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B 1 ‘Iptroduétiqéfy{-

Teiécommunicaﬁon is the extension of communication over a distance.
In practice it also recognizes that something may be lost in the process; hence
the term 'telecommunication’ covers all forms of distance and/or conversion of
 the original communications, including radio, telegraphy, television, telephony,

data communication and computer networking.

“The elements of a telecommunication system are a transmitter, a medium (line)
and possibly a channel imposed upon the medium (see base band and
bréadba‘nd as well as multiplexing), and a receiver. The transmitter is a device
that transforms or encodes the message into a physical phenomenon; the signal.
The transmission medium, by its physical nature, is likely to modify or degrade
'the SIgnal on its path from the transmitter to the receiver. The receiver has a
decodmg mechanism capable of recovering the message within certain limits of
- signal degradation. In some cases, the final "receiver” is the human eye and/or
" ear (br i;i some extreme cases other sense organs) and the recovery of the

me‘é;s&ge is done by the brain (see psychoacoustics.)

Telecommumcatlon “can__be point-to-point, _point-to-multipoint _or

broadcasting, which is a particular form of point-to-multipoint that goes only
from the transmitter to the receivers. One of the roles of the
a teIecgmmﬁnica.tionS engineer is to analyze the physical properties of the line or
',_tfan;smission medium, and the statistical properties of the message in order to

| _'desigh the moét effective encoding and decoding mechanisms. When systems

_ are designed tb communicate through human sense organs, (mainly vision and
heariﬁg); physiological and psychological characteristics of human perception

- will be taken into account. This has important economic implications and
‘engineers will research what defects may be tolerated in the signal yet not

affect the viewing or hearing experience too badly.
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Examples of Human (tele) communications

In a simplistic example, consider a normal conversation between two
| _péopie. The message is the sentence that the speaker decides to communicate to
the listener. The transmitter is the language areas in the brain, the motor cortex,
| ~the vocal c(')rds,- the lai‘ynx, and the mouth that produce those sounds called
speech. The signa,l is the sound waves (pressure fluctuations in air particles)
that can be identified as speech. The channel is the air carrying those sound
Wavejs, and all the acoustic properties of the surrounding space: echoes, ambient
o hoise,—l and reverberation. Between the speaker and the listener (the receiver),
might be other devices that do or do not introduce their own distortions of the
original vocal signal (e.g. telephone, HAM radio, IP phone, etc.) The
, pénultimate receiver is the listener's ear and auditory system, the auditory
~ nerve, and the language areas in the listener's brain that will "decode" the signal

mto meaningful information and filter out background noise.

“All channels have noise. Another important aspect of the channel is called the
~ bandwidth. A low bandwidth channel, such as a telephone, cannot carry all of

the audio information that is transmitted in normal conversation, causing

—distortion and irregularities ifi the speaker's voice, as compared to normal, in-
- person speech.
Other Background

ll Labs sc1entlst Claude E. Shannon published 4 Mathematical Theory

of Commumcat:on in 1948. This landmark publication was to set the

mathematl_cal models used to describe communication systems called

* information theery. Information theory enables us to evaluate the capacity of a
- communication channel according to its bandwidth and signal-to-noise ratio.

= . Original theory on communication principles was provided by Harry Nyquist
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- and Fmile Baudot after whom the term Baud was conceived to represent a

single piece of transmitted information.

- Early telecomﬁlunication systems were predominantly based on analog
" electronic circuit design and used a single encoding technique. The introduction
of mass-préduced digital integrated circuits has enabled telecom engineers to

tal;e full advantage of information theory and simultaneously use multiple

- encoding techniques. From the demands of telecomi circuitry, a whole specialist

. area Of'intnegrated circuit design has emerged called digital signal processing.

_'Ez.irly phone systems used analog transmission lines between central
| oﬂiées, but iﬁ the 1960s digital multiplexed circuits were used to send voice
- calls over a Time Division Multiplexed (TDM) circuit. This was done at speeds
_ ofeithet 1.544 Mbps (a T1), or at 2.04 Mbps (an E1). A T1 circuit was capable
.of carrying 24 voice channels while an E1 was capable of carfying 30 voice
channels. Each voice channel uses 64 Kbps worth of digital bandwidth to
. ﬁon\'/ey the analog waveform. The development of the computer modem from
. 1980 is a clear teétimony of increases in information transfer capability through

 the use of multiple mechanisms. A modem today uses frequency, phase and

“~data compréssion fechniques to squeeze daa through what originally seemed an

impossibly small bandwidth.

'Possjble imperfections in a communication channel are: shot noise,
- thermal noise, lateﬁcy,, non-linear channel transfer function, sudden signal
| :dfops, bandwidth limitations, signal reflections (echo). More recent
telecommunications systems take advantage of some of these imperfections to

- actt;ally improve the quality of the channel.

Modern telecommunication systems often make extensive use of a clock

- signal which is used to decode a transmitted data stream, synchronization. In
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order to accumulate and manage such streams a “Telco” always provided the

clock s‘ig'nal.' With the advent of global communications it became necessary to

- have a single worldwide standard derived from a master atomic clock, or to

- secondary clocks syﬁchronized to that clock. Synchronous circuits are often
- used between routers. Asynchronous Transfer Mode, ATM is a relatively new

standard, opcrating at Véry high bit rates where synchronization outside of the

. data stream can result in errors.

| - Examples
‘-‘Examples' of Vdigi-tal channel coding systems: Hamming coding, Gray coding,
Binary cc_)lding, TQrbo coding.
.Examples of teleborhmm_icatibné systems
>'- Semaphore.

> -Tele.graphy.
» Radio teletype.

» The- global-telephone- network- (also- known- as-the- Public Switched—
© Telephone Network or PSTN).
> Radio. ~ |
S Television.-
> Commuﬁicati(_)ﬁs satellites.
o F Ethemet. ‘
» Predictive Dialers.
» The Internet.
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""1.1 Noise’\m

il

Consisﬁng of undgsifed, usually random, variations that interfere with
the desired signals and inhibit Communication, noise originates both in the
channel and in the communication equipment. Although it cannot be eliminated
complf;tely,'if’s effect’s can be reduced by various means. It is helpful to divide

noise into two types: imtermal noise, which originates within the

communication equipment, and external noise, which is a propérty of the

‘ éhanné[.

External noise consists of man-made noise, atmospheric, and space

| noise. Man-made 1s generated by equipments that produce sparks, such as

- automobile engines and electric motors with brushes. Also, any equipment with

fast rise-time voltage or current Gran generates interference, like light dimmers

and - computers. Atypical solution for a computer, for instance, involves

L shi_elding aﬁd grounding th¢ case and all connecting cables and installing aloe-

pass filter on the power line where it enters the enclosure.

Atmeospheric noise is often called static because lightning, which is a

‘static-electricity discharge, is its principal soured. Since it occurs in short,

~intense bursts with relatively long periods of time between bursts, it is often

- possible to improve Edi“nj:nunic.a_tion by-simply disabling the receiver for the

duratioﬂ of the burst. This technique is called noise blanking. Space noise is

mostly solar noise, which can be a serious problem with satellite reception

_ ' when the satellite is in line between the antenna and the sun. It is more
o 1mp0rtant at higher frequencxes because most of the space noise at lower
"-freqLencmq is ‘absorbed by the upper atmosphere. On the other hand,

' atrnospherlc noise dommates at Iower frequencies.

Interfial  noise generated in all electronic equipments, both passive
comf)one'nts like resistors and cables, and active devices like diodes and
transistors. Thermal noise is produced by the random motion of electrons in a
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conductor due to heat. It is equal mixture of noise of all frequencies, and

. sometimes calied white noise, by analogy with white light, which is an equal

" mixture of all colors. The term noise is often used alone to refer to this type of

" noise, which is found everywhere in electronic circuitry. The noise power in a

conductor in function of its témperature, as shown by equation:
=kTBW
Where Py = infernal noise power in watts
K = Bolizmann's constant, 1.38x10% joules/Kelvin (j/k)

T = absolute temperature in Kelvin (k)
BW = operating bandwidth in Hertz

The“temperamr_e' in degreeé Kelvin can be found by adding 273 to the

- Celsius temperature. The previous equation shows that noise poser is directly

: pfOpbrtiénél to bandwidfh, which means that high bandwidth communications

" are dssociated with higher noise. The only way to reduce noise is to decrease

—the: temperaiﬁre- or the béindwidth'~* of a circuit,or both. Amplifiers used with

very Iow Slgnal levels are often cooled artificially to reduce noise. The

technlque is called cryogemcs and may mvolve for cxample, cooling the first

Stage of a receiver for audio astronomy by immersing it in liquid nitrogen. The

other method of nozse reductlon bandwidth reduction, will be referred to many

o 'tlmes throughout thls book. Usmg a bandw1dth greater than required for a given

application is simply an invitation to problems with noise.-

‘ Shor noise has a power spactrum that resembles that for thermal noise by
havmg equai energy in every Hertz of bandwidth, at frequencies from dc into

the GHz reglon It 1S created by random variations in current flow in active

10



- TR-151 : Telecommunication f1

deViées such as transistors and Semicondﬁctors diodes. Excess noise, also called
flicker noise or pink noise, varies inversely with frequency. It is rarely a
pfo%iem in communication circuits-, because it declines with increasing
frequéncy and is usually insignificant above approximately one kHz.

The ma'in reason for studying and calculating noise power or voltage is
the effect that noise has on the desired signal. In analog systems, noise makes
the signal unpleésa:nt to watch or listen to, and in extreme cases, difficult to
‘;.mders’tal;d. ‘Once noise and distortion are present, there is usually no way to
femove them. In adc‘iitilon, the effects of these impairments are cumulative:
noise will Be added in the transmitter, the channel, and the receiver; and if the

“communications system involves several trips through amplifiers and channels,
asin a long-distance telephone system, the noise will gradually increase with

* increasing distance from the Soﬁrce.
~ In digital transmission of analog signals, the conversion of inﬁnitely variable
anélog sig11é1 to digital form introdudes error. This will inevitably result in the

loss of some infoimation, and the creation of a certain amount of noise and

distortion.

- but rather the amount of noise compared to the level of the desired signal. That
| 18, .it-is:th'e ratio of signal to noise poi;ver that s important; rather than the noise
power alone. This Sigﬁalfto-Noise Ratio (SNR), usually expressed in decibels
(’dB)_,- is 6ne of the most importanf unit for specifications of any communication

' sysfém. The decibel is a logarithmic unit used for companies of power levels or
voltage levels. In order to understand the implication of dB, it is important to

- 'know that a set:énd level of zero dB corresponds to the threshold of hearing,

which is ﬁie smallest sound that can be heard. (Sec Appendix I)

In communications; it is not really the amount of noise that'concerns us;, 7
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A normal speech conversation would measare about 60 dB. The SNR is

siven by the following equation:

N

SNR (dB) = 10log,, (g—}

Where P is the signal power

Py is the noise power

N Exaniﬁ‘l'é: ]
A receiver has an input power of 42.2 mW while the noise power is 33.3 uW.

| Findthe SNR for the receiver.

" Solution:

~ 'SNR (dB) = 10log, [:;i-] |

7 ~ Typical values of SNR range from about 10 dB for barely intelligible
speech to 90 dB of ino{'fe for cohlpéct~disc audio systems. A SNR of zero dB
~would mean that the noise has the same power as the signal, which would be
absoluté_ly unacceptable for any transmission system. Another quantity that is
| used to determine the signal qualify is the noise figure (NF) also called the
" ‘naifse factor, which is related to the noise ratio (NR). These can be computed

" by using the following equation:

12



TR-151 Telecommunication 1T

(o)

o NR — IHpHL
. ’ (S]VR)owpm-- .
Where (SNR) ;opus is the signal —to-noise at the mput.

(SNR) guput 15 the signal -to-noise at the output
NF =10 log NR

. Therefore,
N¥ (dB) = SNR iuput (dB) — SNR yupue (AB)

Example:
| Suppdsé‘ the SNR at the input amplifier is 25 dB. Find the SNR at the amplifier

“output. Assume that NF ~10'dB.

VS()l'uﬁbn; .
NF(dB) =_ SN_Rinput (dB) - SNROut;;ut (dB)
SNRouiput (AB) = SNRjnpy (dB) — NF (dB)

=Q5-10)dB— S
~ =15dB -

| An ampl_iﬁér or receiver will always have more noise at the output than
at the npat bécause the amplifier or receiver generates internal néise,rwhich
wiH be addéd"tb thé signal. And even through the signal ﬁlay be amplified, that
‘noise; will be anipliﬁed along with it. Since the SNR at the output will be less
than fhé SNR at the input, the noisc- figure will always be greater than 1. A
recéiv_*_ef that contributes zero n.oiSe to the signal would have a noise figure of I,

““or 0 dB; but such a noise figure is not attainable in practice. The lower the noise

figure, the better the amplifier.




