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Error Correction, Channel Equalization,
and Diversity

Signal processing techniques play an important role increating and main­
taining reliable wireless digital communications. Many ofthese, such as
low-bit-rate speech coding, convolutional channel coding with Viterbi
decoding, and equalization, arealready partofthefirst generation ofdigital
cellular systems. Other techniques thatcan enhance thevoice quality and
system capacity include transmit and receive antenna diversity techniques,
coded modulation, interference randomization and reduction, and advanced
channel-decoding techniques.
Introduction

First-generation digital cellular radio
systems are beingstandardized invarious
partsofthe world.1 These schemesincrease
the systemcapacity forspeechtransmission
by abouta factor ofthree compared with exist­
inganalog systems, and promise to become
evenmoreefficient in the future. Standards
have already beenor are beingset fordata
services as well. In this paper, wereview the
technologies that have madeefficient digital
transmission possible in a wireless cellular
environment, anddescribe several future tech­
nologies that may improve the quality and
capacity ofdigital wireless services.

Efficient transmission ofspeechis
madepossible primarily bylow-bit-rate
speechcoding techniques. It is now possible
to achieve almost toll-quality speechat rates
ofabout6 to 12kilobits per second (kb/s),
andhigh-quality codersthat operate at about
3 to 6kb/s will soonbe available. This type of
speechcodercandouble the capacity ofa dig­
italcellular system. Here,weconcentrate on
communications schemesthat transport digi­
tized speechbitsreliably overa cellular radio
channel. Sucha digital communications
schemeusedwith a speechcoderconsists of
a channel encoder/decoderto detectand cor­
rect errors, an interleaver/ de-interleaver to
ensure that errors occurring in bursts are
spreadso theycanbe corrected efficiently, a
modulator to convert bits to a waveform of
specified bandwidth for transmission overthe
air, anda demodulator to convert the wave­
form backto bits. Figure 1shows this typeof

digital communications scheme anda frozen
moment, or snapshot, ofthe fading channel
signal amplitude, described in more detail
later inthis paper. Imperative to thiscommu­
nications processis a good understanding of
the channel and impairments thataffect the
performance ofdigital transmission schemes.

In this paper, wedescribe the trans­
mission medium ofwireless communications
andconsider several digital modulation
schemes. Two have beenstandardized, one
for North America, byInterim Standard 54
(I5-54), andoneforEurope, bythe Group Spe­
ciale Mobile (GSM). Weomitconsideration of
theJapanese digital cellular (JOe) standard,
because ofits similarity to 15-54. (See Panel 1
fordefinitions ofabbreviations, acronyms,
andterms usedin this paper.)

The topics covered in thispaper
include:
- The channel model, andhow it is affected

bymultipath fading andco-channel inter­
ference

- Digital modulation schemes
- Diversity principles
- Combining techniques
- Multiple-access techniques
- Duplexing techniques
- Channel equalization
- Channel coding
- Digital wireless system standards
- Futuretechniques, namely, minimum-

mean-squared-error diversity combining,
diversity usingmultiple transmit antennas,
codedmodulation, andadvanced decoding
techniques.
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Channel Model
Inwireless multiple-access radio systems, the

two dominant sourcesofimpairment are multipath fad­
ingandco-channel interference. Multipath fading,
induced by multiple scatterers, is a resultofthe transmit­
ted signal beingreceived along different paths,eachwith
a random gainand phase.e (See Panel 2 fora mathemati­
calexplanation ofmultipath fading.)

Adeep fade occurswhenthese pathsarrive at the
receiver out ofphase.These fades are separated by
abouta half-wavelength, which, at 900 MHz, is about
0.165 meter.Avehicle moving at 80kilometers per hour
canexpecta fade every7.5 milliseconds (ms). This type
offading is time-selective, sincethe fade varieswith time.
Figure 1showsa snapshotofa time-selective multipath
fade forthe channelparameters given above. The nomi­
nalexpected signallevel is 0 decibels (dB). For a signifi­
cantfraction ofthe time, the signal level is below 0 dB;
duringdeepfades, it mayfall below -20 dB. Fading can
alsobe frequency-selective, in which a portion ofthe spec­
trumoccupied bythe signal is subjectto a deepfade.

limited radio spectrumis an inherentlimitation
inwireless transmission. Because radio spectrummust
be sharedand spatially reusedbymanysubscribers, it is
inevitable that two subscriberswill interfere with each
other by accessing the samefrequency bandfor informa­
tiontransmission, causing co-channel interference.

Dlgitel Modulation Sche.....
The digital modulation methodchosenforthe

U.S. digital cellular system (Is-54) is a modified version of
a differential quadrature four-phase shiftkeying (DQPSK)
schemewith differentially coherentdetection, known as
1t/4 shifted DQPSK or 1t/4--DQPSK (1t/MDPSK). 3 The
modification consistsofrotating everysecondsymbol by
1t/4 radians. Duringoddtimeintervals, the phasevalues
0,1t/2,1t,and31t/2are used to convey information; dur­
ingeventimeintervals, the phasevalues 1t/4,31t/4,
51t/4, and71t/4are used.This modification reducesthe
amplitude, or envelope, variations ofthe modulated sig­
nal, which increases the efficiency ofthe power ampli­
fier. The modulation scheme, shown inTableI, uses the
Gray-eoded phaseconstellation, whoseinformation is dif­
ferentially encoded. The symbols are transmitted as
changesin phase rather than as absolute phases. The
binary datastreamenteringthe modulator is converted
intotwo parallel binarystreams, (Xk ) and (Yk ) , where
Xk and Yk are the evenand odd numbered bits,

