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FEEDBACK EQUALI ZER AND A LI NEAR EQUALI ZER BACKGROUND Field [1001] The
present | woessiiosaaer el ates generally to data comruni cati on,PGEMISBOTE1
particularly to techniques for using a decision feedback equalizer and a

| i near equalizer in a manner to provideii nproved performance at a

recei ver. Background [1002] VVreIess conmuni cation systens are w dely

depl oyed to provide various pes of conmuni cation such as voice, packet
data, and so BECETME&W|W§EbE§Tl%yBEBNEENIA PECHBIQNrEEDBAGH EQHN;IZFE&bI e of
supporting comuni cation with nultiple users and rmay be based on code
division nultiple access (CDVA)ANDAFNEAREQUALIZER | pl e access (TDWY),
frequency division nultiple access (FDMA), or sone other nultiple access

t echni ques. These systens may al so be wireless | ocal area network (LAN)
comuni cati on systens, such as those that conformto the | EEE standard

802. 11b. [1003] For a wireless ¢ J i stem data is processed at
atransmtter and sent to a receﬁggkﬂgigkgﬁapﬁgless conmruni cat i on channel .
Thi's channef; i@y experience frequency selective fading, which is
characterlzeg y different ampbunts of signal attenuation across the system
bandwi dt h. [M801F r edihenprgsene livehntior rElatks ngneallgde datet eommsmithodn,i andember ence
(1Sl), which is heno non ereby ach s ol.in rec iv d signal acts
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di stortion 1nd£ﬂ1'éﬁ&@$oﬁl%rvf&rlﬁﬂv?&\%d rfbﬁmfeyaﬂgretceﬁe@bl I i ty to correctly
detect the received synbol s. 4] ‘An equalizer may be used to mtigate
the del eterious effects of ISI A | i near equalizer (LE) and a deci sion

f eedback quallzer DFE) are two equalizer structures that may be used to
equalize a E&ﬁgg signal. The DFE uses a feedback filter to derive an
estimate of [1002] | S'WeatREOcomatnated spiens laes wiad]e clepldysy MO Providd haribl= can
effectlvely renove the ISl distortion if the detected synbols are
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may be based on code division multiple access (CDMA), time division multiple access

(TDMA), frequency division multiple access (FDMA), or some other multiple access
techniques. These systems may also be wireless local area network (LAN)
communication systems, such as those that conform to the IEEE standard 802.11b.
[1003] For a wireless communication system, data is processed at a transmitter and
sent to a receiver via a wireless communication channel. This channel may experience
frequency selective fading, which is characterized by different amounts of signal
attenuation across the system bandwidth. The frequency selective fading causes inter-
symbol interference (ISI), which is a phenomenon whereby each symbol in a received
signal acts as distortion to subsequent symbols in the received signal. The ISI distortion
degrades performance by impacting the ability to correctly detect the received symbols.
[1004] An equalizer may be used to mitigate the deleterious effects of ISI. A linear
equalizer (LE) and a decision feedback equalizer (DFE) are two equalizer structures that
may be used to equalize a received signal. The DFE uses a feedback filter to derive an
estimate of the ISI distortion based on prior detected symbols. The DFE can effectively
remove the ISI distortion if the detected symbols are reliable. Otherwise, errors in the
detected symbols propagate to the distortion estimate and degrade performance. The
LE performs equalization without the use of a feedback filter. In general, the DFE and

LE are better suited for use under different operating conditions.



LE are better suited for use under different operating conditions. WO
03/103246 PCT/US03/ 17691 2 [1005] There is therefore a need in the art for
t echni quewa @/19&d4ect either the DFE or LE for use to equaldizesoa/1rédcei ved
signal, and to efficiently adapt the selected equalizer. SUMVARY [1006]
Techni ques are provided herein for deterpgining a quality netric for the

out put of an equalizer, selecting either a DFE or an LE for use dependi ng
on the quality netric, and quickly and efficiently determ ning the filter
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and a feedbd687y i | tean E:mbomln&anDl%EnetandhstﬂnevMEd toeqhalcdiena secopvgd sifousltiher be
adapted for an additional .time period prior to uUsing the LE equal i ze the
recei ved siYHEFSS FOrBBBRCHIOH: AYYFRr TBndrsaTdanch Wi thadaﬁFP%a @(Lfg:aﬁ pagalfy
suitable f Oz{daPt%ﬁ HafePoMHeG k63 9ed & i GRat @A RE ATVl aﬁ%&{tﬁl\ﬁ' @ed. anT]tWIS

adaptive equalizer conprises a fifter unit and an adaptation uUnit.
filter uni talgeritbmyforpraitia tinge perjpde enualdy tieénic 5 thfEdesernzined _for ghe olapyt

g1 ven oMt il £ LSt 855 R SEeBELT R ST She b RIS 9 ©"

det er m nes b square error (MSE) between the equalized symbols from the DFE and expected
symbols (e.g., pilot symbols), (2) a signal-to-noise-and-interference ratio (SINR) of the
DFE output, (3) an error rate of the detected symbols provided by a slicer to the DFE, or
some other parameter. The DFE is then selected for use if the quality metric exceeds a
threshold value, and the LE is selected otherwise. If the LE is selected for use, then the
initial values for the coefficients of the LE may be derived based on the coefficients of a
feed-forward filter and a feedback filter for the DFE, and the LE coefficients may
further be adapted for an additional time period prior to using the LE to equalize the
received signal.
[1008] In another embodiment, an adaptive equalizer suitable for use in a wireless
communication system is provided. The adaptive equalizer comprises a filter unit and
an adaptation unit. The filter unit is configurable to implement either a DFE or an LE at
any given moment, with either the DFE or LE being selected for use depending on a
quality metric determined for the DFE output. The adaptation unit (1) determines the
quality metric for the DFE output, (2) derives the coefficients for the DFE or the LE
depending on which one has been selected for use, and (3) if the LE is selected, derives

the initial values for the LE coefficients based on the feed-forward and feedback filter



quality nmetric for the DFE output, (2) derives the coefficients for the DFE
or the LE depending on which one has been selected for use, and (3) if the
LE i s selewi®dosderives the initial values for the LE coadriesoente®1based
on the feed-forward and feedback filter WO 03/103246 PCT/US03/17691 3
coefficients, and further adapts the LE goefficients for an additional tinme
period prior to it being used to equalized the received signal. [1009]

Vari ous aspects and enbodi nents of the invention are described in further
detail bel O%effm@ntk ARG b %ﬁr B¥rdRRtsTBE Q@gédm&ﬁa?mrge%afpﬁm t0
digital signa I oCcessors, circulrts, recelver uni m nal s,
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correspondi t hr oughou ei.n: . [1011] FIG 1 is a block dia
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system [ 10&ghuE BininvendordhoBKcAbATHTTHAL @RS Tent of the recel ver
system [1013] is a block diagram of an adaptive equalizer that can

i npl enent eit her aDFEor anLE; [1014] FIG 4 is a block diagramof a
feed-forward filter fgqr ; F o j agram of a
f eedback fil telr for tﬁﬂﬁﬁ%ﬁ%ﬁ’%@N@?Tﬁﬁmwgﬁ 019 an
enbodi nment r ctl J t . for - X d
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system 110 an recei ver system 150 i W reless co I cation
100. At t raWétﬁl i?liee (drayiags ning fhich i |r€p gl fharaciers 1 cggug’ c?&FrP%Pqna‘){’ﬁLVc ket s
that may beypd,o¢ahi #lwhd:&RIt hs) froma data source 112 to a

[1011] FIG. 1 is a block diagram of a transmitter system and a receiver system in a

wireless communication system;

[1012] FIG. 2 is a block diagram of an embodiment of the receiver system;

[1013]  FIG. 3 is a block diagram of an adaptive equalizer that can implement either
aDFE oran LE;

[1014] FIG. 4 is a block diagram of a feed-forward filter for the DFE;

[1015] FIG. 5 is a block diagram of a feedback filter for the DFE;

[1016] FIG. 6 is a flow diagram of an embodiment of a process for selecting either
the DFE or LE for use; and

[1017] FIG. 7 is a block diagram of a simplified model of the DFE.

DETAILED DESCRIPTION

[1018]  FIG. 1 is a block diagram of a transmitter system 110 and a receiver system
150 in a wireless communication system 100. At transmitter system 110, traffic data is
sent (typically in packets that may be of variable lengths) from a data source 112 to a
transmit (TX) data processor 114. TX data processor 114 then formats and codes the
traffic data to provide coded data.

[1019] Pilot data may be multiplexed with the traffic data using, for example, time
division multiplexing (TDM) or code division multiplexing (CDM). The pilot data is



transmt (TX) data processor 114. TX data processor 114 then formats and
codes the traffic data to provide coded data. [1019] Pilot data may be
mul ti pl exee osibbeashe traffic data using, for exanple, tinPCTAISOBATMEN

mul tiplexing (TDM or code division nmultiplexing (CDM. The pilot data is
WO 03/103246 PCT/US03/17691 4 typicallyda known data pattern that is
processed in a knowmn manner (if at all), and may be used by the receiver
systemto estinmate the channel response. The nultiplexed pilot and coded

data is the I i l; . e
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pre- process yﬂa‘ EQ.. recejver. 154 t rovide data sanples. [ 1022] A
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sanpl es to pgcemedeystgaeoded data, which is an estimate of the transmitted
data. The Hocessi ng by RX data grocessor 156 may i ncl ude, for exanple,
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wi thin the NeReiW#HiesY SR ADC samples may further be digitally pre-processed within

receiver 154 to provide data samples.

[1022] A receive (RX) data processor 156 then receives and processes the data
samples to provide decoded data, which is an estimate of the transmitted data. The
processing by RX data processor 156 may include, for example, equalization,
demodulation, deinterleaving, and decoding. The processing at RX data processor 156
is performed in a manner that is complementary to the processing performed at TX data
processor 114. The decoded data is then provided to a data sink 158.

[1023] A controller 160 directs the operation at the receiver system. A memory unit
162 provides storage for program codes and data used by controller 160 and possibly
other units within the receiver system.

[1024] The signal processing described above supports transmissions of various
types of traffic data (e.g., voice, video, packet data, and so on) in one direction from the
transmitter system to the receiver system. A bi-directional communication system
supports two-way data transmission. The processing shown in FIG. 1 can represent the
forward link (i.e., downlink) processing in a CDMA system, in which case, transmitter
system 110 can represent a base station and receiver system 130 can represent a
terminal. The signal processing for the reverse link (i.e., uplink) is not shown in FIG. 1

for simplicity.



