Wireless Concepts

—— Chapter 3 ——

This chapter is designed to provide the student with an overview of
basic concepts of wireless communications.

OBJECTIVES:
Upon completion of this chapter the student will be able to:

Briefly describe the Time Divison Multiple Access technique
(TDMA)

Lig 2 transmisson problems and their solutions

Understand how Adaptive Multi-Rate (AMR) can increase capacity
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The following table summarizes the frequency-rel ated specifications

of each of the GSM systems. The terms used in the table are
explaned in the remainder of this section.

System GSM 800 P-GSM 900 | E-GSM 900 GSM 1800 GSM 1900
Frequencies.
Uplink 824-849 MHz | 890-915 MHz | 880-915 MHz 1710-1785 1850-1910
Downlink 869-894 MHz | 935-960 MHz | 925-960 MHz MHz MHz
1805-1880 1930-1990
MHz MHz
Wavelength 37.5¢cm ~33cm ~33cm ~17cm ~16cm
Bandwidth 25 MHz 25 MHz 35 MHz 75 MHz 60 MHz
Duplex Digtance 45 MHz 45 MHz 45 MHz 95 MHz 80 MHz
Carrier 200 kHz 200 kHz 200 kHz 200 kHz 200 kHz
Separation
Radio Channels 125 125 175 375 300
Transmisson 270 kbits/s 270 kbits/s 270 kbits/s 270 kbits/s 270 kbits/s
Rate

Table 3-1 Frequency-related specifications

! Note: Every GSM network uses one channel as a guard channel. This reduces the number of channels available for
traffic by one. Thisis used to separate GSM freguencies from the frequencies of neighboring applications, e.g. 889
MHz. Inthisway extraprotection (and quality) for GSM callsis ensured.

EN/LZT 123 3321 R4A
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FREQUENCY

An MS communicates with aBTS by tranamitting or receiving radio
waves, which consst of eectromagnetic energy. The frequency of a
radio wave is the number of times the wave oscillates per second.
Frequency is measured in Hertz (Hz), where 1 Hz indicates one
oscillation per second. We aso describe radio waves in terms of

amplitude and phase. In smple terms amplitude is the voltage or

7 Didyouknow? height of the wave and phase is the form, or shape, of one oscillation

Due to frequency, a over time.

BTStransmitting ) . " .

information at 1800 Radio frequencies are used for many applications in the world today.

MHz with an output Some common uses include:

power of 10 Watts (W)

tull eover er el - Televison: 300 MHz approx.

the area of a similar .

BTStransmitting at FM_ Radlo_' 100 MHz approx.

900 MHz To - Policeradios. Country dependent

counteract this, BTSs - Mobile networks: 300 - 2000 MHz approx.

using 1800 MHz may

use a higher output

power . The frequencies used by mobile networks vary according to the
standard being used®. An operator applies for the available
frequencies or, as in the United States, the operator bids for
frequency bands at an auction. The following diagram displays the
requencies used by the mgjor mobile standards:

| \ L | | | >
MHz 0 450 800 900 1500 1800 1900
NMT 450 AMPS GSM 900 PDC 1500 GSM 1800 DAMPS 1900

DAMPS 800 NMT 900 GSM 1900
PDC 800 TACS

Figure 3-1 Frequencies for major mobile standards

2 Asthese frequencies are used to carry information, they are often referred to as carrier frequencies.
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There are many different types of € ectromagnetic waves. These
electromagnetic waves can be described by a snusoida function,
which is characterized by wavelength. Wavelength (1 ) isthe length of
one complete oscillation and is measured in meters (m). Frequency
and wavedength are rdated viathe speed of propagation, which for
radio wavesis the speed of light (3 x10° mV/s or meters per
second).

The wavelength of afrequency can be determined by using the
fallowing formula

Wavelength= Speed
Frequency

Thus, for GSM 900 the wavdlength is:

Wavdength= 3 x 10°mv/s
900 MHz

Waveength = 300,000,000 m/s
900,000,000

Waveength = 0.33 m (or 33 cm)

From thisformulait can be determined that the higher the frequency,
the shorter the wavelength. Lower frequencies, with longer
wavelengths, are better suited to transmission over large distances,
because they bounce on the surface of the earth and in the
amosphere. Televison and FM radio are examples of applications,
which use lower frequencies.

Higher frequencies, with shorter wavelengths, are better suited to
transmisson over small distances, because they are sengtive to such
problems as obgtacles in the line of the transmission path. Higher
frequencies are suited to small areas of coverage, where the receiver
isrelatively closeto the tranamitter.

The frequencies used by mobile systems compromise between the
coverage advantages offered by lower frequencies and the
closeness-to-the-receiver advantages offered by use of higher
frequencies.

EN/LZT 123 3321 R4A
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Example of Frequency Allocation - United States

In 1994, the Federd Communications Commission (FCC) inthe
United States (US) auctioned licenses to prospective mobile network
operators. Each network operator owns the rightsto the license for
ten years. Further auctions will be held following that period for the
same licenses. The FCC has specified six blocks within the
frequency band: three duplex blocks A, B, and C (30 MHz each)
and three other duplex blocks D, E, and F (10 MHz each).

< 60 MHz > < 60 MHz >
A D B E F C Unlicensed A D B E F C
1850 1910 1930 1990
MTAs MTAs
Uplink Downlink
AB 2 x 15 MHz MTA
C 2 x 15 MHz BTA
DE,F 2 x5 MHz BTA

Figure 3-2 Spectrum allocation for PCS 1900 in the United
States

For telecommunications purposes, the USisdivided into 51 regions
or Mgor Trading Areas (MTA) and 493 Basic Trading Aress
(BTA). One MTA can be aslarge in geographica areaas adate,
whileaBTA can be about the Size of alarge city. The FCC issued
two PCS 1900 licenses for each MTA and four licenses for each
BTA?. Thusacity such as Los Angeles could be served for example
by 6 operators. 2 MTA companies operating in Caiforniaand 4
BTA companies operating in Los Angeles.

