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COMVUNI CATI ON SYSTEM S 10 BACKGROUND OF THE I NVENTION 1. FIELD OF THE

| NVENTI ON Wy ginisspgention relates to the field of comuni cat igeRfss/SireiTs
and, in particular, to the transm ssion of message signals in a

communi cations system U. DESCRI PTIONIOF THE PRIOR ART In nobile radio
communi cation systens. signals containing nessage information are
transmtted for reception bESTIMANING INTERFERENGEIN, The signals are

transmtted by way of 15 commu iwﬁ%}hﬁr@gl wherein fading can occur.
The fading in the conmuni cat ﬁ)ﬁ? ﬁ%églﬁ\@ interference wth the
recei ved signal and can degrade the received signal, thereby causing
nmessage information in the signal to be lost. Furthernore, other
transmitting sources of vBAGKRGROMNED QEVHE INGENTYOAXi st and create noise
at a rgceiver. Exanples of other noise sources include signals fromthe
sane transmtter, signals fromother transmtters or 20 signals from

di fferent 1devi ¢GBELEUOR TIBE ENSENTIONDOt or s, tel evi sions or conpact disk
pl ayers. Successful recovery of transmitted information is a function of

the ratio of the power of the received signal containing the information

to the power ofplNAvd&ehiMEds %@ﬁﬁldwfo&%h&%drg?gazm{ 5&% frggm&mg?{[ﬁgﬁé se

that occurs during reception can therefore signi ant rove

recovery ¢fansmisgomaf message Ggnats hacemrecicahgisadystedaor exanpl e, a Turbo
decod@é 25 which relics on an accurate know edge of the noise power at the
receiver, can be used to inprove recovery of information froma received

signal . AqLi ndipEESCRIPTYON 0FF TEUWRI(PE ARPI Ce can assure during reception
can also be used to conirol the trasmt power of the signal  so as to

mai ntain the received~signal to voice power at an appropriate level. 30

SUMVARY OF THEhl. %er%lo communication systems, signals containing message informarion are

transmitted for reception by a pli.!rality of receivers, The signals are transmitted by way of
15  communication channcls wherein fading can occur. The fading in the communications
channels can cause interference with the received signal and can degrade the received signal,
thereby causing message information in the signal to be lost. Furthermore, other ransmitting
sources of varying power level usually exist and create noise at a recsiver. Examples of other
noise sources include signals from the same transmiter, signals from other transmitters or

20 signals from different devices such as electric motors, televisions or compact disk players.
Successful recovery of transmiued information is a function of the ratio of the power
of the received signal containing the information 10 the pow::r of the received noise. An
indication of the amount of noise that occurs during reception can therefore significantly
improve the recovery of information from a received signal. For example, a Turbo decoder
25 which relics on an accurate knowledge of the noise power at (he receiver, can be used (O
improve recovery of information from a received signal.  An indication of the amount of
ROLCE that 2RRUME AURGZ fessnhian €an alan he dasd io eéonirol the transmit power of ihe signal.

30 a3 (0 maintain the received signal 10 NOise POWer 41 ai appropriaie lavel,

30 SUMMARY OF THE INVENTION

The present wnvenueon is directed 10 a method and apparatus for improving the

transmission of an information signal having message information. A received information



The present invention is directed to a method and apparatus for i nprovihEEs 2gm
the transm ssion of an information signal having nessage information- A

recei ved iy giyiBsg on 20 FEB 2004 WO 01/ 15328 PCT/ US00/ 2272 1p@r/gsdpadali S
formed froman information signal transmtted through an information

channel . The received information S|§nal has signal noise. The nessage

i nformation is renoved fromthe received information signal to provide a
synbol sengtﬁnméommnfmm ah ieformaidni seghal Ramnditddhrotibh b€ InfodnitiBs O¥dndQ. aHEi rst
filtered sign The ower of the first filtered signal is determned and S
appl i ed t6°RY éB #on yigpal @a S PRERIINGEeq W JeRsEASE iINICRRALPRIF fimaved from the

