 11 |'J | M Ts

Figure A, 13 The process to generate the FM signal

Step 2. the FM signal (frequency domain of message signal and modulated signal)

>>ts=0.001; % i+ 8] B%
fs=1/ts; % I B R
df = 0.25; % It s B0 R 0 e, A FE K Bt AR i % B, &3R8 FFT /Y &/ R 6] f
% weonr RS m(t) R E AR xxxnx
m=am* cos(2 % pi* fm* t); $ HEES
fs=1/ts;
if nargin==2

nl=0;
else

nl = fs/df;
end

n2 = length(m) ;
n=2 "(max(nextpow2(nl), nextpow2(n2)));
M=fft(m,n);

m=[m,zeros(l,n—n2)];

dfl = fs/n; s LI B2 A R G S K 8 B AR
M=M/fs; % G5 T, R T AT B R R
f=[0:dfl:dfl * (length(m) —1)] - £s/2;

fs=1/ts;

if nargin==2



144 || BIERE (BE ) BHHHEGE

nl =0;
else

nl = fs/df;
end
n2 = length(sfm) ;
n=2"(max(nextpow2(nl), nextpow2(n2)));
U= fft(sfm,n);

u=[sfm, zeros(l,n—n2)];

dfl = fs/n; % DL b2 B RAE = oK E B AR

U=U/fs;

figure(2)

subplot(2,1,1)

plot(f, abs(fftshift(M))) % fftshift: ¥ FFT H1 { DC 438 % 2| Hi % .0

xlabel ("Jii3 £')

title( 'J &5 5 05 & ')
subplot(2,1,2)

plot(f, abs(fftshift(U)))
xlabel ( "H & £')
title('BA{E S K E ")

Copy the spectrum results and compare these two spectrums(see Figure A. 14).

The spectrum of message signal

g s .

-500 -400 -300 -200 —100 O 100 200 300 400 500
/

The spectrum of modulated signal

L5F .

1+ 5

S | |

-500 -400 -300 -200 —-100 0O 100 200 300 400 500
f

Figure A. 14 The spectral comparison before and atter modulation

Step 3: add noise to FM signal (three types: low SNR/High SNR/no noise)

% xxxxxxxxxxxxx PRI ETHHER TS *xexxxxxxxxxrs

snl = 10; S XEEWRE(/MEHEH)
sn2 = 30; SWERFMRI(KEML)
sn=0; SWERFWRI (TTEML)

db=am"2/(2 % (10 “(sn/10))); S itTHEXTNE & HMERE R E
n=sqrt(db) * randn(size(t)); SEMBHHBERS
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nsfm=n+ sfm; sHERTERIARFNERFES(FoadFEEERN)
Step 4. demodulation (without noise)

>> for 1 =1:1length(t) — 1 % BWUE F 8 Tl g A 2R
diff nsfm(i) = (nsfm(i+ 1) — nsfm(i))./dt;
end

diff nsfmn = abs(hilbert(diff nsfm)); % hilbert 2B, 3R 4 Xf{H 15 2| Bk 0 08 BF (&%)
zero = (max(diff nsfmn) — min(diff nsfmn))/2;

diff nsfmnl = diff nsfmn - zero;

figure(3)

subplot(3,1,1);plot(t, mt); % 2z thll 8 il 15 5 ) B 3 A

xlabel ("B [H] t');

title( "V #l {5 5 WY BT & ') ;

subplot(3,1,2);plot(t,sfm); % £l G5 1B 3 &

xlabel ("B [H] t');

title('"EMEE K4 T EH{ESHIBEE ") ;

nsfm= sfm;

for i=1:length(t) —1 WS 58 L o e Ak B
diff nsfm(i) = (nsfm(i+ 1) — nsfm(i))./dt;

end

diff nsfmn = abs(hilbert(diff nsfm)); % hilbert AF &, 3K 48 X {E 15 2| B 0] & B (645 1 57 )
zero = (max(diff nsfmn) — min(diff nsfmn))/2;

diff nsfmnl = diff nsfmn - zero;

subplot(3,1,3); % 22 | TR A 254 T i AR 5 1 A 3k A
plot((1:length(diff nsfmnl))./1000,diff nsfmnl. /400, 'r');

xlabel ("B} [A] t');

title( 'JCMEF 5 F T RS 5 R BT A ) ;

Copy the simulation process of FM without noise in the following blank (see Figure A. 15).

5 Message signal
/N /\\ ' f\ 7\ r’\ / )jf’\

n\ / \ / \ |

RAVARV/ J

0 f I 1.5

Modulated signal without noise

> T~ T~ T~ T~ T~ T~ o7

T

L i fUﬂlJ I I[l'u il i
The recovery signal (without noise)

_[5] i /3 \V /\\ ; r\x /F\\a / r\\ J rﬁ\\ J /\\:

Figure A.15 The recovery signal without noise
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Step 4: demodulation (with low SNR)

>> figure(4)

subplot(3,1,1);plot(t,mt); % 2 il 18 1l 15 5 1Y B 3 [

xlabel ("B} [E] t') ;

title( "V #l {5 5 A BT A ') ;

dbl =am”"2/(2* (10"(snl1/10))); % 15 XF N B9 /IME W He & 3 B e A |1 O 22
nl = sqrt(dbl) * randn(size(t)); SHENEHEES

nsfml = nl + sfm; sERERTARENERGFES (FoELFEESER)
for i=1:length(t) -1 % W5 =38 T T oy % Ak

diff nsfml(i) = (nsfml(i+ 1) - nsfml(i))./dt;
end
diff nsfmnl = abs(hilbert(diff nsfml)); % hilbert ZAF $, 3K 45 X1 {5 15 3| Pk B 08 BF (R 28 K0 )
zero = (max(diff nsfmn) — min(diff nsfmn))/2;
diff nsfmnl = diff nsfmnl — zero;
subplot(3,1,.2);
plot(1:length(diff nsfm),diff nsfm); % 22 /MG R & B RS BORE S Y B A
xlabel('B[E] t');
title("F/MEMe L E I BB CRG 5 W EE ),
subplot(3,1,3); % 2 il S/ E e EE R B B R S R RS S iy B A
plot((1:length(diff nsfmnl))./1000,diff nsfmnl. /400, 'r');
xlabel ("B} E] t');
title("&/M5WE L& B B B A % RS 5 R BT ) ;

Copy the simulation process of FM with low SNR in the following blank (see Figure A. 16).

Message signal

AMNAANNA

0 0.5 I 1.3
[

Modulated signal with low SNR

5000 | |
| | || | I 1 T
| .
M I I !!
-5000 ' '
0 500 1000 1500
[
The recovery signal(low SNR)
20 . .
0F |
_20 I I
0 0.5 I |3

[

Figure A. 16 The recovery signal with low SNR

Step 4. demodulation (with high SNR)

>> figure(5)
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subplot(3,1,1);plot(t,mt); % 22 il 98 i 15 = 1 B s P

xlabel ( "B [A] t');

title( "I H(E T BB E ) ;

dbl =am"2/(2* (10 "(sn2/10))); SITEXNMHXEREEHAMRESR T E
nl = sqrt(dbl) * randn(size(t)); S$HHEHHMWE

nsfml = nl + sfm; sERNSENARSNERES (G5 LFEESEZR)
for i=1:1ength(t) -1 % H WG 58 o s s b B

diff nsfml(i) = (nsfml(i+ 1) — nsfml(i)). /dt;
end

diff nsfmnl = abs(hilbert(diff nsfml)); % hilbert A8, 3K 4 X} {5 15 2| Bk 0 08 BE (R 45 R %)
zero = (max(diff nsfmn) — min(diff nsfmn))/2;

diff nsfmnl = diff nsfmnl — zero;

subplot(3,1,2);

plot(1:length(diff nsfml),diff nsfml); s2-HEsERKEREYESEHRARMEDEREAES
% HY B s P

xlabel ("B} (8] t');

title("FRERILEHA%RS CRAGFESHNEE"),;

subplot(3,1,3); S E KIER ST HREREES
% HY B e P

plot((1:length(diff nsfmnl))./1000,diff nsfmnl. /400, 'r');
xlabel ("B [A] t');
title("& R{EW HLE I A RS RE S K ) ;

Copy the simulation process of FM without high SNR in the following blank(see Figure A, 17).

Message signal

[: “f\‘a f\&' 7 / \1 /\ g 7 \ .{f \1‘*11 |
50\\/ \“\// \{; \/ U i \/ \/ J

"D
LAVAY ”N\@%W“wmw’% \

!

Figure A.17 The recovery signal with high SNR

4. Discussion the results
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Experiment 2 Pulse modulation (Corresponding to
Chapter 5)

1. Introduction

The principles of the pulse modulation are studied in this experiment. including the
sampling process, quantization and the PCM communication systems.

At the end of this experiment, you should have learned:

* the principle of sampling theorem.

* the simulink simulation for sample&hold.

* the PCM process.

* how to carry out simulations using MATLAB software.