% Note: The choice of technology to use with the 1900 MHz frequenciesis made by the operators. Both D-AMPS 1900
and GSM 1900 have been popular choices
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Bandwidth isthe term used to describe the amount of frequency
range alocated to one gpplication. The bandwidth given to an
gpplication depends on the amount of available frequency spectrum.
The amount of bandwidth available is an important factor in
determining the capacity of a mobile system, i.e. the number of cdls,
which can be handled.

Another important factor in determining the capacity of amobile
system isthe channdl. A channdl is afrequency or set of frequencies
which can be dlocated for the transmission, and possibly the receipt,
of information. Communication channds of any form can be one of

the following types:

&~ Did you know?

Becauseit requires
less power to transmit
a lower frequency
over a given distance,
uplink frequenciesin
mobile systems are
always the lower
band of frequencies -
this saves valuable
battery power of the
MSs

Type Description Examples

Simplex Oneway only FM radio, televison
Haf duplex | Two way, only onea atime Policeradio

Full duplex | Two way, both at the sametime Mobile systems

A smplex channd, such asaFM radio music gation, usesasingle
frequency in asingle direction only. A duplex channd, such asthat
used during a mobile cal, uses two frequencies. one to the MS and
one from the MS. The direction from the MS to the network is
referred to as uplink. The direction from the network to the MSis
referred to as downlink.

Downlink

Uplink

Figure 3-3 Uplink and downlink on a radio channel

EN/LZT 123 3321 R4A

— 43—



GSM System Survey ERICSSON =

Duplex Distance

The use of full duplex requires that uplink and downlink transmissons
are separated in frequency by a minimum distance, caled duplex
distance. Without it, uplink and downlink frequencies would interfere

with each other.
Uplink Downlink
MHz 890 915 935 960
Duplex Distance (45 MHz) | |
Bandwidth 2x25MHz) L |

Figure 3-4 Duplex Distance

Carrier Separation

In addition to the duplex distance, every mobile system includes a
carrier separation’. Thisis the distance on the frequency band
between channd's being tranamitted in the same direction. Thisis
required in order to avoid the overlgpping of information in one
channd into an adjacent channd.

The length of separation between two channels is dependent on the
amount of information to be transmitted within the channd. The
greater the amount of information to transmit, the greater the amount
of separation required. In GSM the carrier separation isfixed a 200
kHz

MHz 895.4 895.6

Carrier Separation (200 KHz) o |

Figure 3-5 Carrier separation

From the figure above, it can be seen that the information to be sent
iscarried on the carrier frequency of 895.4 MHz. The sameistrue of
the information to be sent on 895.6 MHz. To avoid interference
between the two sets of information, a separation distance of 200
kHz isrequired. If less separation were used, they would interfere

* Carrier separation is sometimes referred to as carrier bandwidth.
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and acdler on 895.4 MHz may experience crosstalk or noise from
the caller on 895.6 MHz.

Capacity and Frequency Re-use

It isthe number of frequenciesin acell that determinesthe cdl’s
capacity. Each company with alicense to operate a mobile network
isdlocated alimited number of frequencies. These are distributed
throughout the cdllsin their network. Depending on the traffic load
and the availability of frequencies, a cdl may have one or more
frequencies dlocated to it.

It isimportant when dlocating frequencies that interference is
avoided. Interference can be caused by avariety of factors. A
common factor isthe use of amilar frequencies close to each other.
The higher the interference, the lower the cal qudity.

To cover an entire country, for example, frequencies must be re-used
many times at different geographica locations in order to provide a
network with sufficient capacity. The same frequencies can not be
re-used in neighboring cells as they would interfere with each other,
S0 specid patterns of frequency usage are determined during the
planning of the network.

Figure 3-6 Neighboring cells cannot have the same frequency
(simplified)

These frequency re-use patterns ensure that any frequencies being
re-used are located at a sufficient distance apart to ensure that there
islittle interference between them. The term “frequency re-use
distance’ is used to describe the distance between two identical
frequencies in are-use pattern. The lower the frequency re-use
distance, the more capacity will be available in the network.

EN/LZT 123 3321 R4A
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TRANSMISSION RATE

The amount of information transmitted over aradio channd over a
period of time is known asthe transmission rate. Trangmisson rate is
expressed in bits per second or bit/s. In GSM the net bit rate over
the air interface is 270khit/s

MODULATION METHOD

In GSM 900 a subscriber is dlocated atimedot, on afrequency,
around 900 MHz. Thisis the frequency that will carry the voice or
data, in digita format and so it iscalled a carrier frequency or,
amply, acarrier. We shdl examine shortly how voiceis transformed
fromitsorigind anadlog form into digita form, but, for now, let us
look a how the carrier wave actudly carries digital information.

At abasc leve, for acarrier frequency to carry digital information
we must be able to modify the carrier waveform in some way so that
it represents digital one (1) and modify it again so that it represents
digital zero (0). This modification processis caled ‘modulation’” and
there are different methods available. We can modify the amplitude,
frequency or phase of the carrier so that it represents the bit pattern
or digitized verson of the input sgnd. For example, we can modify
the amplitude of awaveform o that adightly higher amplitude
represents digital 1 and the input, or unmodified, waveform
represents digital 0. Depending on the modulation method used, each
modulation of the waveform can represent one or severd bits.

