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& (57) Abstract: A method of estimating SNR for a plurality of carriers modulated with digital information, wherein the digital infor-

¥ mation includes datz baud and training baud, comprising the steps of: receiving the plurality of carriers; determining a first SNR for
the data baud; determining a second SNR for the training band; comparing at least one of the first and second SNRs to predetermined
selection criteria; and selecting one of the first and said second SNRs based on the comparison step. In the preferred embodiment,

“=. the carriers are processed to produce an equalizer output for each of the carriers, and the equalizer output is processed to produce a
symbol decision for each of the carriers. The equalizer oatput s subtracted from the symbol decision when a data baud is received
to produce a first difference value, and the first difference value is squared to produce a first signal to noise estimate. The equalizer
output is also subtracted from predetermined training data when 2 training baud is received to produce a second difference value,
and the second difference vaiue is squared to produce a second signal to noise estimate. Apparatus that performs the above method
is also included,

Al



1 24 Decenber 2003 PCT/US00/17171 METHOD FOR ESTI MATI NG SI GNAL- TO-NO SE -~
RATI O OF DIA TAL CARRIERS | N AN AM COVPATI BLE DI G TAD&RLE 2B6OADCASTI NG~
SYSTEM BAGK&RBAINY OF THE | NVENTI ON Thi s i nvention rel at @gTiueofiagh o
broadcasting and, nore particularly, to nethods of and apparatus for
estimating signal-to-noise ratio (SNR) of digital carriers in an anplitude
nodul at ed conpati bl e digital broadcasti hg system 5 There has been
increasing interest in the possibility of broadcasting digitally encoded
audi o si gnal METHGR FORIESTRIAINY AGNAL-TONOISERATFODRDIGIAaches have
been suggesF4BRIERS INAMH AN HIOMEATIBEE IGITALIATUIG BBOARNCGASEINGt ent  No.
5,588,022, teaches a method for si A¥STENeously broadcasting anal og and
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nodul at ed radi o frequencyy dSk&RBHRAID HR NSk frequency spectrumis
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the first émtaliyancgiegﬁ@dw sigesipitdrevidt improved pdisuiplsliof Sevdral adprgached |y
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si gnal . Thé&.58&0%% tsrehek A mekwd A S@@Ffba@qublbfémdd@smalandugimﬁ d)gltlhhdMl ng system
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provi de clent data throughput 'Y avoi di ng
crossihl k signal haties afisst Hgauengl spheirivme is-broadeas. pTi@ ﬂoa)ﬁimdemmdalmedmdpal oyed by

means of oikhpgan *%Jmﬁ@tu@e@ca/ﬁ@tvam%ep%d{{uea'bg Bt afflod SR LR foar the

comuni cat ed”i nfor mat i on. Monophoni ¢ det ect or adi os
respond onSimuligngongy. azﬁuréh‘%’@lféwﬁalhfrmomedtm@mpha@b@ébltoh@astwhm/aed si gnal .
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and is modulated in quadrature with the first carrier signal. Second and third groups of

the digitally modulated carrier signals lie outside of the first frequency spectrum and are
modulated both in-phase and in-quadrature with the first cardier signal.

The waveform in the AM compatible digital audio broadcasting system

20 described in United States Patent No. 5,588,022, has been formulated to provide

sufficient data throughput for the digital signal while avoiding crosstalk into the analog

AM channel. Multiple carriers are employed by means of orthogonal frequency division

multiplexing (OFDM) to bear the communicated information.

Monophonic detectors for consumer AM radios respond only to the

25 envelope and not the phase of the received signal. Because of the use of the multiple

digitally modulated carriers, there is a need for a means to reduce the envelope distortion

caused by this hybrid signal. United States Patent No. 5,859,876, assigned to the

assignee of the present invention, discloses a method for reducing envelope distortion in

an AM compatible digital audio broadcasting system. Certain digital carriers that are



an AM conpati bl e digital audio broadeasting system Certain digital
carriers that are 24 Decenber 2003 WD 00/79710 PCT/2430&edBk 2002 above the
frequency ofodohennanal og AM carrier have an associ ated digt@gegfkhsi €r that
is at an equal frequency offset below the analog AMcarrier. The data and
nodul ati on placed on the upper digital carrier and its counterpart are
such that the signal resulting fromtheZr addition has no conponent that
is in-phase with the analog AMcarrier- Digital carrier 5 pairs arranged in
this way arBodpfreayensy of Gpralagehiicayicr v an ooomidtgiuiigital O¥idd elat 160F S
dramatic fizdehial Wed reception of. AMcC tible
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channel r e&jsbrigee which atinimires theiunfesired sushlicsitadenaid inalbg simyiefy (§é St or t ed