[ 1024] The signal processing descri bed above supports transm ssions of
various types of traffic data (e.g., voice, video, packet data, and so on)
i n one di wexdasiiose4sbromthe transmtter systemto the receirAEUByatEM A

bi -directional comunication system supports two-way data transni ssion.
The processing shown in FIG 1 can represgnt the forward link (i.e.,

downl i nk) processing in a CDMA system in which case, transmtter system
110 can represent a base station and receiver system 130 can represent a
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approximately two, four, or eight times the chip rate. For a direct sequence spread

spectrum system such as a CDMA system, the chip rate is the rate of a pseudo-random
noise (PN) sequence used to spectrally spread the data prior to transmission. The ADC
sampling rate may or may not be synchronous with the chip rate. Pre-processor 220
may then be used to perform sample rate conversion to provide data samples at the chip
rate or some other sample rate.

[1028] In certain designs, it may be advantageous to operate an equalizer within RX

data processor 156a at a sample rate that is higher than the ADC sampling rate (e.g.,

foamp = 2f spc ). Pre-processor 220 may then be designed to perform upsampling of the

ADC samples.

[1029] Pre-processor 220 may thus be designed to include an upsampler, a finite
impulse response (FIR) filter, and a downsampler. The upsampler would receive and
upsample the ADC samples by a factor of P. The FIR filter would then filter the
upsampled samples to remove images generated by the upsampling. The FIR filter may
further perform match filtering on the samples. The downsampler would then decimate
the filtered samples by a factor of Q to provide the data samples at the desired sample

rate.



[1028] In certain designs, it may be advantageous to operate an equalizer
within RX data processor 156a at a sanple rate that is higher than the ADC
sanpling wate/10s24g., f SANW= 2f ,Dc ). Pre-processor 22@®amaysoshai9lbe
designed to performupsanpling of the ADC sanples. [1029] Pre-processor
220 may thus be designed to include an ugsanpler, a finite inpulse
response (FIR) filter, and a downsanpl er. The upsanpler would receive and
upsanpl e the ADC sanples by a factor of P. The FIR filter woul d then filter
the wupsanp a | e
R e L R
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[1032] As used herein, a “sample” corresponds to a value provided for a particular

time instant (which is typically related to the sample rate), and a “symbol” corresponds
to a unit of transmission (e.g., a modulation symbol). A symbol may span and cover the
period for one or multiple samples, depending on the relationship between the symbol
rate and sample rate.

[1033] An equalizer is typically used to mitigate the deleterious effects of inter-
symbol interference (ISI), which is a phenomenon whereby each symbol in a received
signal acts as distortion to subsequent symbols in the received signal. ISI may arise
from (1) imperfect filtering at the transmitter and/or receiver systems, and (2) a
multipath channel between the transmitter and receiver systems. A multipath channel
exhibits frequency selective fading, which is characterized by different amounts of
signal attenuation across the system bandwidth. The ISI distortion degrades
performance by impacting the ability to correctly detect the received symbols.

[1034] A linear equalizer (LE) and a decision feedback equalizer (DFE) are two
equalizer structures that may be used to equalize the received signal. The LE is
typically implemented with a tapped-delay line FIR filter that filters the data samples
with a particular frequency response to provide the equalized symbols. The DFE is

typically implemented with a feed-forward filter (FFF) that filters the data samples on a



period for one or nultiple sanples, depending on the relationship between
the synbol rate and sanple rate. [1033] An equalizer is typically used to
mtigate woeosdesbmberi ous effects of inter- synbol interfermmeesofhisdio), which
i s a phenomenon whereby each synbol in a received signal acts as
distortion to subsequent synbols in the rreceived signal. ISl may arise
from (1) inperfect filtering at the transmtter and/or receiver systens,
and (2) a multipath channel between the transmitter and receiver systens.
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may. be confif0g0} ed Ao shown Endihe- &i theedaty spmplesy xbpl, frem mgeeiveraynig 54 are

adaptation unit, tha erm ual.i.ty. netric for the E out put .and
Fur ther  der Putoet 8 Feel oA aes 318 hipk MR i nd Bmrfyih = piticblgs 58S
includes a fa@g&fseft@ﬁfw&é fildb@Eyrdd8, yaP &'e nké 1 B3 BonPmSH P8 usetl 2,
and a slicer 314. [1036] As shown in’F 3, the data sanples, x[nm, from
recei ver unidinlifedtead possiblovhangel it eaté éech Saniplarae io byrabol3A@, THaisampld fater s
the data san]%)l es With a particular filter response to provide filtered
symbol , yF P the dptpesampletyetling. M3Hios day pSrhensqual 1o the symbel rafe0f Hgifdigred
possi bl e change inAra]te fromsanple rate to synbol rate. The sanple rate

symibols, y.[n].

[1037] Summer 312 receives and sums the filtered symbols, Yelnl, from feed-

forward filter 310 and distortion estimates, y,[n], from feedback filter 320 to provide

equalized symbols, y[n]. These equalized symbols are estimates of the symbols, y[n],
transmitted from the transmitter system via the communication channel to the receiver
system. The equalized symbols, j[n], include the transmitted symbols, y[xn], plus

channel noise and other distortions that have not been removed by adaptive equalizer
230a (e.g., uncanceled ISI).

[1038] Slicer 314 receives and “slices” the equalized symbols, j[r], to provide
detected symbols, y[r]. The slicing is typically performed based on the same signal
constellation used to derive the transmitted symbols. Thus, the detected symbols, y[n],

are estimates of the modulation symbols at the transmitter system, prior to the signal
conditioning at the transmitter to generate the modulated signal. FEither the equalized
symbols, ¥[n], or the detected symbols, y[n], may be provided to demodulator/decoder

232 for further processing.



of the data sanples, x[n], nmay or may not be equal to the synbol rate of
the filtered synbols, yF [n] . [1037] Sunmer 312 receives and suns the
filtered wyndsabs246yF [n] , fromfeed- forward filter 310 awi/wkostioaoti on
estimates, ye [n] , fromfeedback filter 320 to provide equalized synbols,
y[n]. These equalized synbols are estimatges of the synbols, y[n],
transmtted fromthe transmtter systemvia the conmunication channel to

t he recei ver system The equalized synbols, y[n], include the transmtted
synbol s, | u g&[rl} i t been
renmoved by Qié)gg |VZFegq P@eerr C& e. %ﬁhﬁ{gﬁgéﬁigﬁgé&&?gr@&% 18@%} i er

314 recei vega@R@ar ﬁitélclec vorlsE €o Ffmiel tﬁ@alswmksﬁlmat&m % (51;]0 “ﬁﬁ&varg%smﬁ%@ct ed

symbol s, y[n]. The sl |C|ng IS ically performed basé he sanme si gnal

const el | ati enthdgadortionsiirthy ﬁltb&a sy BB THL []bﬁdd@ytemst gnd Jfﬁétspheﬁé}ﬁerﬂiet ected
symbol s, y[n], are estimates of the nodul ation synmbols at the transmtter

system pri 10400 t h&dspitagival uniciBldicteioed thg egalided syhOBM WA land Pogiblorias e

t he nodul ated signal. Either the equalized synbols, y[n], or the detected
synbol s, y[ Agtecte bals, p¥lonli detdptagiod enis 330 sheprdetramints ra seDKilfep cofliciehts;
processi ng. WD 03/103246 PCT/US03/ 17691 8 [1039] Feedback filter 320
recei ves and’{ for ffepdsfornardytilterci hand, asshes, SeBPf\}CllteWQqﬁﬁfl%lent&aBu fou | fegdbpek t er

response to_proyvide the d ortion esti tes whi ch are estimates
of the dist8 ﬁ%ﬁ’se[r‘ ? 1@%&%&@9%@&«5 aéﬁptﬁﬂ?n umaé%O wsludey a sigpaldener

phenonena. {Iﬁa@é}lnc%d&atrﬁﬁgeqau& mm?eguﬁl%%y@%n& Beo&siRhi &a%la%mﬁah%sﬁ[ n]

, and possibly the detected synb y[n]. Adaptation unit
det er m nes §H§Etesmma1fo|rl3t3érde¢¢mﬁmqsm qmmy mefri¢ féothef @mdhiemrommud, Whichema)Blo

and anot her set of, f r coefficients, . f.or feedback f||t r 320, In
Fhe amoom e o e SN af GRS Sbalped s umbels, SIS AG6T\Rordvatiest 2300 gl b8 o,
interferenc i I 0 i

cal cul ati ongurﬁjlfbt(a égghos ?méﬁ\jlk% ? byng%oﬁﬁgsgag‘gtléﬁﬁlgaﬁgg%g e ﬁ‘iathyf n%?lrpf’ca% or
t he equal i zéesscﬁblécbbﬁlowmhl ch may relate to the SINR of the equal i zed

symbol s Adapti ve equalizer 230a_may configured to inplenen
ei t her E-]O&II] an (E(Effl‘l‘dé‘gtéﬁl%‘}?tlpﬁé‘nﬁééf‘|d’?‘fffﬁ‘§1@? the, fﬂg% Co%f@@é‘*ﬂ‘islﬁ@dthﬁaf@w
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230a. Coefficient calculation unit 334 implements one or more algorithms that adapt
the filter coefficients to the proper values based on one or more criteria. For example,
the filter coefficients may be adapted based on the criteria of minimizing a mean square
error (MSE) between known symbols (e.g., pilot symbols) and the equalizer’s estimates
of these symbols. Two common examples of adaptive MMSE algorithms are the least
mean square (LMS) algorithm and the recursive least square (RLS) algorithm. For the
same number of filter taps, an equalizer updated using the RLS algorithm typically
converges faster than an equalizer updated using the LMS algorithm. However, the
RLS algorithm is more complex to implement.

[1042] The elements of equalizer 230a are described in further detail below.