2. Pulse modulation

1) Principle of sampling theory

Sampling: an analog signal is converted into a corresponding sequence of samples, as

shown in Figure A. 18.

gk gs()

S INC L att ey
0 k Eﬂp'll

instantaneous sampled version of
the analog signal

Analog signal
Figure A.18 The sampling process

There are two different methods to get the simulations of the sampling and its
reconstruction in MATLAB. Suppose the analog signal is sine wave.

Method 1: use the. m function to realize the sampling process

clear;

£=1000; % {5 S F
fs=10000; % RAHEEH K

dt = 0.00001;
tl=1/f;ts=1/fs;

n=1:400;

m=1:40;

E=EE % m;

x=sin(2 * pi * £ * nx dt);
subplot(311);plot(n/100, x);
title(f55"');
xs=sin(2*pix* f* t);
subplot(312);stem(m/10,xs);
title('REHEES');

$% Wit— RE R FIR JEJar %%
wp =2 * 1500/8000;
w=blackman(1l +1);
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h=firl(1,wp, 'low’', w);

xr = filter(h,1, xs);
subplot(313);plot(m/10,xr);
title("HEEES '),

You can get the simulation of the sampling process. Copy the result in the following blank
(see Figure A.19).

signal

] £ s P P
LLALLY I 1 LLALLY I I LLAALY 1 I LLALLY 1

M

|

0 0.5 1 1.5 2 2 3 3 4

Figure A.19 The sampling signal and its recovery

Method 2. the sample and hold circuit (Use the simulink to simulate this process)
Create a new model file and then find the following modules, as shown in Figure

A. 20. (You can find these modules from view>library browser. )

samplingusingsa ;andhuld'
File Edit View Simulation Format Tools Help

DIFHE tBR|EF= 4|20 r oo [Hrmal E
Fulse
Generator
Sine Wave
| r -
4
| | InE
Sample
and Hold1

Figure A. 20 The modules in Simulink

The parameter setting of each module is shown in Figure A. 21.
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!IlSuunuzﬂkxkjhnanuﬂ:nn!ﬁnei? : : |t S|

Sine Wave -

Cutput a sine wave:

| 0(t) = Amp*Sin(Fregst+Phase) + Bias

Sine type determines the computational technique used. The
parameters in the two types are related through:

Samples per period = 2%p1 / (Frequency * Sample time)

Number of offset samples = Phase * Samples per period / (2»pi)

Use the sample-based sine type i1f numerical problems due to rmning
for large times (e, gz. overflow in absolute time) occur.

Farameters

Sine type:|Time baszed r|

Time {t}:|Use zimulation time r|

Amplitude:
|
Bias:

0

Frequency (rad/sec):

1000

Phase (rad):
1]

I‘ Sample time:
1/20000 |

| Ok || Cancel || Help

(a) The parameters setting of sine wave

"Bl Source Block Parameters: Plse Generator &

G

Pulzse Generator

i 3

Cutput pulzes:

if (t »= Phaselelay) && Pulse is on
Yi{t) = Amplitude

elze
Y{t) =0

end

Pulse type determines the computational technique used.

Time-bazed i1z recommended for use with a wvariable step solver,
] while Sample-based is recommended for use with a fixed step
solver or within a discrete portion of a model using a variable
step solver.

Parameters

Fulze type:[Time hased vl

Time {t}:|Use gimulation time -|

Amplitude:
1)

Period (=ecs):

0. 0009

FPulse Width (¥ of period):
a0

FPhase delay (secs):

IID |

Interpret wvector parameters as 1-D

| OK || Cancel || Help

(b) The parameter setting of Pulse generator

Figure A. 21 The parameters settings
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— Mux

Multiplex =zcalar or vector signals.

— Parameters

Mumber of inputs:
2

Dizplay option: Ihar o

9 ‘ OF | Cancel | Help Apply

(¢) The parameter setting of Mux

Figure A. 21 (%£)

The simulation result is shown in Figure A. 22.

EiSc;pe L) -

2o Q< i D%% Ba s -

Figure A. 22 The simulation result in simulink

2) The process of PCM system
There are three steps in the process of digitizing an analog signal: sampling,

quantization and coding. As can be seen in Figure A. 23, the output signal is PCM.

) Sampling P Quantizing I—h Encoding I—b

Basic operations of PCM

Figure A. 23 The process of PCM

Step 1: here we also use the sine signal as the original signal

clear all;

close all;

$ By RES

dt = 0. 002; % HUB [a] (8] f& A 0. 01
t=0:dt:10; % LA dt ShiEfgm A o B 10 i &
fc=1 % xt B fCH =

xt=sin(2*pi* fc*t) +tcos(2 % pi*fc*t); % xt i
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KM WHEEZEFS 2N WNEEBRUES

fs=10; S fs>=2fc, BN ME S HRFESF TRKT 2fc 4>
sdt = 1/fs; % Hi I SR AEE] B 0.1

tl = 0:sdt:10; % LA sdt Ny [E]F& A 0 B 10 i A
st=sin(2*pi* fc*xtl) +cos(2*pix*fc*tl); % coswt=cos2pift,2pif=w
figure(1);

subplot(311);

plot(t,xt);title('JRIGIE 5 '); % FMRE, ELEHE

grid on % HH =

subplot(312);

stem(tl,st,'."); s FHRIE, & aE
title('fiFEfF=");

grid on % W H =

% &b % — 2P 58 Al

n = length(st); $SH st WK E N n, B pRE n h 101
M = max(st);
A= (st/M) % 2048;

% al (M) a2a3ad (Biik 1Y )a5a6a7a8 ( BN HFiY)

code = zeros(n, 8) ; sred ix8 WEHE
S RPN al
for i=1:n % if 8 35 )
if A(i)>=0
code(i,1) =1; s LEXIEE
else
code(i,1) =0; s RFENAE
end

% ExNiY a2a3a4d
if abs(A(1i))>= 0&&abs(A(1))< 16

code(i,2) =0;code(i,3) =0;code(1i,4) =0;step=1;start=0;
elseif 16 <=abs(A(1))&&abs(A(1))< 32

code(i,2) =0;code(i,3) =0;code(i,4) =1;step=1;start =16;
elseif 32 <=abs(A(1i))&&abs(A(1))< 64

code(1i,2) =0;code(1i,3) =1;code(1,4) =0;step=2;start =32;
elseif 64 <=abs(A(1))&&abs(A(1))< 128

code(i,2) =0;code(i,3) =1;code(1i,4) =1;step=4;start =64;
elseif 128 <=abs(A(1i))&&abs(A(1))< 256

code(i,2) =1;code(i,3)=0;code(i,4) =0;step=8;start=128;
elseif 256 <= abs(A(1i))&&abs(A(1i))<512

code(i,2) =1;code(i,3) =0;code(1i,4) =1;step=16;start = 256;
elseif 512 <=abs(A(1i))&&abs(A(1))< 1024

code(i,2) =1;code(i,3) =1;code(i,4) =0;step=32;start=512;
elseif 1024 <=abs(A(1i))&&abs(A(1i))< 2048

code(i,2) =1;code(i,3) =1;code(1i,4) =1;step=64;start =1024;
end

B=floor((abs(A(i)) — start)/step); % Bt NS 400 floor BLEE 4 47 5 A

t = dec2bin(B, 4) — 48; % dec2bin E N B N a v —dEHlpL, — 48 P Bk =
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code(i,5:8) =t(1:4); % Ty Br N S
end
code = reshape(code’, 1,8 * n) ; % reshape LR EFH B
code
subplot(313);

stem(code, '. ') ;axis([1 1000 1]);
title("%BS1fE5");

grid on

Save these code as. m file, and run it. Copy the result in the following blank(see Figure A, 24).

Original signal
2 | | | | 1 | | | |
JAEAEAWFANY AUVAWF AW AN AW AW
D) : I : I : I : | !
0 l 2 3 4 5 6 T 8 9 10
Sampling signal
2 ; . .