Any modulation scheme increases the carrier load and henceisalimit
on the capacity of the frequency band available. In GSM, the carrier
bandwidth is 200 kHz.

The modulation technique used in GSM is Gaussan Minimum Shift
Keying (GMSK) and isaform of phase modulation, or ‘ phase shift
keying' asitiscdled. GMSK enables the transmisson of 270kbit/s
within a200kHz channdl. This gives abitrate of 1.3 bit/s per Hz. This
isarather low bitrate but acceptable as GMSK gives high
interference resstance level.

The channd capacity in GSM does not compare favorably with other
digital mobile standards, which can fit more bits/s onto a channd. In
thisway the capacity of other mobile standards is higher. However,
GMSK offers more tolerance of interference. Thisin turn enables
tighter re-use of frequencies and leads to an overal gain in capacity,
which out-performs other systems.

— 46—
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ACCESS METHOD: TIME DIVISION MULTIPLE ACCESS (TDMA)

%~ Did you know?

TDMA is not the only
possible access
method for mobile
systems. Analog
systems use Frequency
DMA (FDMA) while
Some systems use
Code DMA (CDMA).

Mog digitd celular systems use the technique of Time Divison
Multiple Access (TDMA) to transmit and receive speech Sgnds.
With TDMA, one carrier is used to carry anumber of cdls, each call
using that carrier a designated periodsin time. These periods of time
are referred to astime dots. Each MS on acdl is assgned onetime
dot on the uplink frequency and one on the downlink frequency.
Information sent during onetime dot is caled aburst.

In GSM, aTDMA frame condds of 8 time dots. This meansthat a
GSM radio carrier can carry 8 calls.

Frequency 1

/

3|14|5]|6|7

o
=
N

'7/- AT,

AN
/N

I

Figure 3-7 TDMA

Note: Only the downlink direction is shown. Thereisdso a
corresponding frame in the uplink direction.

EN/LZT 123 3321 R4A
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ANALOG AND DIGITAL TRANSMISSION
INTRODUCTION TO ANALOG AND DIGITAL

Analog Information

Andog information is continuous and does not stop at discrete
vaues. An example of andog information istime. It is continuous and
does not stop at specific points. An analog watch may have a
second-hand, which does not jump from one second to the next, but
continues around the watch face without stopping.

Analog Signals

An andog sgnd is a continuous wave-form which changesin
accordance with the properties of the information being represented.

e

Figure 3-8 Analog Signal

Digital Information

Digitd information is a set of discrete vaues. Time can dso be
represented digitaly. However, digital time would be represented by
awatch which jumps from one minute to the next without stopping at
the seconds. In effect, such adigita watch istaking asample of time
at predefined intervas.

Digital Signals

For mobile systems, digital sgnals may be consdered to be sets of
discrete waveforms.

Figure 3-9 Digital Signal

— 8 _ EN/LZT 123 3321 R4A
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ADVANTAGES OF USING DIGITAL

Human speech isaform of analog information. It is continuous and
changes in both frequency (higher and lower pitches) and amplitude
(whigpering and shouting).

At firg, andog Sgnals may agppear to be a better medium for carrying
andog information such as gpeech. Anaog information is continuous
and if it were to be represented by discrete samples of the
information (digital Sgndl), then some information would be missng
(like the seconds on the digita watch). An andog sgna would not
miss any vaues, asit too is continuous.

All sgnds, andog and digital, become distorted over distances. In
andog, the only solution to thisis to amplify the Sgnd. However, in
doing 0, the digortion is dso amplified. In digita, the sgnd can be
completely regenerated as new, without the distortion.

= T =

Transmitted Received Regenerated

Figure 3-10 Regeneration of digital signal

The problem with usng digital Sgnadsto trandfer andog informetion is
that some information will be missing due to the technique of taking
samples. However, the more often the samples are taken, the closer
the resulting digital values will be to a true representation of the
andog information.

Overdl, if samples are taken often enough, digital Ssgnds provide a
better quality for tranamisson of andog informeation than anaog
sgnds.
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TRANSMISSION PROBLEMS

Many problems may occur during the transmission of aradio signd.
Some of the most common problems are described below.

PATH LOSS

Path loss occurs when the received signa becomes weaker and
weeker due to increasing distance between MS and BTS, even if
there are no obstacles between the transmitting (Tx) and receiving
(Rx) antenna. The path loss problem seldom leads to a dropped call
because before the problem becomes extreme, a new transmisson
path is established via another BTS.

SHADOWING

Shadowing occurs when there are physical obstaclesincluding hills
and buildings between the BTS and the MS. The obstacles create a
shadowing effect which can decrease the received sgna strength.
When the MS moves, the signd strength fluctuates depending on the
obstacles between the MSand BTS.

A sgnd influenced by fading variesin sgnd strength. Dropsin
drength are cdled fading dips.

Y

Figure 3-11 Shadowing
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MULTIPATH FADING

Rayleigh fading

Multipath fading occurs when there is more than one transmission
path to the MS or BTS, and therefore more than one sgnd is
arriving a the receiver. Thismay be due to buildings or mountains,
gther closeto or far from the receiving device.

Rayleigh fading and time digoerson are forms of multipath fading.

This occurs when asigna takes more than one path between the MS
and BTS antennas. In this case, the signd is not received on aline of
gght path directly from the Tx antenna. Rather, it is reflected off
buildings, for example, and is received from severd different indirect
paths. Rayleigh fading occurs when the obstacles are close to the
receiving antenna.

o o=

Figure 3-12 Rayleigh fading

The received Sgnd is the sum of many identicd dgnasthat differ
only in phase (and to some extent amplitude). A fading dip and the
time that e gpses between two fading dips depends on both the
speed of the MS and the tranamitting frequency. As an
approximation, the distance between two dips caused by Rayleigh
fading is about half awavdength. Thus, for GSM 900 the distance
between dipsis about 17 cm.