By EF DES g G O PRAER o, Y e B Al R AR B3 R g

of the priegmotidé avignt fiberedisignabeTherpoiver ef tpfiar fikred Gigiul Bedeti@inaicl emd

descrlptlonst forth | ow when taken njunction wth drawi ngs in
Wbt cn T kePpEE e et R gt PR taerd #}ﬂ%ﬁ) f9§§%&HFﬁataar%H%‘ﬂf SISPHMSHShout
and whergithe rebdiged infdriamen dgRdiaphi cal representation of the spectral
density of a Doppler spectrum 15 Fig. 2 shows a graphical representation
of the spectral density of known synbols wthin a fading conmuni cations
channel ; Fig. 3 shows aBlﬂ ﬁii)l%é‘ﬁ ORI BRI the noi se esti mator
system of the pr esent WW%MT@&E agram

r epr esent atlon of one preferred enbodi ment of a high 20 pass filter

suit Ie for I n the ppise e tIITB.tOI’ ¥stemof Fig. 3; Fig. 5 shows a

bl oc d| agram AW SPicel. afd adyamagrs o ﬁh%?@?fédﬂ%@ﬂl'wﬂn?wemanoml gh
pass filtgpadh fopfl tﬁe f&&]b@ﬁcécﬂ &L sAAoRA HERW Wﬁ&? Qﬂ&icugh GojttSihe AN
Fig. 6 shows a bl ock diagram reBresentatlon of a urt Peterred

enbodi mendragigain whigh lgesefefance gharaniens Ad4ntifyf corregpanding etld!menmu's@géemu amet or
system of  Fi g, 3. 25 DETAILED DESCRI PTI ON OF THE | NVENTI ON

'-L

Fig. 1 shows a graphical re-presemation of the spectral density of a Doppler spectrum;
15 Fig. 2 shows a graphical representation of the spectral density of known symbols
within a fading communications channel;
Fig. 3 shows a block diagram represcntation of the noisc estimator system of the
present invention;
Fig. 4 shows a block diagram representation of onc preferred embodiment of a high
20 pass filter suitable for use in the noise estimator sysiem of Fig. 3;
Fig. 5 shows a block diagram representation of a further preferred embodiment of a
high pass filter suitable for use in the noise estimator system of Fig. 3; and
Fig. 6 shows a block diagram representation of a further preferred embodiment of a
high pass filter cuitable for use in the noise estimator system of Fig, 3.
25
DETAILED DESCRIPTION OF THE INVENTION

Referring now 1o Fig. 1, there is shown graphical representation 10 of the spectral

density of a Doppler spectrum. The spectral density of graphical representation 10 is well

30  known to those skilled in the art. The Doppier spectrum of graphicai representation 10 has a
Doppler frequency of fa.



Referring nowto Fig. 1, there is shown graphical representation 10 of Z f){éB 7
spectral density of a Doppl er spectrum The spectral density of graphical

represent ¢hp a3 i s wel |l 30 known to those skilled in the pAiysesaerboppl er
spectrum of graphical representation 10 has a Doppler frequency of fd 20
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carrying information is transmtted through an infornation channel and

recei ved in t Whabseob&aenly frodilngd GRS E4irfitS infdrmhaSoP RSSnbhirek QﬁroPQ? n
receiver to denodul ate the signal into a Sequence of sanples s Ae
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nmodul ated it woul d be ssible to Fﬁlermdul ate the recei ved si gnal to obtain
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wherein there is no fading within the transnission channel, the spec

of s*0 | susgalberefeFedtopn thg at @p earop rafi thy cowstdlldtiererabeiaed mithahe mdnkauolded by
a const anipespectrum of noise due to the termn, However, in nost practical
cases there I's fading in transm ssion channels carrying a signal with
message infor riﬁtthonran%&t&dfaﬁjrngums () @6 ailveadyn kddivit b ShéraaRBer tdiecasabaie of

A Vartes JdiddaTRing i decoding process, then it 1 & Siuple taok to tamove he infommation from
si of equation (1) by a rotation combined with a scaling and obtain equation (2) betow:

15 Si= A4+ (2)

In the theoretical case wherein there is no fading within the transmission channel, the
specurum of s; is a centered Dirac corresponding to f, equal to zero, surrounded by a constant
specttum of noise due to the term n; However, in most practical cases there is fading in
transmission channeis carrying a signal with message information. When fading is present in

20 this manner the valuc of A varies with time and has the band limited power spectral density
illustrated by graphicaj representation 10. The time varying value of A can be represented as
Ai and equation (2) can therefore be represented as s = A; + n;. Furthermore, note that the
power ¢° of n; also varies with time. but usually relatively slowly. The spectrum of s;
resulting from the time varying A; is depicted in representation 20 of Figure 2,

S In order to obtain an cstmate of the level of interference o7 of 2 racsived cignal, the
method of the present invention uses a priori knowledge of the message information (a;)
present in the received signal to derive cquation (2) from cquation (1). The a priori
knowledge can be obrained using a pilot signal or 4 training saguence. Additionally. it can be
ébtained by decoding the received signal or by any other technique known by those skilled in

30 the art. Using the a priori knowledge of the information in the received signal, the

information (a;} is removed from the received signal. This provides a signal (s;") that is

subsianually without any information content and therefore representative of the fading

condiuons and noise of the channel through which the received stgnal transmutted. In a




illustrated by graphical representation 10. The tine varying val ue @ff) FFrcamn
be represented as A, and equation (2) can therefore be represented as si'
= A+ n, woMiishg nore, note that the power C- of n; al Sq,elﬁthtoﬁéz L th
time. but usually relatively slowy. The spectrumof s, resulting trom
the time varying A is depicted in representation 20 of Figure 2, 25 In
order to obtain an estimate of the level of interference a:' of a received
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message information (a;) present in the received signal to derive equation
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lower rate.

The samples at the output of high pass filter and sampler 52 are designated as the
signal ui. The average power of the signal uv; is determined by obtaining its norm raised to the
20 power N within norm operator block 54, with N being any real number different from zero.
In addition to being a norm to the power N operator, block 54 can be any other type of
operator that removes the sign of a symbol and provides a value that is directly related to the
power of its inpur signal. The output of operator block 54 is applied to low pass filter and
sampler 56. The samples provided at the output of low pass filter and sampler 56 are
25 representative of the variance (0°) of the noise (n;) of the received signal.
In the pistened embodiment of notse estimaror sysem 30, high pace fliisr and sampies
52 can be realized gs a finite impulse response filtor with taps [1. -1]. This is a
straightforward way o implement the required function because it requires only the
subtraction of two consecutive symbols of the sequence s
30 Refemng now o Fig. 4, there is chown a preferred embodiment of high pass filter and

sampler 52 within noise estimator system 50. The input sequence s;' of estimator system 50 is

received by low pass filter 62 within filter and sampler 52. The filtered output of low pass

filter 62 15 applied 1o difference device 64. ‘Difference device 64 computes the difference




present in the channel that transtriits the sequence s,, The input s?qmcﬁm
s,' of noise estimator 15 system 50 is first received by high pass ffl

and sanpl erw&sinsszgh pass filter and sanpler 52 elininates poeusphhgei of

A, within the sequence s,' and preferahly rc-sanples the sequence at a

| ower rate. The sanples at the output of high pass filter and sanpler 52

are designated as the signal u, The average power of the signal u, is

det erm neﬁetb&cmbfcailrbirﬂgadd snfihe@fed vaRicS ©f ieOsehittice . OrHRQ¥RN: Y Mé bdthfufiRRM
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that is dlrect y related to the power nal he  ou
oper at or bymbds S4bdfere apmipumt the differergas Ihe ﬂblhebpaﬁt@bn Gampleffoléd bihRlay