[1043] FIG. 4 is a block diagram of a feed-forward filter 310a, which is an
embodiment of feed-forward filter 310 in FIG. 3. In this embodiment, feed-forward
filter 310a is implemented with a FIR filter having N¢ taps. Each tap corresponds to a
data sample for a particular sample period. One of the Ny taps is designated as a
“cursor” tap, which is the tap corresponding to a data sample designated as
corresponding to the current symbol period. The data sample for the cursor tap is

referred to as the cursor sample. The Ny taps would then include Ny, anti-causal taps,



or the LE, depending on which equalizer is being inplenented by adaptive
equal i zer 230a. Coefficient calculation unit 334 inplenents one or nore
al gori thnwadsanzaedapt the filter coefficients to the prompaT/vaBua®ibased
on one or nore criteria. For exanple, the filter coefficients may be

adapted based on the criteria of mnimziong a nean square error (MSE)

bet ween known synbols (e.g., pilot synbols) and the equalizer's estimtes
of these synmbols. Two common exanpl es of adaptive MMSE al gorithns are the

| east nean uar L | gorithm and he e sive | egast,.square (RLS

al gorithm Bartas s la fledksot BB G4 = b Nart Qo F"%%F%%‘d%?é%‘”&%i ng
the RLS al ggri J . I i d
using the LRE"BLbap Prfi@rnlcint A RRE. pRRkERbIR 16 SO e Bl RAGHE

i mpl ement . AldRAl tdhe @lecinewiiich dfe careapondarg @20 aample atewsrbched (ompratrtbher
detail bel ow. L1043 FIG 4 is a block diagramof a feed-forward filter
310a, whi chteSUERT SURREdi ment of feed-forward filter 310 in FIG 3. In this

embodi nent, foagfl- f Oéé"@{(gvn {d Pf(ﬁr4,3t§9%a@assah{ﬂ?ése g,?r%legré\hd@d f Rufidbb bt

having Nf taps. Each tap corresponds to a dafa s or a particul ar

sanpl e peri pgt, -@yeiepfy tibfeits 41@BSthicugHesliognNaketh aslap elenteat 390 préABes BiE ch
is the tap corresponding to a data sanpl e designated as corresponding to
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(i.e., N =1 fRdto MNeGight & the%ﬂrs%f‘fag.' %U?ﬁﬂuthﬁtﬁ sampf &7 ],%n\ﬁ’%&&t%tﬂ? from
correspondi ng data sanple arrives after (‘or later thany the cursor sanple.

A causal t apelap elp®nt410 tholdhes o @RPHVEIY Reprd&ind tikadith 8amples \F6:S tHeeNor e
(or prior to) the cursor sanple. rﬁil[lt1044] As shown in FIG 4, the data
sanpl es, x[ H#Ps (gr-dhppusnieaf thg FIR er of (Nf -1) delay el ements 410b

t hrough 410p045ach I n i i : of
ol ay. one. PR (REA SYBIERbyfEE o Qi SR pRATTor SREN) Syt Yo lidiet)
taps are | oomttigdietsod I2aehtomfgh 402n.t Becke mudtipliet dp?2 reneivet haedffecticadmakahplps ar e
| ocated to the ri 8ht of the cursqr tap. The input data san}),l e, yrﬂ, and
the out put s WhicHrs derated ae réide 3nd Turilss reasives gHespeofv e Bltarcoetiiciany I ayhieesent
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the received data sample x[n] with the received coefficient F; to provide a
corresponding scaled sample. The Nt scaled samples from multipliers 412a through
4]12n are then summed by adders 414b through 414n to provide a filtered symbol,
yr[n], for that symbol period.

[1046] The filtered symbol, j.[n], may be expressed as:

Nl'c

Felnl= D (F) x[n] , Eq (1)

i=Np,

where (F;) represents the complex-conjugate of Fi. As shown in equation (1), if the

cursor tap is denoted by the index i =0, then the summation is performed over Nt data
samples, which include Ny causal samples, Ny, anti-causal samples, and the cursor
sample. If the communications channel introduces no ISI, then only the cursor tap (i.e.,
i =0) would be required to provide the filtered symbol, ¥.[n].

[1047]  If the feed-forward filter is “symbol-spaced”, then each delay element 410
provides one symbol period (Tsym) of delay. In that case, the indices m and n both



[ 1045] For each synbol period, the data sanples for the Nf taps are
provided to nultipliers 412a through 412n. Each nultiplier 412 receives a
respecti vewodastias=anpl e, which is denoted as xi [n] , and Haavuseen7avecei ves
a respective filter coefficient F, where i represents the tap index and i
= Nfa ... -1, 0, 1,... NFC. Each nmultiploer 412 nultiplies the received
data sanple x, [n] with the received coefficient Fi to provide a
correspondi ng scal ed *sanple. The Nf scal ed sanples fromnultipliers '412a

1 vered syomsfé Sbfif heRUTURA {1 2 RL0 ThE Hid SO R AME D BpPAY Ui B
synmbol , 5{ nlxprBRYd BE GRPLepsSEfls 28 whbkg T5RE 3h amozl(ﬂ: of ﬁe]lﬂi' sulta%%/ EHosen lsTdYf 0

wher e (F ) * represenfs t he conplex-conjugate of F. shown i n equati on

(1), if thethaﬁth"e%@fsoir @dlmpl&s@@lﬂﬁ &Rirby tapN6catiod &vithin ﬁlecfeectﬂﬂmﬂdffﬂteﬁummtl on
is perforned over data sanples, which include Nfa causal sanples, Nfa

ant i - causal [1948p| esIf t@n&e@ﬁ@r"(ﬁﬁfﬂ didter iss Svepinde-spaced h dhesoeaehirdedan Tlglifigntc‘h]é)nnel
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f eed- f or war gerfod rer tlieSndeSWﬂbl@hetS@ajaﬁ’dol pelioen Bactatal shdylecot RNt th4ip may
provi des one synbol period (Tsym) of delay. In that case, the indices mand

n both WO Othendszapreret/ayspml Ao i +119] e & isyaghio| an;fémwaoﬁﬁrdammjabky x[
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cursor sarrpfﬁlls at the desired tap | ocation V\Athl n the feed-forward
filter. [1048] If the feed-forward filter is "sanpl e-spaced", then each
del ay el enef049110 R@E@\fﬂd@.ﬁd dﬂ@rsﬁ:@pl propiies auhe( filtenayl syinhsbélfay ea¢n symbbl

case, the |nde>§i in not ﬁ%?h ﬁl’lod and the index n genot

period. ThePddta™ ‘?Sé ‘? of ¢ & FELE AEYP etsll?é??dbgr SYBPYspace as a[ =
x[m- i + Dlampl¥bpdced Qebdfddatd fARr, 20RUNEat®f sal Py x[FHi, t1§‘bslhi!ftedcjﬁ§95[@rﬂe$éiﬁh
that the cursor sanple is at the desired tap location within t

f eed- f or war elembnts ¥&0 for chod Oy mbaqetribdy wiere Rf iis ltheeratid b&)aymbﬁi\mtdes smlelefratbi ered

synmbol for egach sy
y lgor examp 11J the sample rate is twice the symbol rate, then each data sample, x[m], is

shifted to the right by two delay elements 410 for each symbol period, and one filtered
symbol, ¥.[n], is derived for every two sample periods.

[1050] FIG. 5 is a block diagram-: of a feedback filter 320a, which is an embodiment -
of feedback filter 320 in FIG. 3. In this embodiment, feedback filter 320a is
implemented with a FIR filter having Ny taps. Feedback filter 320a operates on Ny
previously detected symbols, y[rn—1] through y[n-~N,], to provide the distortion

estimate, y,[n], for the current symbol period.
[1051] As shown in FIG. 5, the detected symbols, y[n], are provided to a number
of (Np) delay elements 510a through 510m. Each delay element 510 provides one

symbol period (Tsym) of delay. For each symbol period, the outputs from delay elements
510a through 510m (which represent the detected symbols for the N, taps) are provided
to multipliers 512a through 512m, respectively. Each multiplier 512 receives a

respective detected symbol, which is denoted as y[n—k], and further receives a
respective coefficient By, where k represents the tap index and & =1, 2, ... N,. Each
multiplier 512 multiplies the received symbol y[rn —k] with the received coefficient By

to provide a corresponding scaled symbol. The Ny, scaled symbols from multipliers



period regardl ess of whether the filter is sanpl e-spaced or synbol -spaced.
For a sanple-spaced feed-forward filter, each data sanple, x[m, is
shifted bwR3esry el ements 410 for each synmbol period, wEaresRi1r®1t he
ratio of synbol rate to sanple rate. For exanple, if the sanple rate is
twi ce the synbol rate, then each data sapple, x[n], is shifted to the
right by two delay elenments 410 for each synbol period, and one filtered
synbol, yF [n] , is derived for every two sanple periods. [1050] FIG 5 is

a bl ock dia a f ] 0] i i i .

f eedback fi %%mh:‘é%}ﬁ %{%?%Q@?.‘%nl énd“%‘ﬁ%%%éngdgﬁﬁhngﬁ ,@%‘%@bg@’qﬁi’ {B?Q‘?ldﬁg%% is
i mpl enent eddtdirtiorfestinddtd, i3, {£), foianatrgmbel pefosl. Feedback filter 320a operates
on Nb previously detect ed synbols, y[n -1] through y[n - Nb ] , to provide

the di st ort [1952] estThertistortiol eftivhate, fgin]}iney beiexmadsedysrbol period. [1051] As
shown in FIG 5, the detected synbols, y[n], are provided to a nunber of
(Nb) del ay el enents 510a through 510m Each del ay el enent 510 provi des one

synbol period (TS _oi ega. . r each synbol period, the ou from

del ay el ements &gh‘t (%u P(Y"S'Ig&'(v\hi ch represent the det ecttg‘ﬁ%éinbol s for
the Nb taps) are provi‘ded to nmultipliers 512a through 512m respectively.
Each multiplier 512 receives a respective detected synbol, which is

denot ed as 0531 flIn genetaf, uhd feed-fomcad wad feedbaels fiterlsimey exafte iaipderhenBid
where k represents the t index and k. =1, 2, ... Nb . Each ltiplier 512
mul tiplies PHE A¥IWMASHO VamBoiMgteras Rjovihose fifets dsieBePrEssefan AT

to provide gLopseapaRdendvaraftl SUTRrocctnilipRfiaherng 1A00! Smb .

mul tipliers WO 03/103246 PCT/US03/17691 11 512a through 51Z2m are then
summed by atidersers intise tdps awglspohdrtotiocipasedi aenpidrety, dicse computatiens: ionatapt YB

[n] , for that, synbol period. [1052] The distgrtion.estimate, .53[n], .may be
expressed aB‘.e taR?,: a?%PB lélzci()w[r)c’on‘?][rﬁeqcelﬁm‘ﬁqW@E)n‘fnw—ei of P8 34 tb%_agh%ét?lhl ,
the feed-fogngEd apdds fseReRaCKasEd |dneh Snuieber @FCRcRRs siFH QsER &kamid, lboBRRY
nunber of taps. More taps allow these filters to better correct for

frequency pérfargrant® somplexky, andseioped si gnal and to process nul tipaths

having | ar gﬁrOSElj e P%crfeaslc%[ ssy'mbol period, summer 312 receives and sums the filtered symbol,