EN/LZT 123 3321 R4A
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Time disperson is another problem relating to multiple paths to the
Rx antenna of either an MS or BTS. However, in contrast to
Rayleigh fading, the reflected sgna comes from an object far awvay
from the Rx antenna,

Time digperson causes Inter-Symbol Interference (1S1) where
consecutive symbols (bits) interfere with each other making it difficult
for the recaiver to determine which symbol isthe correct one. An
example of thisis shown in the figure below where the sequence 1, 0
issent from the BTS.

%~ Did you know?

One bit istransmitted
every 3.7 ns. Radio
waves travel at 3x10°
nvs. Therefore, one hit
travels approximately
1 kmwithin one bit
period.

Thus, if the direct path
is 1kmand the
indirect path is3 km
long, thefirst bit
transmitted will
interfere with the 3rd
bit transmitted.

Figure 3-13 Time dispersion

If the reflected 9gna arrives one bit time after the direct signd, then
the recaiver detects a 1 from the reflected wave at the same time it
detects a 0 from the direct wave. The symbol 1 interferes with the
symbol 0 and the MS does not know which oneiis correct.

—_52_
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TIME ALIGNMENT

Each MSon acdl isdlocated atime dot on aTDMA frame. Thisis
an amount of time during which the M S tranamits information to the
BTS. Theinformatiion mugt aso arive a the BTS within thet time
dot. The time aignment problem occurs when part of the information
transmitted by an MS does not arrive within the alocated time dot.
Instead, that part may arrive during the next time dot, and may
interfere with information from another MS using that other time dot.

A large distance between the MS and the BTS causestime
aignment. Effectively, the Sgna cannot travel over the large distance
within the given time.

o=

TDMA-frame B. Far away
R A. from BTS
B.L

BTS

Figure 3-14 The time alignment problem

For example, an MSiscloseto aBTS and has been dlocated time
dot 3 (TS 3). During the call, the MS moves away from the BTS
causing the information sent from the BTS to arrive a the M S later
and later. The answer from the MS dso arrives later at the BTS. If
nothing is done, the delay becomes so long that the transmission from
the MSin time dot 3 overlaps with the information which the BTS
receivesintimedot 4.

EN/LZT 123 3321 R4A
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COMBINED SIGNAL LOSS

Each of the problems described above occurs independently of each
other. However, in most cals some of these problems may occur at
the same time. Aniilludtration of whet the Sgnd strength may |ook
like a the MS Rx antennawhen moving away from the BTS Tx
antennaiis shown in Figure 3-15. The problems of path loss,
shadowing and Rayleigh fading are present for this transmission path.

The sgnd strength as a globa mean vaue decreases with the
distance (path loss) and findly resultsin alost connection. Around
this global mean, dow variations are present due to shadowing
effects and fast variations are present due to Rayleigh fading.

2;‘4" Path loss (— ——-)
N
3 " B
© N
> ~
[} ~
c:tS ”””‘ ““1’ l’l \\ l
I
5 f ’ '“,,_ ,“,“"'”" V"“" I Log normal
» Hm ST 1 U i fading (——)

Rayleigh fadlng() ’ ‘mm 1

(| 'Hflr

log (distance)

Figure 3-15 Rx signal strength versus distance
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At any one point from the Tx antenna, the recaived signd can look
likethesgnd in Figure 3-16 below.

SS (dB)

Global mean value

Fading dip (Rayleigh)

Fading

margin Receiver sensitivity

» Distance (meters)

Figure 3-16 Rx signal strength

The lowest Sgnd strength value required for a specified output is
cdled receiver sengtivity level. To detect the information sent from
Tx antenna, X wetts must be received. If the sgnd falls below X, the
information will be logt and the cal may be dropped. To ensure that
no information islog, the globa mean vaue must be as many dB
above the receiver sengtivity leve as the srongest (degpest) fading
dip givesriseto. Thisfading margin is the difference between the
globa mean vaue and the receiver sengtivity.
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SOLUTIONS TO TRANSMISSION PROBLEMS

This section describes some solutions to the problems described in
previous sections. Although many of these do not entirdly solve dl
problems on the radio transmission path, they do play an important
part in maintaining cal qudity for aslong as possble.

CHANNEL CODING

In digital transmission, the qudity of the tranamitted Sgnd is often
expressed in terms of how many of the received bits are incorrect.
Thisis called Bit Error Rate (BER). BER defines the percentage of
the total number of received bits which are incorrectly detected.

Tranamittedbits 1 1 01 000110
Received bits 1001001010

Errors - - - 3/10 = 30% BER

This percentage should be aslow as possible. It is not possible to
reduce the percentage to zero because the transmission path is
congtantly changing. This means that there must be an dlowance for
acertain amount of errors and a the same time an ability to restore
the information, or at least detect errors so the incorrect information
bits are not interpreted as correct. Thisis especialy important during
transmisson of data, as opposed to speech, for which ahigher BER

is acceptable.

Channd coding is used to detect and correct errorsin areceived bit
stream. It adds bits to a message. These hits enable a channel
decoder to determine whether the message has faulty bits, and to
potentialy correct the faulty bits.

ADAPTIVE MULTI RATE (AMR)

We know now that channel coding provides away of protecting
digita information over the air interface. The amount of channd
coding used depends on how the GSM network is configured.

Aswe shdl see when we examine the GSM transmission process,
the standard GSM configuration inserts a fixed number of channel
coding bits per TDMA timedot. If however the network is equipped

— 56—
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with Adaptive Multi Rate (AMR), then the rate of channel coding
bits and the underlying speech codec rate can be adapted to suit the
prevailing radio environment.