AR fni o & o g
‘lﬂll HJ. LUL: ML. J.: ﬂ. lU. :

A 3 6

=
H o - = -

_2 | |
10
Coded signal
l i e e e b o o il ik e bl n e a
0 " -""‘-'I—‘I"'I"I"."Ih'——'l’—"- e L I L

1020 30 40 50 60 70

o0
=

90 100

Figure A.24 The simulation process ot PCM

Step 2: we change the sine wave to the speech signal. The speech file is testl. wav. Open

it in MATLAB using wavread function(see Figure A. 25)

[[x, fs, bits] = wavread( 'testl.wav');
subplot(211);plot(x);title( ' ES")
n = length(x);
M= max(x);
A= (x/M) * 2048;
code = zeros(1i,8);

for i=1:n

if A(i)>=0
code(i,1) =1;
else
code(i,1) =0;
end

if abs(A(i))>= 0&&abs(A(i))< 16

code(i,2) =0;code(i,3) =0;code(i,4) =0;step=1;start=0;
elseif 16 <=abs(A(1i))&&abs(A(1))< 32

code(i,2) =0;code(i,3) =0;code(i,4) =1,;step=1;start =16;
elseif 32 <=abs(A(1i))&&abs(A(1i))< 64
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code(i,2) =0;code(i,3) =1;code(i,4) =0;step=2;start = 32;
elseif 64 <=abs(A(1))&&abs(A(1))< 128

code(i,2) =0;code(i,3)=1;code(i,4) =1;step=4;start=64;
elseif 128 <= abs(A(1i))&&abs(A(1))< 256

code(1,2) =1;code(1,3)=0;code(1,4) =0,step=8;start =128;
elseif 256 <= abs(A(1i))&&abs(A(1))<512

code(i,2) =1;code(i,3) =0;code(1i,4) =1;step=16;start = 256;
elseif 512 <=abs(A(1))&&abs(A(1))< 1024

code(i,2) =1;code(i,3) =1;code(i,4) =0;step=32;start =512;
elseif 1024 <=abs(A(1))&&abs(A(1))< 2048

code(i,2) =1;code(i,3) =1;code(i,4) =1,step=64;start =1024;
end
B= floor((abs(A(i)) — start)/step);

t = dec2bin(B, 4) — 48;
code(i,5:8) =t(1:4);

end
code = reshape(code', 1,8 * n);
code
subplot(212);
stem(code, '. ') ;axis([300000 300500 01]),
title("'4ME{E5");

grid on

Sampling signal
D+1 | 1 [ 1 [ [ I [

0.05F

3 3.0005 3.001 3.0015 3.002 3.0025 3.003 3.0035 3.004 3.0045 3.005
X 10°

Figure A. 25 The PCM signal of voice signal

Step 3: the encode and decode process of PCM
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S

The principle is as following flow chart Figure A. 26.

(o)
+

Input signal

+

Judge positive and
negative

+

Normalization and
quantification

'

Segment
judgement

i

Inner-segment
Judgement

+

Output
+

(o)

The encode function is saved as pcm. m

% PCM % i 7

function code = pcm(S)

z = sign(S);

MaxS = max(abs(S) ) ;
S = abs(S/MaxS) ;

Q=2048 % S;

code = zeros(length(S), 8);
% B & i | W #E
for i =1:1ength(S)
if (Q(i)>=128)&(0Q(1i)<=2048)
code(i,2) =1;

end

Figure A. 26 The flow chart of PCM

$S AMARGS

% ¥t S B IE

$ 3K S B & KIE

$ H—1k

% &1k

s IS FEREHmE (%)

% £ 5

shEB SR NBZE, BAmEE —fER A" 1L"

if (Q(1)>32)&(0(1)<128)||(0(i)>=512)&(Q(1i)<=2048)
s EH=-E/NBERN, BAESH A"

code(i,3) =1;

end

if (Q(1)>=16)&(Q(1)<32)[[(Q(i)>=64)&(Q(i)<128)[(Q(i)>=256)&(Q(i)<512)||(Q(i)>=

1024)&(Q(1)<=2048)
code(i,4) =1;

end

end

% B A A T AR

N = zeros(length(S));

for i=1:length(S)

N(i) = bin2dec(num2str(code(i,2:4))) +1;

EANEBW, BAEE =0 8"1"

$ $ 3| code i T 55 JLEX
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end
a=1[0,16,32,64,128,256,512,1024]; % & 1t 8] f@
b=[1,1,2,4,8,16,32,64]; % BR Ll 16,18 25 B W & /D &2 1L 18] F&
for i =1:1length(S)
q=ceil((Q(i) —a(N(i)))/b(N(i))); s RKEEBEHNMALE
if g==
code(i,(5:8)) =[0,0,0,0]; s R EANZT, WL o"
else k = num2str(dec2bin(g—-1,4)); % 4 i B A A o — 3
code(i,5) = str2num(k(1));
code(i,6) = str2num(k(2));
code(i,7) = str2num(k(3));
code(i,8) = str2num(k(4));
end
iF ziir>10

code(i,1)=1;
elseif z(1i)<0
code(i,1) =0;
end % = oL /Y A by

end

You can test it use a data k=1270 or 635. And then k is as the input data of this pcm

function in the command window.

Test this process
>>k=[2048 1270 635]
a = pcm(k)
Then try to get the value of a.

Step 4: Use the simulink to simulate sampling process

Create a new model file and then find the following modules as shown in Figure A. 27.

- — 3

i samplingpmcess
| Fle Edit View Simulation Format Tools Help

DSEH&| 2B | 4|20 > 500 |roma | BERSE B

A

\/
Sine Wave II + Fioe- [_I

—rﬁj EI Scope
% [’ -

Pulse A=
Generator el

Figure A. 27 The simulink modules

From View-library browser to find the sine wave and other modules, and the

parameter settings are shown in Figure A. 28.
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Jze the szample-baszed sine type 1f rumerical problems due
to rurming for large times (e.g. overflow in absolute
time) occour.

Farameters

Sine typa:lTinﬁ based -

Time (t): |Use simulation time -—“
Amplitude:
1

Bias:

0

Frequency (rad/sec):

2%pil

Phase (rad):

1

Sample time:

0

Interpret wector parameters as 1-D

T TR EREEREEEERIIRRTIZII 3

|0k || Cancel || Help |

(a) The parameters setting of Sine wave

1" Block Parameters: Pulse Generator |?||X|

Pul=se Generator

Output pulses:

if [t »>= PhaseDelay) Pulse is on
T(t) = Amplitude

else
¥(t) = 0

end

FPulse type determines the computational technigue used.

Time—bazed iz recommended for u=ze with a variable step =zolver, while
Sample—based i=s recommended for use with a fized step solver or within a
discrete portion of a model using a variable step solwver.

— Parameters

Pualze trpe:

Time (t): IUSE simulation time -

Amplitude:
1.5

Feriod (secs):
0. 025

Fulse Width (% of period):
a0

Fhase delay [secs):
||:|

FF Interpret wvector parameters as 1-D

| x| camea | e Apply

(b) The parameters setting of Pulse generator

Figure A. 28 The parameters setting in each module
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_:' Block Parameters: Product

— Product

Maltiply or divide inputs. Choose element—wise or matriz product and specify
one of the following:

a) ®% or / for each input port (e g., #*%/%)

bl scalay specifies the number of input ports to be multiplied

Scalar value of "1’ for element-wise product causes all elements of a single
input vector to be maltiplied.

If / iz specified with matriz product, compute the inverse of the corresponding
input.

|Signal data types |

Humber of inputs:
|2

Multiplication: I Element—wisel, *)

Sample time (=1 for inherited):
-1

(¢) The parameters setting of Product-Main

Eﬂln-:k Parameters: Product

— Fraoduact

Multiply or divide inputs. Choose element—wise or matriz product and specifry
one of the following:

a) * or / for each input port (e g, "ok /%)

b) =calar specifiezs the number of input portz to be multiplied

Scalar walue of " 1° for element—wise product causes all elements of a single
input rector to be maltiplied

If / is specified with matriz product, compute the inverse of the corresponding
input.

Main ] Signal data t:.-'pesé I

e e e s

[_ Fequire all inputs to have zame data trpe

Output data trpe mode; |5ame as first input -

Found integer calculations toward: IFlcn:l:r -

[ Saturate on integer overflow

Eﬂlu{:]{ Parameters: S5um

— Sam

Add or subtract inputs. Specify one of the following:

a) string containing + or - for each input port, | for spacer between ports
(e. g, ++|=|++)

b) scalar >= 1. A walue > 1 sums all inputs: 1 =sums elements of a =zingle input
rector

o

Main ISign.al data types I

1
|||||||||||| [ 3

Icon shape: I round -

List of =signs:

| |++

Sample time (-1 for inherited):
-1

OE Cancel I Help Apply

——

(e) The parameters setting of Sum-Main

Figure A. 28 (continued)
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EBluck Parameters: S5um

— Suam

Add or subtract inputs.

Specify one of the following:

a) string containing + or - for each input port, l for spacer between ports
(e. E. ++|—|++j

b) zecalar »>= 1. A value > 1 =zumsz all inputz; 1 =zumz element:z of a =zingle input
vactor

[T Require all inputs to have szame data type

Output data trpe mode: IIrn.herit ria internal rule

Eound integer calceulations toward: IFlanr

ﬁ: baturate on integer overflow

(f) The parameters setting of Sum- Signal data types

LT! Block Parameters: Constantl
Constant

Output the constant specified by the 'Constant wvalue' parameter.

"Constant value' iz a vector and ' Interpret vector parameters as
1-D" is on, treat the constant value as a 1-D array. Otherwiss,
oatput a matriz with the same dimenszions as the constant walue.