TR-I51 Telecommunication 1T

: }f}ata am'i. vdicé signals exhibit entirely different tolerance to noise. Data
7 signals may be satisfactory in the presence of white noise, but the same can be
bothérsomé to humans. On the other hand, impulse noise -(clicks, pops, or
sometimes frying noise) will destroy_a data signal on a circuit but might be
acceptable for speech commmmication. |
| Digital systems- arc not immune from noise and distortion, but it is
possible to reduce their effect. Consider the simple digital signal shown on
figurel-1. Supp'os-e that a transmitter generates (1) V for binary one and (0) V
~fora binary zero. The receiver examines the signal in the middle of the pulse,
o and hasr a detection fhréshold at (0.5) V; that is, it considers any signal with
: amplitude greater than (0.5) V to be a one, and any amplitude less than that to
répresent'a zero. This is achieved mainly by a quantizer circuit at the receiver
énd, whaose function is to determine whether the incoming digital signal has a
voltage level correspénding to binary (0) or binary (1). The basic design
© comcern is to ﬁiinimixe the impact on channel noise at the receiver.

‘4
foto0011t0 1101

Voliage .

SRR . .w..’ i " : s 3 ;;;m T T —— ._.f_. _...&

Q £ L
Time

(a) Digital signal as transmitted

cto0011t0o1101

(b) Received signal with some noise and distortion

_. Figure 1-1: Removal noise and distortion from digital signal

[4
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Phstorted _ Regenerated
Signal

Signal

Receiver Transmitter

Figure 1-2: Digital repeater

_ Flgure 1-3 (a) shows the 31gna1 as it emerges from the transmltter and

) _Flgure 1-3 (b) shows it after its passage through a channel that adds noise and
dlstorts the pulse In the spite of the noise and distortion, the receiver has no

A dlfﬁculty deciding correctly whether the signal is a zero or a one. Since the

“binary Value of the pulse is the only information is the signal, the distortion has

had no effect on the transmission of information.

T
o1o0oo0t1t1101101:

Voltage

- "_I —bed g bt T == == 0 S "

Q¢

. Threshoid—

{b) Received signal with excess noise and distortion

* Figure 1-3: Excessive noise on a digital signal

15
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. . The reccived signal of Figure 1-2 could now be used to gencrate a new
pulse train to send further down the channel. The receiver-transmitter
combmation which is called a repeaz,‘er and illustrated in Figure 1-2 has not
only avoided the addition of any distortion of its own, but has also removed the
effects of noise and distortion that were added by the channel preceding the
repeater. Unfortunately, since noise is random, it is possible for a noise pulse to

“have any érﬁplitude including one that will cause a transition to the wrong
'Ievei Extreme dxstomon of pulses can cause errors as deémonstrated in Figure
13 Errors can hever be eliminated completely, but, by judicious choice of such
| parameters as signal levels and bit rates, it is possible to reduce the probability
oferfor to a Vérv small value. There are evén techniques to detect and correct
some of the errors. |
Whlle signal-to-noise ratio is used as a performance measure for analog

' 'éystems, the bit error rate (BER) is a prime factor is a digital system. It is the

. number of bils in error expressed as a portion of transmitted bits. For example,

a BER of 10° (which equals 1/10” means one bit is in error for each one billion

bits received.

16
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1.2 Modulation__

Modulation is a means of controlling the characteristics of a signal in a
desired way. The modulation is done at the transmitter, while an mverse
process, called demodulation or detection, takes place at the receiver to restore
o the fo_riginé,l haseband signal. There are maﬂy ways to modulate a signal, such as

AIhplitgdé nioduiation (AM)}, Frequency modulation (FM), Phase modulation
. (P_M),' and Pulse modulation. Both AM and FM are used is radio broadcast.
Pulse modulation is mainlyv used for analog-to-digital conversation. In
- modulation, amplitude, frequency, or phase of a carrier wave is changed in
accordance with the modulation signal in order to transmit information. The

- resultant is called a modulated wave. This concept is illustrated in figure 1-4.

- A carrier, which is usually a sine wave, is generated at a frequency much higher

| thah_ the highest mo'dulating signal frequency.

Modulating ' Modulated
——Signal “‘“7“‘""’_.. % Modulator T carrier———r
Carmier
Wave

Figure 1-4: Concept of modulation
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. w,.mvrzﬁ%
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m1~21 Alﬁplimde M;ddula- __

AM is one of the oldest and simplest forms of modulation used for
anaiog sigoals. In AM, an audio signal's varying voltage 1s applied to a carrier.
_ Its azﬁpl_imdé changes in accordance with the modulating voice signal, while its

: 'freqUency' remains unchanged. This is principle is shown in Figure 1-5.

Sinusoidal modulating wave

'Am'plitude modulated wave
. S
A ~

-

—

_ Sinusoidal
modulated
- carrier wave

Figure 1-5: Amplitude modulation

- " m};gz Frequency Modul-az" "

In FM, frequency of the carrier changes in accordance with the amplitude
of the input signal, but its amplitude remains unchanged as shown in Figure 1-

| - 6. This makes FM modulation more immune to noise than is AM and improves

18
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to-the overall signal-noise ratio of communications system. OSince the

ampii.tude {(voltage) stays the same,'thé output power of a FM signal is constant,
unli}_(é, the varying AM power output. However, the amount of bandwidth
necessary to transmit a FM signal is greater than that necessary for AM - a
- liimiting Cénsﬁ"airit for some systems. Also, the circuits used for FM are much

. move complex than those used for AM.

. As an eéxample, lét us cdﬂs’idef a cz_mier frequency, also called Center
ﬁeQuéﬁcy; of 1 MHz. assume that be‘caﬁse of FM modulation the center
ﬁ‘equen(:)vf is made to deviate 75 kHz by the audio baseband signal. This change
from center’ is the frequency deviation, which in this example, + 75 kHz or
_1‘50 KHz. 'I'Iié 75 KHz déViatiVOI‘l ié‘for the loudest audio signal with the greatest
'amp'litude in the baschand modulating signal. The FM radio broadcast band is
88 to 108 MHz, with stations spaced every 200 kHz or 0.2 MHz. examples of a

. carmier frequencies are 92.1, 963, and 104.5 MHz. the 200 KHz spacing

. 'Befw-een cam‘ier frequencies is needed to allow for atonal swing of 150 KHz,

with a guard band of 25 KHz on éach side to prevent interference between

* adjacent stations.

3
T
t
1
1

AU
Hf.,_ugv.!_,.uu

R

Sigusoidal _ \ Frequency
m{}dulated_ modulated

carrier wave - _ wave

Figure 1-6: Frequency modulation

19
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5

' 1.2.3 Frequency Shift Keying s

o Ffequency shift keying (FSk) is a popular implementation of FM for data
' 'a;l)pliéat:ions and was used in low—épeed modems. A carrier is switched between
- two fréquenbiéé V—one for mark (logic 1) and the other for space (logic 0) —as
_ mdwated in F1gme i-7. There are always guard bands that reduce the effects of
bieed over between adjacent channels, there are two pairs of mark and space
ﬁ”equenf‘lea All these frequencxes are well inside crosstalk between the
. s1debands that are generated by modulatlon This technique is not applicable for.
hlgh speed modems and is rarely used. Beside modems, FSK has- apphcauons ‘

for digital communlcatlon via high-frequency radio waves. Here, the system

. si)éci'ﬁés the frequency shift between mark and space for alerter frequency. So

: -When-a mark (logic 1) is transmitted, the center frequency may be lowered, for -

example by 42.5 Hz, and when a space (logic 0) is transnutted the center

ﬁequency may be raised by 42.5 Hz. Thus, if the center frequency is 425 Hz,

“while a space represents 467.5 Hz. This process is called FSK.

1 o 1 1 o o 1

| Binary signal o [ ! ;

(a)

/-10705-;2\
."_-S__Ksi ‘al- iy AR ‘ I/ A [\
_FSK signal - | IOV VATAYI

\12?§H2 /

(b}

° Figure 1-7: Fréquency—shift keying

20
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1.2.4 Phase Modalatmn (FM;%..M_

T IanM,V'the amount of phase-shift of the carrier changes in accordance with the

: modlilated signal; in effect, as the amount of phase-shift changes, the carrier
frequency changes. Since PM resﬁlfs in FM, it is often referred to as indirect
FM Phase shiﬁ is'a time difference between two sine waves of the same
frequency F1gme 1-8 illustrates several examples of phase shift. Note that a |
: _,phase shift of 180° represents the maximum difference and is also known as
phas’e‘,reversal. The advantage_ of using PM over FM is that the carrier can be
' ;bpt‘imized for frequency accuracy and stability. This type of modulation is

- easily adaptable to data or digital application.
0° phase shift
{irr phase)

45°% phiase shift

a0® phase shift

180° phase shift
{(phase inversior,

Figure 1-8: Examples of phase shift

21
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' ;1 g 5 Phase Shzft Keying (P IQ

Phase stiff-keying (PSK) is the most popular implementation of PM for

data applications. In PSK, the binary signal, 0 or 1 to be transmitted changes

the phase shift of a Sine wave accordmgiy Figure 1-9 illustrates the simplest

~ form in of PSK known as binary PSK (BPSK). During the time that a binary 0

occurs 'the carrier signal is transmltted with one phase, but when binary 1
‘occurs, the curvier signal is transmitted with 180° phase shift. The main
.b'robleni with BPSK is that the speed of data transmission is limited in a given
i g bandmdth (ine way to increase the binary data rate; whﬂe not increasing the
' bandw1dth requirement for the signal transmlssmn is to encode more than one
bit per phase change. Most PSK modems use Quadrature PSK (or 4 - PSK),

where each symbol represents two bits, as illustrated in Figure 1-9.

| 1 ks o 1 0 1
Serial i !
binary ' .

data -

BPSK

K Phase changeas when )

binary state changes

Binary 1 =0°
_ Binary 0= 180°

 Figure 1-0: Binary phase shift keying (BPFK)

22



TR-151 - | ' ' Telecommunication IT

: E;aud rate _is‘ defined as fhe number of symbols (or signal transitions)

-trar_lsmitted in one second. The following equation gives the relationship

betwéen the baud rate'and the bit rate.

Bit rate = Baud rate x Bit -per symbol

Example*
Find the t1a11sn118510n bit rate if the baud rate is 1200 and there are two bits per

. symbol or signal transmission.

o SolutiOn:

Bit rate = Baud rate x Bits per symbol

A_Th.erefore, Bit rate = 1200 % 2

© Bit rate = 2400 bps

1.2 6 Quadl ature Amplltude Modulat:on.(" '

A Quadratule Amphtude Modulatmn (QAM) modem uses two

g amphtude modulated carriers with a 90° phase angle between them. These are

' added to produce a s1gna1 with amphtude and phase that can vary contmuously

- The number of amphtudeuphase combmations could be infinite, but a pract1cal

llmlt is. reached when the dlfference between adjacent combmauons becomes

: too small'to be detected reliably in the presence of noisc and distortion. For

'example the V.32bits modem has a modulation tate of 2400 baud and 14,000

| bps (. }L’i 4 I{bps) Where each 81gnal tr an51t10n represents six data bits, as shown

n Flgure 1-10. The term bit comes from Latin, meaning second; n other

- words, the second and enhanced release of the standard. Third relcases are
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demgnated translated from Latin as third. ‘The V.90 modem has a potential top

peed of 56.6 kbps, but the FCC prohlblts the 56 kbps modems from operating
above 53.3 kbps to plevent excessive crosstalk in local loop cable bundles.
T H1gh Speed modems make use of data compression techniques in reduce the

.number of bits that muist pass over the communications medium in order to

reduce transmission time.
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Pulse modulation, which includes a variety of schemes, is used for both
~.ana10g and digital s1gnals For analog signals, the process involves samplmg

where a snapshot (sample) of the waveform is taken for a brief instant of time,

 butat 1egu1ar mtewais These mstantaneous amplitudes are the sample Values 7

or samples of the 51gnai 'waveform The rate at which a signal is sampled is

' :called the sampling rate, and it is’ expressed as the number of the samples per
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. second.’Thé sampling interval is the time interval between gach sample. The
sampling rate is'the reciprocal of the sainpling intervals.
In 1928, 'Hehry NYquist ‘determined the optimum sampling rate. The Nyquist
sampling theorem states that if a waveform is sampled at a rate at least twice
' the maxinum frequency component in the waveform, then it is possible to
* reconstruct that waveform from the periodic samples without any distortion.
S Therefore if the maximum frequency component in the signal is s, then the
optlmum samp}mg rate equals 2me The samphng rate is sometimes called the
Nqust freqqency. Ifa SIgnal has a makximum frequency component of 5 KHz,
tﬁen the Salﬁpling rate is 10,000 KHz, which is the same as 10,000 samples per
second. The s_ampling prbcess converts as analog signal into a train of pulsés of

varying amplitude but at a constant frequency.

| Analog-to-digital 'Conversation consists of three stages: '

. L1-The ﬁrsfstagé is a low—ﬁa'ss ﬁltering of the analog signal, called an

e anti—aliasiﬁg ﬁltér, to prevent any alias frequencies from appearing due
to uﬁdér—sampling of an uﬂexpected high frequency. Aliasing, a

penalty for a sampling rate that is too low, is a form of distortion in

R ‘—__*_‘f"_"*' ““Wwhich the feconstrictéd original signal results™in ‘a lower-frequency =~

swnal .

an The second stage is the samphng of the analog signal at the Nyquist
rate’, the result of which a series of pulses at the Nyquist sampling rate
with amplitudes equal to the sample values. These pulses represent a

Pulse Amplitude Modulation (PAM) signal. |
O The third stage transforms these pulses into a digital signal. The
'ahipli"mdé of the pulses is quantized, and the quantized values are
| 't;bded eis'bin_ary nur'nbers.r The binary numbers become a stream of on-

off -pulses.'A number of 'pﬁlses together then represent a binary

25
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. number. The process of encoding analog samples as a series of on-off

pulses is referred to as Pulse Code Modulation (PCM).

| {.é,_i_i’ulsg Amplitude Moduiaﬁoﬁi ).