AMR conggts of anumber of different codecs, which together with the
associated channel coding has been optimized for different radio
environments. Depending on the measured Channd Interference

Ratio (C/1) conditions, the best speech codec rate for the present
conditionsis chasen, which results in a gnificant improvement

in speech quality. The possibility to increase/decrease the amount of
channd coding depending on the C/lI makes the channel more

robust to bit errors. This more robust channel coding makes it

possible to tighten the frequency planning and by that, increase

the capacity in the radio network.

There are, in total, 8 speech codecs defined for AMR of which 6 have
been defined for usein haf rate (HR) channds. The difference

between when a codec is used in afull rate (FR) channd and a half

rate channel is the amount of channd coding, which ismuch

morein afull rate channel. In short, FR channdls provide better protection
over the air interface and therefore better speech quality.

The 8 speech codec ratesin AMR are:

12.2 kbits/s
10.2 kbits/s
7.95 kbits's
7.40 kbits's
6.70 kbits's
5.90 kbits/s
5.15 kbits's
4.75 kbits/s

For each mode, FR or HR codec sets are predefined (presently 2 sets per
mode). Each coding set consists of up to four of the above codec rates. For
each cdl, one coding set is selected. This coding et is caled the Active
Coding Set.

For each of the predefined coding sets there is an associated set

of decision thresholds that determine which codec rate should

be used for a certain C/I vaue. It is possible to change

the codec rate every second speech frame but only to the next

higher or lower codec rate in the active coding set. (Note: It ispossible to
switch between FR and HR with intra-cell handover.)

EN/LZT 123 3321 R4A
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It isthe recaiving Sde (MS and BTY) that performs qudity
measurements on the incoming link to perform the codec rate
adaptation. The codec rate changes are not audible.

The same AMR codec has aso been specified for usein
WCDMA/UMTS networks. Thiswill guarantee smilar speech
qudity in both GSM and UMTS.

INTERLEAVING

In redity, bit errors often occur in sequence, as caused by long
fading dips affecting severd consecutive bits. Channel coding is most
effective in detecting and correcting single errors and short error
sequences. It is not suitable for handling longer sequences of bit

&~ Did you know? errors.

Interleaving could be For this reason, a process called interleaving is used to separate

compared to sending consecutive hits of amessage so that these are transmitted in anon-

a group of important consecutive way.

people fromAto B on

gg{ﬁ;e;t) pt'rf‘:%' By For example, amessage block may consist of four bits (1234). If

likelihood of losi ng four message blocks must be transmitted, and oneislogt in

theentiregroup is transmission, without interleaving there isa25% BER overdl, but a

mi ni mised. 100% BER for that lost message block. It is not possible to recover
from this.

1(2131411|12(3(4]1(2|3|4]11]|2]|3]| 4| message blocks

interleaving

111111 1120212121313|3(3l4]4]|4] 4 |™erleaved

message blocks

Figure 3-17 Interleaving

If interleaving is used, as shown in Figure 3-18, the bits of each
block may be sent in a non-consecutive manner. If one block islost
in transmisson, again thereisa 25% BER overdl. However, thistime
the 25% is spread over the entire set of message blocks, giving a
25% BER for each. Thisis more manageable and thereis a greater
possihility that the channdl decoder can correct the errors.
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11X

X

X

Figure 3-18 Received interleaved message blocks
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ANTENNA DIVERSITY

Antenna diversity increases the received signa strength by taking
advantage of the natura properties of radio waves. There are two
primary diverstiy methods. space diversity and polarization diversity.

Space Diversity

An increased received Sgnd strength a the BTS may be achieved by
mounting two recelver antennae ingtead of one. If the two Rx
antennae are physicaly separated, the probability that both of them
are affected by adeep fading dip at the sametimeislow. At 900
MHz, it is possible to gain about 3 dB with a distance of five to Sx
meters between the antennae. At 1800 MHz the distance can be
shortened because of its decreased wavel ength.

By choosing the best of each Sgnd, the impact of fading can be
reduced. Space diversity offers dightly better antenna gain than
polarization diversity, but requires more space.

Tx RX Received

Si | TN / = N\ 7~ /\.‘ ’__\r\l ' ‘
E G NATAVAVATAVATAITLYS

Receiver '; \l ]! l lf
Sensivity '___L__—“—l"——]»—————ll—__J__h[__

No Diversity Level

N N ey
[Receiver A\ 7 \ / \‘H {: 5 /\\. /r ‘p.,l '/\:\\ {r\\
\

Py \." int y w \. |f .
MR RRak IR i

I | =1
Rx (A) Rx (B) T
PEan — X ﬂ,\ y SN ,/\\ '/.\._ A
Receiver B / \/ ! . 4 4
f ! 1! T tI/ L\(\“.l o

[ A J__ﬁ'__j ______

Antenna |
Diversity b "
iversity —a/ﬂ _ N
T o TN T =
System i ! ( \ / \“\ '/ \l" \ || \ / \L N 1.\. / \
\ \

Output A, B combined
: 4

L_)'

Figure 3-19 Space diversity
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Polarization Diversity

With polarisation diversity the two space diversty antennae are
replaced by one dua polarized antenna. This antenna has norma sze
but contains two differently polarized antenna arrays. The most
common types are vertical/horizontd arrays and arraysin £45
degree dant orientation. The two arrays are connected to the
respective Rx branchesin the BTS. The two arrays can aso be used
as combined Tx/Rx antennas. For most gpplications, the difference
between the diversity gain for space diversity and polarization
diversty is negligible, but polarization diversty reduces the space
required for antennae.
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ADAPTIVE EQUALIZATION

Adaptive equdization is a solution specifically designed to counteract
the problem of time disperson. It works as follows:

1. Eight sets of predefined known bit patterns exist, known as
training sequences. These are known to the BTS and the MS
(programmed at manufacture). The BTS ingtructsthe MSto
include one of these in itstransmissionsto the BTS.