Panel 1. Abbreviations, Acronyms, andTerms

AMPS - analog mobile phonesystem
CDMA - code-division multiple access
CRC - cyclic redundancy check
CI2 - cordlesstelephone 2
DCA - dynamic channel allocation
DECf - digital European cordless telephone
DPCM - differential pulsecodemodulation
DQPSK - differential four-phase shiftkeying
DS- directsequence
FDD - frequency-division duplexing
FDMA - frequency-division multiple access
FH - frequency hopping
GMSK - Gaussian minimum-shift-keying
GSM - Group Speciale Mobile
GVA - generalization ofthe Viterbi algorithm
Is-54 - Interim Standard 54
IDC - Japanese digital cellular standard
LEO -low earth orbit
LVA -list Viterbi algorithm
MMSE - minimum-mean-squared error
PBX - private branchexchange
PeN- personal communications network
PeS - personal communications systemor services
RMS - rootmeansquare
SAD - speechactivity detection
SOYA - softoutputViterbi algorithm
TDD - time-division duplexing
TDMA - time-division multiple access
UEP - unequal error protection

respectively. The digital datasequences (Xk ) and (Yk )
are encoded ontotwo signals according to

I, = I k- 1cos[~<I>k (Xk,Yk)] - Qk-1sin[~<I>k (Xk,Yk)]

Qk = Ik_1sin[~<I>k(Xk,Yk)] + Qk-1COS[~<I>k(Xk,Yk)],

whereI k -1, Qk -1 are the amplitudes at the previous
pulsetime. The phasechange~<I>k is determined accord­
ingtoTableI. The signals I k , Qk at the output ofthe dif­
ferential phase-encoding block cantakethe values
0, ±1, ±1/-./2 ,which produce the 8-point constellation
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referred to earlier. Impulses I k, Qk are applied to the
inputsofthe I andQbaseband filters. The baseband
filter,g(t), has a linearphaseand square-root-raised
cosine-frequency response with an excessbandwidth of
0.35. The resultant transmitted signal s(t) is given by

s(t) = L kg(t-kT) Ikcoscoet

Gaussian minimum-shift-keyed (GMSK) continuous-phase
modulation scheme, which canbe described by

s(t,a) =Acos(21tlet+cp(t,a» , (2)

whereIe is the carrierfrequency, a is a binary data
sequence that takesona value of±1at eachinstant, and
cp (t .a) is the information-earrying phasegiven by

- Lkg(t-kT)Qksincoet (1)

where g(t) is the pulse-shaping function, CO e is the radian
carrierfrequency, and Tis the symbol time.

The modulation schemeused in GSM is a

cp(t,a) = 1t L;:_ooQ;q(t-iT) .

The phaseresponse, q(t), is obtained byintegrating a
frequency pulseg(t)
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Panel 2. Multlpath Fading

If the transmitted signal is an unmodulated carrier
with frequency fe, then the received signal is

where ~II (t) and 9 11 (t) are the amplitude andphaseof
the nth scatterer. The phase9k (t) is given by

v
9(t) = 2x-rt + 4>11 (t)

wherev is the velocity ofthe vehicle, Ais the wave­
length, and 4>11 (t) is a time-varying random phase.
Vehicle movement causestime-varying fading whose
bandwidth is determined bythe maximum Doppler
frequency u/):

The magnitude ofr(t) is Rayleigh distributed-
with

PR (r) =~ rr/2cl, r~O
o

where0 2 is the variance. Because the envelope is Ray­
leighdistributed, fading ofthiskindis called Rayleigh
fading.

q(t) = r~g('t) d't .

Hereg(t) is chosento be a Gaussian pulsewhose nor­
malized bandwidth equals0.30.

The major difference between the two schemes
is that the IS-54 system, which uses x/4 shifted DQPSK,
has an envelope that is constant only at the sampling
instants, while the GMSK schemehas a constant enve­
lope. The former schemerequireslinearpower ampli­
fiers. Although the latter schemecan use morepower­
efficient, nonlinear, classC power amplifiers, these
reducethe bandwidth efficiency by about20percent

Diversity Principles
The effect offading is normally mitigated by

usingdiversity techniques, in which the information­
bearing signal is received, ideally, along independently
fading channels.

Table I. 'Tt/4-shlfted DQPSK phase difference representation

Xk r, (M>k)

1 1 -3lt/4

0 1 3lt/4

0 0 It/4

1 0 -It/4

In spacediversity systems, the receiver usesL
different antennas spaced to createindependent fading
channels, whereL is the diversity order. Anantenna sep­
aration ofabouta quarterofa wavelength is enough to
causealmost independent fades at the receiving anten­
nas.Depending on the antenna height, however, the
basestation needsa separation of10to 30wavelengths.2

In frequency diversity systems, the sameinfor­
mation is transmitted inL frequency bands, andin time
diversity systems, the information is transmitted inL
timeslots, both spaced farenough apartinfrequency
andtime, respectively, to causeindependent fading. To
produce diversity, the frequency andtimediversity sys­
tems have thus used repetitive coding, a rudimentary
form ofchannel coding. Eachbitofthe codeis then
transmitted either ina different frequency or timeslot.
Later in this paper, wediscuss how to obtain diversity by
using moresophisticated channel codes.