I he output of |o ass filter and sanpler 56 are 25
fgglr) eggnlto (‘/gggcfcaieﬂi'e\)”ﬁ# g'ép”(lé"cb”e’\é)vcfepstﬁ@dd@?r§’é°e(q’ﬁ')ce 8t rr}[)he recei ved

signal. In theRchﬁ{rﬁvrﬁ&ﬂ[@mO@'{E'é‘fétls%f-lo&}{?'aﬁ&h@zs% e REO rDYR RN Jﬁmcﬂ‘g par k
filler and sanpler? 52 can he realised as a finite inpulse respofis ilter

wi t h t apsfiper and sampigri 2 wathin nagser c:mgmdrmymamoﬁﬁzvai[ tho inpwp keente $'hd moesgui r ed
function ui.res o ubtractl 90, of t nsecuti

symbol s o? Sq%%‘egrssga[ﬁ%’ns?g%“m 61%10% P‘%@ “nlé\ﬁofs Q"4 © ?Wéfeé“f"é‘“%’hé\)ﬁﬁ a
preferred7zabadewpads filfer Bhd theRebYSiifridae the aided fosaémlpess fARr Lt I i QkS e

esti nﬁe S éem 50._, The i nput se erﬁ)ge S, 9f estimator system50 is

recei E/yrF RPPHE RS Aqife; GSHmgT §y f§ fhe differppee Setwnen thesymbplss, aRd ther ed
out put  of obi@i gtahsnnel bdtinfitioR 2iiteS72PWhES thil an%éx&eﬁquﬁ&d%efétﬁﬁnéﬁ ion

D fference device 64 conputes the difference 7 B FEB 2004 WO 01 g%aéé)

PCT/ US00/ Bherxpnhsinppeausah elnfihis caseet] ianeressany tptdehe@wmmwdaymbm sskeajorence
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t herefore Sl re Sl gnal
filter cabeteemadr- mplusad]uenb&’ls tz’mdahﬁexs&ce detvwesﬁmetl@s&&hyeitg@uﬂah@yﬁﬁa;mn

unfilt red ols s,' before conputin he dlfference The delay
oper a‘t on %’éﬂ¥gg © BE PEc tRPTIpRT 6‘@1"’:‘3“ dempdulaupe qf aetrangmpsied daten Adduiqnaliy¢

sequence § thanentkiithak &NESH KlekizI1OHh foliow difference operator 64 by an additional high

pass filter in order to remove any bias introduced by an incorrect channe! estimation filter 72

in a particular sitration.
Both embodiments depicted in figures 4 and 5 can be directly preceded or followed by
20  adown sampler which will reduce the necessary compuiation rate.
In a further alternatve embodiment, the signal s, of equation (1) can be transformed
with even less a priori knowledge into a signal s" shown in eguation (3) below:
Si"=B;+n, 3
where B is an unknown and possibly time varying complex number of known phase ¢. The
25  knowledge of o can be derived from a channel estimation filter or any other meuns known in
the art. It is then possible 1o replace high pass filter 52 of Fig. 3 by quadrature operator 80 of
Fig. 6, which retumns a measure of the component of 5" that is not coelinear (perpendicular)
Wwith the Z2miplén vootor A8 where § 13 the imagmary number defined by sqrut=1). e will be
undersiood by those gkilleg {n the art that quadrature operator 80 can be implemented by
30 sumply projecting 5" onto vecror e?™ and remumning the imaginary par of the resulting

projection. Quadrature operator 8¢ may also be implemented by any other way known by

those skilied in the art,




Referring nowto Fig. 5, there is shown another preferred enbodi rrergt{]pg%zﬂm
hi gh pass filter and sanpler 52 within noise estimtor system 50
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wher e J |M§ﬁ€&mg%ﬂﬁmer defi ned by scrt( 1 SIt will be understood
by those skilled in the art that quadrature operator 80 can be inplenented
by 3 n sinply projecting s,"” onto vector e _3T'1 and returning the inmaginary
part of the resulting projection. Quadrature operator 80 nay al so be

i npl enented by any ot her way known by those skilled in the an, 20 FEB 2004
WO 01/ 15328 PCT/ US00/ 22721