1t

grme—— "
C 4
£ ]
£

I S1gnal data types

Constant wralue:

[z 0 -3.3]

B
llllllllllll g

¥ Interpret vector parameters as 1-D
cample time:
|int

Ejﬂlm:k Parameters: Constantl

— Constant

Dutput the constant specified by the 'Constant value’ parameter, If
"Constant value’ iz a wector and ' Interpret wector parametaers as
1-D° is on, treat the constant value as a 1-D array Otherwise,
output a matriz with the same dimensions as the constant walue.

(h) The parameters setting of Constant- Signal data types

Figure A. 28 (continued)
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ke,

Select: —~ Simulation time -
~Solver : !
i t z = t z
!----D:ta Import/Export Etbarae II] 0 Stop time Il
~Optimization _
I:T}-Diagnnstin::s — Solver options
: _[S):El:rajﬁx‘tr Type: IFiHEd-s't.Ep :] Solver: Idiacratﬂ (no continuous states)
- Iype Conversion : . e
T e Fized-step size (fundamental sample time): |IZI.[IIJEI5
~Compatibility

- Llsish Lesnkai — lasking and sample time options

L-Swing
~Hardvare Inplementation | periodic sample time comstraint: [Unconstrained ——  pa

—Model Referencing
=Simulation Target Tasking mode for periodic zample times: Auto
- Symbols
LeCustom Code
ER?_‘;;E;:: e e [T Higher priority value indicates higher task priority
!—-Cmmts
i- Symbols
F+Custon Code

E E:E 1::.4! s >
1| | 3

(1) the block and configuration parameters setting

I~ Automatically handle rate transition for data transfer

Figure A. 28 (continued)

The simulation result is shown in the following Figure A. 29.

_ L - &

G0 @< i NN Bas .

(AR
il

TT—

Figure A. 29 The simulink result of sampling process

3. Discussion the results

Experiment 3 Digital passband transmission(Corresponding
to Chapter 7)

1. Introduction

The generation and detection of ASK/FSK/PSK will be studied in this part. At the
end of this experiment, you should have learned:

* the principle of generation and detection of digital passband transmission.

* the simulation of AMI& HDB; encoder.

* how to carry out simulations using MATLAB software.
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2. Passband digital modulation and demodulation
Functional model of passband data transmission system is shown in Figure A. 30.

Carrier wave

[ R R R R S T TR R i St ] R R A e e R L

| I | |

I | I | I Estimate

m; | Signal 5 L s, , s x(1) | X Signal ' om

h:gfﬁ_ige ——+m= transmission ——=={ Modulator —H——== C m{g?:;‘lﬂmn | Detector |—e={ transmission — -—

I encoder I 4 | decoder |

I I | |

I I | |

e Ay S I ] B gt e v e 1

Transmitter Receiver

Figure A. 30 Model of passband digital transmission system

1) Principle of ASK (amplitude-shift keying)
The block diagrams of the generation and coherent detection of ASK are shown in
Figure A. 31 and Figure A. 32.

Binary NRZ signal erasi(f)
—= Multiplier F—=
s(1)
EGS&}CIT

Figure A. 31 The generation of ASK

exask(?) daiiolin Output
— = BPF |—=| Multiplier —={ LPF | —= S ——
& decision
cosm f t Timing T
pulse

Figure A. 32 The coherent detection of ASK

The MATLAB simulations code of the generation and detection of ASK are in the
following. Suppose the carrier wave is sine wave. Use the main. m function to realize the

whole process.

clear all
close all
1=10;
j =5000;
t = linspace(0,5,7); % Bt 0,0.001,0.002, - 3£ 5001 4~ &
o= 11{;
fm=i/5;
B=2 % fc;
5SS ITTETTSS55555S AR (ES
a=round(rand(1,i)); % BB ¥ 51
figure(2)
plot(rand(1l,1i))
st=t;
forn=1:10
ifafn)<l;
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form=3j/i* (n—-1)+1:j/i*n % —MF5 B 500 4~
st(m) =0;
end
else
form=4/i*{n—-1)+1:5/i%n
st(m) =1;
end
end
end
figure(1);
subplot(421);
plotlt, st);
axis([0,5, —1,2]);
title('BHFHES");
s EEFEEFEFEESEFFTEEEEEES AT
sl =cos(2*pix*xfc*t);
subplot(422);
plot(sl);
title("#HiKEF");
S ST 5SS 1
e 2ask=st. * gl;
subplot(423);
plot(t, e 2ask);
title('BAEF");
noise =rand(1,j);
e 2ask =e 2ask + noise; % InABg R
subplot(424);
plot(t,e 2ask);
title("MIAMFH{FES");
EEEEETTLEEEEET5555%5%% M TR

at=e _2ask. *cos(2*pi* fc*t);

at = at — mean(at);

subplot(425);

plot(t,at);

title("HERFHFEF');

[£,af] = T2F(t,at); % 18 o {KE B I 4%

[t,at] = lpf(f,af,2 x fm);

subplot(426);

plot(t,at);

title( 'R ") ;

S E S S EE ST ESEEEEESSSS M R

Forn=4:1—1;

if at{1,m*500+250) +0.5<0.5;

for J=m*500+1:(m+ 1) % 500;

atfl; i) =0;

end
else
for J=m*500+1:(m+1) * 500;
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at(l,;j)=1;

end
end
end
subplot(427);
plot(t,at);
axis([0,5, —1,2]);
title(HlIFEEHI R G T ')

The sub-function T2F is as following (create a new. m function)

function [f,sf] = T2F(t, st)
dbe=t(2) —t(1);

T=t(end),;

df = 1/T;

N = length(st);

f= —N/2 % df :df :N/2 % df — df;
sf = FEE{st):

sf = T/N % fftshift(sf);

The low-pass filter function is as following:

function [t st] = 1pf(f, sf, B)

% This function filter an input data using a lowpass filter
% Inputs: f: frequency samples

% sf: input data spectrum samples

% B: lowpass's bandwidth with a rectangle lowpass

% Outputs: t: time samples

% st: output data's time samples
df = Fl21—Fk1});
T = 1/df;

hf = zeros(1,length(f));

bf = [ — floor( B/df ): floor( B/df )] + floor( length(f)/2 );
hf (bf) = 1;

yf = hf. * sf;

[EisE]l = F2T L, yE);

st = real(st);

You can get the simulations of the ASK process. Copy the results in the following blank
(see Figure A.33).

2) Principle of FSK (frequency-shift keying)

The symbols 1 and 0 of 2FSK are transmitted respectively with two different carrier
frequencies. 2FSK is equivalence of two 2ASK’s superposition (F ). The generation and
detection are shown in Figure A. 34.

The MATLAB simulations code of the generation and detection of FSK are in the

following. Use the, m function to realize the whole process,

clear all

close all
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Message signal

Carrier wave

2 . ]
| T,
e = h“ IR
I e
r . . - ALY
0 2 d 0 2000 4000 6000
Modulated signal The signal with addictive noise
| M E-WMHWMHW
o — T 0
O A |
0 2 4 6 6
Signal passing through multiplier Demodulated waveform
Z - . 0.5 -
il | [T
= - - 0.5 — -
0 2 4 6 0 2 4 6
Output waveform
2
o > 4
Figure A. 33 The simulation of ASK process
m(f)
X
Binary On-off ?1(0) =V2/T; cos(2n i) Y+  Binary
data —= level |—e ESK
sequence encoder A+ signal
s(t)
m(1)
—=| Inverter —-—%
o) =\2/T;, cos(2m fo1)

(a) 2FSK transmitter

Iy

.

dr

f

xX)— (0
ﬁ(}?—; ITb dll_'
0
(1)

Decision [ Choose 1 if y >0

device

|

Threshold=0

—— Choose 0 if y <0

(b) Coherent 2FSK receiver

Figure A. 34 The generation and coherent detection of 2FSK



ffiiskA MATLAB{FESLLE ||p> 165

i=10; $ W (EEMTH

§=5000;

a=round(rand(1,1i)); % F=4 1L F 7|

t = linspace(0,5,3);

f1=10; $ #H i 1 FHiF

f2=5; % P 2 W FE

fm=1i/5; % HH {5 SMFE

Bl=2xfl; $ &8 1% %

B2=2x%xf2; s B 2%

S EFESESESEEEEE5555 AR ES

stl = t;
for fi=1:10
if alnl<i;
form=j/i* (n—-1)+1:3/i#*n
stl(m) =0;
end
else

form=5j/i*(n—=1)+1:5/i*n

stl(m) =1;
end
end
end
st =%;
EEEFITEEETTL555%5%% HW[E T RK
forn=1:3;
if stl(n)>=1;
st2(n) =0;
else
st2(n) =1;
end
end;
figure(l);
subplot(411);
plot(t,stl);

title('EHES");

axis 0.5, 1,21 );

subplot(412);

plot(t, st2);

title("BRWESRIE");

cocial [ 0.5, —1.21);

S ESEFEFEEELSEEFFEE55555S R ES
sl =cos(2 * pi* fl % t)

s2 =cos(2 * pi*f2*t)

subplot(413), plot(sl);

title("FHEF S5 1');

subplot(414), plot(s2);

title("FHEFF 2');