The last two techniques, frequency diversity and
timediversity, maynotbe always feasible to implement.
Forexample, frequency bandsthat are farenough apart
to guarantee independent fading may notexistin an envi­
ronment with limited radio spectrum. Similarly, because
ofdelay restrictions, it may notbe possible to transmit
bits that are separated enough in time.

Combining Techniques
Independently Rayleigh2 fading signals are com­

bined to recover the information theycontain, commonly
usingselection diversity, equal gaincombining, or maxi­
mal ratio combining.

In selection diversity, the channel with the high­
est signal strengthrecovers the transmitted information.
Selection diversity with two antennas, compared to a
receiver with oneantenna, offers aboutan 8- to l(HlB
improvement in carrier-to-interference ratio at a bit-error
rate of10-3•
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Inequalgaincombining, the L received signals
are co-phased andcombined to retrieve information. In
maximal ratio combining, the L received signals are co­
phasedandamplitude-weighted by the respective chan­
nelamplitudes toyield the information-bearing signal.
When the interference is normally modeled as additive
noise, toyield a signal-to-noise ratio ofSNR, the error
probability at largeSNRs fora digital communications sys­
temusingmaximal ratio combining is given by

P, - c [S~Rr
wherec is a proportionality constant. Figure 2 shows the
bit-error probability behavior fordifferent ordersof
diversity (L) forbinary differential phase-shift keying
(DPSK) usingmaximal ratiocombining.

Multlpl..Acceu Techniques
First-generation digital techniques in North

America, Japan, and Europe use narrowband time-

division multiple-access (TDMA), in which eachsub­
scribertransmits signals ina designated timeslotin a
timeframe, wherea frame consists ofmany slots. In
Japanand NorthAmerica, the available spectrum is
divided intonarrow frequency slotsof25and30kHz
bandwidth, respectively. Eachfrequency slotis usedby
three subscribers on onecarrierfrequency, usingtime­
division multiplexing. In GSM, the spectrum is divided
into200-kHz-wide bands, with eightsubscribers sharing
onecarrierfrequency.

In frequency-division multiple-access (FDMA) , for
example, two or three subscribers divide each3D-kHz
bandintotwo or three narrower bands, usingeither digi­
talor analog transmission. However, bandsplitting
incurssignificant base-station costs. Motorola has pro­
poseda 1D-kHz narrowband analog mobile phonesystem
(AMPS) that can triple the capacity ofthe existing North
American cellular systems.

Recently, Qualcomm, Inc.,' which provides com­
munications systemsandservices, proposed a direct­
sequence (DS) code-division multiple-access (CDMA)
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schemethat uses a 1.25-MHz bandwidth that is simul­
taneously shared bymany subscribers. Moredetails
aboutthis spread-spectrum systemappear elsewhere in
this issue.4

Otherforms ofaccessinclude frequency-hopping
(FH) multiple access, whereeachsubscriber is assigned a
set offrequencies and dwells in a frequency fora certain
period oftime. This form ofaccessreducesinterference
byassigning well-designed hopping sequences that mini­
mize the probability ofa subscriber experiencing colli­
sionsin toomany frequencies. Frequency-selective fading
canbe avoided by limiting the timea subscriberspends
in onefrequency, anderror-eorrection coding is usedto
maintain reliable communications. Figure 3 shows the
accesstechniques described.

Duplexlng Techniques
The commonly used duplexing schemesare

frequency-division duplexing (FDD) andtime-division
duplexing rmo). In FDD, the base-to-mobile (downlink)
and mobile-to-base (uplink) transmit simultaneously on
different frequency bands. rnn systemsuse the same
frequency bandin bothdirections, which requiresthe
downlink anduplink transmissions to occurin different
timeslots.

Interference is managed better in FDD-based cel­
lularsystems, sincean uplink transmission canonly
interfere with anotheruplink transmission operating in
the samefrequency. Inron systems, a high-power base­
to-mobile transmission caninterfere with a low-power
mobile-to-base transmission if the entirecellular system
is not timesynchronous. Because the mobile receiver is
simple, ron systemshavebeen proposed forcordless
private branchexchange (PBX) and personal communica­
tions network (peN) type standards.

Channel Equalization
Intersymbol interference, the resultof

frequency-selective fading, causessignificant distortion in
digital wireless communications. This type offading
occurswhenthe difference in delay between the various
reflections arriving at the receiver is a significant fraction
ofa datasymbol interval. Typical values ofdelay
expressed are 1to 4 microseconds (us) fora macrocellu­
lar urbanpropagation environment," andwithin a few hun­
dred nanoseconds (ns) inmicrocells andinside large
buildings."

Atypical model ofa frequency-selective fading
channel contains two reflections ofthe transmitted sig­
nal. Such a model produces fading overa partofthe fre­
quency bandoccupied bythe transmitted signal.