~ ¥.[n], and the distortion estimate, y,[n], to provide the equalized symbol, j[n], for

that symbol period. The equalized symbol, y[n], may be expressed as:

ylnl= Jplnl+ y;lnl . Eq (3)

[1055] Summer 312 provides the equalized symbols to slicer 314, which then slices
each equalized symbol to provide a corresponding detected symbol. Each equalized
symbol is an estimate of a modulation symbol transmitted from the transmitter system,
and slicer 314 slices the equalized symbol based on the same signal constellation used at
the transmitter system to derive the modulation symbol. The signal constellation for an
M-ary modulation scheme includes 2M signal points. Each signal point is associated
with a specific M-bit value and corresponds to a modulation symbol to be transmitted
for that M-bit value. The transmitted modulation symbol is degraded by channel noise
and further distorted by ISI and other phenomena. At the receiver system, the received
symbol (after equalization) for the transmitted symbol is not likely to be at the same
point in the signal constellation. For each equalized symbol, slicér 314 typically maps
the equalized symbol to a specific location on the signal constellation and then provides

a modulation symbol corresponding to a signal point on this signal constellation that is



However, nore taps correspond to increased conplexity, nore conputations to
adapt the taps, and possibly | onger convergence tine. The nunber of taps

i s thus awdemsiigse4schoi ce and is sel ected based on a nunberpafusoaatons such
as, for exanple, costs, performance, conplexity, and so on. [1054] For
each synbol period, summer 312 receives gnd suns the filtered synbol, YF
[n] , and the distortion estimate, 9B[]' to provide the equalized synbol,
Y[ n], for t hat symnbol peri od The equalized synbol, Y[n], may be expressed

as: Y[n] = e%: ardsilo § ;.e\f&a'n'all 0 ll%ehoélﬁlbo‘?fu equ&"ﬁatm ds‘%r% n‘E eltp?é%eﬁg[fﬁé i zed

synbols to slicer 314 mhlc eac Ize to provide
a correspondbtexgedjmﬂnﬂémthyadpmmzecEa}ahbcﬂqual ized synbol is an estimate of a
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Each si gnal efefi ddimpodeSiagnid@iafd. Thd betactsmymbbp Pnlpl ol then @dehprise the
corresponds to a nodul ation synbol to be transmitted for that Mbit val ue.

The transm $ltoed1nphdma1dlqmrad:@ymbod>mpenamm;r aded by channel noi se and further

distorted b ot .her eno a. t he. receiv stem the r ce ved
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slicer 314 typically nmaps the equalized synbol” to a specific |ocation on

the signal Adasthiidn wtii 380 thaddédves apd apdatesthe @oeffidichatfoofecdyotwaird filter 310
correspondi ng, fo_a si.gnal_point on this_signal cnstella n that is WO
03/ 103246 p@ﬁ%@%ﬁﬁfl@%ﬁﬂﬁ%ﬁ ap aartylar pgantye A gy Wng TeRyLRA ths Legst
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equal i zed synbol i nce the equalized symbol, ‘y[n], 1s ty y a
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det ect ed sy?ﬂ%‘? 8 & ﬁ‘iarpt%& ity W%E%W%cg& %ﬁaﬂ%mhms
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recei ves the equalized synbols, y[n], and possible the detected synbols,

y[n], as shesmalizsd symbotbasiveld and the. expected symbols, y[n].
[1058] The symbol error, e[n], may be expressed as:

eln]=y[n]-3[n] , Eq (4)

and the mean square error may be expressed as:
MSE = E{|e[n]} , Eq (5)

where E{ ¢} is the expected value of ¢

[1059] In many communication systems, pilot symbols that are known to the
receiver are transmitted during part of a frame to enable the adaptation of the
coefficients at the receiver. If the coefficient adaptation is performed during periods
when the pilot symbols are transmitted, then the pilot symbols are the expected
symbols. Additionally or alternatively, the adaptation may be performed during periods
when data is transmitted. In this case, the symbol error may be derived as

e[n] = y[n]~ y[n], where the detected symbols are used as the expected symbols.
[1060] The derivation of the coefficients for a FIR filter based on the LMS, RLS,

and DMI algorithms is described below. For the following derivation, R[n] denotes the



Adapt ation unit 330 then derives and updates the coefficients for
feed-forward filter 310 and feedback filter 320 based on a particul ar
adapti ve wlogsriosfasn whi ch may be the | east nean square (H@yusBgomit hm
normal i zed | east mean square (NLMS) algorithm recursive |east square
(RLS) algorithm direct matrix inversioni¥DM) algorithm or sone other
adaptive algorithm Each of the LM5S, NLMS, RLS, and DM al gorithns
(directly or indirectly) attenpts to minimze the mean square error (MSE)

bet ween t he I e , st 1058]
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where E{ a} is the expected value of a. [1059] |In nany conmunicati on

syst ens, pi bewegy isofitier petputaansl khicoswpected tvakie, pdofi which aree givemdignihet reth
during part of fr.ame to enable the adaptation of the coefficients at the
receiver. 1syrplﬁn§p888 ficient adaptation is performed during periods when
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during peri ddsD mﬁé’rbe@@ﬂmutesiatsransmtted In this case, the symbol error
may be derived as e[n] =Y [n] - y[n], where the detected synbols are used
as the expected synbols. [1060] The derivation of the coefficients for a
FIR filter based!ﬁﬁ"tlﬂueﬂ +REBA-edd DM al gorithns i s descFIdBY bel ow.
For the follow ng deri vati on R n] denot es the WO 03/103246 PCT/ US03/ 17691
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expected val ue, all whi ch are given nbol period. [1061]
For the Ll\/B(\ahngh) i tllhmrehred a@dlateédese AdSE). c Liethesstdpopize hseSfrteth laygesiben pla,fr i od

IR R N R RENT R e
LMS algorithm may converge too slowly.
[1062] The step size may be static or may be dynamically adjusted. For example,
the step size may be set to a larger value during the early stage of adaptation when a
larger amount of error may be present, and may thereafter be set to a smaller value
during the later stage of adaptation when a smaller amount of error may be present. The
same step size may be used for all coefficients. Alternatively, different step sizes may
be used for different coefficients. For example, the coefficient for the cursor tap is
typically larger and a larger step size may be used for this coefficient, while the
coefficients for the remaining taps may be smaller and a smaller step size may be used
for these coefficients.
[1063]  For the RLS algorithm, the updated coefficients for the next symbol period

may be computed as:

A J[nIR[n]

Kinl =
A = R gD

Eq (7)

H[n+1]=H[n]+K[nle'[n] , and
Jn+1]=2"A - KR [nDI[n] ,

where A is a memory weighting factor (typically, 0.95< A <1.0),



al gorithmcontrols the tradeoff between adaptation speed and m sadj ust nent
error (which is also referred to as excess MSE). If the step size is set
too | argewadsandube al gorithm may not converge. Alternat irncalyso3iifeot he step
size is set too small, then the algorithmmy converge too slowy. [1062]
The step size may be static or may be dymfam cally adjusted. For exanple,
the step size nay be set to a |larger value during the early stage of
adaptati on when a |arger anount of error may be present, and nmay
thereafter be set,;#0 a smaller value during the |ater stage, of adaptation
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is typically la . . er step size may be used for this
coefficient, whi Fggﬁﬁgan&élggé (ISIgI ents for the remaining taps may be snmaller

and a snmal |l er st L 28 se coefficients. [1063] For the
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computed as: 2 ([igtheTddutitfhiBtgd (5., 0hds aldite thé dﬂ%ghﬁ]aﬁh%ﬂs%lse%e&'i.n_ + 1] =
Hn] + K[nle* [nT , and J[n + 1] _ Z 1(l -~ K[n] [n])J[n] where Ais a
menory wei gitidng, T ART Ghay by Rie€ @b | 0] 0595 whefs6lis0d smiP poaith3gdtRber (e.g.,
PCT/ US03/ 1769151'1914&% [Erll)f is the %e]r m €1 an tranrsspossren (il.%e?i, corrpleerx(eg

conj ugat e apd-@.0o@nspose) of R(n], K[n] is a gain vector, J[n] is an
inverse correlation matrix, and | is the identity matrix (i.e., ones along

t he di agonallO8dld zdios sheePYHiHgerhm, thenindated| opeffipjants fasyiheaexsymael pgjad) =M

where S i i L .. S=0.001). [1064] For the DM
A gori thm RLOG porapaR. WAy PHFREL o Flfe noxt symbol period

Rinl=— YRIR Eq (8)

i=n—N+1

Glnl=— zn:g[i] y'[il ,and

i=n—N+1
H[n+1]=RIzD™ GIn] ,

where R[n] is an estimate of the autocorrelation matrix of the FIR filter contents, Rln],
and G[n] is a cross-correlation vector of the filter contents and the expected output,
y[n]. The estimates R[n] and G[r] may be computed based on samples for multiple
(possibly disjoint) time intervals. The matrix inversion of R[n] in equation (8) may be
performed only as often as necessary.

[1065] The LMS, NLMS, RLS, DMI, and other adaptive algorithms are described in
further detail by Simon Haykin in a book entitled “Adaptive Filter Theory”, 3rd edition,
Prentice Hall, 1996, and by B. Widrow and S.D. Sterns in a book entitled “Adaptive
Signal Processing,” Prentice-Hall Inc., Englewood Cliffs, N.J., 1986. The relevant
sections of these books are incorporated herein by reference.

[1066] In a specific embodiment, the coefficients for feed-forward filter 310 and
feedback filter 320 are updated based on the LMS algorithm. For LMS adaptation, the

updated coefficients for the feed-forward filter may be expressed as:



may be conputed with N sanples, as follows: n R[n] - R[I]RH [i] ., Eq (8)
Ni=n-Nt1 n 1 dn] - ZRi] y*[i] , and Ni=n-N+1 H[n + 1] = (Rn])-1 gn]
wher e R nWa ®/1ase4est i mate of the autocorrel ation matri x ofpdimesoBhfeoii | ter
contents, Rn], and gn] is a cross-correlation vector of the filter
contents and the expected output, y[n].15The estimates R n] and G n] nmay be
conput ed based on sanples for nultiple (possibly disjoint) tine intervals.
The matrix inversion of Rin] in equation (8) may be perforned only as
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based on the detected synbol s, in which
feedback filters. -

[1067] The DFE can provide improved performance under certain operating
conditions. In particular, the feedback filter of the DFE can remove post-cursor ISI
without noise enhancement when the symbols used to derive the distortion estimates are
correct. Post-cursor ISI refers to the ISI distortions in the symbols received after the
cursor symbol. If the detected symbols provided to the feedback filter are reliable, then
the DFE will generally outperform the LE.