2. The MS and BTS includes the training sequence (shown in the
figureas“S’) initstranamissons.

3. The other party receives the transmisson and examines the
training sequence within it. The received training sequenceis
compared with the known training sequence that is used in this
cdll. It can be assumed that problems in the radio path affected
these bits must so have had a smilar affect on the speech data
bits sent in the same burst.

4. The recaiver begins a processin which it usesits knowledge of
what happened the training sequence to correct the speech data

bits of the transmisson.
Received burst il Data | S | Data |:
VITERBI
W
% v Crtg(’)’se
| Correlator “diff,” F=—=> sothat
L “diff.”
A is
minimized
Probable transmitted |
bit pattern: |
—— [
Channel |
<|'-"|5|'-’>> model |
| 4 |
| ' |
L _ L e ______ |

Figure 3-20 Adaptive equalization

Because some assumptions are made about the radio path, adaptive
equdization may not result in a 100% perfect solution every time.
However, a“good enough” result will be achieved. A viterbi
equdizer is an example of an adaptive equaizer.
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FREQUENCY HOPPING

Downlink

Uplink C,

Downlink

Uplink C,

As mentioned previoudy, Rayleigh fading is frequency dependent.
This means that the fading dips occur at different places for different
frequencies. To benefit from thisfact, it is possble for the BTS and
MS to hop from frequency to frequency during a call. The frequency
hopping of the BTS and M S is synchronized.

In GSM there are 64 patterns of frequency hopping, one of themisa
ample cyclic or sequentid pattern. The remaining 63 are known as
pseudo-random patterns, which an operator can choose from.

Two types of hopping are supported by the BSC:

- Baseband hopping involves hopping between frequencies on
different tranceiversin acell.

- Synthesizer hopping involves hopping from frequency to frequency
on the same tranceiver in acdll.

It is now possible to assign up to 32 frequencies to a channel group
when synthesized frequency hopping is used, as compared to 16
previoudy. In many networks there are around 20 frequencies
available for frequency hopping inacdl. In these networks 32
frequencies per channd group will be an advantage asit will now no
longer be necessary to split the 20 frequencies between two channel
groups.

clofi]2]s]a]s]e][7]o]a]2]3]4a]s]6]7]

A

lo[1]2]3]4|s]|e|7]o|2]2]3]a]s]6]7]

44— N —Ppbr<x=— N+]1] ——Pp=t—
TDMA frame no.

C2|0||1|2|3|4|5|6|7|0|1 2 3|4|5|6|7|

Y

i

lofa]2|3]a|s]|e]7]o]1|2]3]a]s]|6]7]

<« N—— P> ——— N+]1 ———— P

TDMA frame no.
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Figure 3-21 Frequency hopping

During TDMA frame N, C, isused and during TDMA frame N+1,
C, isused. The cdl usesthe sametime dot but changes frequencies
according to an identified pattern.

TIMING ADVANCE

Timing advance is a solution specificaly designed to counteract the
problem of time aignment. It works by ingructing the mis-aligned
MSto tranamit its burdt earlier or later than it normally would.

In GSM, the timing advance information rdaes to bittimes. Thus, an MS may
be ingtructed to commence its transmission a certain number of bittimes
earlier or later, related to previous position, to reach itstimedot a the BTS in
right time. Maximum 63 bittimes can be used in sandard GSM systems. This
limits GSM normd cell sze to 35km radius. However with extended range
equipment, distances up to 70km or even 121km can be handled, using 2
timedots and both speech and single dot GPRS are supported. Because 2
timedots are required this resultsin adrop in the number of available
channdsin the cell by 50%.

Start
Sending

4 5 6 7 \/\ 0 1 2 3 4 5 6 7

y

“Synchronization time”

Figure 3-22 Timing advance

—64—

EN/LZT 123 3321 R4A



ERICSSON 2 3 Wireless Concepts

GSM TRANSMISSION PROCESS

STAGE 1: ANALOG TO DIGITAL (A/D) CONVERSION

One of the primary functions of an MSisto convert the analog
gpeech information into digital form for transmission using adigita
sgnd. Theandog to digital (A/D) converson process outputs a
collection of bits: binary ones and zeros which represent the speech
input.

Analog Digital

L L

A/D Conversion

Figure 3-23 A/D conversion

The A/D converson is performed by using a process cdled Pulse
Code Modulation (PCM). PCM involves three main steps.

Sampling

Quantization

Coding
Step 1: Sampling

Sampling involves measuring the andog sgnd a specific time
intervas.

Analogue signal Sampling Sampled signal

Figure 3-24 Analog signal sampling

The accuracy of describing the andog sgnd in digital terms depends
on how often the andog signd is sampled. Thisis expressed asthe
sampling frequency. The sampling theory States that:
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To reproduce an analog signal without distortion, the signal
must be sampled with at least twice the frequency of the highest
frequency component in the analog signal.

Norma speech mainly contains frequency components lower than
3400 Hz. Higher components have low energy and may be omitted
without affecting the speech quadity much. Applying the sampling
theory to andog speech signds, the sampling frequency, should be at
least 2 X 3.4 kHz = 6.8 kHz. Tdlecommunication systems use a
sampling frequency of 8 kHz, which is acceptable based on the
sampling theory.