6 When practicing the present invention in a code division multiple ?@CFESS
(CDMA) nobil e radi o Comruni cation environnment, the different el enen 2004
al'l of the enbodi ments can be |ocated anywhere between the finger |evel of
t he receiver and the output of the RAKE conbiner- For exanple, the high
pass filter and the normor normto thé N operator can be S inplenented on
a per finger basis and the output of all of the fingers can be conbi ned
before insertion into a common | ow{a&BMSEi|ter. The previous description

of the preferred enbodinents is provided to enable a person skilled in the
art to make and use the present invention. The various nodifications to
these efpodi FeRtsievdivisioRentiGaRI deYesBRPASRI mbtoll TOSitnpPevihg B thahsiniieioar t

and the generic principles 10 defined herein can be applied to other

embodi meff an yiferrasontsienal baving mengge eI inceAmmunicatinssysieRe with éent

i nventiof g ot | Q. It to the enbodi nents shown herein but
isto beng&(’:%ﬁa?lgéﬁhﬁngn\%g%‘gglgmgg%épéetgé:sooﬁgi stent with the principles and novel
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ivision nmultiple  access system a netho of ijpr,oving the transm ssion

of an i nfleek VisHeigithgpgreiy ilﬁawggé@aﬂ?ﬂsara% TH¥:in a communi cati on
systemw th ap, R -0 &St i & LS S { 18g€i Vi ng
the informati g)r% se?g)nar{éagffct er t?‘grllsmnls]s?%ﬁﬁj?ﬁ{r g%g{?&fqﬁi& I‘frﬁgx?{%q{ni %gné ?ﬁannel
wher ei n pheideecymbetiségoemrenat i on si gnal has signal noise; (b) renoving the
message i nforpation. fromthe received inf tion signal rovide a
symbol sequen ,ﬂp@ef)ﬂgé pIyE S?%ng‘z,woﬁ?fsgégﬁéﬂem A F@?fﬂﬁﬂ%'p to
provide a fir g detdhBiRARifIRRY of ()i S0k IR5Ed kA 16 BRVIRVEdetstmiAdEndwdrSt
filtered signal to provide a determ ned power signal; and (e) applying the
det er m nélénﬁbm signal to a second filter to provide a second filtered
Sonal represeRi b Al IGnhaBbwaClig b o RRoAF Ty B pldUie¥ F3doRE

filtered signal representative of the signal noise of the received information signal.

2. The method for improving transmission of the information signal of claim 1,

wherein the first filter comprises a high pass filter.

3. The method for improving transmission of the information signal of claim 2,

wherein the high pass filter comprises a finite impulse response filter having taps {1, -1].

4. The method for improving transmission of the information signal of claim 2,

wherein the first filter comprises a low pass filter and a difference device.

5. The method for improving transmission of the information signal of claim 4,
wherein the difference device determines the difference between the symbol sequence and

the first filtered signal.

6. The method for improving transmission of the information signal of claim 1,
wherein the information signal is a pilot signal and the first filter comprises a channel

estimation filter and a ditference device,



2. The nethod for inproving transm ssion of the information signal of [ggﬁjm
1, wherein the first filter conprises a high pass filter. 3. The net’h i
for inmproving transm ssion of the information signal of claim2, wherein
the high pass filter conprises a finitg inpulse response filter having taps
[1, -1]. 4. The nethod for inproving transm' ssion of the information signal
of claim2, ereigoé e first, filter rlssalow assfll} ,ang]a

di fferende devi'ted™ o THBOH b fra'i‘mi”ﬁiﬂ? e (pOHEATAY sighalpr £

i nf or mat WpBrchi GB®rstGiter hphil é@m M‘A?:%chﬁ tdlaemg_' fference device deternines
the difference between the synb seque%ce and the first filtered signal.

6. The nethod for i nproving transm ssion of the information signal of claim

1, wher i inforpration signal is.a. t, si and th [ ter
compr ook B chfin ROl R e iy ob i HPEaE sl ot SBmELs 5004
8 7. Thew’l’f@ﬁehp%ef Qe lak NPV ﬂ&a{d ARS B 8BbI0BeRbndeh & IpRéaadTRL Helaysd SfAbolof
claim6, wherein the first filter further conprises a delay device. 8. The