‘ Pulse Amplitude Modulation (PAM) ' generates pulses whose amplitude
B Véliation_corresponds to that of the modulating waveforms, as shown in Figure
'I'l—l 1. Like AM, it is very sensitive to noise. While PAM was deployed in early
AT&T Private Branch Exchénge, there are no practical implementations in use

.- today. However, PAM is an important first step in PCM.

~ 1.3.2 Pulse Position Modulation (PP W‘“‘

: Pﬁljsé_Position Modulation (PPM) is closély related to PWM. All pulses have |

‘the same amplitude and duration but their timing varies with the amplitude of
| th_é medulating signals, represented in Figure 1-11c. The random arrival rate of

“pulses makes this unsuitable for transmission.

[RCNERE A

~ The Pu]sér Width Modulation (P\?VM) technique generates pulses at a regular
rate, whose length or width is controlled by the modulation signals as depicted

in ﬁg'_uré 1-11 d. PWM is unsuitable for transmission because of the varying

; pulse-width. -

26



TR-I51 Telecommunication I1

" Amplitude .

fime Tirme

{a) Original Signal . {b} Pulse-Ampiitude Modulation {PAM)

Amplitude

Arnplitude

Time Time

{c) EaiseaPcs%ﬁcn Moduiaﬁon (PPMY} {d) Pulse-Width Modulation (FWM)

Figure 1-11: Analog pulse modulation

, ‘Puiée | Code Modulation (PCM) ' 1sthe only tcclilrnriqﬁc’ that fenderc _ ftself
‘well to transmission. it is the most commonly used of coding digital signals and
alsc'uscd for transmitting telephone i(analog) signals digitally. For analog
S1gnals the amphtude of cach samplc of a signal is converted fo a binary
number A common pattem for codmg the transmitted information is by using a
'chamcrer code such as ASCII A character code specifies a unique strlng of Os
and Is t identify a character The receiver detects the pattern of Os and 1s in a
given . pencd of time; it interprets the transmitted code by finding the
ccrrcspondlng charactcr rcprcscnted by it. The frequency range that can bc

represénted thr oughrPCM modulation depends upon the sampling rate.
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" -1 cairier uses PCM as depicted in figure 1-12. The allotted bandwidth per

| ‘voice channel is 4 KHz. According to the Nyquist theorem, an analog signal

must be sampled at twice its highest frequency to obtain an accurate digital
representation of the information content of the signal. Therefore, the voice

channel must be sampled at § KHz. A pulse code modulator samples the voice

- 8,000 times every second, coniverts each sample to an eight-bit word, and

transmits it over a ling over a line interspersed with similar digital signals from
23 other channels. Each PCM voice chanuel operates at 64 kbps (8 bit/sample
and 3000 Sani'ple/seb). Repeaters spaced at appropriate intervals regenerate the

24-channel signal with an aggregate of 1.536 Mbps (equals 24 X 64 kbps).

Wlth additional 8 kbps for synchronization, this technique results in a 24

_channel 1.544 Mbps digital signal known as T-1. Each of the 24 channels can

.. beused for either data or digital voice communication.

- Digitized signal

. Analog e 5= . -
Signais T A 5. P T-1 Canrier :
| B2 Multiplexed Digital
edkbps | F Transmission’

Figure 1-12: PCM and TDM applications for a T-1 carrier
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1. 5 E’ulse Code Modulation & ‘QD DL

SDH (Synchronous Digital Hzezarehy) is an international standard for
‘ hlgh speed teleeommumcatlon over optlcal/elecmeal networks which can
transport digital signals in variable capacities. It is a synchronous system which

. intends to provide a more flexible, yet simple network infrastructure.

SDH (and its American variapt- SONET) emerged from standard bodies
‘somewhere around 1990. These two standards create a revolution in the

communication networks baséd on optical fibers, m their cost and performance.

 With some 750 million telephone connections is use today and the

‘number on internet users continuing to grow rapidly, network providers have

N been féced with the task of trying to deal effectively with increased telephone

traffic. In response to the growing market needs, a number of methods and
technologies have been developed within the last 50 years to address these

market needs in as economical a way as possible.

- In the field of communications engineering, this resulted in the introduction of

"frequency division mu]tlplex (FDM) systems Whereby each individual

ot elephone channel was modulated with a different carrier frequency The signal -

could tben be shifted mto dlfferent frequency ranges enabling several telephone

| connecuons to be transmltted over a 81gna1 cable.

'With the adi/ent of semice’nduaor circuits and the continuing demand for
',telep}_lene c-iapacify, a new type of transmission method, pulse code modulation

| (PCM) was developed in the 1960s.

With PCM (mulnple use of a smgle line by means of digital time-domain
; multlplexmg) the analog telephone 51gnal 1s ﬁrst sampled at a bandwidth of 1.3

| ) kHZ? qUanhzed and encoded then tranbmltted at a bit rate of 64 kbps. When 30
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- such coded channels are collected together into a [rame along with the

necessary si’gn‘aling information, a 'transmiesio‘n rate of 2048 kbps is used.

-Thls is known as the primary rate and is used throughout the world with the
~ cxception of the USA, Canada, and Japan, where a primary rate of 1544 kbps

(fermed by eombihﬁng 24 channels) is used.

The demand for greater bandwidth however, meant that more stages of
multlplexmg were needed throughout the world. A practxcaﬂy synchronous
' d1g1tal hxerarchy was developed in response. As there are slight differences in

' _tlmmg 51gnals justification or stuffing (s necessary when forming the

-'meltlpiexed 51gnal_s.

Inserimg or droppmg an individuoal 64- kbps channel to or form a higher digital

' _hiefarchy however requn‘es a conmderable amount of complex and expensive

multlp]exer equipment.

Towardo the end of the 19805 the synchronous digital hierarchy (SDH) was

| "1nt1 oduced, paving the way for a worldwide, unified network structure. SDH 1 is

o ldeai pamculaﬂy for network management system that can be easily adapted to

aceommodate the demand- for “bandw1dth hungry” apphcatldns and services.

1.6 Why SDH?

With. the introduetion of PCM technology in the 1960s, communications

' 'networks were gradually converted to dlgltal technology during the years that

‘foilowed To cope with the demand for ever—hwher bit rates, a mult1plex
R hlerarchy or pleqzosynchronous digital hlerarchy (PDH) cvolved. The bit rates
R start w1t}1 the bas1e multiplex rate of 2 Mbps with further stages of 8.34 and 140
- Mbps. This fundamental difference in developments made the set up of
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gateways between the networks both difficult and expensive. In response to the
demand for increased bandwidfh, reliability, and high-quality service, SDH
developed é;teadi‘iy during the IQSOS climinating many of the disadvantages
inhéreﬁt iz PDH. In turn, networks providers began to benefit from the many

- technological and economic advantages this technology introduced including

 the following:

# High transmission rates: -
- Transmission rates of up to 10 Gbps can be achieved in modern SDH
making it the most suitable technology for backbones - the

superhighways in today’s telecommunications networks.
¥ Simpliﬁed add & drop function:

- Compared t6 the older PDH systeriy, low bit rate channels can be easily
extracted from and inserted into the high-speed bit streams in SDH. Tt
is now no longer necessary to apply the complex and costly procedure
of _de—multip}exing then re-multiplexing the plesiosynchronous

étructure,

¥ High availability & capécity matching:
- With SD_H, ﬂetwork providers can react quickly and easily to the
| requirements of their customers. For example, leased lines can be
switched in a matter of minutes. The network provider can usc the
s‘tandardized network elements (NE) than can be controlled and
monifofed from a éeﬁtrél location via a telecommunications

management network (TMN) system.
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# Reliability:

‘Modem SDH networks include various automatic back-up circuit and
repair mechanisms which are designed to cope with system faults and
are monitored by management. As a result, failure-of a link or an NE

does riot lead to failure of the entire network.
# Future-proof platform for new services:

| " SDH is the ideal platform for a wide range of services including POTS,
ISDN',"mobiI;s radio, and data communications (LAN, WAN, etc.). it
' a}.sO'able to haﬁdle more recent services such as video on demand and

digital broadcasting via ATM.
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Review Questions:

o1 'Cam}:ffete the fﬂfl@u’iigg :

A) Thie main parts of Telécommunication system are :

E.
-]

- B ) The main types of Telecommunication systems are :

C).The imperfections in communication CH's are :
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| Q2 Ti'%:k( V) or { x)forthe following and correct the mistakes

|- The thermal noise in coromunication equipment called external noise

()
é— The p}operty of the CH related to Fhk’: internal noise ()
3-The E;,tI'_l’IIOS:thII._(;_ noise happened due to Vsolar etfect ( )
4 The W_hjte nbise affocts in satellite Frequency band ( )
5‘—.Tlﬁe 'sp.éclg noise is a solar noise éffect m SHF Band ( )

Q 3: Solve the foilowing pfoblems

A ) A recewed signal with power 60.5 mw at the Rx. Input while the noise

' _power 1825 uw calculate the SNR of the receiver in [dB]

B ) Suppose the SNR at the amphﬁer mpu‘t is 15 dB calculate the SNR at
- The recewer output assume the NF is 6 dB
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2 ANAL(}G VERSUS DIGITAL ACCES' R

Until most wircless data transmitted through radio

‘communications have been analog. In analog systems, the actual sound of the

recently,

sellér’s -Vé)';CS pattern is transmitted over the airwaves by means of a continuous
“wavelike sxgnal Next generation wireless systems have turmed toward the use
~of dzgltal mgnals Digital systems have several advantages, including allowing
'be_tt_er coverage, more calls per channel, broadband communications, less noise
- interference, and the ability to add new features and functions. Analog and

A.dlgﬂ:al technoiogles and their sahent features are identified in the following

table: o

System

First

Il Generation

s Technoldgy
il Generation }

| AMPS based
! on FDMA

Operation

Frequency

800 MHz or
1800 MHz

Advantages

Widest
Coverage
including
rural areas

Disadvantages jf.

Poor .

security

Not !
optimized |
for data  §
Limited

‘Second

"I Generation |

800 MHz or
1900 MHZ

" Better
security

= Higher
capacity

experience an
interruption

_ Third

‘Geperation |

800 MHz or
1900 MHZ

= Very high
security

= High
capacity

» (Greater
immmunity

v Soft handoff
with no

nterruption

Table 2-1: Analog & Digital Technologies

during handoff |

= Limited
coverage at
this time.

| capacity I
May '
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2.1 Analog Access

. The Analog cellular systems are referred to as first generation cellular
technologies. The North and South American analog cellular systems confirm

to the AMPS standard, which operates on the 800 MHz or 1800 MHz

frequency band. But there are several other types of analog systems standards

in the rest of the world. In Europe and Asia, these include Total Access

Communications System (TACS), North Mobile Telephone (NMT), and others.

- The AMPS and TACS are both based on FDMA.

2.2 Digital Access

Until now, digital wireless technologics have developed mainly because

oof the need for increased system capacity for voice transmission. However, this

trend is now changing. During the last three years, there has been a tapid

growth in multimedia communications via the internet, which has resulted in an

increased demand for high-bandwidth transmissions rather than dedicated voice

- transmissions, even in the wireless world. Another important factor is the

—-increasing need for global coverage. —— -

NOrth America currently has multitude of digital cellular technologies for

- - wireless ratio communication. Collectively referred to as Personal

_ Communication System (PCS), they operate sat 1900 MHz, each with different

‘coverage.and capacities try definitions, analog celfular technology is not

 included as a PCS technology because PCS only refers to digital technologies

that were specifically to provide improvements over analog. In the United

| -'Staités-, 'the-:__IEEE and TIA have developed standards for digital cellular systems

such as TDMA and CDMA..

37



- TR-131 - ‘ Telecommunication 11

2.3 CHANNEL ACCESS.,

g In particular several wireless systems, before several channels can
~ operate independently of each other, the shared should be split up. There are
four basic processes are used to do this:
- # Time Déifision'Mﬁltipfe Access (TDMA)
" & Frequency Division Multiple Access (FDMA)
" # Space Division Multiple Access (SDMA)
$ Code Division Multiple Access (CDMA)

‘Multiple access is a si gnal wansmission situation in which two or more users
wish 1o ‘simultaneously communicate with each other using the same
- pr‘dpdgation channel. 'This is precisely the uplink transmission situation in a
wn‘eless commumcatlon system. In the uplink or reverse channel multiple
users WIH warnit to transmit information simultaneously. Without ploper '
| coordmation among the transmitting users, collisions will occur when two or
| more users tfansrhit simultancously. Access methods that incur collision are

feferred to as random access and variants of random access. We will discuss the

throughput characterlstlcs “of Two popular random access methods? Aloha and -

:_-';_-carrler-sense multlple access (CSMA) Mu1t1ple access strategles based on

orthogonaﬂy among the competing transmissions are  collision-free.
Orthogonally can be in the form of frequency division or code division.