Step 2: Quantization

The next sep isto give each sample avaue. For this reason, the
amplitude of the sgnd at the time of sampling is measured and
goproximated to one of afinite set of vaues. The figure below shows
the principle of quantization gopplied to an andog sgnd. It can be
seen that adight error isintroduced in this process when the sgnd is
quantized or approximated. The degree of accuracy depends on the
number of quantization levels used. Within common telephony, 256
levels are used whilein GSM 8,192 levels are used.

Quantized
q, —— Sampled value
value
N }
s ~ D = Quantized error
Os ——
\
/ i
A —7— 4 \\
‘ |
|
| | | | [ >
ds | // | | | | .
T/ 2. 3T 4T ST, 6T, 7T, 8- time
qz - \
B \
qdr —— '
Qo ——

Figure 3-25 Quantization

- 66 - EN/LZT 123 3321 R4A



ERICSSON 2

Step 3: Coding

3 Wireless Concepts

Coding involves converting the quantized vaues into binary. Every
vaueis represented by a binary code of 13 bits (2*2 = 8192). For
example, aquantized vdue of 2,157 would have a bit pattern of
0100001101101:

Bit 12111 10 [9]8|7]|6 |5 413|12|1|0]| Total
Setto [0 |1 0 0/0/01 |1 0|1]1]0]1
Value [0 12048 | 0 0/]0/0|64 |32 [0/8]4]0]1]| 2157

Table 3-2 Coding of quantised value 2157

Summary of A/D Conversion

The result from the process of A/D conversion is 8,000 samples per
second of 13 bits each. Thisisabit rate of 104 kbitg/s.

When it is consdered that 8 subscribers use one radio channd, the
overdl bit rate would be 8 x 104 kbits/s = 832 kbits/s. Recalling the
generd rule of 1 bit per Hertz, this bit rate would not fit into the 200
kHz available for dl 8 subscribers. The bit rate must be reduced
somehow - thisis achieved using segmentation and speech coding.

EN/LZT 123 3321 R4A
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STAGE 2: SEGMENTATION AND STAGE 3: SPEECH CODING

The key to reducing the bit rate is to send information about the
gpeech ingtead of the speech itsdf. This can be explained with the

&~ Did you know?

In his childhood, following andogy:

Alexander Graham Bell

constructed an Person A wishes to listen to a certain piece of music and they
EIELE Epzalng know that person B hasiit on record. A rings B asking for the use
machine. It was an . .

T e P T of the record for some time. Unfortunately, the record is

human voice tract, scratched and cannot be used. Instead, B sends A parameters of
complete with teeth, how the music is built up - the sheets of music - together with
throat, nasal passages information about how fast it should be played - the frequency -

and tongue. .
g and A reproduces the music.

By carefully positioning

these elements, while In GSM, the speech coding process anayzes speech samples and
simultaneously outputs parameters of what the speech consists of the tone, length of
UEHEE U g DL tone, pitch, etc. Thisis then transmitted through the network to
sourcein the throat, .

Bell was ableto another MS, which generates the speech based on these parameters.
articulate simple ) o ) ]
Enalish words The process of segmentation and speech coding is explained in more

detail asfollows;

The human speech process startsin the voca chords or speech
organs, where atone is generated. The mouth, tongue, teeth, etc. act
as afilter, changing the nature of thistone. The am of speech coding
in GSM isto send only information about the origind tone itsdf and
about the filter.

Segmentation: Given that the speech organs are rdaively dow in
adapting to changes, the filter parameters representing the speech
organs are gpproximately constant during 20 ms. For this reason,
when coding speech in GSM, ablock of 20 msis coded into one set
of bits. In effect, it is Smilar to sampling speech at arate of 50 times
per second instead of the 8,000 used by A/D conversion.

Speech Signal

01100011000111110011100

Speech Code

Figure 3-26 Segmentation and speech coding
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Speech Coding’: Instead of using 13 bits per sample asin A/D
conversion, GSM speech coding uses 260 bits. This calculates as 50
x 260 = 13 kbits/s. This provides a gpeech quality which is
acceptable for mobile telephony and comparable with wireline PSTN
phones.

Many types of speech coders are available. Some offer better
Speech qudlity, at the expense of a higher bit rate (waveform coders).
Others use lower bit rates, at the expense of lower speech quality
(vocoders). The hybrid coder which GSM uses provides good
speech qudity with ardatively low bit rete, at the expense of speech

coder complexity.
Speech | . lexi
quality ncreasing complexity
Excellent =———
Hybrid coders
Waveform coders
Good =——
Average =—1—
Vocoders
“T v ¢
Bitrate
| | | | | [ (kbits)
2 4 8 16 32 64

Figure 3-27 Speech quality vs. bit rate

Summary of Segmentation and Speech Coding

&~ Did you know?

The GSM speech coder produces abit rate of 13 kbits/s per

The speech coding subscriber. When it is considered that 8 subscribers use oneradio
processdescribed here | channel, the overal bit rate would be 8 x 13 kbits/s = 104 kbits/s.
[stiar Ul el s gesan This compares favorably with the 832 kbits/s from A/D conversion.

only. Alternatives are:

Half rate: 6.5kbitgs|  HOWever, speech coding do&s not (_:or_15i der the problems whi ch may
Enhanced Full Rate be encountered on the radio transmission path. The next stagesin the
(EFR): 13.0kbits/s transmission process, channel coding and interleaving, help to
overcome these problems.

® The function of converting from PCM coded information to GSM speech coder information is called transcoding.
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STAGE 4: CHANNEL CODING

Channe coding in GSM uses the 260 hits from speech coding as
input to channel coding and outputs 456 encoded hits.

The 260 hits are split according to their relative importance:

Block 1: 50 very important bits
Block 2: 132 important bits and
Block 3: 78 not so important bits

The firg block of 50 bitsis sent through a block coder, which adds
three parity bits that will result in 53 bits. These three bits are used to
detect errorsin areceived message.

