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Chapter 1 Communication Principle

Section 1 Introduction

* analog communication * half-duplex communication
* digital communication * full-duplex communication
* modulation parallel transmission
* demodulation serial transmission
* filter * information content
* transmitter information transmission rate
data terminal equipment * bit error ratio(BER)
analog-to-digital converter (A/ D) information source
digital-to-analog converter (D/A) information source
base band signal effectiveness of a communi-
frequency signal cation system
simplex communication * entropy

N Entropy depends only on the probabilities of the symbols in the alphabet of the source, and it is a
measure of the average information content per source symbol. The positive difference between the
average information content at a time 7, minus the average information content at a time #, is called the

gain of information.

ty o
I The information sent from a digital source when the jth message is transmitted is given by
1 .
I;=log, (F>b1ts

J
where P; is the probability of the jth message.
If two events P, and P, have the same probability of occurrence,then the exact knowledge about the

occurrence of one of these events is 1 bit.

J
1
I,=log, (
1=l ()
., P; Jj o
Pl PZ ’ °
Section 2 Random Signal Analysis
random process * noise
stationary random process * narrowband noise
probability density function * narrowband interference
analytic function Gaussian process
wide-sense stationary * additive white Gaussian
strictly stationary noise(AWGN)
* power spectra density band-limited signal




ergodicity ‘
If a Gaussian process is stationary, then the process is also strictly stationary. If a Gaussian process
X (1) is applied to a stable linear filter, then the random process Y (z) developed at the output of the filter
is also Gaussian. Gaussian processes that are stationary in the narrow sense may be realized by way of
certain dynamical systems.
, o X
) ) Y .

Section 3 Channel

* wireless channel down line
time invariant channel synchronous satellite
band-limited channel satellite communication
amplitude distortion satellite relay channel
amplitude-frequency distortion * group delay
modulation channel * fading
narrowband channel electromagnetic wave
open wire * flat fading
symmetric cable multipath effect
coaxial cable * discrete channel
repeater * channel capacity
up line * average amount of information

N Shannon shows that the capacity of an additive white Gaussian noise channel is given by C=B log, (1
+SNR) b/s, where B is the channel bandwidth, and SNR denotes the signal-to-noise ratio measured
at the channel output. Shannon’s capacity theorem says the unthinkable is possible: Error-free trans-
mission is possible so long as the transmitter does not exceed the channel’s capacity.

AWGN
C=B log, (1+SNR) b/s
,B ,SNR o

P In general, the channel medium attenuates the signal, and the noise of the channel or the noise intro-
duced by an imperfect receiver causes the delivered information to be deteriorated. Note that the gen-
eral principles of digital and analog modulation apply to all types of channels, although channel char-
acteristics may impose constraints that favor a particular type of signaling.

’ s

Section 4 Analog Modulation System

analog signal Hilbert transform
linear modulation model
amplitude modulation (AM) double sideband suppressed
angle modulation carrier(DSB-SC)

double sideband (DSB) single sideband (SSB)



- single sideband-lower sideband
- single sideband-upper sideband
vestigial sideband (VSB)
frequency translation
signal-to-noise ratio(SNR)
modulation gain
synchronous demodulator
envelope detection
frequency modulation(FM)
modulation index
low-pass filter (LPF)
phase modulation(PM)

attenuation compensation

LD N . o

amplitude limiter

discriminator
threshold effect

pre-emphasis

de-emphasis

available bandwidth

band splitting

guard band

guard spacing

multilevel modulation

double-sideband sup-

pressed carrier modulation

The loss of a message in an envelope detector that operates at a low carrier-to-noise ratio is called

the threshold effect. Below the FM threshold point the noise signal (whose amplitude and phase are ran-

domly varying) ., may instantaneously have an amplitude greater than that of the wanted signal. It is im-

portant to recognize that every nonlinear detector (e. g. envelope detector) shows a threshold effect;

however, such an effect does not appear in a coherent detector.