[1068] However, when the uncoded symbol error rate is high, the performance of
the DFE suffers from error propagation. In particular, if the error rate of the detected
symbols provided to the feedback filter is high, then the distortion estimates would not
be accurate because of the incorrect symbols. Any error in the distortion estimates
would itself act as additional distortion that generally increases the likelihood of making
errors on subsequently detected symbols.

[1069] For a coded communication system, the detected symbols are further
processed (e.g., deinterleaved and decoded) to provide the decoded data. The decoded
data may then be re-encoded and re-modulated to provide remodulated symbols.
Similar to the detected symbols, the remodulated symbols are also estimates of the
transmitted symbols, but typically have a lower symbol error rate because of the error
correcting code. The remodulated symbols may then be provided to the feedback filter
instead of the detected symbols. However, the additional delays to decode, re-encode,
and re-modulate the symbols are typically too excessive, and the symbols provided to

the feedback filter are typically the (uncoded) detected symbols.
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advant ageou ¥ sel ect the DFE for equalizing the received signal when the
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detected synbols is sufficiently |ow and to select the LE when the quality
metric is coefficients of the DFE are adapted with parameters Ng, and Ny for the feed-forward

filter and Ny, for the feedback filter (step 612). The coefficients may be adapted using

the LMS algorithm and as shown in equations (9) and (10).

[1073] After a particular amount of time has elapsed, a quality metric is determined

for the DFE output. In an embodiment, the quality metric relates to the SINR of the

equalized symbols. To estimate the SINR (step 614), the mean square error (MSE)

between the equalized symbols and the expected symbols is first computed, as follows:
1 & ny 2
MSE=EZ|y(n)—y(n)| , Eq (11)
n=l

where L is the number of symbols over which the error is accumulated to provide the

MSE. The mean square error may also be determined between the equalized symbols

and the detected symbols (i.e., MSE——Z|y(n) y(n)] ), if these symbols are not
n=1

known at the receiver. Typically, the mean square error is averaged over a sufficient

number of symbols to obtain the desired level of confidence in the MSE value. In



low. [1071] FIG 6 is a flow diagram of an enbodi nent of a process 600 for
selecting either a DFE or an LE for use depending on a quality nmetric for
t he equal woen3/iostsput .  For this enbodi ment, the adaptive aqualsoza7169i s
capabl e of inplenenting either the DFE or the LE at any given nonent.
Referring back to FIG 3, adaptive equalizer 230a can inplenent a DFE by
enabling both feed-forward filter 310 and feedback filter 320, and can

i npl enent an LE by enabling the feed- forvvard filter and disabling the
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The SINR may be determined by SINR estimator 332 in FIG. 3.
[1076] The SINR of the DFE output is determined after a particular amount of time
has elapsed. This elapsed time is referred to as the initial training period, which is a
fraction of the entire training period available to adapt the equalizer coefficients.
[1077] The SINR of the DFE output during the initial training period may be used to
. predict the SINR of the DFE output during the data portion of the frame. The predicted
SINR would be accurate if the communication channel does not change appreciably
between the training period and the data portion. The signal constellation used during
the training period may or may not be the same as the signal constellation used for the
data portion. If the constellations are different, then the predicted SINR may be
adjusted to account for the difference. The amount of adjustment in SINR may be
determined by computer simulation, empirical measurements, or some other means.
[1078] In an embodiment, the predicted SINR for the data portion of the frame is
then mapped to a slicer error rate (SLER) expected during the data portion (step 616).
This SLER accounts for error propagation in the DFE. The mapping may be achieved
based on a table of SLERs versus SINRs. This table may be derived for each signal
constellation based on computer simulation, empirical measurements, or some other

means.



Eq (12) L 11=1 [1075] The SINR of the equalized synbols may then be

determ ned based on the equalized synbol variance and the nean square
error, aswoodsliosmse 2 SINR =Y -1 linear MSE 62 Eq (13) Ppcidisegi1MSE -1 dB
The SINR may be determined by SINR estimator 332 in FIG 3. [1076] The SINR
of the DFE output is determned after a garticul ar anmount of time has

el apsed. This elapsed tine is referred to as the initial training period,
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[1080] If the predicted SLER is less than the threshold SLER, as determined in step
618, then the DFE is selected for use during the data portion of the frame (step 620).
The adaptation of the coefficients for the feed-forward and feedback filters then
continues for the remainder of the training period to further improve these coefficients
(step 624). The adaptation of the DFE coefficients may cease at the end of the training
period or when the DFE is used to equalize the data samples -during the data portion. -
Alternatively, the adaptation of the DFE coefficients may continue, using the detected
symbols instead of the known symbols, even when the DFE is used to equalize the data
samples during the data portion. In either case, the DFE is used to equalize the data
samples during the data portion (step 626).

[1081] Alternatively, back in step 618, if the predicted SLER is greater than or
equal to the threshold SLER, then the LE is selected for use during the data portion of
the frame (step 630). For the equalizer structure shown in FIG. 3, the LE may be
implemented by disabling feedback filter 320. This may be achieved by setting the

feedback filter coefficients to zeros (i.e., B, =0.0, for all k) or by setting the feedback
filter length to zero (i.e., N, =0). In an embodiment, the coefficients of the feed-

forward and feedback filters are then used to derive the initial values for the coefficients
of the FIR filter for the LE (step 632). The derivation of the initial coefficients for the
LE is described in further detail below. In another embodiment, the coefficients of the

LE are derived based only on the coefficients of the feed-forward filter. The length of



t hreshold SLER (step 618). Because a DFE suffers fromerror propagation,
the DFE is selected for use only if the predicted SLER is sufficiently
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O herwise, an LE is selected for use if the predicted SLER is high. The
threshol d SLER may be sel ected based on various paraneters for the
communi cation systemin which the adaptive equalizer is used. Such
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either the DFE or the LE at any? give(r)1 moment is used to implement the DFE initially.
The quality of the DFE output is then determined at the end of the initial training period
and compared against a threshold value. Alternatively, an adaptive equalizer may be
designed with the capability to implement both the DFE and LE concurrently. For this
design, the DFE and LE may both be adapted during the initial training period. A
quality metric may then be determined for both the DFE and LE at the end of this
training period, and the equalizer with the better quality metric may then be selected for
use.

[1084] In an aspect, the coefficients of the FIR filter for the LE are initially derived
(or approximated) based on the coefficients of the feed-forward and feedback filters for
the DFE. Since the entire training period is typically of finite duration and a portion of
this training period is used to adapt the DFE initially, only a shortened period of time
may be available to adapt the LE coefficients. With a shortened training period, a
properly selected set of initial values for the LE coefficients may significantly improve

the quality of these coefficients at the end of the training period.



19 the LE FIRfilter may al so be selected to provide good perfornmance. The
remai nder of the training period is then used to adapt the LE coefficients
(and not wuoeodDbE46coefficients) (step 634). Again, the adaumratsoen’éoi the LE
coefficients may (1) cease at the end of the training period or when the
LE is used to equalize the data sanples garing data portion, or (2)
continue even when the LE is used. In either case, the LE is used to

equal i ze the data sanples during the data portion (step 636). [1082] In the
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synbol s anditkaplomentsy mitl s symbaﬂlcspaeedplF]lRoﬁltery nifeet gorward fidter 710/Bis & zdprdainy [ n]

- | 2 b ! h | d d
to”sel ect}tﬁﬁgrefﬁgﬁ‘i%?sgpégr FRa08ad Sprrefinenaporat dud ariopanat, i %@?v@n&’ >
monent 15 oieioech Rl TR s R shatnsd B B afind oGl Bae”
output is thaplgded ﬂn{ﬂl&e‘j’(%} TH@flR&qeéﬂonE@@f ﬁl@fée'd%cktﬁl?ér%d%e gfegged &nd

conpared against a threshol'd value. Al'ternatively, an adaptive equali zer
may be designed wth the capability to inplenent both the DFE and LE
concurrently. FoB(tNERB, zﬁqs;ggnz +the pFETand LE may both be adaateg) during
the initial training perlod A quallbfy metric may then be determ ned for
both the DFE and LE at the end of this training period, and the equalizer
with the bewhgle gtialdnblesBddlhE ofR¥%yBEMNpdifods SARC Beds HRY codt§@ent (AP R £t an
aspect, the coefficients of the Fl&fl Iger for thé LE are initially derived
(or approxi fiaéed). based on the coefficients of the feed-forward and
feedback filters for he DFE. Since the entire training period is
typi cal |y ofl087hi téff@mqatﬂmﬁ sam@lea Yhor, fiosmDEE 700rnay be expsessefd a%eri od i s used
to adapt the DFE |n|t|aIIy, only a shortened period of time may be
avai |l abl e to ada Wth a shortened train eriod, a
properly sel ect e%t(é %512)%%3 ga(FWé?ues for the LE coeffici en?@r}m
significantly inprove

Rearranging the terms in equation (15), the equalized sample may be expressed as:

Y(z)= X(Z)F(Z)( ] : Eq (16)

1-B(z)
[1088] The equalized sample from an LE may be expressed as:
Y(2)=X(2)L(z) , Eq (17)

where L(z) is the filter response of the FIR filter for the LE.