) Techmques with built-in conflict resolution capability presented later in this

- chapter are ﬁequency—d1v131on multiple access (FDMA), time-division multiple

access (TDMA) and code- division multlple access (CDMA). Performance
analys;s and evaluation of these conﬂlct—free multiple access methods in terms

of spectra} efficiency and system capac1ty are described and discussed.
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" fom ihe different users orifiogonal to each other. This raises the fundatental

2.3.1 Multiple Access in Radio Cell

In each radio cell, the transmission form the base station in the dowalink
can be heard by each and every mobile user in the cell. For this reason, this
mode of transmission is referred (o as broadcasting. On the other hand,

transmission from the mobile users in the uplink to the base station is many-to-

orie, and is referred to as multiple access.

'Iransmlssmns in the uplink bave the following attributes:

‘a) Multiple mobile users want to access the common resource (base

station) s;multcmeously
b) 1f the tranf;rmssmn from two or more users arrives at the base station

recewer ‘at the same time, there W1ll be destructive interference, lmless

- the mulupl_e arriving signals are manually orthogonal.

| c) Orthogonally bétwéen two signals means that their inner product over

the signaling interval vanishes.

The key eIémén_t in multiple ‘access is to make the transmitted signals

quésﬁbri of how this 'orthogonally ébhdition should be mechanized.

I ,_Oﬂhogonaliy can be mechanized using SDMA, FDMA, TDMA or CDMA. In

. themy, the four methods are conflict-free multiple access techniques. The

"_'.'canﬂwt—ﬁ‘ee property 1S achleved through coordination among all" the

partIc:Lpatmg users. In the case of SDMA, FDMA and TDMA, the coordination

" among all pa1‘t101patmg users is performed through fixed assignment. For

“example, in the FDMA the system bandwidth, is partmoned mto frequency
bands and each user is assigned a unique frequency band for information
transmission for the entire durat._ion of the comnection. CDMA is a spread

spectrum technique. Each user is assigned a unique spreading function from a

[S]
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set of wideband orthogenal function. Based on the orthogonolity property, an
mdividuéi user can transmit using the entire system bandwidth, B,, during one
use of {he channel. Thus, FDMA is a narrowband multiple access plans while

.. CDMA is wideband.
" 2.3.2, Random ‘Access and Variants

7 In certam s1tuat10ns depending on the traffic and load and mixture, it

may be advantageous to employ a non-conflict-free multiple access scheme In
non-conflict- free multlple ACCESS, transmlssmns by the different users are either
uncomdmated or are only partzally coordmated A completely uncoordinated
“scheme is referred to as Jandom aceess. In a random access, a user contends for
-usage: of the same resource, independent of any other users. For this reason,
rahdom access'is also referred to as contention access. In a random access

scheme a user tlansmlts whenever it has information to be transmitted,

mdeppndent of the status of any other users

In conflict-free multiple_ access systems, random access are often used to

2 gain-the initial acces’s‘ to the syq‘tem“'For'example “in GSM systems; there'is a-

- random access channel {] RACH) among the control channels which provide the

. ,necessary control functions. The RACH is used by a moblle user to originate a

call: or to respond to a paging blgnai in the reverse link. The RACH uses a

- slotted Aloha access scheme. In respondmg to a call from a mobile user via the .

- -RACH, the base station allocates a conflict-free channel to the user during the

call connection,
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©2.3.3 Random Access

' While we will not be dwellmg much on non-conflict-free multiple access
techmques in thls section, it seems appropnate to brmﬂy study some of the

‘popular methods for non-conflict-free multiple access.

B 2.3.4 Aloha Systems

o Raﬁd(_)m access was used by. a research group from the University of
Hawaii in -the-late 1960s _éu_l_d éarly21_97Os for its satellite communications with
the U.S. mairﬂand at a transmission spee& of 50 kbps. This system was called

' Alohéi and the term Aloha has been used as a general name for random access.
' :Aloha_ is a packet-switching system. The time interval required to transmit one

| ?a&:ket is called a slof.

- 24 Tlme DlVISlOIl Multlple Access (1__‘ Di

Time Division Multiple Access (TDMA) is based on the fact that the

" communications elements belonging to different conumunications participants

ean be transferred one aiter the other over the same channel. If this time
.-seqlié;nce '_ involves the output and feedback chinnel between two

‘communications partners, it is also known as Time Division Duplex (TDD). In

. this case the time. division multiple access procedure uses a high-bit-rate

| transfer channel, whmh is distributed among sever -al channels with a lower data
rate dunng the time sequence The central feature of time c[1V1510n multiple
-access is that it is wIatwely easy implement a central station. It is especially

- easy to anlement a frequency mixer. Supporting handover by changing the

" ,4bas_e station also appears to be equally uncomplicated because it does not

int‘éiimpt the transfer of the of the data stream. The data rates of the individual
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c_emﬂiuﬁicétions participants can also be increased by simply extending the
dufaﬁon of th_e time slots. In real life this type of time slot bundling is carried
out in packeﬂorieﬁteci transfer as part of the General Packet Radio Services
'techniqilre -(GPRS') in leob'aI Systém for Mobile Communicatién Systems
(GSM) and f-orr'data transfer in the DPRS technology used in DECT systems.
._ Howevei', the time slots for the wvarious Iialticipants are usually maﬂaged

| centrally. Orie di_éadvanfage is that a TDMA channel needs relatively high bit
L rates for time division to be practical and effective. Synchronization between
-~ the tlfa'nSmittér. and the receiver is a'ls_o. sbmewhat more time-consuming because

' the transmission between the two stations is constantly interrupted.

2.5 l}}*_éq_l_lenc_y maltiplex procedur
L Fiﬂeq_uency Division Multiplé Access (FDMA) supplies range for a
. communications stream that is independent of the frequency ranges used by the
"oﬂlgr co’mmuﬁic_:&tions participants. It is also comparatively easy to allow any.

station that is ready for communications to select its own frequency alongside

' centralized frequency nianagement“procedure; To do this a station can; for— "~

E example, cheék the field strength of all possible transfer frequencies and

assume that the transfer frequency with the lowest field strength is free.

Combined procedure

‘ Combinatiohs of both procedures can also be used, increasing the
- “number of possible users. For example, DECT systems use a combination of |
- TDD, TDMA and F DMA proce'dufes with twenty time slots in which every ten

times slots are assigned a direction of transfer, and twelve frequencies.
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o 2.7 Cede wasmn MqupEe Acc

_ H owever, the QAM modulatmn ﬂlustrates sucha eombmatlon of amplitude and

pulse madulation:

26 Space Division Mulﬁpie Aeces s

In Space Dwzszon Multzple Access (SDMA) the channels used for
| ,transmlsswn are used time and time again at specific geometric mtervals as part
of what is known as "cluster fonnatlon" In this way an unlimited amount of
" traffic can be transferred in an unhmlted amount of space, despite a limited
- number of channels. This procedure is based on the fact that the field strength
ofa radu) signal becomes lower the further it gets from the transmitter because

" of the attenuation effects. If two transmltters are far enough apart their signals

are so weak that they e.ause no noticeable interference to €ach other.

o g

Code divis_ioﬁ_ multiple access (CDMA) is a form of multiplexing and a
method of muItipIe access that divides up a radio channel not by time (as in

time dm ision multiple access), nor by frequency (as in frequeney-d1v151on

. multiple access) but instead by using. different pseudo- random code sequences

for cach user. CDMA is a form of "spread-spectrum” 51gnalmg, since the

modulated coded mgnal has a much hlgher bandwidth than the data belng

commumeated

CDMA also refers to digital cellular telephony systems that make use of

g . this mulﬁple access seheme, such as those pioneered by Qualcomm, and W-

. CDMA by the International Telecommunication Union or ITU.
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_ FDMA has been used in many communications and navigation systems,
| nciuchng the Global Positioning System and in the Omni- TRAC% satellite
' Sy_stem for transportaﬁon logistics. CDMA consistently provides better capacity
- fbr'w}oipe a’ndr data communications than other commercial mobile technologies,
allowing more subs_c;ribers to connet;t at any given time, and it is the common

| platf(_)rm.on which 3G té_chnologies are built.

Thls is where CDMA technology fits in. CDMA: consistently provides better
capacity for voice and data communications than other comimercial mobile
- technologies, allowing more subscribers to connect at any given tlme, and it is

the common platform on which 3G technologies are built.

CDMA is-a "spread spectrum” technology, allowing many users to
occupy the same time and frequency allocations in a given band/space. As its
name 1mp11es CDMA (Code Division Multiple Access) assigns unique codes to

,each communication to differentiate it from others in the same spectrum. In a

- —.woﬂd of finite spectrum resources, CDMA enables many more people to share

the airwaves at the same time than do alternative technolog1es

B The CDMA air’ mterface is used in both 2G and 3G networks. 2G CDMA

_stan_’dards are branded CDMA—One and mclude IS-95A and 1S-95B. CDMA is
the foundation for 3G services: the two dominant IMT-2000 standards, .

R A CDMA2000 and WCDMA, are based on CDMA.
e 2.7.1 How the Technology Works

The folloWin_g illustration, which was created with the assistance of
L Klein'Gilhbusen,jéo—inventor of CDMA, shows how bits are encoded at the
" base station and decoded in the cell phone. A single bit example is used to take

“you tl_xroﬁghj the Boolean math.
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" Trailsmii;ting frem the Base Station

FEach voice chversation is compressed with a vocoder. The output is
‘doubled by a convolution encoder that adds redundancy for error checking.
" Bach bit from the encoder is replicated 64 times and exclusive OR'd with a

'_ Walsh code that is used to identify that call from the rest.

' The output of the Walsh code is exclusive OR'd with the next string of bits (PN
sequence) from a pseudo-random number generator, which is used to identify

all the calls in a particular cell's sectof. At this point, there is 128 times as many

. bits as there were from the vocoder's output. All the calls are combined and

modulated onto a carrier frequency in the 800 MHz range.
Réceiﬁng at the Cell phone

. The received frequencies are quantized into bits ("chips") by the analog-
'to—di-gital converter (ADC). The output is run through the Walsh code and PN
- sequence correlation receiver to recover the transmitted bits of the original

: signal. When 20ms of voice data is received, a Viterbi decoder corrects the

 errors ﬁsi_ng the co_nvolution code: The Viterbi outpﬁt goes to the vocoder and
¢ digital-to-analog canvérter (DAC), which décompresses the bits and turns them

g "ba_ck into waveforms (sound).
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From Dormputer Eeghzszp Encyalopedia
@ 32005 The Computer Languags Co. loe,

T?ﬁﬁﬁﬁﬁﬁiﬂ@; CDOMA Conversations
From the Base Station
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- Figure 2-1: Transmitting CDMA from Base Station
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: Figure 2-2: Receiving CDMA at the Cell Phone

' Follow the Sm;:rle B1t Example
This exriuswe OR truth table shows you the

- Boolean afgebraic rules to prove the single bit

example in the illustrations above. The example bit |

Table 2-2: X-OR truth table

is a.IT,.énd the Walsh and PN codes aie 0.
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Review Ques‘uons
Ql Write the complete nane f01 the following abbreviations :

" :

- AMPS X

TACS

CDMA:_‘
| s FDMA -
e GP_RS :

. GSM -
B BS

L. »ECDMA .

. - Q2 : Transmission in the UP-LINK ha{ie the following attributes :
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Review Questions ;
Q1: Draw the basic B.D of digital repeater ?

" (2: What is the function of the repeaters ?

Q3 Méntion different technologies of digital modulation ?

V Q4 : Write the long hame for the 'foﬂ(_)Wing_:.

e EM
o AM

= PM
= PCM

Q5 compare between TDMA &CDMA technology

49






- TR-I51 - Telecommunication I

3. Multiplexing,

Multiplexing is a process in which two or more signals are combined for

transinission over a signal compunications path. This concept is conveyed in

- ﬁgure 3-1. ‘
Muitipieﬂng has- made commumcatlons very economical by fransmitting

thousands of mdependent SIgnals over a Slgnal transmission line.

There are three predominant ways to multiplex:
- # Frequency Division Multiplexing. (FDM)
# Time Division Multiplexing. (TDM)
¥ W avelength Division Multiplexing. (WDM)

WDM is used exclusively in optical communications.

Single transmission line

Mitpe —>1 — Qigindl

put  + | MUX DEMUX| - Input

Signals ' Signals
soncsmanee 3885 e i

Tigure 3-1: Concept of miltiplexing
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3,.17Frequency Division Multipiexiﬁg (FDM)

Freqnency Division Multiplexing (FDM) is predominantly used in
aualog communications. Figure 3-2 shows a general block diagram of an FDM
svstem “where each 31gnal is assigned a different carrier frequency. The

‘modulated carrier frequencms are combmed for transmission over a single line

bv a multipléiger (MUX) There is -a]Ways some unused frequency range

| betwééﬂ .channels, known as ‘guard band. At the receiving end of the
: communmatmn imk a de-multiplexer (DEMUX) separates the channeis by

their frequency and routes them to the proper end users. A two-way

' communication circuit 7requ1res a multiplexer/de-multiplexer at each of the

' ‘Jong-distance, high—bandWidih cé_ble. FDM was the first multiplexing scheme to

‘enjoy wide-scale network deployment.