»*

*

tem

’

. FM (

Section 5 Digital Baseband Transmission System

baseband communication sys-

unipolar nonreturn-to-zero

bipolar nonreturn-to-zero
unipolar return-to-zero
bipolar return-to-zero(BRZ)

alternative mark inversed en-

coding(AMD

high density bipolar code

of three order (HDB;)

biphase code
coded mark inversion (CMI)
sequence

paired selected ternary code

(PSTO)

regeneration
additive interference
transmit filter
receive filter

intersymbol interference (ISD

*

b R . D S D S S 2

Nyquist’s criterion
Nyquist rate
Nyquist bandwidth
equivalent bandwidth
impulse response
raised cosine function
noise margin
timing error
roll-off factor
precoding
correlative coding
partial response
eye pattern
oscillograph
equalizer
weight
tap
time domain equalization
zero forcing

adaptive equalization

N The sampling process. From a signal processing perspective, the theorem describes two processes: a

sampling process, in which a continuous singal is converted to a discrete time signal, and a recon-



struction process, in which the continuous signal is recovered from the discrete signal.

o ’

3 ’

l

o

I The continuous signal varies over time(or space as in a digitized image or another independent variable

in some other application) and the sampling process is done by simply measuring the continuous sin-

gal’s value every T unit of time (or space), which is called the sampling interval.

( ’
T ( )

) .
. T o

[l The (sin 2)/x type of overall pulse shape has two practical difficulties:

e The synchronization of the lock in the decoding sampling circuit has to be precise, since only when

t is at the exactly correct sampling time, the influence is zero in adjacent time slots.

e This is physically unrealizable: that the overall amplitude transfer characteristic H, ( /)is flat over

— B<f<{B and zero elsewhere, because the impulse response would be noncausal and of infinite

duration.

(sin x)/x s

H. () —B<f<B

s

Section 6 Sinusoidal Carrier Digital Modulation System

sinusoidal carrier
nonlinear modulation
synchronous detection
differential detection
bandwidth

frequency domain

»*

time domain
band-pass filter (BPF)
amplitude-shift keying(ASK)
phase-shift keying (PSK)
frequency-shift keying (FSK)

carrier

* % % A

power spectrum
coherent detection
threshold
constant envelope
frequency divider
frequency deviation
* sensitivity
on-off keying
* delay
nonlinear channel

amplitude-phase keying

(APK)
quadrature-amplitude modulation
(QAM)
probability of error
constellation
quarternary phase-shift keying
(QPSK)
distortion
Gray code
/ hybrid amplitude /phase
modulation
Euclidean distance
minimum shift keying(MSK)
phase trellis
receiver
Gaussian
filtered minimum shift keying(GMSK)
voltage-controlled oscillator
(VCO)
differential phase-shift keying
(DPSK)
mobile communication

main lobe
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side lobe * carrier recovery
normalize modem
synchronization append phase
symbol timing track

EN The generation of DPSK signals. The differential encoding process at the transmitter input starts

with an arbitrary first bit, serving as reference. Let {d,} denote the differentially encoded sequence
with this added reference bit.

If the incoming binary symbol by is 1, change the symbol d, with respect to the previous bit.

If the incoming binary symbol by is 0, leave the symbol di with respect to the previous bit.

The differentially encoded sequence {d;} thus generated is used to phase-shift a carrier.

DPSK o . ( )
{di} o
b, 1, dy .
b, 0, dy .
{di} .