[1089] The filter response for the LE may thus be derived from the filter responses
of the feed-forward and feedback filters for the DFE, by combining equations (16) and
(17), as follows:

L(z)= (z)[ J Eq (18)

1-B(z)



the quality of these coefficients at the end of the training period. WO
03/103246 PCT/US03/17691 20 [1085] FIG 7 is a block diagramof a

simplifi ewonsdes246f a DFE 700, which does not include the@usmeniesThi s DFE
nodel includes a feed-forward filter 710, a feedback filter 720, and a
sumer 712. [1086] For this DFE nodel, the feed-forward and feedback
filters are each inplenented with a synbol-spaced FIR filter. Feed-forward
filter 710 has a z-donmain filter response of F(z) and operat es on current

and prior ipgepysa u‘%ﬁonﬁ@ma 'Bg sol@@@%g%oﬁéhfe Bload 28 dBAs éi ezcogﬂ&?ér? The

filter response of es on prior equalrze

filter resptoske bE. finend nmdimd(tkatfcaﬂl a@romtdaeqmupm elssseffuamtly, BeArstN,Bof z-'
+B2z-2 + ... +BNhz-Nb Eq (14) whe z_k denotes a dela synbol

peri ods, anaieﬁiﬂb feedppek gB@f fﬁ@f‘éfl@ﬁ@tSf(Wht Ne: % Np b arg Pﬁqde% ’f‘oagl a [P9W817]5611‘ﬁe
equal i zed s from DFE 700 may be expressed as:

Y(z) =X(2) F( (35%’@1? Eq (15) Rearranging the terns in equation (15),
the equalized sanple may be expressed as: Y(z) = X (z)F(z) 1- B(z) . Eq
(16) [1088] The equalized sanpl q froman LE may be expressed as: Y(z) =

X(z)L(z) , Eq (1M(z)\d1e¢—e—|:,(—-z—}§——|—§-—ehe—f—;—4—+§%_rleszw oSe Mfz t he. FI REq (1%er for
the LE. [1089] The fillePa esfighse forBttie LE may thus be derived fromthe

filter responses of the feed-forward and feedback filters for the DFE, by

o(2) ooy MBS Poetiss il i o ey e ok o gneded avves by

vari ous mnmethods to derive the coefficients t he one net hod t hat
can appr oxi Pfatcs &4 t IR ey fyrmel £ By ireRaefpe tlﬂehﬁo‘f"?fr gqnemn%ﬁcz) e Np t9r88dback

filter coefficients (with Nm< Nb) are used to forma power series,
The truncated power series, M (Z), may be expressed as:

M@ =1+Mz" + M,z + . + My 27 Eq (20)
[1092] The initial values for the LE coefficients may then be derived as:
Liz)=F@M () . Eq (21)

[1093] Typically, Ny, and N4 are fixed values, in which case the calculation of
M (z) is a fixed function of B, B,, ... ,BNm . As aspecific example, if N =2 then the
coefficients for the first two feedback filter taps are taken into account. And if N, =3,
then the power series, M (z), is truncated after the third term. Using long division, the

truncated power series, M (z), for this example may then be expressed as:
M(z)=1+Bz" + (B’ +B)z™ + (B} +2BB,)z™ . Eq (22)

[1094] Since the initial filter response L(z) for the LE is derived by multiplying the

filter response F(z) for the feed-forward filter with the truncated power series M(2),

as shown in equation (21), the length of the LE filter response is equal to the length of
the feed-forward filter response plus the length of the truncated power series (i.e.,

N, =N; +N;). For the adaptive filter architecture shown in FIG. 3, the FIR filter for

the LE may be implemented using feed-forward filter 310.



M(z), as follows: Mz) =1 - Bl1.Z1 - BZz-z 1 -BNmz Nm =1+Mlz-1 +Mez-z +

. Eq (19) [1091] Since M(z) may not have a finite nunber of terns, a
truncat edwoomsaos24eeries, fi (z) , may be formed by truncathaTgusobe7qower
series, M(z) , after Nd terms. The truncated power series, M (z), nmay be
expressed as: M(z) =1 + Mlz ' +mzz-z +2.. + MNd z-Nd Eq (20) [1092] The
initial values for the LE coefficients may then be derived as:
L(z)=F(z)M<z) . Eq (21) [1093] Typically, Nmand Nd are fixed values, in
whi ch case al t BNm
. As a specm@cf ex ;éinlﬁ ﬂ,hgl dq%rmslv&g&% hévr‘{@ft en)éggrge#&%%:eflgﬁt glt’];fog %tﬁéj efffﬂr?eé:

f eedback fi bf éfe feafibackr fltérakienfettforvaad @izt .maAnde igrowd by Ry tagshftomt Ne tqnower
series, M(z) , is truncated after the third term Using long division, the
truncated p Nseril\égreom:r( zS}nCGfthﬁ ferleackx Elen éemw:sw@frcg@oei& dsgedShs:
1vVi(z) =1 + Blz-1 + + B2)zz + (Bl + 2B1B2)z . Eq (22) [1094] Since
the initial dsfortien aﬁt%rstbeﬁge%e%yplﬁbrth% fredifpryad é@?erm By ghodn: inghg icavsat he
filter resp ( t r RQyer
series Mz) aﬁléé%lso Es Z%h\k%ﬁ{a ﬂeégaﬁg%?g%t)?%&?ﬂ ﬁ]%wfa Ife%intgyﬁh% Ebli)eﬁ E‘b%af?)feeﬁr
response i simegpasingt Ny, ttoeN| et fbyohppehtiag fiéedddinonardtldyi tlemients exponise 14t us
the length of the truncated power series (i.e., Ne =N + Nd). For the
adapti ve fi teley dﬂmd:nttlectmrﬁee-lﬁnrward ilter. GAR&;rn&ﬁ]\@l:Fl tﬁef]LIE tlFIR fitter mtalyebd E
may be i npl enent ed g, feed-f dfilter 310. WD 03/103246

PCT/ US03/ 1713791%116111912%‘%f IFS PriE Ve P\ oot Y RmEatine i syfient %l&?‘?e'ésof &aws for
selected to approximate the effect of the feedback filter,

f eed- f or war d-£) it the cawspl gisecgiopuiie 1gytiausahgisectionnpmpoth ghe qgusal ana anti-gpsabver
since the fglrrcgllo(:k filter renmoves post-cursor ISl (i.e., ISl distortion
after the cBif€dP™&anple), the feed-forward filter may be grown in the
causal di r p9epn. IkhnSaliERYative eﬂ%ﬂﬁx\{@ﬁ tBY ckerRients N eNd Ad8esddtked ap
position fixed, and increasi ng , to Nfc + Nd by appendi ng Nd addi ti onal
del ay el emepnly @f@@p%ﬂﬁl@leln&sqft @Iéﬂed owvasdhitfer.i Hon ¢xanipies dhg fﬂﬁ popvard [filtey .

Al ternativel LE FILR filit e, | ess.cth

Nd taps by %¥e£%%18 ts réla be %eidCIS%% nlff%btgfa ﬂ? ‘fgﬁg&%ﬂs WtF tﬁerfm "n%%esal
direction, &i]eulaﬂi@ns-demuadwaectl on, or both the causal and anti - causal

[1097] The process for selecting a particular equalizer for use and adapting the filter
coefficients for the selected equalizer, as shown in FIG. 6, may be performed as often as
necessary. In one embodiment, the process is performed for each training period, which
may correspond to the period when pilot symbols are transmitted. In another
embodiment, the process is performed whenever the SINR of the equalizer output has
changed a sufficient amount to merit re-evaluation of the equalizer. In yet another
embodiment, the process is performed periodically at regular time interval. In yet
another embodiment, the process is performed whenever directed, which may be
triggered by occurrence of one or more defined events (e.g., detected change in the
operating conditions). For all these embodiments, the derivation of the initial LE filter
coefficients, as shown in equation (21), occurs once each time the process is performed
and only if the LE is selected for use.

[1098] For simplicity, the DFE model shown in FIG. 7 and described above
assumes that the feed-forward and feedback filters are both symbol-spaced. The
techniques for deriving the initial LE filter coefficients may also be applied when the
feed-forward filter is fractionally spaced with respect to the feedback filter. For

example, the taps of the feed-forward filter may be spaced every half symbol and the



directions. [1096] In an alternative enbodi nent, the coefficients for the
LE are derived based only on the coefficients of the feed-forward filter.
For exanpi® ostlos24beed-forward filter coefficients my be negeasoditrect |y for
the LE coefficients, without performng the calculations described above.
[ 1097] The process for selecting a partigslar equalizer for use and
adapting the filter coefficients for the selected equalizer, as shown in
FIG 6, may be performed as often as necessary. |In one enbodi nent, the

! as necessary. In the
peri oa when gt PEIRRSsebAF ARty B bt B Bl oS bo haRine .

' , Sver.,. 2 of I 76 h h d
B Curt ol ant EnRuRETTACRERY By ARG o AR 2 BB dlE Per

enbodi ment , rdidres phacesshd Seedefofwirdefilltgrer Tadi ¢al WyuldtintiRgel ths féddbeck m@f val .
In yet another enbodi nent, the process i s perfornmed whenever directed,
whi ch may becethigieni§et symbyl thamgr rBiscemgining soesticigpis dn das splemaxbe hlssef &0 g. |

detected ch LN : I I qﬁng' i . S i S,

t he deri vat ?%ﬁqbéftz Ijg_erlﬂlr?%)le(g?%%&fl i telrtetrb@g@%% ?l(@fgfe%(?és#m%@@’s o%?ﬁ%egé ation
(21), occursomnotheemelmsti me the process is perforned and only if the LEis
selected fo . [[4098] For sinplicit t he E nodel shown in FIG 7 and
descri bed ab&@gf as@lﬁﬁé‘a@%t(eﬁfq&ﬂf%%ﬂﬁ]%?%‘? chyelyredips dek dvg fo Epauenew
bot h synbol s §0a684adiTheFor MM fi98:, B84 s\ L bt a fiffed A

coeffi ci entg may a? sfogblgo%glpl i e%lEj ean1 trhgl?gﬁ‘ség%-g}%m Igbﬁrl?% aeir&ﬁmfsﬂeéﬁo‘%ge
fracti onal | thas pa@pproximitelyethpeinverse of Hbe fleapibnck réspbiser of Ber coremanisheon t he
taps of the feed-forward filter naybe spaced ery hal f s\ | and the WO
03 109246 PEAPOEL AL b b BAe: e T Sl Skivey Fhish i obe T uiti
every synbohddifivenoisel &rtesiddal ISPdistoltibnt hi S case, a set of coefficients is
initially determ ned for the feedback filter for the sane sanple rate as

that of thel¥lO8H- f GFhgapavatizpticn techniques eleseriher dharpial bhélsggeféba@kioﬂ-‘i | ter
coefficientg. r Lplng.coeffici in thi te may
be (1) set ?%r@fe%%%o .‘%@%ﬁ?‘bﬁ%ﬁ%t?ﬁ@] |§§5ﬁ?£‘“3‘%eag‘r%?%é§éh§{@‘§%tnéaryp§? §1$§‘§gf°%t her
coef fici ent EDMA, TBMAeahd FOMA cormnticitioarsysemss. THed® 8@hnijhes ey alldozies
(e.g., DFE or LE) can effectively reduce ISl due to frequency

used for wireless LAN commuiication systems, such as those that conform to the IEEE
standard 802.11b.