S EEFE TS SESTESFESSESSSS U
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F1=stl. *sl; $ AR 1

F2 =st2, *s2; $ N A 2
figure(2);

subplot(411);

plot(t,Fl);

title{ 'sl = stl');
subplot(412);

plot(t,F2);

title{ 's2 # s£2");

e fsk=F1+F2;

subplot(413);

plot(t,e fsk);

title('2FSK {5 ")
noise = rand(1, j);
fsk=e fsk+ noise;
subplot(414);

plot(t, fsk);

title( MM/ F5 )

S FFEEEEEEEEEEESS55555S MH T
stl =fsk. *s1; $ S K 1 HHF
[£,sf1] = T2F(t,stl); % i@ id1KiE )8 K 2%
[£,5t1] = lpf(f,sfl,2 = £m);
figure(3);

subplot(311);

plot(t,stl);

title(' S 1 HFFHKIE ) ;
st2 =fsk. *s2; % S#K 2 fH3e
[£,s£2] = T2F(t,st2); % i@ id 1K i@ I8 ik 28
[t,st2] = 1pf(f,sf2,2 * fm);
subplot(312);

plot{t, st2):

title(" 5K 2 MERFHEIE ),
form=0:1-1;

S EE T T LT TS EEE LSS5 S AR
if st1(1,m* 500+ 250)<0.25;
for j=m*500+1:(m+ 1) % 500;
at(1,j) =0;

end

else

for j=m*500+1:(m+ 1) * 500;
at{1,7j) =1;

end

end

end;

subplot(313);

plot(t,at);

axis([0,5, - 1,2]);

title( "MIEEH G IEIE ')
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You can get the simulations of the FSK process. Copy the results in the following blank
(see Figure A.35. A.36.A.37).

Message signal

2 ;
| -
0 | l. |
] |
|
|
|

2 3 4 J

Inverse code of message signal

) 3 4 5
Carrier wave |

RO RAORN R rtiaAftf R fthAARTARNDLD fhA A KT A AL YN
I|I'I||II||II||I|“|I||I|III|I'I"'||"'II'Ii||"'I.'-"l|'|'l'|ll”ll|"' W | | |
LU (L | | |
0 k| | | L] || |
-|-||I|I ||||I I|||I I||I [ ||| |||II|||||||||I|||I I|||
[l | | 1] | | i | il [ 1 1f 4 il | | (| [ |
_] Y| |.I i IJ I ¥ IJ U 31y u /-

0 1000 2000 3000 4000 5{.100
Carrier wave 2

| |
1l | I (|4l Il | 1 | il | 4 I
|.I i I il IJ Nk 3 U |.I x 1 |.I il IJ iy u U I.I IJ IJ il IJ | - IJ ] I.I I- | lI

ﬂ J. I|I I|I I,'I 'I I'I Ilil I|I I|I I'I I'I [ I.I I' ,I ',I |I III I,'I 'I III I I,II II'II I'I I'.I III II|I |I I'II Ill Ilul I|II IIII II'II :',I IllI IIII I||I II'II I'II II. II II' I'II II'I 'II II|I I.L

0 1000 2000 3000 4000 5000

Figure A. 35 Baseband signal and two carrier waves

s]*st]

0 0.5 I [ 2 2.5 3 3.9 | 4.5 5

0 0.5 I 1:5 2 2.9 3 3.5 2 4.5 5

2FSK signal
] | .
—1 1 | | | 1 |
0 0.5 1 155 2 2.3 3 33 4 4.5 2
Signal with noise
2 | |
gl 1
_2 | | | | 1 | | | |

0 0.5 1 | B 2 2.3 3 3.3 A 4.5 S

Figure A. 36 Baseband signal and two carrier waves

3) Principle of QPSK
The QPSK Modulator uses a bit-splitter, two multipliers with local oscillator, a 2-bit
serial to parallel converter, and a summer circuit. Following Figure A. 38 is the block

diagram.
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Figure A. 37 Baseband signal and two carrier waves
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Figure A. 38 QPSK modulator

The QPSK Demodulator uses two product demodulator circuits with local oscillator,
two band pass filters, two integrator circuits, and a 2-bit parallel to serial converter.
Following Figure A. 39 i1s the diagram.

(1) Create a new. model file as the main function

%% Wik
R R E R E EE R E R E R EEEEE L LR

T=1; $ (55 00 B, 0 R A R
fc=10/T; $ BIFIFE

ml = 2; s PHHEIE S ERP—rE A
nb = 100; S &5 1 HC R A

delta T =T/200; % ke [E] PR

fs=1/delta T; % R AEA R

SNR=0; $ B
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PSK;
>< > i
e |
¢< ! Data
OddiiFEveny | —<.°
?ﬁppsu[;; @ ", bits | bits
A
Local 2-bit
¢ Carrier Parallel-to-serial
— converter
B 5 |
PSK,
Figure A.39 The demodulator of QPSK
t=0:delta T:nb* T—delta T, s PR t /9 HUE L F
N = length(t); $ REEZ
AR EEEEEEEEEEE L EEEEEE R
% % A il &5 7
AR EEEEEEEEEEEEEEEEEE
s AW ESHTE
data = randn(1,nb)>0.5; % VA — T BEHLEREN(0 or 1), fa it B — > 1 x 100 My %
datanrz = data. * 2-1; % A& R PE S
datal = zeros(1,nb/delta_T); $ f]&E —1 1 nb/delta T HZEHEKE
forg=1:nb
datal((g—1)/delta T+ 1:q/delta T) =datanrz(q); % ¥ M2 BN WIKIEG S
end
% A 155 BRI TE A B
data0 = zeros(1,nb/delta T); % f&#— 1*nb/delta T #) =5 %
forg=1:nb
data0((q—1)/delta T+ 1:q/delta T) = data(q); S RS AR BN R AR 5
end

$ KEHES
data2 = abs(fft(datal));
% BT, R Ay R A B s o T
idata = datanrz(1l:ml:(nb-1)); s Brar B, Ak E fg ml A 2
gdata = datanrz(2:ml:nb);
% QPSK {7 5 1Y i il
ich= zeros(1,nb/delta T/2); % fI&—4 1 * nb/delta T/2 (T4, LIE 5 T 77 418 AL B4
for i=1:nb/2
ich((i-1)/delta T+ 1:i/delta T) = idata(i);

end
for ii=1:N/2
a(ii) = sqrt(2/T) * cos(2 * pi % fc * t(ii));
end
idatal = ich. * a; $ AT S RZRBAHTE, BB —BEHRGHIES
gqch = zeros(1,nb/2/delta T);
for j1 =1:nb/2
gch((j1-1)/delta T+ 1:j1/delta T) = qdata(jl);
end
for ji=1:0/2
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b(§3) = sqrt(2/T) * sin(2 * pi * fc * £(jj));

end
gdatal = gch. * b; s BENAIEE SR REETE, B3] n— B RHE S
s = idatal + gdatal; s KA EAEE S, s Bl A QrSK HHl{F 5
ss = abs(fft(s)); % e B AR #1532 A
S EEEEEEEEEEESEES
%% I Al 35 E A& {5 E
S FEFTETFTEELEESHSS

% Fn Al V&G HE

ray ich= raylrnd(0.8,1,nb/2/delta T);

ray gch= raylrnd(0.8,1,nb/2/delta T);

Ray idata = idatal. * ray ich;

Ray qdata = gqdatal. ¥ ray_qch;

Ray s = Ray idata + Ray qgdata;

AL EEEEEEEEEEE L L L

% iR E

s1 = awgn(s, SNR) ; s BdEMFEEZENES
s11 = abs(fft(sl)); % PR B AR G B IS
s111 =81 - s; =0 el S

AR EEEEEEEEEEEEE L

Awgn_s = awgn(Ray_s, SNR) ; S 18 & R E A A E VR R R
2 EEEEEEEEEEEEE L L L

% % QPSK fift 8 3 7

ST ETEETTEEESS

% VA ER o (R (= E)

idata2 = sl. * a; $ X BmEELER T — 18R
gdata2 = sl. * b; $ XN RS 5 IERZEFHEAE
idata3 = zeros(1,nb/2); $ B 1l*nbBH, UFHRBRAZENES

qdata3 = zeros(1,nb/2);
s RIS RE, 5 0 FHE, data>=0, M E 1, HWE 0
for n=1:nb/2
Al(n) = sum(idata2((n—1)/delta T+ 1:n/delta T));
if sum(idata2((n—-1)/delta T+ 1:n/delta T))>=0
idata3(n) =1;
else idata3(n) =0;
end
A2(n) = sum(gdata2((n—1)/delta T+ 1:n/delta T));
if sum(gdata2((n—1)/delta T+ 1:n/delta T))>=0
gdata3(n) = 1;
else gdata3(n) =0;
end

end
s NTERSEER,FESHTLHE
idatad = zeros(1,nb/2);
qdatad = zeros(1,nb/2);
for n=1:nb/2
Awgn_ichsum(n) = sum(idata2((n—-1)/delta T+ 1:n/delta T)) * delta T;
if Awgn ichsum(n)>= 0
idatad(n) =1;
else idatad(n) =0;
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end