To recover the datasignal, equalization tech­
niques are needed. The simplest ofequalization tech­
niques amplifies the attenuated part, andattenuates the
amplified part,ofthe spectrum, thereby equalizing the
channel distortion. This restores the output signal after
equalization to its original spectral shape. When addi­
tional noise (interference) is presentat the inputto the
equalizer, the equalizer mustminimize the channel dis­
tortion without adversely enhancing noise. In these
cases, moresophisticated equalization techniques are
needed.I-"

Equalization methods have beenapplied before
to equalization ofveryslowly varying channels. The task
in mobile radio is moredifficult, because channel varia­
tions are rapid. First, these problems have beenallevi­
atedbyusinga short training sequence-1~30 symbols
every 150 to 200 datasymbols-to compute the equalizer
tapcoefficients. Second, byusingnovel jointdataand
channel estimation algorithms, datacanbe reliably
recovered evenafterthe channel undergoes fading. 9
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Both GSM and IS-54 havestandardized the training
sequence, but havenot specified the method ofequaliza­
tion. The first-generation digital systeminJapan (JDe)
uses either two-fold spacediversity or equalization. 1

Channel Coding
All digital cellular systemsuse powerlul channel

coding to ensure reliable transmission. Conventionally,
channel coding adds redundancy to information bits.
These redundant bits are used at the receiver to reliably
decode the information, even if the channel produces
errors in part ofthe transmitted information.

Convolutional codesare an efficient classof
channel codesintowhich redundancy is introduced by
convolving digital information with oneor moreknown
patternsofbits.These codescanbe efficiently decoded
by the Viterbi algorithm.P usingsoft-decision (orana­
log) information. Soft-decision in/ormation is a measure
ofthe reliability ofdataat the inputto the channel
decoder. This reliability information can substantially
enhance the error-eorrection capability ofthe code.

Choosing a channel-eoding technique for

transmitting digitized speechoverfading radio channels
requiresconsideration ofseveral systemproperties.
Speech bits differ in their sensitivity to transmission
errors, implying unequal error protection. 11.12 Fading
causeserrors to occurin bursts.Since convolutional
channel codesare efficient forcorrecting random errors,
interleaving (toseparatecontiguous bits from the chan­
nelencoderoutput) is required (seeFigure 1)at the
expenseofdelay.

In general, the goalofinterleaving is to achieve
independent fading values at the inputto the decoder by
usinga matrix interleaver. The numberofrows in the
matrix is determined by the expected maximum fade
duration, and the numberofcolumns is equal to the
decoding depthofthe code. The encoded datais written
rowby rowand transmitted column bycolumn. Accom­
modating a wide rangeoffade durations requiresa large
interleaver, which can causesubstantial delay. In the IS-54
system, the interleaving delay forspeechtransmission is
restricted to 40ms,which corresponds to a total of two
encoded speechframes of520 bits.Reference 3 contains
moreinformation aboutthe IS-54 interleaver.
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Table II. Parameters of two cellular standards: GSM and 15-54

Parameter GSM IS-54

Forward band (MHz) 935-960 869-894
Reverse band (MHz) 890-915 824-849
Multiple access TDMA TDMA
Duplex type FDD FDD
Carrier spacing (kHz) 200 30
Channels percarrier 8 3
Channel rate (kb/s) 271 48.6
Modulation GMSK 1t/4-DQPSK
Modulation efficiency (b/s/Hz) 1.35 1.62
Voice rate (kb/s)

(with channel coding) 22.8 13
Channel codetype Convolutional UEP Convolutional UEP
Equalizer Yes Yes

Whenthe channeldecodermakeserrors on
more error-sensitive speech,these errors must be
detectedand concealed usingthe speech-based redun­
dancythat existsfrom one speechframe to the next.
This redundancy stems froma limited frame duration of
20ms.Anerror-detection blockcode makes it easier to
detecterrors on these bits.The channel-eoding scheme
for the NorthAmerican digital cellular system (I~54)

uses this type oferror-detection scheme.
The I~54 channelerror-eontrol scheme" for the

speechcoder datashownin Figure4 uses a combination
ofallthe error-eontrol techniques mentioned earlierto
mitigate channelerrors. First,7 cyclic redundancy check
(CRC) bits are added to 12ofthe mosterror-sensitive dig­
itized speechbits to detect errors. Next, an error­
correctingconvolutional code is used to protectthe 77
most error-sensitive bits ofthe speechcoder data stream
andthe 7 CRC bits.The remaining 82digitized speech
bits are leftunprotected. In addition, to preventinter­
frame memory and reducedecoding delay, the contents
ofeveryframe ofthe code's memory are wiped cleanby
encoding 5 known bits (tail bits) within the frame. In Fig­
ure 4, the 77protectedspeechbits are called class 1bits,
and the 82uncoded bits are class2 bits.The third tech­
niqueinterleaves the transmitted dataforeach speech
coder frame overtwo timeslots (40 ms) to randomize
the effects ofRayleigh fading.

The order oftimediversity achieved in the pres­
ence ofan idealinterleaver is 8.This numberis equalto
the minimum numberofpositions (inbits) between any

two distinct codedsequences. It is alsocalled the free dis­
tance, or minimum Hamming distance, ofthe code. At
the receiver, the outputofthe equalizer is firstde­
interleaved to restore the bits to the original order.Any
analog information used bythe channeldecodershould
alsobe de-interleaved. References 12and 13describe
methodsofgeneratingand decoding analog information.

The error-detecting (19,12) CRC blockcode
checksforerrors on the 12mosterror-sensitive bits.If
an error is detected, a ''badframe masking" algorithm is
initiated. This repeats, or repeatsand attenuates, the pre­
vious speechframe. Reference 3 describesthis process
in detail.