[1101] The equalization techniques described herein may be implemented by

various means. For example, these techniques may be implemented in hardware,
software, or a combination thereof. For a hardware implementation, the elements used
to implement any one or a combination of the techniques (e.g., the FIR filters, the
adaptation unit, and so on) may be implemented within one or more application specific
integrated circuits (ASICs), digital signal processors (DSPs), digital signal processing
devices (DSPDs), programmable logic devices (PLDs), field programmable gate arrays
(FPGAs), processors, controllers, micro-controllers, microprocessors, other electronic
units designed to perform the functions described herein, or a combination thereof.

[1102] For a software implementation, the equalization techniques may be
implemented with modules (e.g., procedures, functions, and so on) that perform the
functions described herein. The software codes may be stored in a memory unit (e.g.,
memory 162 in FIGS. 1 and 3) and executed by a processor (e.g., controller 160). The
memory unit may be implemented within the processor or external to the processor, in
which case it can be communicatively coupled to the processor via various means as is

known in the art.



sel ective fading. For an MVMSE equalizer, this is achieved by providing a
filter response that is approximately the inverse of the frequency
response wo ahe3memmuni cati on channel while attenpting t®anwsositz®1t he
overall noise, which includes the output additive noise and residual ISl
distortion. [1100] The equalization techp ques described herein may be used
for various wreless communication systens. For exanple, these techni ques
may be used for CDVA, TDMA, and FDVA communi cation systens. These

t echni ques S I; ch
as those thQ? cgnfg?ﬁﬁ?EH@ﬁg¢{ Igggﬁ§§§§éggp %:g F@%éﬁ?biﬁga%ygnMEg
equal i zat | omyt getwonqgslefiedemcilicben hermake wayusbethenplesemnimdntiyn. vafarious
means. For ex | e, these technj ques be jnplenmented in dwar e,

sof tware, of°¢ qﬁc&%‘?%‘&t B & guts l‘ﬂgﬁ ¥’S IyaRPErePhHio t@ﬂ%ﬁwﬁr@ﬁ‘ido‘ﬁ tﬁ? AE-

el ement s USel kb Qehdhd 1o QfirRAcRin Fha g FEABALL eﬁotﬁ& érﬂﬁ‘oélﬁellﬁg bl

(e.g., the FIRfilters, th adaptation u S0 on) be 1 npl enment ed
within one mpanm&frampﬂhbcsamt@m ssqrecoff the mvemtlergr é[ﬂlast the rpmemmnwme@s} not

digital DSP
(Do) ,  or BmaREE e RbE o te oedirpesttabprieain PRFSdD Bhdisraght 146 ays
(FPGAs), pr Kope SOfSste Nt @k bﬁh@lpleﬁqaﬁﬂ Roed idataksd 8ikSlosddl Her@Rr ocessors, ot her

el ectronic units designed to performthe functions described herein, or a
conmbi nation thereof. [1102] For a software inplenentation, the equallzation

t echni ques e dules (e.g., procedures, functions,
and so on) ﬁﬂgtPpeﬂbgB%??§Qﬁggn%@%Pgﬁg descri bed hereln The software codes
may be stored in a nmenory unit (e.g., nmenory 162 in FIGS. 1 and 3) and
executed by a processor (e.g., controller 160). The nenory unit may be

i npl enented within the processor or external to the processor, in which
case it can be communicatively coupled to the processor via various neans
as is known in the art. WO 03/103246 PCT/US03/17691 24 [1103] The

previ ous description of the disclosed enbodinments is provided to enabl e

any person skilled in the art to nake or use the present invention. Various
nodi fications to these enbodinents will be readily apparent to those
skilled in the art, and the generic principles defined herein may be
applied to other enbodi nents w thout




departing fromthe spirit or scope of the invention. Thus, the present
invention is not intended to be limted to the enbodi nents shown herein
but is towoeosaosnsded the wi dest scope consistent with treETpUsosaigles and
novel features disclosed herein. [1104] WHAT IS CLAIMED | S: WD 03/ 103246
PCT/ US03/ 17691 25 CLAIM5S 1. A nethod f2y equalizing a received signal in
a wreless comuni cation system conprising: adapting a decision feedback
equal i zer (DFE) based on the received signal for an initial tinme period;
determining a quality nmetric for an ogiﬁ*m the DFE; selecting the DFE
for use to equalize the received sign e quality netric is better
than a threshold value; and selecting a linear equalizer (LE) for use to
equalize the received signal if the quality netric is worse than the

t hreshol d val ue.1.2. TAenetbodtt eqhialzing aweteivédisighalin a&dmléssicmgmuhfcatihle LE is
selected for der.iving initial values for coefficients of the LE based
on coeffi ci%’ﬁtjén GPORIPB8Y-forward filter and a feedback filter for the DFE.
3. The method of aqa ﬁhghaem&uﬁtfé&ba&@mﬁmmmpﬁ) baskl 8n e 1e8eit&@] G614 dorf Y
use, adapting'the coefficients of the LE for an additional tine period
prior to usﬁnﬁgﬂﬂn@p_eaoclo equal | ze the recei ved 5| gnal . 4. The nethod of
claim1, further comor i Sin a{ e [%,FaE |u s[el for use, adapting
coefficients of g 5|n_.1|1:4gfao %\ﬁl%ot&l tf? Nal P9 ‘od prior to using the

DFE to equalize éeﬂ‘&tlhg?@}ﬁd]DEEféﬂIQB% eqtﬁ\hzgﬂl%ré@ﬁmcbl al IFlthd qality wBRIcgk N t he
quality netric relates tQ a nmean  square error (MSE) between equallzed

synbol s fr obflienBaprithesepld ypleerad synbol s for the equal i zed symbol s.

e et o sl Ml el AR B 07

quality metric is worse than the threshdld value.

2. The method of claim 1, further comprising:
if the LE is selected for use, deriving initial values for coefficients of the LE

based on coefficients of a feed-forward filter and a feedback filter for the DFE.

3. The method of claim 2, further comprising:
if the LE is selected for use, adapting the coefficients of the LE for an additional

time period prior to using the LE to equalize the received signal.

4. The method of claim 1, further comprising:
if the DFE is selected for use, adapting coefficients of the DFE for an additional

time period prior to using the DFE to equalize the received signal.

5. The method of claim 1, wherein the quality metric relates to a mean
square error (MSE) between equalized symbols from the DFE and expected symbols for

the equalized symbdls.

6. The method of claim 1, wherein the quality metric relates to a signal-to-

noise-and-interference ratio (SINR).



26 7. The nethod of claim 1, wherein the quality netric relates to an error
rate of detected synbols provided by a slicer to the DFE. 8. A nethod for
equal i zi ngcen3riesdsved signal in a wrel ess conmuni cati on POISUSHAA7691
conprising: adapting a decision feedback equalizer (DFE) based on the
received signal for an initial tinme per2®d;, determning a quality netric
for an output of the DFE after the initial time period; selecting either
the DFE or a linear equalizer (LE) for use to equalize the received signal
based on the quakity .G Efqt i L .Ml Ng
PRt ial vl vee for sonry eftiodMelan 1 Whelcky 1 ARG GhAL.: [alhcel R At

f eed- f or war of detdctest syarteblaproeiddd by ke sficdrtte thefIOFEL he DFE, and adapting t he
coefficients of the LE for an additional tine period prior to wusing the LE
to equalize the received signal. 9. An adaptive equalizer suitable for use

na virel ess cogmuni a3htiABd foreshAMne LEENEH ghaldn hivittss UBlrimurRabAUr abl e

to inplenment either a decision feedback equalizer (DFE) or a linear
equal i zer ($¥Blem,whmpasmgt he DFE or the LE is selected for use to equalize

a received signal ,dependi ng. o al it Lc, determ ned .for .an.aqut put of
Che DFE; and an SHRBPaAConionretbir el TBFREpRoa S Rr el it fhe
DFE or the ihtial GigRepdiong on whether the DFE or LE is selected for use. 10.
The adaptive equalizer of claim9, wherein the filter unit is initially
configured to i nfttemEpngapaipEnetic forrpeouipef theeDER a8es the inigg! tihai m 10,
wherein the Q:o?.i s adapted based on the received signal for an initial
time peri od®And’ t he quality netric is determned after the initial tinme
peri od. WO 03/ 10&2<6inPEkhesSASDFEGR h linddr equalizer (LE) for use to equalize the

received signal based on the quality metric; and
if the LE is selected for use,
deriving initial values for coefficients of the LE based on coefficients of
a feed-forward filter and a feedback filter for the DFE, and
adapting the coefficients of the LE for an additional time period prior to

using the LE to equalize the received signal.

9. An adaptive equalizer suitable for use in a wireless communication
system, comprising:

a filter unit configurable to implement either a decision feedback equalizer
(DFE) or a linear equalizer (LE), wherein the DFE or the LE is selected for use to
equalize a received signal depending on a quality metric determined for an output of the
DFE; and

an adaptation unit operative to derive coefficients for the DFE or the LE

depending on whether the DFE or LE is selected for use.

10.  The adaptive equalizer of claim 9, wherein the filter unit is initially

configured to implement the DFE.

11.  The adaptive equalizer of claim 10, wherein the DFE is adaptéd based on
the received signal for an initial time period and the quality metric is determined after

the initial time period.