Awgn_gchsum(n) = sum(qgdata2((n—1)/delta T+ 1:n/delta T)) * delta_T;

if Awgn gchsum(n)>=0

gdatad(n) = 1;

else gdatad(n) = 0;

end
end
% CRF AR ZJE B BE A A R A
demodata = zeros(1,nb) ;
demodata(l:ml:(nb— 1)) = idata3; % fFHLar 8
demodata(2:ml:nb) = qdata3; s FEHUBEENL
$ AN T B, FEZREERES (&5 —1 1 AREA R EHE )
demodatal = zeros(1, nb/delta T); % & —1 1*nb/delta THZEH[E
forg=1:nb

demodatal ((gq—1)/delta T+ 1:q/delta T) = demodata(q); % FFHIENZ TN WIKEES

end
s RiTiREE
% abs(demodata — data) K W im F1 & & i
$ WIwmEMLEIE, RiTZE ARSI
Awgn num BER = sum(abs(demodata — data) )
rE AR R EEEEEEEEEEEEEE
S R AR o (B A + & )
Ray_idataZ = Ray_s. * a; $ X BEELER T — 1R F R
Ray_qdata2 = Ray_s. * b; % XM 5 5 IERZIGE S HIE
% Ray_idata3 = zeros(1,nb/2); $ B 1*nbBH, UFBHBRAZENES
% Ray gdata3 = zeros(1,nb/2);
EEH RS, 5 0 fEHLEL, data>=0, WM E 1, HWE 0
for n=1:nb/2
if Ray sum(Ray idata2((n-—1)/delta T+ 1:n/delta T))>=0
Ray idata3(n) =1;
else Ray idata3(n) =0;
end
if Ray sum(Ray gqdata2((n-1)/delta T+ 1:n/delta T))>=0
Ray gdata3(n) =1;
else Ray qdata3(n) = 0;
% end
% end
$ AT ERSEREHE, BESHTLHE
Ray idatad = zeros(1,nb/2);
Ray qdata4 = zeros(1,nb/2);
for 5i=1:1h2
Ray ichsum(n) = sum(idata2((n—1)/delta T+ 1:n/delta T)) * delta T;
if Ray_ichsum(n)>=0
Ray idatad4(n) =1;
else Ray idatad(n) =0;
end
Ray gchsum(n) = sum(gdata2((n—1)/delta T+ 1:n/delta T)) * delta T;
if Ray_gchsum(n)>=0
Ray gdatad(n) =1;
else Ray qdatad(n) =0;

end

S

P P P P d P P P I
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end

% R AR Z a0 BUE A B
Ray demodata = zeros(1,nb);
Ray demodata(l:ml:(nb— 1)) = Ray idata4; % Al Er B
Ray demodata(2:ml:nb) = Ray qgdata4; s Fi{BE
SN T BR, BEZRBEARES (BMEHR—1 1 AARBALEE /&8 F)
Ray demodatal = zeros(1,nb/delta T); % P& —1 1% nb/delta T B4 %
for g=1:nb
Ray_demodatal ((q— 1)/delta T+ 1:q/delta T) = Ray demodata(q); % 5% PEASA8 B XN 19 (= 5
end 5 RiTiREE
% abs(demodata — data) 3K £ W g 1 % 5T v
s BAEEWLEINE, RiTZEE8 2 RS2
Ray num BER = sum(abs(Ray demodata — data))

R R E R EEEEEEEE R
%% RGRITE
%% VWH T cm_sm32()Hl cm_sm33( ) PREL

%% B PRBE B 7 NS M O
$% EMH : om_sm32() A FEwFIEEIRSENITE
%% cm_sm33() A FE M FEHRBENITE
%% ecoh on/off fEFITE FIRER B R RIELSAE
AR EEEEEEEEEEEE LR
SNRindBl1 =0:1:6;
SNRindB2 =0:0.1:6;
% I A% HE
for i=1:length(SNRindBl),
[pb, ps] = cm_sm32 (SNRindB1 (1)) ; T e
smld bit ray err prb(i) = pb;
smld symbol ray err prb(i) =ps;
disp([ps, pb]);
echo off;
end;
% iR A
echo on;
for i=1:1ength(SNRindB1),
[pbl,psl] = cm_sm33(SNRindB1l(i));
smld bit awgn err prb(i) = pbl;
smld symbol awgn err prb(i) =psl;
disp([psl,pbl]);
echo off;
end;
% HIgHZ&
echo on;
for i =1:1ength(SNRindB2),
SNR = exp(SNRindB2 (i) * 1log(10)/10); % S
theo err awgn prb(i) = 0.5 * erfc(sqrt(SNR)); % o R SRR
theo err ray prb(i) =0.5% (1—-1/sqrt(1+1/SNR));% WA EFZ{FEHBICIRMEE
echo off;
end;
A A E R EEEEEEEEEEEEEE
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h = spectrum.welch; $ KUT CIESMERENL, FELT A
S R EEEEEEEEEEEE LR

Tl TR

A EEEEEEEEEEE L.

% H—aba (BE)

figure(1)

subplot(3,2,1);

plot(data0), title('HEHEFE");

axis([0 20000 —2 2]);

subplot(3,2,2);

psd(h, datal, 'fs’', fs), title(' B F SR IEEE"),;
subplot(3,2,3);

plot(s), title('HHIES");

axis([200 800 -3 3]);

subplot(3,2,4);

psd(h, s, 'fs', fs), title( " H{F ST FRIGEHE ") ;
subplot(3,2,5);

plot(demodatal), title( "% H ") ;

axis([0 20000 —2 2]);

subplot(3,2,6);

psd(h, demodatal, 'fs', fs), title( A H I RIGHEE "),
A EEEEEEEEEE L LR

% 18 R

figure(2)

subplot(2,2,1);

plot(sl), title( & #l{5F 5 (Awgn)');

axisi [0 500 —55]);

subplot(2,2,2);

psd(h, s1, 'fs', fs), title( 'IdH{5 5 D)3 i % B (Awgn) ') ;
subplot(2,2,3);

plot(slll),title( ' k"),

axis([0 2000 —55]);

subplot(2,2,4);

for i=1:nb/2

plot(idata(i),gdata(i), 'r+ '), title( 'QPSK {55 &2 J# & (Awgn) ') ; hold on;
arist[ —2 2 —2 21);

plot(Awgn ichsum(i), Awgn gchsum(i), '* ');hold on;
legend('#ig{H (A&t ¥m) ', 'SEbnfE (0w ) ') ;

end

AR EEEEEEEEEEEEEE L L

% 38 33 & B {5 e A IR R

figure(3)

subplot(2,2,1)

plot(Ray_s), title( i Hl{5 5 (Ray + Awgn) ') ;

axis{[CQ 500 —55]);

subplot(2,2,2);

psd(h,Ray_s, 'fs', fs), title( "W #l{F 5 I F i % (Ray) '),
subplot(2,2,3);

for i=1:nb/2

plot(idata(i),qgdata(i), 'r+ '), title( 'QPSK {§ 5 & J# & (Awgn + Ray) ') ; hold on;
axig([ —22 —221);
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plot(Ray ichsum(i),Ray gchsum(i),'* ');hold on;

legend( 'FIR{H (A S 4w) ', "SEPn(H (FWim) ')

end

subplot(2,2,4)

semilogy(SNRindB2, theo err awgn prb, 'r'), title( "iRISZFHHZL ') ; hold on;
semilogy(SNRindBl, smld bit awgn err prb, 'r * ');hold on;
semilogy(SNRindB2, theo err ray prb);hold on;

semilogy(SNRindBl, smld bit ray err prb, '* ');

xlabel( 'Eb/No') ; ylabel( 'BER');

legend( 'Hf £ AWGN', '{/f H AWGN', 'Hfi£ Rayleigh', '{ H Rayleigh');

(2) Create a new . model file as the sub function cm_sm32. m

R EEEEEEEEE L L

the sub function cm sm32.m

A EEEEEEEEL AL L

% 3L 2

function [pb,ps] =cm sm32(snr in dB)
% [pb,ps] =cm sm32(snr in dB)

% CM SM3 finds the probability of bit error and symbol error for
% the given value of snr in dB, signal to noise ratio in dB.
N=100;