Notethat the decoderforspeechtransmission
operateson terminated blocks with the overhead oftail
bits.For datatransmission in the so-called slow associ­
ated control channel, a rate R = 1/2 convolutional code,
withcontinuous Viterbi decoding, is used.For the so­
called fastassociated controlchannel, a rateR = 1/4
convolutional codeoccasionally injects datablocks into
the speechchannel. Here,the startingand endingstates
are the same,but the decoderestimates that state as a
part ofdecoding. Nooverhead is requiredfor transmit­
tingknown tailbits.Such"tail-biting" complicates the
Viterbi decoding process. Reference 14presentsand
evaluates a novel technique, usinga "circularViterbi
algorithm" concept, to efficiently decodeconvolutionally
encodeddatablockswithout a known tail, i.e., so-called
tail-biting convolutional codes.

Channel coding, as described in this section,
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reducesthe bandwidth efficiency below 2 bits/symbol,
which is the efficiency ofthe 4-DPSK modulation scheme.
Bandwidth becomes moreefficient and transmission
morereliable by combining coding with modulation
schemessuch as 8-DPSK. Wedescribe this in "Examples
ofFutureTechniques," later in this paper.

Channel coding techniques similar to the one
described earlierfor the IS-54 systemare alsousedfor
the pan-European system. In general, robust speechcod­
ingstrategies forcellular radio are computationally inten­
sive anduse low-bit-rate speechcoding, channel coding,
andequalization techniques. Alow-eost, high-quality
approach to wireless speechcommunications is pro­
posedin Reference 15. Sucha technique mightbe suit­
ableforPCN applications. The methoduses low-delay dif­
ferential pulsecodemodulation (DPCM) and matched
modulation with built-in unequal error-protection (UEP)
properties for low-delay PCN applications. This technique,
called pseudo-analog speechtransmission, quantizes,
protects against errors, and transmits spectral infonna­
tionusinga digital modulation scheme. The residual sig­
nalis transmitted usingeither multilevel matched digital
modulation schemesor analog modulation schemes.

Summ." of Digital Wlrele. Syst..... Ste........
The firstdigital wireless systems, now being

introduced commercially in Europe, NorthAmerica, and
Japan, are designed according to several incompatible
standards.l.16.17 Digital cellular systemswill increase
capacity in NorthAmerica andJapanwithout adding new
spectrum allocations. These digital cellular systemsalso
provide the first pan-European cellular system.

GSM, the selected European standard (see
TableII) , is a medium-rate TDMA systemwith constant­
amplitude Gaussian minimum-shift-keying (GMSK) modu­
lation andconvolutional channelcoding with someUEP.16

IS-54, the digital cellular standard for North
America (seeTableII), is frequency compatible with the
first-generation analog cellular system. Its low-rate TDMA
system has linearmodulation DQPSK andconvolutional
channel coding, with someUEP. InJapan, the firstJDC is
similar to IS-54, with a channel carrierspacing of25kHz,
instead of30kHz, leading to proportionally lower bit
rates.The mobile receiver uses either equalization or
two-fold spacediversity. Workis currently underway to
establish standardsfor the so-called half-rate GSM, half­
rate IS-54, and half-rate JDC. These systemswill increase
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Table III. Parameters of two PCN/cordless standards: CT2
and DECT

Parameter CI'2 DECf

Forward band (MHz) 864-868 1880-1900
Reverse band(MHz) 864-868 1880-1900
Multiple access FDMA TDMA
Duplex TDD TDD
Carrier spacing (kHz) 100 1728
Channels percarrier 1 12
Channel rate (kb/s) 72 1152
Modulation FSK GMSK
Voice rate (kb/s) 32 32

the capacity byestablishing two digital voice channels
whereonecurrently exists.

In addition to the IS-54 standard, a direct­
sequence spread-spectrum (DS-SS) CDMA technology has
been introduced forcellular communications.1Thisdigi­
tal standard uses 1.25-MHz bandwidth channels, advanced
power control, speechactivity detection (SAD), andchan­
nelcoding to increase the systemcapacity to almost three
timesthat ofIS-54. In this issue,T. P. Bursh, Ir., et al.!
describe the systemdesign, systemperformance, and
field test resultsofCDMA digital cellular technology.

TableIIIshows parameters fortwo European
digital cordless telephony standards, cordless tele­
phone2 (Cf2) and digital European cordless telephone
(DECf). These are developed forwireless PBX, digital
cordless telephone, andapplications ofthe personal com­
munications network (PCN) and personal communica­
tionssystem (pcs). BothCf2 and DECf use TDD. D5-CDMA
systemsare also beingdeveloped in the U.S. for PCN and
PCS applicatlons.l-"

Other digital wireless systemscurrently being
developed are wireless ethemet and other datanetwork
systems. IS Numerous systemshavebeenproposed in
which low-earth-orbit (LEo) satellites would establish
wide-ranging (upto global) coverage forwireless voice
and dataservices. 19

Considerations are nowunderway forfuture
"second-generation digital" wireless (third-generation
wireless) systemstandards, which will enable people to
communicate with each other anywhere in the world at
anytimewith a small, lightweight, pocket telephone.
These systemsshould be ableto carry voice, video,
image, anddata.



Examples of Future Techniques
This section briefly describes some ofthe tech­

niques that canimprove wireless systems in the future.
Otherimportant techniques notdescribed here are
SAD20-22 anddynamic channel allocation (DCA),23 bothof
which increase systemcapacity.