Antenna

Single
communications
channel

" Signal 1 ——={ Modulator
. Sighal 2. ——| Modulator |
‘ o A i : : D -.#-.‘—.. e —
| Mixer
— -
Signal 3~ Modulator

_________

B

____U)
K
=
a,
g
.

1

1
- _‘}
=
[o]
o
=
%
-
-
.

1

L

[

'

# Transmiller

Al carriers ars
combined into a
single composite
signal that
modulates a
transmitter

Figure 3-2: Tranémitting end of FDM system
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' Eﬁ)M is widely used in. FM stereo broadcast. It prevents compatibility
with mono- receivers and requires only a slight increase in BW. in stereo, two
| mlcmphoues are used to generate two separate audio 51gnals geperally called
the leﬁ L and mght R. the two rmcrophones provides sufficient dlfference in the

7 audio 31gnals to pI'OVIde more reahstlc reproduction of the original sound. The
L and R are fed to a circuit where they are combined to form sum L+R and

d1fference L R 31gnals FDM techniques are used to transmit these two

independent signals on a signal channel.

To explore this concept further consider how different voice channels
 can be placed ona swnal wire or cable using FDM. Each requlres a maximum
. 4 kHz apart. The 12'ca;crzer frequencies are 60 kHz, 64 kHz, and so on, through
| 10.8- kHz, caﬁéing the 12 voice éhaimels to occupy non-overlapping frequencies.
The resulting separate bandwidths are summed so the channels can be stacked
" ~on top of eéch_other in the frequency spectrum. As shown in Figure 3-3 twelve
| . voice Chdnneié are combined into égrc‘)up. Five groups form a super-group, and
. ten Supérgrouﬁs from a masfergmép. This mastergruop can handle total of 12 X
5 %10 =600 chég_néls. Figure 3-4 provides the bell system's hierarchy of FDM

- group.

. FDM's dlsadvantages stemn from analog c1rcu1try, crosstalk and the difficulty on

interfacing an FM transmltter with digital source such as-a computer; also, an

FM channel remains idle when not in use.
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Balanced

modulator
el BPF o] X ] LPF |+ | BPF |-
?i | aPF |
, _ Camer T
N -3 Group Fesr] BPF e Balanced
~5-1 BPF -&'E i LPF > mogulator
, L e Auddio
I % o] 8P [ DX P 1
-..% _ . e BPF > ?
COSHEET o ey — T Carrier
group —sg—a BPF | LPF : -
nput- S ? -t | BPF j—>-
o —s| BPF >
:“BPF%@F% | BPF j-—t-
‘ ? At BPF -t
i BTN — | BPF |-
wi BPF [ X | LPF > :
5 groups BPF [
et BPF (i
. BPFE: Band Pass Fiter 12 volse channels

~LPF Lo Pass Filter 7

. Figure 3-3: Démulﬁplt_s:}ging of the telephdne sighals in an FDM system
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3.2 Time Division Multiplexing (TDM)

While FDM has been used to great advantage in increasing system

) capamty, the use of TDM offérs even greater system improvements. TDM is

protocol insensitive and is capable of combmg various protocols and different

types of signals, such as voice and data, onto a single high-speed transmission

- Iink It is more cfficient than FDM, as thiere is no need for guard bands. In order -

o use TDM the transmission must be digital in nature so an essential

component of TDM is the process of sampling the analog 51gna1 in time.

T

Jumbo group
- mufliplex
(3 jumbo groups)

1 1

Ju?nbo gfoup
(8 master groups)}

EERE

e e Master group~—— |

| {10 s.uoergroops)
FIFTTTTTe

. Supergroup-
(5 channel groups)

NI

‘Channel group
{12 voice channels)

FIFFTFTTeT

Figure 3-4: Hierarchy of the Bell System’s FDM group
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In order to transmit telephone conversations, speech, this is an analog
signal, is converted to a digital signal, transmitted, and the reconverted into
analog at the receiving telephone. The main disadvantages of TDM are the

greater complexity of digital systems and greater transmission bandwidth,

. required.' Large — scale, low-cost ICs are reducing the difficulty and expense of

constructing  complex circuitry, “and data. Compression techniques are

beginning to decrease the B'andwidth ‘ponalty. In general, the advantages

outweigh the disadvantages.

A T 1 carrisr uses TDM where cach of the 24 channels is assigned an 8-

 bit time slot, as depicted in Figure 3 5.A frammg bit is used to synchronize the
-sy_stem. For 24 _cha;nneis, there area total of 193 bits (24x2+1 framing bit)
-roccum'ﬁfg 8,000 times a second, as shown in figure 3-6. This gives a bit rate of

1.5447'7Mbps (193x 18000). Digital channels offer much move versatility and -
.1.1111(:1-1' higher speed thaii analog channels. Furthermore, the digital signal is

" much move immune to channel noise than is the analog signal.

. __ _ e (Ghamnels
b 1bit 8 bils gbits | - Ebits -mf{ 23) | 8bits
“{framing) {Channgl 1}1{Channel 2) (Channei {Channel 24}

>

193 bits in frame

~ Figure 3 -5: T-1 frame

However at 1.544 Mbps, T-1 lines simply do not have sufficient
bandmdth to deal with the new demands being made on netwmks Yet fiber —
based. T- 3s at 45 Mbps bandw1dth and 10 times the cost are overkill for many

Small and m1d sized businesses. Moreover, T3 circuits are not easily available
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o meiny bu;siﬁesses ‘while T-1 lines are ubiquitous. The price, bandwidth, and

“availability gap between T-1' and T-3 has businesses and service providers -

‘ s\,,archlng for COSt—foeCtﬁe ways to falﬁll needs. Inverse multiplexing of T -1s

" benefits catriers and end users alike 1 in bridging this bandwidth gap between 1.5

Mbps and 45 Mbps, while is a critical range for many wide area network

applications.
Individual Channel
Units with CODECs
TEy—— Chammel Unit 1 !—»\ Multiplexed Output
) Ti{ Rate =
TEL——| Crannel UNt2 }—i > 1542 Mbps
R a— S S Time Division
B[ Cramel Uis | Multplexer o
s : S ' — Multiplexed triput
. . T1 Rate =
i@”‘éﬁw Channel Unit 24- - / - 1.544 Mbps

=

.24 separatén ' R
- analog signal 24 separate digital
inputs @ 4 kHz POM inputs at 7

-~ bandwith sach " DS0 Rale = 84 kbps

-+ Figure 3-6: Time Division Mt;ltipiexing (TDM} ina T-1 frame

Inverse multiplexing of T-Is is the process of distributing a serial data
Stream, bit by bit onto multiple T ~1s, then reassembling the original data
~ stream at the réce_ivi'ng end. The chief benefit of T-1 inverse multiplexing is

" that it uses the ubiquitous T-1 infrastructure to create clear data channels from 3

D to 12 Mbps. The primary work of the inverse multiplexer is to assure that the

‘ :beS are reassembied in the correct order Avery small portlon of the T-1
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payioad is taken over for rnetafmmmg, which keeps the T-1s aligned in spite of

_minor tlmmg dxffel ences and unequal circuit delays. Since there is no industry

standard as of yet for bit-based T- 1 inverse multiplexing, inverse muluplexers

use a propr:etary metaframmg techmque which means that the devices at both

" ends of a data channel must be from the same vendor. Specially, channels 1

through 8 of the T-3 are as&gned to voice, channels 25 through 28 are assigned

- for Internet access and channels 9 through 24 are available as spare capacity

: fo_r voice and/or data.

‘There are basically three different TDM schemes: conventional TDM,
Statistical TDM (STDM), and cell-relay or ATM. STDM includes
Conventional STDM, Frame Relay, and X. 25 networking.

o 3;2._1 ConVenﬁQnal TDM

Cenv'entional TDM systems usually employ either bit-interleaved or

o byte—mterleaved multiplexing- Schemes __Clocking_.(bit. timing)_is_critical 1o -
conventlonal TDM All sources of I/() and clock frequencies must be denved
 from a central traceable source for the g1 eatest efficiency. In blt—mterleaved
"TDM a single data bit from an 1/O port is output to the aggregate or the single

~ eommumeatlon channel, foLowed by a data bit from another I/O por, and so

on, with the process repeating itself. A time- slice is reserved on the aggregate

Channel for cach individual I/O port. Since the time-slices for each I/O port are
'1<nown to both the transmitter and the receiver, the only requirement is for the
 fransmifter and rehever to be instep. This is accomplished through the use of a

synchromzatmn Charmel between the two multiplexers. The synchronization

Channel transports a fixed pattern that the receiver uses to acquire
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| synchronuatlon “Total /O bandwidth cannot exceed that the aggregate minus

the bandwidth requirements for the synchronization channel.

Blt—mterieaved TDM is SImple and efficient and requires httle or 1no
buffermg of 1/0 data, but it does not fit in- well with m1eropr0eessor—dr1ven
byte~based environment. In byte-interleaved multiplexing, complete words
. (bytes) from 1/O channels are pIaced sequentlally, one after another, onto the
'- hlgh-speed aggregate channel. Otherwise, the process 18 xdenucal to bit-
mterieaved mulﬁplexmg Byte-interleaved systems were heavily deployed from
the late i970<; i:o “around 1985. In 1984, with the divestiture of AT&T and the
" Jaunch of T-1 facilities and services, many Companies Jumped into the private
“networking market, pionéering a generation of intelligent TDM called STDM
: Ille.'[WOI‘kF.,;' | _

-With'_ eonventional TDM, the timeslots are allocated on a constant basis.
Tﬁﬁs, £ a channel does not need to transit data, the channel bandwidth goes
' 'um,eed during that time slot. This iﬁefﬁciency is overcome by STDM

technique. The term staﬁstzcal refers to the fact that the time slots are allocated

on a need- basm

3.2.2 Statistical Time Division Multiplexing (STDM)

’ Statistical T z‘me_" Division Multiplexing (STDM) allocates slices on
: 7_ demand, b'ut‘it‘ needs td know the eddfess of the station, which is an additional
ovorhead. A block diagram ofa STDM application is shown on Figure 3-7. Its
' advantage is that there is no 1dle time, but a buffer is needed to handle
A simultanicous requests. In this seheme the underlying assump’aon is that not all‘
- channels are transmitting all the time. A statistical multiplexer {stat mux) has an

| aggfegate fransmission BW that is less than the sum of channel BWs because
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the aggregate bandwidth is used only when there is actual data to be transported
from I/O ports The receiver knows the destination port for the data it receives

because the transmitter sends not only the data but also an address. The address

- V1d.ent1f1e§ the port the data is destined for. The stat mux ass1gns variable time

slots every second dependmg upon the number of users and the amount of data

_ transmitted by each Frame Relay, X.25, and Switched MultiMegabit Data
Service (SMDS) are all cate_gonzed as STDM systems.

*STDM's biggest disadvantage is that it is /0O protocol sensitive.

R Thereforg, a stat mux has difficulty supporting transparent I/O data and unusual

protocols. To 'support these 1/0 data types, many STDM systems have
B provisi’oiié toﬁ.--isup'port 'c:onvén.t'ionalf TDM I/O traffic through the' use of
adjunct/integrated modules. This coﬁvent_ional STDM was very 'popular in the

: ‘late'.l 970s to md 1080s and still used, although the market for these units 1s
dwiﬁdliqg; In conventional STDM, as /O traffic arrives at the stat marx it is
buffered and then inserted into frames. The relieving units remove the I/O
trafﬂc from the aggregate frames. Statistical multiplexers are ideally suited for

‘the transport of asynchronous 170 data as they can take advantage of the

— inhierent” latency m asynchronous commumcatlons. However; they can also
| mu}tipléx‘ syﬁcku‘onous ‘protocols by spoofing, again taking advantage of the
latenbj;. between blocks or frames. Spoofing refers to simulating a
_Cennnuﬁit:ations protocol by a prograﬁl that is interjected into a normal

. sequencé of processes for the purpose of adding some useful function.

_ T_ime_ Assignment speech Interpolation (TAST) represents an analog
STDM scheme. These systems were in limited use in the 1980s and were

i particularly adept at sharing voice circuits, specifically Private Branch -

NS ‘Exchangé_'(PBX)- trunks. In normal telephone conversations is spent in z_tlatent .

(idle) state. TASI trunks allocate snippets of more Common voice from another
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channel during this idle tume. As digital speech processing became move

common, TASI systems called Digital speech Interpolation (DSI) were created.

 These had analog inputs and digital outputs.