Pl Orthogonal frequency division multiplexing (OFDM)is a technique used for transmitting data in paral-

lel by using a large number of modulated carriers with sufficient frequency spacing so that the carriers
are orthogonal. OFDM works by splitting the radio signal into multiple smaller sub-signals that are
then transmitted simultaneously at different frequencies to the receiver.
(OFDM) o ,
. OFDM s

Section 7 Transmission Analog Signal by Digital Means

sampling compressor
Nyquist interval compander
Nyquist sampling rate o " aw
aliasing A A-law
pulse expander
pulse-amplitude modulation * quantizing noise
(PAMD vector quantization
quantization * scalar quantization
pulse-code modulation(PCM) differential pulse-code mod-
pulse train ulation(DPCM)
sampling theorem adaptive differential
sampling rate pulse-code modulation(ADPCM)
instantaneous sampling fixed quantization
pulse-duration modulation (PDM) prediction value
pulse-position modulation(PPM) prediction
quantizer * dynamic range
quantum step size * delta modulation(DM ~ AM)
quantum interval * slope-overloaded distortion
uniform quantizer * overload
nonuniform quantizer * frame
quantization error * time slot



plesiochronous digital hierar-
chy
synchronous digital hierarchy
speech coding
voice compression
image signal
* linear prediction
code excited linear prediction
linear predictive coding (LPC)

prediction coefficient

discrete Fourier transform

(DFT)
discrete cosine transform
international standard organi-
zation
international telecommunication
union

compressed coding

dual tone multi-frequency

EN The performance of a PCM system is influenced by two major sources of noise:

Quantization noise, which is introduced in the transmitter, is signal dependent in the sense that it

disappears when the message signal is switched off.

Channel noise is always present when the equipment is switched on.

Naturally, these two sources of noise appear simultaneously once the PCM system is in operation.

PCM

’

o

Pl PCM is very popular because it offers many advantages, as shown in the following:

e PCM signals derived from all types of analog sources may be merged with data signals, which can

be transmitted. This merging is called time-division multiplexing .

e In the long-distance digital telephone systems which require repeaters, a clean PCM waveform can

be regenerated at the output of each repeat.

e The noise performance of a digital system can be superior to that of an analog system.

PCM , o
PCM

“ ”PCM 3

Section 8 Optimum Receiver of Digital Signal

* optimum
in the minimum probabili-
ty of error sense
Bayes’ rule
maximum likelihood rule

maximum posterior proba-

*

bility rule

optimum linear receiver
minimum mean square error
matched filter
prior probability
posterior probability

The matched filter, which is a demodulation technique with LTI filters which achieves maximum

SNR, passes all the signal frequency components and suppresses any frequency components. In the fre-

quency domain, the matched filter is characterized by a frequency response, that is, except for a delay

factor, the complex conjugate of the Fourier transform of the input.

LTI

[} ’
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Section 9 Error-control Coding

error-control
coding
decoding
channel encoder
feedback channel
error detection and retransmission
forward error correction

automatic-repeat request

(ARQ)

memory
linear block code
cyclic code
convolutional code
error-correcting code
error detection
error correcting
hybrid error correction (HEC)
block length
path
code rate
finite-state
branch
node
redundancy
redundancy check(RC)
hard decision
feedback

binary symmetric channel

(BSC)

Automatic repeat request(ARQ) is an error control method for data transmission which makes use

BCH
RS

* % o

algebraic decoder
soft-decision
repetition code
syndrome
error pattern
parity-check matrix
minimum distance
Hamming weight
Hamming distance
Hamming codes
Bose-Chaudhuri-Hocquenghem code
Reed-Solomon code
generator polynomial
parity-check
shift register
constraint length
encoder
systematic code
burst error
code tree
trellis
state diagram
the Viterbi algorithm
survivor path
metric
free distance

trellis-coded modulation

(TCM)

of acknowledgements and timeouts to achieve reliable data transmission. Acknowledgment is a message

sent by the receiver to the transmitter to show that it has correctly received a data frame. As such,

which necessitates the uses of a return path (i. e. a feedback channel). ARQ can be used only on half-du-

plex or full-duplex links.

( ). ARQ

Section 10 Orthogonal Coding and Pseudorandom Sequence

orthogonal

pseudorandom sequence

spread spectrum communication

communication encrypt