Mlnlmu................-Error DIversity Combining.
Co-channel interference, a significant sourceofimpair­
ment in cellular systems, is causedbyother interferers
transmitting simultaneously inthe samefrequency band
as the desired signal.24 Normally, this interference is
treatedas background noise, andchannel coding pro­
tects the data. However, channel coding is noteffective
whenthis data-like interference becomes comparable in
power to the desired signal. Inexisting cellular systems,
this is handled bylimiting the availability ofa frequency
bandto geographically well separated areas (calledfre­
quency reuse). Oneway to overcome a significant amount
ofinterference, andthus increase frequency reuse, is
throughminimum-mean-squared-error (MMSE) antenna
diversity combining. Here,signals received bymorethan
oneantenna at the mobile unitare linearly combined.
The parameters ofthe linearcombiner are chosento
eliminate interference. (See Panel 3fora mathematical
derivation ofMMSE combining.)

Diversity U..... Multiple Tnlnsmlt Anten..... Cost
considerations and limitations in technology makeit
difficult to supportmorethan oneantenna at the portable
receiver. In ideal situations, multiple antennas at the base
station could provide diversity to the receiver. Incontrast
to receiver-based diversity, this is called transmit diver­
sity. With L receive antennas andM transmit antennas,
andpathsthat fade independently, diversity oforderML
canbe obtained at the receiver.

Transmit diversity techniques canbe classified
into three broadcategories. The firstcategory uses feed­
backinformation from the receiver to configure, or train,
the transmitter. (Training configures the systemto
obtain diversity at the receiver.) The second category
uses feed-forward information from the transmitter to
trainthe receiver. The thirdcategory uses neitherfeed­
backnorfeed-forward information; instead, it uses multi­
pletransmit antennas andchannel coding to provide
diversity. Diversity available inTDD systems25 and
switched diversity in FDD systems2,26 are examples of
the firstcategory.

In the second category oftransmit diversity

Panel 3. MMSE Antenna Diversity Combining

MMSE antenna diversity combining overcomes a
significant portion ofinterference. To explain this,
consider a receiver with two-branch antenna diversity.
Atthe nth sampling instantcorresponding to the nth
transmitted datasymbol, the output ofthe first
antenna is

rill = aId,. + b i / ,. + Will ,
where d,. and/,. are the desired andinterfering sig­
nalsat timen.The quantities a I andbI are complex
channel amplitudes, wherea I is the channel ampli­
tudecorresponding to the channel from the desired
transmitter to the receiver, andbI is the amplitude for
the channel from the interfering transmitter to the
receiver. Similarly, at antenna 2,wehave

r,.2 = a2 d,. + b2/ ,. + W,.2 .
Here W,.l and W,.2 are additive background distur­
bancesthat model nondominant co-channel andadja­
centchannel interferers andother sourcesofnoise.

During a training phase, the transmitter sends
a known datasequence (dI , ... , dJ), andthe receiver
linearly combines the antenna outputs to minimize the
squared error between the combiner output andthe
known datasequence. Mathematically, this is equi­
valent to finding complex combiner coefficients x,y
suchthat

r.~=I Ixrjl +YTj2-djI2

is minimized. When training is completed, the linear
combiner with coefficients x andy is usedfordata
demodulation.

It has beenshown thatwith Lbranches of
diversity, up toM co-channel interferers canbe
suppressed (M <L) anda diversity benefit ofL - M
canbe provided.23

techniques, the signal is prefiltered at the basestation
andtransmitted to the portable receiver using multiple
transmit antennas.27,28 With the aidofthe feed-forward
information from the transmitter, the receiver post-filters
the signal to obtain diversity. Forexample, pre-filtering
at the basestation transmits delayed versions ofthe
samesignal usingmultiple antennas. Atthe receiver, the
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Table IV. Simple coded modulation example

Codeword
Information bits Code symbol 1 Code symbol 2

c\ C2

000 0 0
001 1 5
010 2 2
011 3 7
100 4 4
101 5 1
110 6 6
111 7 3

signal is distorted byintersymbol interference, making
the channel resemble onesubject to frequency-selective
fading. Ina frequency-selective fading environment, an
equalizer (post-filter) at the receiver provides the
benefits ofdiversity. The feed-forward information is
used to obtain the post-filter at the receiver.

The thirdcategory oftransmit diversity tech­
nique is useful only inveryslowly fading channels. Here,
neitherthe transmitter nor the receiver needs informa­
tionaboutthe channel For example, the variations ofa
slowly fading channel canbe represented by a 2-mph
mobile radio channel anda carrierfrequency of900 MHz.
If the transmitted datasymbol rate is 8 ksymbols/s, then
the numberofsuccessive datasymbols whose signal
strengthis below the root-mean-square (RMS) level ofthe
signal, on average, is approximately 2000. If datasymbols
whose signal strengthis 3 dBbelow the RMS level are
considered, then the numberis reduced to 1100 sym­
bols. Randomizing largenumbersofweak-signal data
symbols togetherwith strong-signal datasymbols
requires a verylargeinterleaver/de-interleaver pair.
This,in tum, incursan intolerable delay. Multiple trans­
mitantennas cansimulate a fastfading effect on the very
slowly fading channel29,3o Because channel codes
reducethe effects offastfading, theycanbe used to pro­
vide diversity to the receiver.