Front end _
Host computer ~ processor Terminal
: Multiplexer

% & 3——1~l|oooooooaoococﬁl
= “i‘j-——! ooooooccoooooo[l
= - L HERiEs
= T =
2400 bps ‘ Terminal

per port - : ‘
Modem ' Multiplexer F’:_'%—_E’l

. B ""Eﬁ : e . o000 o0 :
—Eam isseasioniay

T-' 800 bps ‘j

Terminal

Data aﬁd address pas,éed
between multiplexers ' -

, _ =
2400 bps —= .
- per terminal Terminal
- il
——

'Figuré 3-7: Block diagram of a Statistical Time Division Multiplexing application |

Both TASI and DSI systems suffer from some major drawbacks. First,
USErs, can_noﬁcé a lot of voice clipping when a little bit of speech is lost while

'wa;ii:img hr ‘the TASI mux to detect valid speech and allocate bandwidth,

Clipping also occurs when there is insufficient bandwidth. In addition, TASI

' and DST units are very susceptible to audio input Ievels and may have problems

with the 7I_1fansp0r1t of -Voitewband data, for example, modem signals.
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3.3 Wavelength Division Multiplexing (WDM)

WaVélength Division Multiplexing (WDM) is a cost-effective way {0

- increase the capacity of fiber optic communications. The key elements of 2

WDM  optical sygtem are tunable semiconductor lasers, electro-optical

jmodulators- mumpiexmg components, single-mode optlca} fibers, and optical
. amplifiers. Th;s system, deplcted in Figure 3-8 makes use of the optical fiber's
available intrinsic bandwidth by multiplexing many wavelengths (or colors) of

"ceherent hght along a single-mode 0pt1ca1 fiber channel. Each wavelength of

hght can transmit encoded information at the optimum data rate. Therefore,

multlpiextmg the distinct w ave]engths of light lead to a significant increase in

the total thmugﬁpu*
Optical Optical, - Optical Optical
Sources Multiplexer Demultiplexer  Detectors
A T S At '
Ao o o
o One fiber
}\.4 ?\«4
:'Ls_ : ’ l5

Fibers : Fibers

Figure 3-8: Wavelength Division Multiplexing (WDM)
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For example, a single-mode optical fiber with an attenuation of 0.2 dB

per km at 1,550 nm is capable of accommodating a set of wavelengths cach

" s_péced‘ﬁ apart by a few tenths of nm (50 GHz to 100 GHz). Thus, it has an
| 'estlrnated {ransmission capacity in the THz regime. This indicates that instead
“of using a single wavelength laser to transmit far more information a long the
" . same channel, thereby inoreasing-the total capacity of optical transmission. The
use of 48 chstmct Wavelength lasers, each modulated at 2.5 Gbps, represents an
: effectwe transrmssmn rate of 48 times 2.5 Gbps, which is equal to 125 Gbps.

- the use of 100 d1st1nct wavelength lasers could increase the effective data

capable of achieving these speeds; this tend will move wide-area networking

" speeds from Mbps to Gbps and eventually to Tbps. the idea appears to be
" moving toward reality as many companies are providing advanced WDM
technologics that allow the service or trunk providers to upgrade their system

" capacity in accordance with the ever-increasing demand for information.

I 3.3..71 High-Density or Dense WDM (DWDM)

lmprovements since the ﬁrst lines were laid in ground nearly 20 years ago.
Rather than d1gg1ng up and replacing these lines whenever new technology
outdatc,s them telecommunications companies have searched for ways to

maximize bandwidth and minimize dispersion in order fibers that lack the

advahfages of more recent designf “The | challenge of delivering greater

g 'bandw1dth surged research efforts in managing wavelengths.

DWDM. on the WAN was created significant new high-speed
opportunities by assigning individual optical signals to specific wavelength and

"multiplexing the signal as separate channels across a single optical fiber. Until
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V_ the core of carrier networks. Optlcal fiber technology has undergone many
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1998, the predominant driver in DWDM deployment was long-distance

© transport .app_lieatiené with the network architecture being point-to-point

DWDM. The goal was to send as many channels across a single fiber as far as

a possible. But DWDM is now migrating into MAN and LAN applications where

the economics of installing DWDM systems are more attractive that upgrading

the entire installed fiber plant.

Add/Drop
Multiplexer

' ~ Figure 3-9: Op_tical add/drep multiplexer

A DWDM systein employs: at least four multiplexing devices: one mux

~ and one d’emux for each direction channels. Several devices may be cascaded to

multipiex the desired number of channels. These systems require that the laser

‘ Wavelength be extremely stable. The drawback to DWDM is that it only
" functions’ pomt to pomt So 1f a pomt fails, all calls on the path are lost until an

' alternative path can bé set up an individual sessions are reestablished. However,
. add/drop multlplexers elrcumvent the need to demultiplex transmission into
, E electronic signals prior to rerouting or amphfymg them, as shown in Flgure 3-90.
:Furthennore, optleal routers switch DWDM traffic Wavelength by wavelength
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as it comes inito optical hub sites, allowing carriers to establish meshed optical
nets. The result is a more reliable network with virtually no downtime because

the ro'utei*s share network data and are smart enough to quickly route around

"'faihlres The ab111ty to opucally multiplex cach light path, or wavelength, has

 alsé glven rise to DWDM systems that can iransparenﬂy bring in heterogeneous

data formats.DWDM has been compared to a multilane highway for carrying
data, in | conﬁasf to a single line in the case of a traditional TDM
impleﬁigntatiozi Rather than trying to pack more vehicles into one lane at
| incréaéingly higﬁer speeds, DWDM makes full use of all the lanes. Perhaps
more inlpoﬁantly, it also enables the various highway lanes to move at different
spee'ds'énd to carry different types of information. But abundant bandWidth

DWDM affords is a growing challenge.

R E——

34 Code Dwxsmn Multiple Access (CDMY

' Intr.oductmn

A CDMA' system'uses a spread-spectrum technology platform, which

- enables’ nmiultiple-users to occupy the same radio channel; frequency spectrum;-—

- at the same time. CDMA techhplogy has been and is being utilized for
* microwave poinf ~to-point communication and satellite communication in both
mﬂita_;ry and civilian applications. With a CDMA system, cach of the
" subs;cribérs;, QT. usér_s:, utilizes his or Vher' own unique code to differentiate
| himseif or hérself from the other users.
A CDMA system offers many S];)ecual features including its ab111ty to thwart

interference and to 1mprove immunity to multipath effects due to its bandmdth

The benetits é_ssociated with CDMA technology are the following:
% More system capacity than analog and TDMA systems.
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i Improve protection from interference.
% No frequency Planning required between CDMA channels.
_++ Improve handoffs with MA HO and soft handoffs.

B2 F raud protectlon due to encryption and authentication capabilities.

R Cempanblhty Wlth new wireless features.

. CDMA t_e_c_hndlogy is based 0‘_§1 the principle of direct sequence (DS) and
s a Widehand épread spectrum technology. The (DMA channel utilized is
reused i in every cell of the systemn and is differentiated by the pseudo random

._ number (PN) code that it utilizes. '
However despite the apparent advantages CDMA teuhnology offered for
-+ cellular systems, there are several nnplementatmn concerns regarding its use in
- an'eﬁistiﬁg systern. The -introdﬁc;tioﬁ of a CDMA system into existing AMPS
requzres the estabhshment of a guard band and guard zone. The guard band and
~ the guard. zone ane required to ensure that the interference received from the

" AMPS does not negatively impact the ability for the CDMA system to perform

well.

wo = Eode Division Multiple- Access (CDMA); in layman’s terms; is hike afull = -

of" people taikmg in different Ianguaces at the same time. However, you can
pICk out the conversatlon in the language you understand and igpore all the
others CDMA is a method of sharing a single frequency among users by
' encryptmg each signal with a different code. As a result, it supports many

| callers along the same camer Transrmssmn signals are broken up into coded
packers of mformation that hop avallable frequencies and are reassembled at
the recemng end. Each earth stat1011 f:ransnnts coded information to the

' satelhte regardless of any overlap w1th other stations that may be transmitting

smultaneously. At the receiver end, the separation of the transmitted
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“information by éach station is achieved through the detection of the individual

earth station’s transmitted identification code.

Like TDMA, CDMA operates in the 1900 MHz band as well as the 800

' MHz b_and. CDMA has three times the capacity of TDMA and ten times that of
. FDMA. In 1992, the TIA publishied the first CDMA standard, S-95. The third

generation. CDMA systems provide both operators and subscribers with

significant advantages over first (analog) and second (TDMA-based)

" generation systems. The advanced methods utilizes in CDMA technology

improve capacity, coverage, voice quality, and immunity from interference by

other signals introducing a new generation of wireless networks.

‘_Compared' with the conventional systems, the CDMA systein makes

frequency assignment easy, as the same frequency can be used for each cell.

: _Moreover, this system allows high-quality communications, since nofrec’;uency

,'sWitchiﬁg is required when moving from one cell to another. CDMA is the first

_,teehneiogy to use a technique called soft handoff, which allows a handset to

. cemmumeate with multiple base stations smultaneously, the system chooses

 the best signal in order to provide the user w1th the best audio at all times. In

 contrast to CDMA users, TDMA users can experience an mterruption in the

'audlo-whenf theagnal is handed: off from one base station to another; resulting

.in hzgher interference during handoff and increased dropped calls.

CDMA employs a teehmque originally created by the military called a

'spread- spectrumm, which is significantly different from AMPS and TDMA

o technologws Rather than dividing RF spectrum 1nto separates user channels by

~ frequency slices as in FDMA or time slots as in TDMA, spread spectrum users

- by assigning them digital codes within a broad range of the radio frequency.

' _The system chops up the signal into data packets and spreads it over a wide

band of freQ;ieheies. The data packets are then reassembled at the relieving end.

This makes it very difficult for hackers to grab orderly, meaningful data, and

- ensures secure communications. In addition, the signal appears like low-level
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. noise to conventlonal radio recewers ‘Since the receivérs are designed to

| ehmmate noise,. the s1gned goes undetected Also, this technology is ideal for
densely populated areas because it prevents signal interference among mobile
units, say cellular phones and portable computers. The spread spectrum
techmqu_es can be divided into two families: Frequency Hopping spread

s_pebtrum (FHSS) and Direct Sequence Spread Spectrum (DSSS).
-‘ 341 'Frequé'x_lcjz ﬁoppiﬁg spread specﬁ'um (FHSS)

: Frequency Hopping spread rspectrulrn (FHSS) resists interference by
jumpln g rap1dlv from frequency to frequency in a pseudo-random way. The
- rehevmg system has the same pseudo- _random algorithm as the sender and

- jumps snnultaneously These systems are considered less susceptible because
- of the c_onstant sh1ft1_ng of the frequency, which also makes FHSS Systems
difficult to intercept and gives them an added layer of security. Another

'ad‘vantage of the reduced interference inherent in FHSS systerns is that multiple

o _hopping sequences can typically be assigned within the same physical area,

: thereby increasing the fotal amount of available bandwidth. In large facilities,

access- pomts in an oveﬂa,ppmg array. This ensures adequate coverage for

- wireless devices that are movmg from cell to cell. With FHSS, system users can

roam betwem access points on different channels. This makes FHSS

| techndiogy m.orerﬂfe'xible than DSSS, in this respect.
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3.4.2 Direct Sequence Spread Spectrum (DSSS)

Direct Sequence Spread Spectrum (DSSS) resists interference by mixing
o ina senes of pseudo-random bits Wlth the actual data. The receiver, using the
same pceudo random algonthms strips out the extra bits. A redundant bit

pattern (aiso called a chxp) is prod_uced for each bit of data can be transmitted.

.- If one ot more bits are damaged in transmission, the original data can be

récovered é,s éppoéed to having to be retransmitted process. DSSS can be used
“asa éubstitute for leased lines or fiber optic cables to bridge LAN segments in
pomt—to—pomt or multi-point connectivity between buildings. In DSSS, roaming
" can only be done between access points on the same channel, which makes the

- ‘roammg crapabl_hues of DSSS less robust than those of F HSS.
3.4.3 Cellular Digital Packet Data (CDPD)

Cellular Digital Packet Data (CDPD) has been combined with spread-

“spectrum radio transmission in several wireless communications products.’

’ .CDPD'_EIHOWSV a packet of "iﬁf(}?ﬁﬁfiﬁﬁ”’tb‘”“b‘é‘ transmitted "in- between voice————
o telephone calls. Tven if all the sqbscribers in a particular area are using their
- cellular télephones,' 30 percent of the frequency is still available for data
| transfer For signal transmission, the system starts channel hopping. Anytime it
finds an opening, it transmits the information in packets. This approach not
_ '_only spreads the. packets m a predetermmed manner, but also causes them to
hop frequencws, ,
CDPD enables 'data specific technology to be tacked onto the existing
- cellitlar fcélepho_ne infrastructure. It supports wireless access to the internet and
other pub'lic packet?sWitched networks. CDPD is an open specification that

: adheres to the layered structure of the OSI model and therefore, has the ability
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o be extended in the fiture. CDPD supports the internet’s IP protocols for

' brcadcééting and multicasting, including IPv6, and the ISO Connection

Network Protocol (CLNP) _
* For mobile users, CDPD support for packet~sw1tchmg means that a

persistence Iink is no longer a requirement. The same broadcast channel can be

shared among a number of users at the' same time. The user’s modem

* recognizes the packet intended for its user. As data such as e-mail atrives, it is

~ forwarded jmmediately to the user without a circuit connection having to be

established. There is a circuit-switched version, called CS CDPD, which can be

used thi‘e traffic is expected to be heavy enough to warrant a dedicated

o connection. _Cellulaf telephone and modem providers that offer CDPD support

3.5 CDMA”ZOO(;

~make it possible for mobile users to get access to the internet.

"CDMAZE}OO is a family of third-generation (3G} - mobile

Teiecemmumcatmns standards that use CDMA, a multiple access, scheme for

' dlgltal radio, to send voice, data and signaling data (such as a dialed telephone

' -number) between mobile phones and cell sites. It is the second generation of

g CDMA d1g1tal cellular

CDMA (co‘de -divisicn multiple access) is a mobile digital radio

S technoiogv-that transmits streams of bits and whose channels are divided using

. codes (PN sequences) CDMA' permits many radios to share the same

frequency channel. Unlike TDMA. (time division multiple access), a different

B techmque used in GSM and D-AMPS, all radios can be active all the time,

' because network capacxty does not dlrectly limit the number of active radios.