E=1; % energy per symbol

numofsymbolerror = 0;

numofbiterror =0;

counter = 0;

snr = 10 “(snr_in dB/10); % signal to noise ratio

sgma = sqrt(E/snr)/2; % noise variance

s00=[10]; s01=[01]; s11=[-10]; s10=[0 —-1]; % signal mapping
% generation of the data source

while(numofbiterror < 100)

for 1=1:N,
temp = rand; % a uniform random variable between 0 and 1
if (temp<0.25), % with probability 1/4, source output is "00"
dsourcel(i) = 0; dsource2(i) =0;
elseif (temp<0.5), % with probability 1/4, source output is "01"
dsourcel (i) = 0; dsource2(i) =1;
elseif (temp<0.75), % with probability 1/4, source output is "10"

dsourcel(i) =1; dsource2(i) =0;
else % with probability 1/4, source output is "11"
dsourcel(i) =1; dsource2(i) =1;
end;
end;
% detection and the probability of error calculation
for 1=1:N,
ray = raylrnd(0.8);
n = sgma ¥ randn(1,2); % 2 normal distributed r.v with 0, variance sgma
if ((dsourcel(i) ==0) & (dsource2(i) ==10)),
r=Tray* sl +n;
elseif ((dsourcel(i) ==0) & (dsource2(i) ==1)),

r = ray * s01 + n;
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elseif ((dsourcel(i) ==1) & (dsource2(i) ==10)),
r=sl0*ray+n,
else
r=sll *ray+n;
end;
% The correlation metrics are computed below
c00 = dot(r, s00); c0l1 =dot(r,s01); cl0=dot(r,s1l0); cll1l =dot(r,sll);
% The decision on the ith symbol is made next
¢ max = max([c00,c01,c10,cll]);
if (c00 ==c max), decisl =0; decis2 =0;
elseif (c0l1 ==c¢ max), decisl =0; decis2=1;
elseif (cl10==c max), decisl =1; decis2=0;
else decisl =1; decis2=1;
end;
% Increment the error counter, if the decision is not correct
symbolerror = 0;
if (decisl~ =dsourcel(i)),
numofbiterror = numofbiterror + 1; symbolerror=1;
end;
if (decis2~ = dsource2(1i)),
numofbiterror = numofbiterror + 1; symbolerror=1;
end;
if (symbolerror ==1),
numof symbolerror = numofsymbolerror + 1;
end;
end

counter = counter + 1;

end
ps = numof symbolerror/ (N ¥ counter) ; % since there are totally N symbols
pb = numofbiterror/(2 * N * counter); % since 2N bits are transmitted

(3) Create a new . model file as the sub function cm_sm33. m

function [pbl,psl] =cm sm33(snr_in dB)
% [pb,ps] =cm_sm32(snr in dB)

% CM SM3 finds the probability of bit error and symbol error for

% the given value of snr in dB, signal to noise ratio in dB.

N=100,;

E=1; % energy per symbol

snr =10 “(snr in dB/10); % signal to noise ratio
sgma = sqrt(E/snr)/2; % noise variance
s00=[10]; s01=[01]; s11=[-10]; s10=[0 —1]; % signal mapping

% generation of the data source
numofsymbolerror = 0;
numofbiterror = 0;

counter = 0;

while(numofbiterror < 100)

for 1=1:N,
temp = rand; % a uniform random variable between 0 and 1
if (temp<0.25), % with probability 1/4, source output is "00"

dsourcel (i) = 0; dsource2(i) =0;
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elseif (temp<0.5), % with probability 1/4, source output is "01"
dsourcel(i) = 0; dsource2(i) =1;

elseif (temp<0.75), % with probability 1/4, source output is "10"
dsourcel(i) =1; dsource2(i) =0;

else % with probability 1/4, source output is "11"
dsourcel(i) =1; dsource2(i) =1;

end;

end; % detection and the probability of error calculation
for 1=1:N.

% the received signal at the detection, for the ith symbol, is:

n = sgma * randn(1,2); % 2 normal distributed r.v with 0, variance sgma

if ((dsourcel(i) ==0) & (dsource2(i) ==0)),
r=s500+n,

elseif ((dsourcel(i) ==0) & (dsource2(i) ==1)),
r=s01+n;

elseif ((dsourcel(i) ==1) & (dsource2(i) ==10)),
r=gl0 +n;

else
r=sll +n;

end;

% The correlation metrics are computed below
c00 = dot(r,s00); c01 =dot(r,s01); cl10=dot(r,s10); cll =dot(r,sll);
% The decision on the ith symbol is made next
c max = max([c00,c01,cl0,cll]);
if (c00 ==c max), decisl =0; decis2=0;
elseif (c0l1 ==c¢c max), decisl =0; decis2=1;
elseif (cl0 ==c max), decisl =1; decis2 =0;
else decisl =1; decis2=1;
end;
% Increment the error counter, if the decision is not correct
symbolerror = 0;
if (decisl~ = dsourcel(1i)), numofbiterror = numofbiterror + 1; symbolerror = 1;
end;
if (decis2~ = dsource2(1i)), numofbiterror = numofbiterror + 1; symbolerror =1;
end;
if (symbolerror ==1), numofsymbolerror = numofsymbolerror + 1;
end;
end

counter = counter + 1;

end
psl = numofsymbolerror/ (N * counter) ; % since there are totally N symbols
pbl = numofbiterror/(2 % N ¥ counter) ; % since 2N bits are transmitted

Copy the results in the following blank (see Figure A. 40.A. 41 and A. 42).
3. The MATLAB realization of AMI & HDB;
1) AMI

signal=[101100000001100000010] %code=2aMI(s)
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Figure A.40 The simulation of QPSK system
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Figure A.41 The QPSK with Gaussian noise and its constellation diagram

status= —1;
len = length(signal);
code = zeros(1, len);

% B 177
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5 Modulated signal(Ray+Awgn) ; PSD of modulated signal(Ray)
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Figure A. 42 The QPSK with Gaussian -+ Rayleigh noise

for i=1:1len
if isequal(signal(i),1)
code( i) = status;
status = 0 — status;
end
end
subplot(2,1,1);stairs([0:1length(signal) — 1], signal);axis([0 length(signal) -2 2]);
subplot(2,1,2);stairs([0:1ength(signal) — 1], code);axis([0 length(signal) —2 2]);

Copy the HDB; encoder results in the following blanks(see Figure A. 43).
2 I | 1 I I I T I 1 T

| 7]

_2 1 | | 1 | | 1 | 1 1

0 2 4 6 § 10 12 14 16 18 20

Figure A.43 The message signal and AMI code
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2) HDB; 5

xn=[101100000001100000010]; % #H AHIBMEN
yn=xn; % ¥t yn ¥R 4L

num=0; % TTE 25 ¥ 4G 1k
for k=1:1ength(xn)

if xn(k) ==1
num=num+ 1;  "1"THEAER
if num/2 == fix(num/2) $ WA 1R -1, #FTRERE
ynik) =1;
else
yotky= —1;
end
end
end
% HDB3 % i
num = 0; s EZITHEFV G
yh = yn; % w1 AL
sign=0; s WMYEREHARN 0
V= zeros(1,length(yn)); $ VikrpfuBidkZTE
B = zeros(1, length(yn)); $ Bikpfu Eidx2ZHE
for k=1:1length(yn)
if yn(k) == 0
num=num+ 1; s E"0"IEOTE
if num==4 $ WR 4 FE"0"
num = 0; $ TR EZF

yh(k) =1 % yh(k—4);
% ik 0000 Wi Ja —1 0 BN S5H] — T EFMF S HFRRERN T

V(k) = yh(k); % V kP B e %

if yh(k) == sign $ WHEYH VA5 58— VA5 R A
vh(k) = =1x*yh(k); % WiLHar VR SHRERYE, UHE VA SEIHE RS R FEXK
yh(k — 3) = yh(k);  BWinBAF5, 5 VTSR
B(k - 3) = yh(k); % B Rk b fr B i %
V(k) = yh(k); % VK ap A B e %

yh(k + 1:length(yn)) = — 1 % yh(k + 1:1length(yn));
$ HibkEHWIEFTHFS N VS HHEBERZE LK

end
sign = yh(k); % CRE — 1 VA5 R
end
else
num=0; $ HEiE AN L, WZE""ITHARBEF
end
end % 4 58 A
re=[xn',yn',yh',V',B']; % ZEH&n . xn AMI HDB3 V&B {5
% HDB3 fift i
input = yh; % HDB3 A% A
decode = input; s HithewGik
sign=10; S WS SR IR
for k = 1:1length(yh)
if input(k) —~= 0
if sign== yh(k) % Q02K A0S 5 R — 1~ 3 Z 0 59 0 14 4 ]
decode(k-3:k)=[0000]; s MZEHH VLI < 00V iE=E

end
sign = input(k); s WG
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end
end
decode = abs(decode) ; % i
error = sum([xn' — decode']) ; S S kTR e, 1E

subplot(3,1,1);stairs([0:1length(xn) —1],xn);axis([0 length(xn) -2 2]);
subplot(3,1,2);stairs([0:1length(xn) — 1], yh) ;axis([0 length(xn) -2 2]);
subplot(3,1,3);stairs([0:1length(xn) — 1], decode) ;axis([0 length(xn) -2 2]);
xn=[101100000001100000010];, % W AFHHEW

Tl

yn = xn; % Hith yn WAL
num = 0; s THEERP IR 1
for k=1:1length(xn)
if xn(k) ==
num=num+ 1;  "1"THEAR
if num/2 == fix(num/2) $ AEA 1R -, TR ERE
yn(k) =1;
else
yn(k) = = 1;
end
end
end

Copy the HDB; encoder results in the following blanks(see Figure A. 44).