Consider two antennas, T 1 and T2, transmitting
the samesignal simultaneously in a slowly fading Ray­
leigh channel Two types ofdeepfades occurwithtwo
transmit antennas. In the firsttype, the received signals
transmitted from the two antennas are weak. In the sec­
ondtype, bothsignals are strongandalmost equal, and
their phasesare opposite to eachother.While notmuch
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canbe doneaboutthe firsttype, wecanalleviate the fade
causedbythe second type. Suppose verysmall, time­
varying phaseoffsets 81 (t) and82 (t) are introduced at
transmit antennas T1 andT2, respectively. Thisslowly
rotatesthe signals received from the two antennas. If
81 (t) and 82 (t) are independent, the signals will cancel
eachother only fora small fraction oftime. Ifweuse a
channel codewith a suitable interleaver/ de-interleaver
pair, this technique caneliminate the deepfades that fall
intothe second type. Increasing the numberoftransmit
antennas cansubstantially reduceweakness inallreceived
signals. Introducing time-varying phaseoffsets will reduce
the average signal strengthat locations where the
received signals wereofthe samephasebefore thisnew
technique wasintroduced. While this new scheme will
increase the biterror rate at locations where the received
signals wereco-phased, itwill also reducethe biterror
rateat a deepfade by a substantial amount, as well as the
error bursts typical in fading channels. Asa result, the
average biterror rate is significantly improved.

Figure 5 illustrates a generalscheme forinduc­
ingchannel variations. In this figure, there areM trans­
mitantennas. The signal at the jth transmit antenna
branchis prefiltered byPi (t), andthenweighted by the
amplitude A, (t), andphase8i (t).

The filter Pi (t) canbe chosen to obtain the sec­
ondcategory oftransmit diversity techniques, inwhich
the signal is prefiltered at the basestation andtransmit­
ted to a portable receiver bymultiple transmit antennas.
The channels canbe varied bychanging the phaseor
amplitude ofthese weights. Large frequency offsets to
the signals at the transmit antennas will improve the ran­
domization offading at the inputto the channel decoder,
butwill alsoincrease the transmission bandwidth. This
may causedifficulties inthe demodulation process. Typi­
cally, frequency offsets in the rangeof1to 2 percentof
the datarate are desirable foran indoor radio channel

The amplitudes ofthe weights at the antennas
canbe varied to obtain diversity at the receiver. If two
transmit antennas are usedwith a rateone-half repetition
code, oneantenna cantransmit the firstsymbol inthe
block code, andthe other antenna cantransmit the next
codedsymbolThe resulting independent fades oncoded
symbols in the block codeyield optimum performance of
a block codeina Rayleigh fading channel Reference 27
details sucha scheme. Transmitting the signal from both
antennas, with the phaseofthe weight at onetransmit



P2(t)

Pt(t)

Rgure 5. A general scheme for Inducing channel variations.
A ,( t) and e,lt) are the amplitude and phase of the complex
weight at the f!' transmit antenna, and P/( t) Is the pre-filter
In this antenna branch.

antenna beingchanged by 180 degreesat every symbol
interval, canproduce similar results.

This third category oftransmit diversity tech­
niques, useful only inveryslowly fading channels where
timediversity is notavailable, is simple to execute. It also
improves the performance ofthe channel codeby effec­
tively randomizing the fade values at the inputofthe
channel decoder. These techniques canbe usedwith DS
CDMA systems as well.31

Coded Modulation. In the section on channel cod­
ing, wesawhowinterleaved R = 1/2 channel coding,
combined with n/4 shifted 4-DPSK (2bits/symbol) mod­
ulation, canprovide timediversity. The netbandwidth
efficiency ofthis schemeis about1 bit/symbol (band­
width efficiency ofuncoded modem x rateofthe channel
code) forthe codedspeechbits. The unprotected bits
are transmitted at 2 bits/symbol without timediversity.
To operate at 2 bits/symbol net efficiency and still pro­
vide timediversity, wemustuse morethanfourlevels
formodulation. For example, wecanuse eight levels of
(3bits/symbol) modulation combined with R = 2/3

channel coding. An example ofeight-level modulation is
8-PSK with phasevalues kn/4, k = 0, ... , 7. Inevery
symbol period, three bits are mapped to a symbol that
takesvalues (k) from 0through7.The symbol k then
selectsoneofeightphasevalues formodulating the car­
rier.The main codedesign criterion forfading channels
is to maximize the minimum Hamming distance between
anytwo codewords, whereeachsymbol ofa codeword
is an 8-DPSK or (8-PSK) symbol. With adequate interleav­
ing, wecanshowthat the built-in number oftime diver­
sitybranchesis the minimum Hamming distance ofthe
codedmodulation system.

Achannel codedesigned to maximize the mini­
mumHamming distance at a bit level cannot also be
useddirectly to maximize the minimum Hamming dis­
tanceafterthe channel codeoutput has beenmapped to
a symbol. Forexample, in an 8-PSK constellation, sym­
bols0 and7 are addressed bybits000 and111, which dif­
fer in three bitpositions, butwhose distance between
symbols is only 1.The integration ofchannel coding with
the signal constellation is called coded modulation.32

Weoffer a simple example ofcodedmodulation
design using the 8-PSK constellation, with a rateofonly
1.5 bits/symbol. Here, three information bitsaddressa
codeoflengthtwo 8-PSK symbols. This code, which con­
tainseightcodewords, is shown inTableIV. Any two
codewords differ inexactly two symbol positions. The
codeis also designed to maximize the minimum
Euclidean distance between any two different coded
modulation sequences. This improves the error perfor­
mance on a non-fading channel, andkeepsSNRs on the
fading channel low. Every three consecutive information
bits selecta codeword, which, combined, are arranged
inan Nx2 interleaver, whereN is the number ofrows
(interleaving depth), andthe codeword length equals
the numberofcolumns. The symbols are entered along
rows andtransmitted along columns. After theyare de­
interleaved, the two received symbols ineachrow (each
symbol is complex andeachcomponent ofthe complex
numberis real) are correlated with eachofthe eight
codewords. The codeword with the highestcorrelation
determines the decoded information bits (maximum like­
lihood decoding). In practice, the symbols will be trans­
mitted differentially. Further,a shifting ofn/8 will be
usedfrom onesymbol to the nextto make the scheme a
somewhat constant envelope (n/8-8DPSK) modulation.