Smce larger numbers of phones can be served by smaller numbers of cell sites,
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CDMA,’—Based_standafd_sr have a Signiﬁcaﬁt economic advantage over TDMA-
! Based standards, or the oldest ceflular standards that used frequency division

' mulfiﬁé access (FDMA).

I CDMA20{)O hab a relameiy Jong techmcal history, and remains compatlble

: with the older CDMA telephony ‘methods (such as CDMA-One) first developed

by Qualcomm a commercial company, and holder of seve1al key international

- patents on the technology

CDMA2000 can s‘upport mobile data communications at speeds ranging {rom
144 Kbps 1o 2 Mbps. Versions bave been developed by Ericsson and
= Qualcomm. As of March 2006, the CDMA Development Group reports more

. . than 25(} 360,000 subscnbers worldwide.

The ﬁgure 3-10 shows an overview of a CDMA2000 radio system. ThlS

d1ag1‘am shows that there are several types of devices that can be used in the

CDMA2000 system. These include CDMA2000 multiple bandwidth radios and

i - 1S-95 CDMA “compatible mobile telephones. The CDMA2000 mobile

o téiepflone devices arc usually capable of operating as IS-95 CDMA and

_CDMA2000 mobﬂe radlos—mes dlagram— also-shows- that- the CDMA2000— - — -

- system can mix and combme standa:ld 1 25 MHz wide 1S-95 channels into the

- 3.75 MHZ CDMA2000 channels
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| IS95CDMA
and CDMA 2000 _

3%

Other Channels: 7.5 MHz (6 X IS-95)
11.5 MHz (9 X 15-95)
15.0 MHz (12 X I8-96)

THER S

Figure 3-10: Overview of a CDMA2000 radio system

The CDMAZ000 standards CDMA2000 1x, CDMA2000 1xEV-DO,

_and CDMAZ2000 1xEV-DY are approved radio interfaces for the ITU's IMT-
2000 standard and a direct successor to 2G CDMA, IS-95 (CDMA—Ohe).

CDMA2000 is standardized by 3GPP2.
, CDMAZOOO is a registered trademark of the Telecommunications Industry

_ Asqomatlon (TIA- USA) in the United States, not a gencric term like CDMA.
(Th1s is similar to how TIA has branded their 2G CDMA standard, 1S-95, as

CDMA-One.)

CDMAZ000 is an incompatible competitor of the other major 3G standard
-~ UMTS. It is defined to operate at 400 MHz, 800 MHz, 900 MHz, 1700 MHz,

1800 MHz, 1900 MHz, and 2100 MHz.
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" changes were also_made to the data link layer to accommodate the greater use

of data services—IS-2000 has media and link access control protocols and

Below are the different typ'e's of CDMA2000, in order of increasing
‘ ‘complexity:

3.5.1 CDMAZ2000 1x

CDMAZOOO 1x, the coré CDMA2000 wireless air interface standard, 1s

o known. by many terms: lx 1xRTT, IS-2000, CDMA2000 1X, 1X, and

cdma2009 (low ercase). The demgna‘uon "IxRTT" (1 times Radio Transmissuon

'Technology) i3 ‘used to identify the versmn of CDMA2000 radio technology

that operates in a pair of 1.25- MHz radio channels (one times 1.25 MHz, as

'oppased to three times 1.25 MHz in 3xRTT). 1xRTT almost doubles voice

capacr[y over IS- 95 networks Although capable of hlgher data rates, most

- . deployments have limited the peak data rate to 144 Kbps. While 1xRTT
: ofﬁ.cially qualifies as 3G technology, 1xRTT is considered by some to be a

2.5G (or Soméﬁmes 2.75G) technology. This has allowed it to be deployed in

' ZG'sp_éctr'iun in SOme. countries which limit 3G systems to Certain bands.

~ Thc main differences between 1S-95 and IS-2000 signaling are: 64 more traffic

o Chénnels on the forward link that are orthogonal to the original set. Some

- Quality of Service (QoS)contfoL In I5-95, none of these were present, and the

dat-éf‘-ﬁnk- layer 7bé‘sicaﬂy consisted of a "best effort delivery" RLP—this

. arrangement is still nsed for voice.

 In the United States, Verizon Wireless, Sprint PCS, MetroPCS, Alltel, Cellular
South and U.S. Cellular use 1x, also it is in use in Canada by Bell Moblhty and
- TELUS Mobility, and in Mexico by Iusacell and Unefon.

| 'Ir_i 'Ind_ia., BSNL, Reliance and Tata Teleservices are major wireless services

. p_f_ov'ide'ré on CDMA 2000 1x.
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* In Indonesia, Mobile-8 is the major mobile wircless service provider on CDMA
2000 1x (with EVDO in Western Java). The other CDMA providers are fixed

| VJire}ess (silch as 'Bakrie Telkom‘,' Telkom Flexi, and Indosat's Starone).

In Peoples Repubhc of China, China Umcom is the major mobile wireless

qewme pr0v1der on CDMA 2000 1x.

 CDMA2000 3x

_ CDMAZ2000 3x utilizes a pair of 3.75-MHz radio channels (i.e., 3 X 1.25
MHz) to achieve higher data rates. The 3% version of CDMA2000 is sometimes

| . refeﬁjed to as Mult_im_C'arrier or MC. The 3x version of CDMA2000 has not been

deployed and is not uﬁdgr development at present.

352 CDMA2000 1xEV-DO
' CDMA2000 1xEV-DO (Ix Evolution-Data Optimized, originally 1x
. Evolutioh'-—])’ata 'Only) also referred to as 1IXEV-DO, EV-DO, EVDO, or just
,;MDO is an evolutlon of CDMAZOOO lx w1th High Data Rate (HDR) capabihty

added and where the forwaxd fink is time-division multiplexed. This 3G air

- 'intérface standa.rd is denoted as IS-856.

CDMA2000 leV—DO mn 1ts latest revision, Rev. A, supports downlink
' (iorward hnk) data rates. up to 3.1 Mbps and uplink (reverse link) data rates up |
| to 1.8 Mbps id a radlo channel dedicated to carrying high-speed packet data.

1xEV-DO Rev A was first deployed in Japan and will be deployed in North
© America i in 2006. The Rev. 0 that is cuitently deployed in North America has a
peak ddvﬁfnliﬁk data rate of 2.5 Mbps and a peak uplink data rate of 154 kbps.

3.5.3 CDMA2000 XEV-DV
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| CQMAZ{}{EE} 1IxEV-DV (ix*Evolation;DatafVoiee), supports downlink
. (fgﬁyard link) data rates.up to 3.1 Mbps and uplink (reverse link) data rates of

op t0 1.8 Mbp's.-l'xEVaDV can also support concurrent operation of legacy 1x |
voice u‘sers,i Ix data osefs, and high speed 1XEV-DV data users evithin the same

radio channel. -

o In-2005 Qualcomm put the development of EV-DV on an indefinitc halt, due

' io lack of carrier mterest mostly beeause both Verizon Wireless and Sprlnt are

' usmg EV-DO.

| 3 6 Advantages of CDM AnZOﬁ

CDMAZOOO beneflted from the extenswe experience acquired through
several years of operatlon of CDMA—One systems. As a result, CDMA2000 is a
'Very efficient and robust technology It delivers the highest voice capacity and
data throughput using the least amount of spectrum, and it can be used to

p‘rovide services»in urban as weﬂ as remote areas cost effectively.

i The umque features benefits, and performance of CDMA-2000 make it an
excellent technology for. h1gh-v01ce capaCIty and high-speed packet data Since
CDMA2000 1X supports both voice and data services on the same carrier, it

- al]ows operators to provide both services cost efficiently. CDMA2000 1xEV-

DO is optmnzed for data and is capable to support large volumes of data traffic

at bioadband speeds. 1xEV-DO is well suited to provide high-speed data

- services to its mobile subscribers and/or broadband access to the Internet.
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Dueto its optimized radio technology, CDMA-2000 enables operators to invest

in fower cell sites 'and“de'_plo'y them faster, ultimately allowing the service

providers to iricrease their revenues with faster Return On Investment (ROI).

The CDMA-2000 evolutionary path was designed to minimize
inveéﬁnent and the impact to an operator’s network without service interruption

for the ‘end-user. This has been aphiéved through backward and forward

~ compatibility, Vhardwaré reuse, in-band migration and hybrid network

configuration. This unique feature of CDMA-2000 technologies has provided

operators a significant time-to-market advantage over other 3G technologies.

Key advantages of CDMA-2000 technologies include:

+ Increased Voice Capacity
ES Higher Data Throughput

» Multicast Services

i- Ini:—reased-V oice C apacity:
The spectral efficiency of CDMA2000 1X permits high traffic

. rde_plc‘)yments.'m 3 gmall amoudit (.25 MHz channel) of spectrum. CDMA2000—

1X can provide voice cépacity of nearly thre¢ times that of CDMA-One
systems with Selectable Mode Vocoders (SMV) and antenna diversity

' tech’niqixes. CDMAZ_OOO delivers 4-8 times higher voice capacity than TDMA-
based technologies. |

'CDMAZOOO 1X supports 35 ﬁ‘éfﬁc channels per sector per RF (26

.Erlangs/ sector/RF) using the EVRC vocoder. Voice capamty improvement in

the forward link is attributed to faster power control, lower code rates (1/4 rate),

and transrmt diversity (for sirigle path Rayleigh fading). In the reverse link,

capaczty 1mprovement is primarily due to coherent reverse link.
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2-Higher Daia Throughput:

Loaays commercial CDMA2000 1X networks support a peak data rate

of 153 kbps (Release 0) or 307 kbps (Release 1). CDMAZ000 1XEV-DO
cnables peak rates of up to 2.4 Mbps (Rev. 0) or 3.1 Mbps on the downlink, and

1.8 Mbps cln the uplirlk (Rev A). IxEV-DO networks deliver the highest data

-speeds commercially available today.

PSR N R

f A‘«erage Data Throuohput -
'CDMAZ{}OO X 60 100 kbps

' [CDMA2000 IXEV-DO f“ﬁ400 800 kbps

3-Multicast Services:
 With the introduction of EV-DO Release 0 and followed by EV-DO

= Revis'ions A and B, operators have the ability to offer multicast services, “one
to many” delivery, which allows {ransmitting the same information to an

_ unllm1ted number of users w1th0ut the need to rebroadcast the information

multlple tlmes ~Multicast functmnallty offers significant advantages to

e operators and users. ‘For operators, it allows a vast range of high-revenue
- oeneratmg services with minimium network resources at low cost. For the end-
| user, mulhcac.t serv1ces prov1de dccess to multimedia content, such as TV

_ broadcasaq MP3 audio files, mov ies, etc., and a higher quahtv of servmes For

IXEV-DO Release 0, the multicast functlonallty is referred to as Gold Multicast

| and for leV—DO Rev A1t is called Platmum Multicast.



. _IR-151

Telecommunication IT |

' Additienal advantages of CDMA-2000 include:
| FreQuency Band Flexibility
| _ Mlgranon Path

' Serves Multlple Markets
| _Sz,pp_erts Multiple Service Platforms

15;111 backward compatibility
Increaésd Battery Life

Synchronization

: Power Control

 ' Soft Hfand@ff

- Transmit Divﬂrsﬁy

 Voice and Data Channels
Traffic Channel

" Supplemental Channels

: —T'urbo Coding

3 7 CDMA Apphcatxons Owerv

Lmmacrecats

are expenencmg a host of advanced servrces mcludmg web browsmg, m- .
commerce, MMS (multimedia messaging servxces) streammg video, games,

enterprise solutions and email. To meet futore demand for data services,

CDMALOOO was designed w1th the Internet in mind, makmg it the -

7 ultlmate platform on which to bulld mnovatne apphcatlons CDMA2000 users

| '-}-CDMAZOOO operators are building their portfohos at a rapid pace, creating

| Valuable opportunities for applications ‘developers and content prov1ders
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Demand for wireless data services and applications is taking off around
the WQﬂd and CDMA2000 operators are leading the industry in the range of
. "'sertziee's-theyeffer,'number of users they serve and revenue they gencrate from
- data. Capitalizing on the hjgh—speed data capabilities and flexibility of
. CDMAZOOO_ techfiolegies', operators have introduced a variety of applications
which edablé their consumer and enterprise customers to access information,
surf the Web download music and v1deo send pictures and play games. As a
. result, ~operators have seen a phenomenal uptake in data services and significant
. increase in data revenue. . .
| CDMAZ@OO 1s an:ideal platform for building advanced applications. It delivers
| E’ugh data speeds of up to 3.1 Mbps - faster than fixed-line broadband solutions
and it supporis multiple apphca’uon platforms, mcludmo BREW and Java.

There is a wide range of devices with advanced data functionality for

. consumers and enterprise to choose from.
& - Enterprise Solutions

The mherent hlgh—speed data capablhtles and security aspects of

f“ DMAZOOO Y make it an_ideal fechnology for Workers {0 stay connected while =

7 mobile. Gammg_ access to email, the Internet and corporate Intranets via
s :-h_and's_et_s or laptops equipped with modem cards are key drivers for companies

“}ooking to take advantage of mobile high-speed data services.