0 2 4 6 8 10 12 14 16 18 20

0 2 4 6 8 10 12 14 16 18 20

0 2 il 6 8§ 10 12 14 16 18 20

Figure A. 44 The message signal and HDB; code

4. Discussion the results
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erf(x) = V/% ., :E}{p(— vy )dy
x erf(x) xz erf(x) x erf(x) xz erf(x)
0.00 0.000000 0L 29 0. 318263 .o LT 90 1.38 0.949016
0.01 0.011283 0.30 0.328627 0.6 Q117037 1.39 0.950673
0.02 0.022565 0.31 0.338908 0.77 0.723822 1.40 0Q.952285
0.03 0.033841 0.32 0.349126 0.95 0.820891 1.41 0.953852
0.04 0,045111 Q. 33 0,358279 0.96 0.825424 L4242 0.955376
0.05 0.056372 0.34 0.369365 0.97 0,829870 1.43 0. 956857
0.06 0.067622 0.3 0, 379382 0.98 0.834232 1.44 0.958297
0.07 0.078858 0.36 0.389330 0.99 0.838508 1.45 0.959695
0.08 0.090078 0.37 0. 399206 1.00 0. 842701 1.46 0.961054
0.09 0.101281 0.38 0.409009 1.01 0.846810 1.47 0.962373
0.10 0.112463 0.39 0.418739 1.02 0, 850838 1.48 0.963654
.11 @, 123623 0.40 0.428392 1.03 0.854734 1.49 0. 964898
0.12 0, 134758 0.41 0.437969 1.04 0.858650 1.50 0.966105
0.13 0. 145867 0.59 0.595936 1.05 0.862436 1.51 0.967277
0.14 0.156947 0.60 0.603856 1.06 0.866144 1.52 0.968413
0.15 0.167996 0.61 0,611651 1.07 0. 869773 1.53 0.969516
0.16 0.179012 0.62 0.619411 1.08 0.873326 1.54 0.970536
0.17 0.189992 0.63 0.627046 1.26 0. 925236 1.5 0.971623
0.18 0.200936 0.64 0.634586 1. 27 0.927514 1.56 0.972628
0.19 0.211840 0.65 0.642029 1.28 0.929734 1.5¢ 0.973603
L2800 8, 222703 0.66 0.649377 1.29 0.931899 1.58 0.974547
(.21 0, 233028 0.67 0.656628 1. 30 0. 934008 1.59 0.975462
D22 0. 234296 0.68 0.663782 1.31 0. 936063 1.60 0.976348
0L 23 0. 25523 0.69 0.670840 1.32 0.938065 1.61 0.977207
0.24 0.265700 0.70 0.677801 1. 53 0. 940015 1.62 0.978038
0. 25 0. 276326 0.71 0.684666 1.34 0.941914 1.63 0.978843
0.26 0.286900 0.72 0.691433 130 9.,943F02 1.64 0.979622
0.27 0.297418 0.73 0.698104 1. 36 0. 945561 1.65 0.980376
0.28 0.307880 0.74 0.704678 1.37 0.947312 1.66 0.981105




208 || EISIRTE

 ( DE ) B AEGE

LE R
x erf(x) x erf(x) x erf(x) x eril =)

1.67 0.981810 2.09 0.996880 2.51 0.999614 2.93 0.999965
1.68 0.982493 2.10 0.997021 2.52 0.999635 2.94 0.999968
1.69 0.983531 2 11 .997155 2.53 0.999654 2.95 0.999970
1.70 @. 983750 2.12 0.997284 2.54 0.999672 2.96 0.999972
1.71 0. 984407 2.13 0.997407 2. 00 0.909559 2.97 0.999973
1.72 @. 985003 2.14 0. 997525 2.96 0.999706 2.98 0.999975
1.73 0. 985578 2.15 0.997639 2.97 0,999722 2.99 0.999977
1.74 0.986135 2.16 0.997741 2.o8 0,999736 3.00 0.99997791
1.75 0.986672 2. 17 0,.997851 2.59 0.999751 3.01 0.99997926
1.76 0.987190 2. 18 0.997957 2.60 0.999764 3.02 0.99998053
1.77 0.987691 2.19 0.998046 2.61 0.999777 3.03 0.99998173
1.78 0.988174 2.20 0.998137 2.62 0.999789 3.04 0.99998286
1.79 0.988164 2.21 0.998224 2.63 0.999800 3.05 0.99998392
1.80 0.989091 2. 22 0.998308 2.64 0.999811 3.06 0.99998492
1.81 0.989525 2.23 0.998388 2.65 0.999822 3.07 0.99998586
1.82 0.989943 2.24 0.998464 2.66 0.999831 3.08 0.99999674
1.83 0.990347 2. 25 0. 998537 2.67 0.999841 3.09 0.99998757
1.84 0.990736 2.26 0.998607 2.68 0.999849 3.10 0.99998835
1:85 0. 991111 2.27 0.998674 2.69 0.999858 3.11 0.99998908
1.86 0.991472 2.28 0,998738 2.70 0.999866 3.12 0.99998977
1. 87 0.991871 2.29 0.998799 Z: t1 0.999873 3.13 0.99999042
1.88 0.992156 2.30 0.998857 2.72 0.999880 3.14 0.99999108
1.89 0.992479 2,31 0.998912 2. 73 0.999887 3.15 0.99999160
1.90 0.992790 2.32 0.998966 2.74 0,999893 3.16 0.99999214
1.91 0.993090 2.33 0.999016 2.75 0.999899 3.17 0.99999264
1.92 0.993378 2.34 0.999065 2.76 0.999905 3.18 0.99999311
193 0.993656 2,35 0.999111 2. T7 0.999910 3.19 0.99999356
1.94 0.993923 2.36 0.999155 2.78 0.999916 3.20 0.99999397
1.95 0.994179 2.37 0.999197 2.79 0.999920 3.21 0.99999436
1.96 0.994426 2.8 16, 0093 2.80 0.999925 3.22 0.99999478
1.97 0.994664 2.39 0.999275 2.81 0.999929 3.23 0.99999507
1.98 0.994892 2540  0.,999311 2.82 0.999933 3.24 0.99999540
1.99 0.995111 2.41 0.999346 2.83 0.999937 3.25 0.99999570
2.00 0.995322 2.42 0,999379 2.84 0.999941 3.26 0.99999598
2.01 @ 995523 2.43 0.999411 2.85 0,999944 3.27 0.99999624
2.02 0.995719 2.44 0.999441 2.86 0.999948 3.28 0.99999649
2.03 0.995906 2.45 0.999469 2.87 0.999951 3.29 0.99999672
2.04 0,996086 2.46 0.999497 2.88 0.999954 3.30 0.99999694
2.05 0.996258 2.47 0.999523 2.89 0.999956 3.31 0.99999715
2.06 0.996423 2.48 0,999547 2.90 0.999959 3.32 0.99999734
2.07 0.996582 2.49 0.999571 2.91 0.999961 3.33 0.99999751
2.08 0.996734 2.50 0.999593 2.92 0.999964 3.34 0.99999768
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erf(x) erf(x) erf(x) erf(x)

3.35 0.999997838 3.52 0.999999358 3.69 0.999999820 3.86 0.999999952
3.36 0.999997983 3.593 0.999999403 3.70 0.999999835 3.87 0.999999956
3.37 0.999998120 3.94 0.999999445 3.71 0.999999845 3.88 0.999999959
3.38 0.999998247 3.59 0.999999485 3.72 0.999999857 3.89 0.999999962
3.39 0.999998367 3.56 0.999999521 3.73 0.999999867 3.90 0.999999965
3.40 0.999998478 3.57 0.999999555 3.74 0.999999877 3.91 0.999999968
3.41 0.999998583 3.58 0.999999587 3.75 0.999999886 3.92 0.999999970
3.42 0.999998679 3.59 0.999999617 3.76 0.999999895 3.93 0.999999973
3.43 0.999998770 3.60 0.999999644 3.77 0.999999903 3.94 0.999999975
3.44 0.999998855 3.61 0.999999670 3.78 0.999999910 3.95 0.999999977
3.45 0.999998934 3.62 0.999999694 3.79 0.999999917 3.96 0.999999979
3.46 0.99999008 3.63 0.999999716 3.80 0.999999923 3.97 0.999999980
3.47 0.999999077 3.64 0.999999736 3.81 0.999999929 3.98 0.999999982
3.48 0.999999141 3.65 0.999999756 3.82 0.999999934 3.99 0.999999983
3.49 0.999999201 3.66 0.999999773 3.83 0.999999939
3.50 0.999999257 3.67 0.999999790 3.84 0.999999944
3.51 0.999999309 3.68 0.999999805 3.85 0.999999948
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