met hod f 8AAUETESrand iappliasrth et edi symbet seghencerie therdifferencesdeyicel of claim 7,
wherein the delay device delays the synbol sequence to provide a delayed
synbol sequence and applies the del ayed synbol sequence to the difference
device. 9. Theharehdibst ffer impRr R Renshiig@iTof he Minfofmatid sighdlr sRtladn Bi gnal
of claim1l, wherein the first filter conprises a phase determ ning device.
10. The WBEmwsHihe Girstifidsr BRMPSEE A RRATH ASLaT@NIBE I¢YIES. i nf or mati on signal of
claim1l1, wherein step (d) conprises the step of determ ning the norm of
the first filtered signal. 11. The nethod for inproving transm ssion of the
i nformat idn sThnahetodd ddbraimprbyingwhrarseiissiat ep tha informatians eignalhef shap hLf

determ nj the normto.the power of the first nal where N
o o monuBiets elith MrmButes ORI SmiBias s Petinstobs FE: RS on of t he
information signal of claiml, wherein the second filter conprises a |ow

pass filter, 13. The nmethod for.inproving transm ssion of the information
si gnal ofl. cI aifhs imethod for improving trangmission of the information signal of claim 1,

wherein step (d) comprises the step of determining the norm to the power N of the first

filtered signal, where N is a non-zero real number.

12. The method for improving transmission of the information signal of claim 1,

wherein the second filter comprises a low pass filier,

13, The method for improving transmission of the information signal of claim I,
wherein step (a) comprises using a priori knowledge of the message information to remove

the message information from the received information signal.

14. A code division multiple access communication system having an informatton
¢hapnel for performing 4 method for improving the transmission of an information gignal
having message information, comprising;

{a) a recerved 1nformation signal having signal noise after the received information
signal is transmitted through the information channel;

(b) a symbol sequence formed by removing the message information from the

received information signal;

(c) a first filicred signal formed by applying the symbol sequence to a first hilter:




wherein step (a) conprises using a priori know edge of the nessage
information to renmove the nmessage information fromthe received ZOFER 004
information signal. 14. A code division nultiple access comrunication
system having an information channell for perform ng a nmethod or inproving
the transm ssion of an Information si gr?al havi ng nessage i nformation,
conprising;, (a) a received information signal having signal noise after the
recei ved i nf oféed defermin¢dypemerissznat tomewi by adtermhmengythe powei of the fuistifdtered
channel ; 8&92‘1, ynmbol sequence formed by renoving the nessage information
fromthe eteived information signal; (c) a first filtered signal forned
by supplying {feasyediel fiequedgelt @paséisitle b ihekign® hsike @b creddivad
power signal formed by determ ning the power of the first filtered signal;
and (e) #fewwalion signet kyrwgd by garlyingdhy desenmined pevastsignabtod sgeend Alktrse of t he
received information signal forned by applying the determ ned power signal
to a second filter. 15. A code division nmultiple access comuni cation

syst em hayi ng Aanodantiphisiad inodltiplcharasl cdramupreati@r 8ysign chavkighad idformattgar ovi ng
the transm ssjon of_ an information signal = having nessage informatijon,
conpri si ﬁBa.melaﬁ” pedAEINg o melhad (g rreng Hicorremisenselgnaniogmatipn signal
transm SghAfs ML megmtioinnéd?ﬁng?ﬁﬁ%n signal has signal noise; (b) neans
for renoving the ssage Infornmatioh fromthe received informati on signal
to provide a &nmbnednsséaguenceing( te meamstioor sigp| aftengrankmisiomb dirosghqtience to
afirst filter to provide a first filtered signal; (d) neans for

det er mi nfq&rt?%'@nﬁlﬁ%fh%fsﬁmén‘?lﬁ?st filtered signal to provide a deternined
power si gnal ; (13ngedR) fofBaRSvihONh@ PRlsYigl Anfi@adst Gloftl BRArePAVES iffbARAlont O @
second filter to provide a second filtered signal representative of the

si gnal nosd teopravivde a wertiol ediucnédwr mat i on si gnal .

(¢) means for applying the symbol sequence to a first filter to provide a first
filtered signal; -

(d} means tor determining the power of the first filtered signal to provide a
determined power signal; and

{e) means for applying the determined power signal to a second filter to provide a

second filtered signal representative of the signal noise of the received information signal.