. ‘Wireless data services offer opportunities across both horizontal and vertical

;;_,markets Horlzontal segments include field sales, field services and mobile
" office workers who can beneﬁt from anytlme anywhere access to mobile data.

Many CDMA2000 operators offer a wide range of services for the enterpflse

o seet01 Some:- spec1ﬁc industries already rnakmg use of wireless data are public

safety, ms_uran_ce, healthcare and pha;rmaceutleal.
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% Location-Based Services

Location-based services (LBS), which encompass a broad range of
app‘_lieét.ic"ns specific to a user's position, represent an important source of
differentiafien and revenue for operators. CDMA2000 operators have
mtrodueed a Wlde varxety of mnovatwe services, such as traffic information,
| nav1gat1011 and tracking. With these services, their consumer and enterprise

users can obtam updates on traffic flow and directions to the nearest bank or

restaurant, fu_ld their friends and manage their fleets.

#  Multimedia M’essaging Services (MMS)

) MMS enable graphics, p1ctures v1deo or music o be attached to text
messages and sent to mobile devices or computers These services are widely
deploved by CDMA2000 operators in Korea and Japan and are gaining

. momentum elsewhere around the world, including the U.S. Carriers are seeing

. good uptake of MMS and enjoying the resulting revenue.

i ,A %__P“Sh'tﬂ'talk e I . | .

I Pushwto—Ta]k IPRS (IP . Rad10 Service) always-on instantaneous
commumeahon technology enables one-to-one and one- to-many, two-way

Vome a:nd data sessmns that do not require dial-up — subseribers push a button

and begm speaking.

' 3.8CDM- A-450 (Addmonal Toj

| CDMA450 is a TIA-EIA-IS-CDMA2000 (CDMA-MC) system deployed
" in 450 MHz which includes a family of standards developed by 3GPP2,
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f pubhshed by TIA and approved by ITU for IMT-2000: CDMA2000 1X,
CDMAZ2000 ,!KEV DO and CDMAZOOO 1xEV-DV. Currently, CDMA2000 1 X
and CDMA?,OOO 1xEV-DO are commcrmally available for the 450 MHz band

and CDMAZOOO IXEV-DV is béin_g_ developed.

Advantages of CDMA450

CDMA450 advantages derive from the spectral cfficiency and high-
- -speed data capabilities of CDMAZ2000 and the expanded coverage afforded by a

iox&er frequency band.

Flgure 3-11: CDMAZOOO expanded coverage at lower frequency band
».CDMA450 provides a larger cell size compared to cell sizes 1n Other

bands, which translates to fewer cell sites and significantly lower capex

“and opex to service vast coverage areas.
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3 CDMA45€}: offers IMT-2000 services: high-quality voice and high-speed

data access.

# CDMA2000 1X allows for voice capacity of up to 20 enlarges per

" sector/carrier.

+ CDMA2000 -1X supportsrr high-speed data up to 153 kbps and
-CDMAIZOOO 1xEV-DO offers broadband access up to 2.4 Mbps.

* Cle‘aﬁ eifolution path to advanced 3G services.

";&A'CDMA450 requ1res only a small amount of spectrurn (1.25 MHz), a
31gn1ﬁcant con51derat10n for NMT450 operators who have 4-5 MHz

' 'aﬂocated io them.

+ CDMA450 allows for a phased evolution.

- R0



 TR-IST | - Telecommunication IT

‘Review questions :
(1 ; Compare between AMPS ; TDMA and CDMA Technolog1es as the

: followmg table

Tephnol_ogy System " Operating | Capacity Security
Sl | frequency S
AMPS
coMA
TDMA

- Write down the advantages of CDMA over others 7
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FIGURES TABLE KEY
| Figure No. | Pag;: Descriptions
7 7 . No: '
: . Figure 1-1 10 || Removal noise and distortion from digital signal
. Figu_ré_ 1-2 1 Digital repeater
) Figure 13 4 11 .Exce_ssive Hoise on a digital signal
| -_ .F‘igﬁre 1-4 13 || Concept of modulation
| F igu,ref 1-5 4 ' Amplitude modulation |
- ':‘:'Figufe 1-6 | 15 Frequeﬂcy‘ niodulation
Figure 1-7 4" 16 | Frequency-shift keying
| | ,'Figur_e 1-8 | 7. Examplés of phase éhiﬁ
_i - Figure 1-9 |- 18 || Binary phase shift keying
Figure 1-10. || 20 - V.32 bit 64-point signal constellation
[ Figure1-11 || 23 |[Analog pulse modulation _ |
_ Figme 1-12 || | 24 - || PCM and TDM application for a T-1 carrier
‘ " Figure2-1 || 40 || Transmitting C‘DMA from base station
Figure 2—2, 41 || Réceiving CDMA af the Cell Phoﬁe. - )
‘-: h Eig;ir_é 3;1 43 Concept of multipléXiIlg '
EE Figure3-2 || 44 Transmitting end of FDM system
Figure 3'_3-. I A 6 ;zﬁﬁtslpiexlng of the telephone s1gnals m FDM
1 Figure 3-4 47 | Hierarchy of the Bell’s Systems FDM group
Figure 3-5 48 1 frame | |
Figure 3-6 | 49 | Time division mulUplexmg (TDM) in a T-1 frame :
rosr | 3| e o e e |
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.Fig'ure_-?:—_S 54 Wavéleng'th'_divirsioﬂ multiplexing (WDM)
Figure 3-9 56 || Optical add/drop multiplexer |
Figure 3-10 64 Overview of 2 CDMA2000 radio system
F;gure 3’_—1 e ' 43 CDMAZ2000 gXpan_d coverage at a lower frequency

band
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APPENDIX 1
1. Wiiaf is the Power?
Power is defined as the quantity of energy dissipated per unit of time. Electﬂc
pewer is defined as the amount of work done by an electric current, or the rate

at which electrical energy is transmitted. The SIunit of power is the watt.

1l The units of ?ewer:—
- The powef'exﬁre_séed at the unit of “Watt’;, KW, and mW.
Where, all are an abso]ute power values, where:
Watt = 1000 mW D
KW= 1000 Wat

| 'The Watt (symbol: W) is the SI derived umt of power, equal to one Joule per
second A human clmlbmg 3 flight of stairs is doing work at the rate of about

200 Watts ‘a highly trained athlete can work at up to approximately 2000 watts

- .. for brief penods An automobﬂe engine produces 25 000 watts (appr oximately

'30 horsepower) whﬂe cruising. A typlcal household incandescent light bulb

" uses 40 to 100 watts

~ The Wattis narited after James Watt for his contributions to the development of
the steam enerme and was adopted by the Second Congress of the British
Association for the. Advancement of Science in 1889 and by the ilth

' Cox_lfer'e'nee Générale des Poids et Me_sures_m 1960.
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ST multiples:

+ e T st e e+ et S e - e o nn e A mm e e

| Multiple. Name - Symbol.. ' Multipte ‘Name . | Symibol|

i . - i . . 1
B . : ol
3 . . Dt - H

‘ 100 ..f.fwai_;t:'- ;W

ST ,idébé_iw:ité daW 107 deciwatt W

10® hectowait hW | | 107 | centiwatt oW -

el 4t

00 tovat |kw. < | 10% | millivat [lmW

| megawatt MW - [ 1 10 | microwagt| uW. -

"1 nanowatt | aW

1ot :téfa@att.-ffw:__j; 1 picowatt [ pW

J - - i P . o

| femtowa

18 Fattowatt- | 2\

zettawatt ;z'w";-;; U

- 1.2 Dembe} ,
The dembei (dB) method of calculatlon that uses a Ioganthm to allow

Very large or very $mall relations to be represented with a conveniently small

| m,lmber (smnlar to scientific nota,tion) It is a dimensionless unit of ra‘uo which
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|7 » Power (dB,) = 10 log Power (mW)
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18 used compares two usualiy—vamabie quantities. When used to compare a

variable quantity to a known refetence quantity the measurement is quahfied

with a suffix sueh a8 w1th dBm where the reference quantity is one milliwatt.

- . Decibels are useful for a wide Varlety of measurements in acoustics, physics,

electronics and other discipiine's; .
~ The deeibel is not an ST unit, although the International Committee for Weights

and Measures (CIPM) has recommended its inclusion in the SI system.
F ollewmg the ST conventlon the d is lowercase as it is the SI prefix deci-, and
the B IS capltahzed as it is an abbreviation of a name-derived unit, the bel,

named for Alexander Graham Bell. Wutten out it becomes decibel. This is

. Standard English capitalization.

1.3 Radlo Power

It is convenient to express the power level in (dBm) unit, where:

‘ owe_r (dB,;) = 10 log Power (mW)

, Example

Convert the power level that equals to 1. 5 watt to (dB,) units?

o Sblutieﬁi
' The power (mW) = 1.5 x 1000

- =1500 mW

C=10log1500= .  dB,

~ Note: Remember that the dB Jsan expressxon of power level..

e You can say that this transmitter dehvers power at level equal to 30 dB

30

» The power = log-‘ o =1000 mW =1 watt
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1.4 Gain and Attenuation units:
Assure that you intend to analyze the following stages of a communication

- systeni:

P | e P HF | P
— tenna : » Amplifier [
S1 52
"Where

| P the rf:c.,cived power in (mW) _
Py the output power_ of antenna stage S1 (mW)
. Pz = ih‘e"oqtput power of HF amplifier S2 (W)

Assume 1hat P, = 10 mW
P] = 2{) mW

Pg—ZKW

. Se, the Gam (G) is deﬁned as the rat1o of output power to the mput power of

'thatls; ér::‘ﬁ_;m..___-_rand._ . G __Pf S S - e
- ie. e L2,
S 10 |
7%1000

=100

i
ThlS means that n stage I (S1) amphfy the mput power 2 tlmes.-_‘ "

~ (i.e.’P=double P,y
- .En stage 2 (SZ) P, is 100 times amphﬁed of P[ (i.e. P= 100 Py)
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- IR-ISI
Due to"'the_ largé difference in the stages amplification within the over all
~ system, it'is convenient to express a most popular unit decibel (dB).

. Decibel (dB) is defined as the relative unit of power. This means that the level
of power is 'reiatédto a reference value.

~ Thus, wé can say that:
G (B = B o _ P
Gy (dB) =10 log = o G, (dB)=10 log >
| “ g . 1
 And'the _signai'pox{rcr (P.) level with the respect to the Power of Noise (PN) is:

PN =10 log ﬁ_f (dB)

N

88



CTR-151 | | Telecommunication I

APPENDIX II
' LIST OF ABBREVIATIONS
| | DM - 'Time Division Multiplexing
ATM Asynchronous Transfer Mode |
PSTN Public Switched Teléphone Network
SNR Sig‘.nal—té—Noise Ratio
dB - ADecibeIsﬁ
NF - - N’éi_sé Figﬁrc
"NR No1se Ratio
" BER Blt error rate
AM _ ' Amplitude Modulation
FM- Frequémr:y Modulation
PM ~ Phase Modulation
FSK - Frequency Shift Keying -
PSK " 'Phase Shift Keying
BPSK - Binary Phase Shift Keying
“ QAM . Quadrature Amplittide Modulation
PAM_—-_Pulse Amplitude Modulation- — —
PPM - Pulse Position Modulation | |
CPWM | Pulse Width Modula'ﬁbri- |
: P(,M Pulse Code Modulatlon
| SDH Synchronous Digital Hle1archy
L FDM. Frequency Division Multiplexing
| ‘PD.H' A Plesiosynchronous Digital Hierarchy
TWN B Teiecommumcatlon Management Network

_ AMPS | Advance Mobile Phone System
o TACS  Total Access Conun_umcatlon System
-NMT ‘North Mobile Telephone
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'Pes

;TDMA. |
CDMA

FDMA

- SDMA

- CSMA
RACH
TDD

- GPRS

GSM

DECT

U
ADC

DAC
 Statistical Time Division Multiplexing

STDM |
: Switehed Mu,lti-Megabi{ Data Service

SMDS
TASI

- PBX -

-DSI-

WDM
. DWDM
.ps
FHSS -
©pSSS

CDPD
UMTS

MMS

LSB

Personal Communication System

" Time Division Multiple Access

'Ced_e Division Multiple Access

. Frequency Division Muitiple Access

- Space Division Multiple Access

Carrier-sense Multiple Access

Random Access Channel

'~ Time Division Duplex

Digital-to-Analog Converter

" Gerneral Packet Radio Service

- Global System for Mobile Communication System

* Analog-to-Digital Converter

Digital Enhanced Cordless Telecommunications

Interhational Telecommunication Union

Time Assignment Speech International

Private British Exchange

. ~Digital Speech Inter‘polatidn**

Wavelengfﬁ Division Multiplexing

_ _Du‘eet Sequence

| Frequency Hopping Spread Spectrum

Location-Based Services

R Seleetaf),le Mode Vocoders

 Multimedia Messaging Service

- D.ense Wa\'/eiength Division Multiplexing

. Direct Sequence Spread Spectrum
Cellular Digital Packet Data

i Uﬁivereei Mobile Telecommunication System
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