The 53 bits from first block, the 132 bits from the second block and
4 tall bits (total = 189) are sent to a 1:2 convolutional coder which
outputs 378 hits. Bits added by the convolutiona coder enable the
correction of errors when the message is received.

The bits of block 3 are not protected.

- - Block :: >
| 50 Very important bits > coder 53 bits 378 bits
1:2 > 456
| 132 Important bits Convolutional

Coder
4 Tail bits >

78 Not so important bits

Figure 3-28 Channel coding
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STAGE 5: INTERLEAVING

First level of interleaving

The channd coder provides 456 bits for every 20 ms of speech
which are interleaved in eight blocks of 57 bits shown below.

3 4 5 6 7 8 A
11 12 13 14 15 16

|
|
|
|
|
|
I 57 bits
|
|
|
|
|
|
|
5

2 453 4

\/

8 blocks

Figure 3-29 Interleaving of 20 ms of encoded speech

Inanorma burst there is space for two of these speech blocks
(Figure 3-30). (Remaining bits are explained later in this book.)
Thus, if one burgt transmisson islog, thereis a25% BER for the
entire 20 ms of speech (2/8 = 25%).

3 57 1 26 1 57 3

Figure 3-30 Normal burst

Second level of interleaving

If only oneleve of interleaving is used, aloss of this burgt resultsin a
total loss of 25%. Thisistoo much for the channel decoder to
correct. A second leve of interleaving can be introduced to further
reduce the possible BER to 12.5%.

Instead of sending two blocks of 57 bits from the same 20 ms of
gpeech within one burgt, a block from one 20 ms and a block from
next sample of 20 ms are sent together. A delay isintroduced in the

EN/LZT 123 3321 R4A
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system when the MS must wait for the next 20 ms of gpeech.
However, the systemn can now afford to loose awhole burst, out of
eight, asthe lossis only 12.5% of the total bits from each 20ms
gpeech frame. 12,5% is the maximum loss leve that channel decoder

can correct.

A

B

C

D

20 ms speech
456 bits = 8x57

20 ms speech
456 bits = 8x57

20 ms speech
456 bits = 8x57

Figure 3-31 Speech frame

<[ a8 ] L
<[_ a8 ] L
<[_ a8 ] L
<[_ a8 ] L
< ] [[_~s
< ] [[_~e
< ] [[_~s
< ] [[_~s
<l_cs ] L
<l_cs ] L
<l_o8 ] L
<_os ] L
< os [] [ cs
< os [] [ cs
<[ o8 ] [[cs

VVVVVVVVVVVVVVV

Figure 3-32 Second level of interleaving
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STAGE 6: CIPHERING/ENCRYPTION

The purpose of ciphering isto encode the burst so that it cannot be
interpreted by any other device than the intended receiver. The
ciphering dgorithm in GSM is cdled the A5 agorithm. It does not
add hits to the burst, meaning that the input and output to the
ciphering process is the same as the input: 456 hits per 20 ms.

STAGE 7: BURST FORMATTING

As previoudy explained, every transmisson from an MSBTS must
include some extrainformation such as the 26 training sequence hits,
2 flag bits and 6 tall bits. The process of burst formetting is to add
these bits to the basic speech/data (57+57=114 bits) being sent.
Consequently thisincreasesthe burst from 114 to 148 bits, thus
increasing the transmission rate on the air, but is necessary to
counteract problems encountered on the radio path.

In GSM, the input to burst formatting for 20ms speech isthe 456 bits
received from ciphering. Burst formatting adds 136 bitsto it, bringing
the sum total to 592.

However, each time dot on aTDMA frameis 0.577 mslong. This
provides enough time for 156.25 bits to be transmitted (each bit
takes 3.7 ns), but a burst only contains 148 bits. The rest of the
space, 8.25 hit times, is empty and is called the Guard Period (GP).
Thistimeis used to enable the MSBTS “ramp up” and “ramp
down”. To ramp up means to get power from the battery/power
supply for transmisson. Ramping down is performed after each
transmisson to ensure thet the MSis not transmitting during time
dots alocated to other MS's.

The output of burst formatting is a burst of 156.25 bits(one burst) or
625 bitg(four bursts) for 20 ms sample. The transmission hit rate for
GSM can be calculated to be 270.9 kbits/s(156.25/.577).
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STAGE 8: MODULATION & TRANSMISSION

Mobile equipment

The bits must then be sent over the air using a carrier frequency. As
previoudy explained, GSM uses the GMSK modulation technique.
The bits are modulated onto a carrier frequency and transmitted (e.g.
912.2 MHz2).

The following figure summarizes the GSM transmisson process.

GSM Network

ransmitting part

Transmitter Receiver Receiver Transmitter
Modulator Demodulator Demodulator Modulator
[ 33.8 khit/s | | |
Burst formatting Adaptive Adaptive Burst formatting
Ciphering Equallization Equallization Ciphering
Interlez\;r;gkb y De-ciphering De-ciphering Interleaving
. s - - - -
Channel coding De-interleaving De-interleaving Channel coding
13 kbit/ | . : 13 kbit/s
; Channel decoding | Channel Decoding|
Sheed) oy
Segmergitll_(')n | Speech decoding | Receiving part 8 kHz
z I .
13 bits Y D/A-conversion | 2 4b:<t§it/s -
A/D-conversion
_ Receiving part Transmitting part

Figure 3-33 GSM transmission process

— 74—

EN/LZT 123 3321 R4A



ERICSSON 2

3 Wireless Concepts

EN/LZT 123 3321 R4A

— 75—