Although the details are notpresented, wecan
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Rgure 6. Simulated
bit error rate for 2
bits/symbol coded
modulation of length
4 symbols. The
transmission rate Is
24 ksymbols/s, and S
Is the number of
branches of space
diversity. The carrier
frequency Is 900
MHz, and the Doppler
bandwidths are 26.67
and 80 Hz.
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use the principles illustrated to obtain a codeoflength4
symbols, rate R = 2 bits/symbol with timediversity 2
using1t/8-8DPSKmodulation. Figure 6 shows the perfor­
mance ofthis code. Gains ofmorethan 10dBare
achieved overthe uncoded 1t/4shifted DPSK systemfor
error rates below 10-3• Figure 6 also shows howthese
schemesperform in the presence ofreceiver spacediver­
sity. The parameter S refers to the numberofbranches
ofspacediversity. Atlargererror rates,these gainsare
smaller. These codescanbe constructed33- 35 to provide
unequal error protection andto double the capacity of
cellular systems. Work is in progressto double the
capacity ofthe NorthAmerican cellular system (IS-54) by
halving the total speechandchannel coding rate from 13
kb/s to about6 kb/s per subscriber.

If the modulation werefixed at 4 DPSK, it would
be possible to use 4kb/s forspeechcoding and 2 kb/s
forchannel coding. Onthe other hand, if the modulation
werechanged to 8-DPSK, then 6kb/s could be usedfor
speechcoding, andan appropriate coded modulation,
suchas the onedescribed earlier, could be used to

provide reliable communications. The main benefit is
higherspeech quality, which is extremely important if
wireless systems are to compete with wireline telephony.
Formoderate andhighSNRs (above 15dB, forexample),
these schemesimprove the error rate significantly, with­
outexpanding bandwidth. Toproduce a comparable
improvement at low SNRs, the bandwidth mustbe
expanded. Here, conventional error control with coding
andfour-level modulation is adequate.

AdYIIIIC8d Decoding Technlqu... Many wireless
communications systems are, ina broad sense,concate­
natedcommunications systems (e.g., IS-54 andGSM). Fig­
ure 7 shows five suchsystems. Aspeechcoder, followed
bychannel coding in example 2 ofthis figure, falls into
thiscategory. Normally, the innerdecoder 1decodes the
symbols received from the channel. The decoded output
symbols are then processed bythe second decoder.

Inexample 2,the innerdecoder is a Viterbi
decoder, andthe outerdecoder is a speech decoder. Sys­
tem performance canbe improved if the Viterbi decoder
is modified to show whetherits decoded output is
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Rgure 7. Examples of
communications sys­

tems with con­
catenated decoders.
Examples 1 and 2
represent LVA, and
examples 3 through 5
represent SOYA.

reliable. Hit is unreliable, the speechdecodercandecide
whetherto accept or rejectit byusinginterframe speech
redundancy. Hthe decoded output is rejected, interframe
redundancy canbe used to conceal errors. Ingeneral,
the softoutputViterbi algorithm (SOVA) 13 cantest the
reliability ofthe decoded outputat the decoded bit or
symbol level.

The listViterbi algorithm (LVA)36 is anothergen­
eralization ofthe Viterbi algorithm (GVA). Here, the inner
decoderproduces a rank orderedlistofthe A> 1 best esti­
matesofthe sequence encoded bythe innercoder. The
outerdecodercanthen decide which estimate should be
accepted as the correctcandidate. To illustrate this con­
cept,consider example 1ofFigure 7.Eachofthe A candi­
dates, according to its rank,is checkedforan error by the
outererror-detection code. The firstonewith no errors
detected is accepted as the decoded candidate. Wecan
also use this algorithm whenthe outerdecoderis a

speechdecoder. The interframe speech redundancy
selectsthe best ofthe A estimates forspeech decoding.
Error-detection information from theViterbi decoder can
be supplied bycomparing howclose the metrics ofthe
two best candidates are to a presetthreshold.36

Combined or separately, LVA andSOYA canpro­
vide an extra2 to 3 dBofinterference tolerance, which
increases the capacity or quality. In Figure 7,examples 1
and2 demonstrate how LVA is useful, andexamples 3
through5 indicate whereSOYA is useful. Examples 3 and
5are classic, concatenated coding schemes; inexample
4,the inner"coder" is an intersymbol interference chan­
nel, alsopresentin IS-54 andGSM. Forfurtherdetails on
SOYA and LVA schemes, see References 13, 36, 37, and38.

Discussion .... Conclusions
In thisbriefoverview ofcurrentandfuture tech­

niques forreliable digital transmission inwireless
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systems, wehaveemphasized transmission techniques
fortransporting digitized speech. Currently, a variety of
digital wireless systemstandardsare beingintroduced
around the world. Fromthe experience with these sys­
tems,wehopethat a worldwide standard will emerge,
one that will offer flexible, high-quality, multirate, multi­
media service anytime, anywhere. Elements ofthe tech­
niquesdescribed in this paperare likely to be included in
such a system.
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