12. The adaptive equalizer of claim1ll, wherein if the LE is selected for
use, the adaptation unit is further operative to derive initial values for
coef fici emososob34he LE based on coefficients of a feed-f@ovewsbsfirvdoter and
a feedback filter for the DFE. 13. The adaptive equalizer of claim 12,
wherein only a subset of the feedback f27ter coefficients is used to
derive the initial coefficient values for the LE. 14. The adaptive

equal i zer of claim 12, wherein the adaptation unit is further operative to
adapt the coeffig¢jent it - Id L } o]
using the LE toﬂe'qua Pgédetpﬁee % @é%?\élre %iﬁgﬂia W%gém ?ﬁ?%%ﬁ%%ﬁ?%@gﬁgf%zer
of cl ai m 9, thetxdamhtion inet IFErthe dpefatieerendezivewnitibl vaudsdetedesficiats of theT& and
a feedback filter, d. wher ei he LE | s inplenented with the feed-forward
filter and %ﬁeépgawlﬁlgenfswé Bl it ate bertelilerdpt e dBual i zer of
claim 15, wherein the LEis inplenmented wwth the feed-forward filter

havi ng an extended length. 17. The adaptive equalizer of claim15, wherein
t he feed-forwardl3.i |t €he adegtive bgudlizeddfatdimf 12, whereanm enlyaciubsatpf theent ed wit h

i m o, whEPARRIET SEIBEar s aneiiei SpavedBe it ot en Ve R 5.

coefficients for the DFE or the LE based on a particul ar adaptive

al gorithm 19. The adaptive equalizer of claim 18, wherein the adaptive
algorithmis a I&ast Tﬁ@adapﬁqgaq@ﬁmvs)cla'mgﬂn wthigrain the adIpietieriapt isvierther
equal i zer of cl ai rein.t.he adaptation unpit. is. operative to adapt
Che-coer 11 cret e Aagatdhd et Ot BB kR B iiohd rRiFLPante ko8P
adapti ve eqthellizereqahlifl thé racélled Whdanlei n t he expected synbols are pil ot
synbol s. WD 03/103246 PCT/US03/17691 28 22. The adaptive equalizer of

cl aim 20, wherein the expected synbols are detected synbols provided by a

slicer based on g par ﬁﬂb\j&l H&;%Eivé.l: 'lz?f&rb? iftl d. HHePn I&%Fﬁﬁ@inﬁﬁé\}fef&{t%@with

equal i zer of claim?9, ereln the adaptationd unit I's opera
det er m ne t afeedifatwdry filtet andca feedbackefilioFEnd wihedin tIRALE Tienphalagited eitkecheal i zer

of claim$, fe\é\'g-?ér%ia?d %ip[gr gl%aéyl éigabrlri%fgrﬂgecfeggga%f( ?i?te%.o a

16.  The adaptive equalizer of claim 15, wherein the LE is implemented with

the feed-forward filter having an extended length.

17.  The adaptive equalizer of claim 15, wherein the feed-forward filter and

the feedback filter are each implemented with a finite impulse response (FIR) filter.

18.  The adaptive equalizer of claim 9, wherein the adaptation unit is
operative to derive the coefficients for the DFE or the LE based on a particular adaptive

algorithm.

19.  The adaptive equalizer of claim 18, wherein the adaptive algorithm is a

least mean square (LMS) algorithm.

20.  The adaptive equalizer of claim 9, wherein the adaptation unit is

operative to adapt the coefficients for the DFE or the LE based on expected symbols.

21.  The adaptive equalizer of claim 20, wherein the expected symbols are

pilot symbols.



mean square error (MSE) between equalized synbols fromthe DFE and expected
synbol s. 25. The adaptive equalizer of claim9, wherein the quality netric
rel ates twaoemn3d/i®smnal -t o- noi se-and-interference rati o (Sl NRCT/@93/17doe
adaptive equalizer of claim9, wherein the quality netric relates to an
error rate of detected synbols provided 28 a slicer to the DFE. 27. An
adaptive equalizer suitable for use in a wireless comuni cati on system
conprising: a filter unit configurable to inplenent either a decision

f eedback equalizer (DFE) or a linear equalizer (LE), wherein the DFE or
the LE is selected for use to equalize a received signal depending on a
qual ity netric de2.er nThedddpoive aquadiztpaftclam 2(h) e/hBfel) thardpeneddaiiodd aron uni t

operative tqQ deternine the, lity metric for the DEE qutput,  derive
Coef i ci ent Getreird Db prayididihy %ﬁécgfgﬁé?fﬁ?fhgpﬂﬂcw%flﬁ%ar cohgelstEnor LE i s
selected for use, and if the LE is selected for use, derive initial values

for coefficients of the LE based on coefficients of a feed-forward filter
and a feedback fZ23.t er Thondaphiee BEglizend chadend?, wheecic defddapiagon snibfs t he LE for

an additional time period ior .to Si t E 10 equalize the received
signal . 28. “HETHERIP e%mﬁf‘%ﬂlﬁl\%flﬂ?yr&@gﬂ?ﬁ%O'étpm'gi tal signal processing
devi ce (DSPD) capable of interpreting digital information to: W 03/103246

PCT/ US03/ 17691 29 adaEt a deci sion feedback equalizer (DFE) based on a
recei ved signal #br a®he pdaptiveequalizer gfelaimd), vheran termakitygquelticrelaiegte 2 ¢ f or

aignal "1t ¢RI telFeegenp ey NER00 AR Bl b REEN°C o) et

a linear equahtioler (LE) for use to equalize the received signal if the
quality metric is worse than the threshold value. 29. A conputer program
product for equalizing a received signal in a

25.  The adaptive equalizer of claim 9, wherein the quality metric relates to a

signal-to-noise-and-interference ratio (SINR).

26.  The adaptive equalizer of claim 9, wherein the quality metric relates to

an error rate of detected symbols provided by a slicer to the DFE.

27. - An adaptive equalizer suitable for use in a wireless communication
system, comprising:
a filter unit configurable to implement either a decision feedback equalizer
(DFE) or a linear equalizer (LE), wherein the DFE or the LE is selected for use to
equalize a received signal depending on a quality metric determined for an output of the
DFE; and
an adaptation unit operative to determine the quality metric for the DFE output,
derive coefficients for the DFE or the LE depending on whether the DFE or LE is
selected for use, and if the LE is selected for use,
derive initial values for coefficients of the LE based on coefficients of a
feed-forward filter and a feedback filter for the DFE, and
adapt the coefficients of the LE for an additional time period prior to

using the LE to equalize the received signal.

28. A memory communicatively coupled to a digital signal processing

device (DSPD) capable of interpreting digital information to:



W rel ess communi cati on system conprising: code for adapting a decision

f eedback equalizer (DFE) based on a received signal for an initial tine
peri od; ceoweosfios24determning a quality netric for an out pwcTofSoBha9DFE;
code for selecting the DFE for use to equalize the received signal if the
quality metric is better than a threshopd val ue; code for selecting a

| i near equalizer (LE) for use to equalize the received signal if the
quality netric is worse than the threshold val ue; and a conputer-usabl e

medi um for stori : ! Lr.Gult ksing: a
fil It(l;r uni tscon:c ?l%a r gglleglglgg%?er%ﬁ%r%ﬁ? hkeéi}t(%g??ggsgg%?lg ﬁg%etl‘?eédgsgﬁggt&leaggal i zer
(DFE) or a idiigaimepptadd zer (LE), wherein the DFE or the LE is selected for

use to equalize a received signal depending_on a quality netric determ ned

for an output of d?tﬁ’é'mnBﬁIS}la]éde‘éﬁcé‘éfa?ﬁltoé‘ﬂ?‘ﬁﬁfﬁ‘r’?il?lz%per ative to derive
coefficients for1h8 fRABFATL IR tb uﬂﬁ@%%é@v%i%%ﬁﬁﬁé L8y Hehids LE IS

sel ected for use. 31. A receiver systemin a wrefess co ni cati on system
conpri si ng: bettar ¢lami athresholidtvabpeamt i ve to process a received signal to

provi de data sanpl.es; ,.and a dat cessor operative to, proce t he .data
rnpl &t o pr ov; eelE it Peentaliom b BLET Ehe Oupatiis bt ioetye BT U e iolsy

03/ 103246 PmbtddSQ¥okdddBdn thaQhshdldi 8euni t configurable to inplenment either
a decision feedback equalizer (DFE) or a linear equalizer (LE), wherein

the DFE or the LEis selected for use to equalize a received signal
depending on a qyglity ri.c etermned.for an.output. of the.DFE; and an
adaptat i on uni t ager ath PERS pad SR BRRF FuRanflifh RebiSeeh g nbne [
dependi ng owintet behmubRatbEsystent, tomprisiagect ed for use. 32. An apparatus in
a wireless conmunication system_  conprising: _nmeans for inplenenting a
deci si on f eedbacRO%fgkpdapting @desiyionfegdbpgkedalizer (DFE) based on a received

signal for an initial time period,;

code for determining a quality metric for an output of the DFE;

code for selecting the DFE for use to equalize the received signal if the quality
metric is better than a threshold value;

code for selecting a linear equalizer (LE) for use to equalize the received signal
if the quality metric is worse than the threshold value; and

a computer-usable medium for storing the codes.

30. An integrated circuit, comprising:

a filter unit configurable to implement either a decision feedback equalizer
(DFE) or a linear equalizer (LE), wherein the DFE or the LE is selected for use to
equalize a received signal depending on a quality metric determined for an output of the
DFE; and

an adaptation unit operative to derive coefficients for the DFE or the LE

depending on whether the DFE or LE is selected for use.

31.  Areceiver system in a wireless communication system, comprising:

a receiver unit operative to process a received signal to provide data samples;
and

a data processor operative to process the data sample to provide equalized

symbols, the data processor including



equal i zer (LE) at any given nonent; neans for adapting the DFE based on a
received signal for an initial tinme period; neans for determning a

qual ity matorascosas an out put of the DFE;, and neans for selravuseg/1gonher the
DFE or the LE for use to equalize the received signal based on the quality
metric. 33. The apparatus of claim 32, f80ther conprising: neans for
deriving initial values for coefficients of the LE based on coefficients

of a feed-forward filter and a feedback filter for the DFE, if the LE is

sel ected for use. HlRLuAPR @@@1{@ ﬁggnfi@n%é%érw&ebﬁ onGBYake! Ng:  means

for adapting the coef?l cients an a |t|ona time period prior
to using the LE ¢tqualigerd[DER of héincacgualear Sl adhereid the ¥FH & ths I$kect ed for
use. . . . . : .
selected for use to equalize a received signal depending on a quality metric
determined for an output of the DFE; and
an adaptation unit operative to derive coefficients for the DFE or the LE

depending on whether the DFE or LE is selected for use.

32.  An apparatus in a wireless communication system, comprising:

means for implementing a decision feedback equalizer (DFE) or a linear
equalizer (LE) at any given moment;

means for adapting the DFE based on a received signal for an initial time period;

means for determining a quality metric for an output of the DFE; and

means for selecting either the DFE or the LE for use to equalize the received

signal based on the quality metric.

33.  The apparatus of claim 32, further comprising:
means for deriving initial values for coefficients of the LE based on coefficients

of a feed-forward filter and a feedback filter for the DFE, if the LE is selected for use.

34.  The apparatus of claim 33, further comprising:
means for adapting the coefficients of the LE for an additional time period prior

to using the LE to equalize the received signal, if the LE is selected for use.