signal 20 gney et e n he .di gital broadcasting signal
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recover abi Mg apprthépenali friquancy diviian mbitipktkala@RDM) Sib@nalon B i on. One

such equal i IS A [ ited States Patent No. 5,559, 830. The

equal i zer dﬁg%ygl%‘%glfﬁ&et&%?ﬂeri%%{g e 8 ORBARS 6P B CEPRAUNG InsPhasp At onpat i bl e

di gi tH audbasirvoptiersompgron\offaoeceiad OFEMdighgl Sfal. TRy efipiBrage @ 25

waveform v T Lzer then processes that, waveform by nultiplying

the wavef gﬁ%‘rﬁ}ggt%r?{mgeglfi#&elqtﬁarlefozvg HEnCRREEREnTpe. avl e maittash vect or

conpri ses arocgased crlmpoyent figeduat sunanedio edcbie it os,coppihenfaryi di@s. coef f i ci ent's
ed val.ue. The e i zer then conpares each

initially set to a I ni . ua, g
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unrecoverable.  An equalizer enhances the recoverability of the digital audio

broadcasting signal information. One such equalizer is disclosed in United States Patent
No. 5,559,830. The equalizer disclosed therein includes means for receiving an AM
compatible digital audio broadcasting waveform and storing that waveform as a
25 waveform vector. The equalizer then processes that waveform by multiplying the
waveform vector by an equalization vector. This equalization vector comprises a
plurality of equalizer coefficients, each of the coefficients initially set to a
predetermined value. The equalizer then compares each location of the processed
waveform vector with a stored waveform vector. The equalizer selects as the signal that
30 vector location closest to the stored waveform vector. Preferably, the equalizer includes

means for updating the equalizer coefficients using the waveform vector, the processed



means for updating the equalizer coefficients using the waveform vector,
the processed 24 Decenber 2003 3 waveform vector, and_the stored waveform
vector to provide imunity to noise and response t o 2CHSRTESET #1403t he
propagation channel. In the equalizers of both Patent No. 5, 633,896 and

Pat ent No. 5,559,830, frequency domain information is presented to the
equal i zer as a frequency domain vector. Each bl ock of frequency domain
information is stored in a storage ar3ray This storage array vector is

Tl L P @Bt L/ inCoRAUALERR (EOG! bIrch A Smllif o B3 ka0 pr oduct
of this t|p icatidn is t eeualze nal. A set of exact values is
known a plreﬁmwtpnh@%l@q@ampzmwlagann%t V\/m ch each vector location of the
equal ized si gnal - Canbg, o AMRAG? Som Pl MIC2ks3 48k HE BABRS!s 459 shhal
described in the vector location 1s chosen as e act ua st ghal” val ue. The
vect or of derprsyotemajnsinermeiéeh isnpreseded its itheneqaplizgy as wsfraqgenchalompiacei ved
signal, thg, C; r [ efficient
csti mai or oar iy ey soek 8 FRen PR B RN Blre 3 SRR SEFF 8REn Lpdat e
determ nesstorezﬂmawmtomm@mhndrhnﬁpylraimdoﬁwnwmg@@ﬁf@mﬁt Ehe reptingEi ci ents in
di {1 erent  palop ofthistiBup RAM 1T dAabRAAERS 2le & bl filles FAkBIagependi ng on
know edge ;(E)l?& E 1Qtﬁ]'}stotrl ?on : n?lsm %ﬁ tatater%l .es 3n896 and U.

S. Pat ent MNriig tissgugdger %ﬂ@sth@n@bﬁymh vmﬂw@t@dhmuﬁ@ccbmgr@éean ene proposed
AM DAB sys{ %@&aﬁf@a@ﬁ bhige EIQQQHO'YPQHES@EB%%%E: JebSr 1095@;&1%9&0%9{55' ers. Vhen
trellis co dO dulatron I's used, enhanced receiver performnce may be
possi bl e whe acted signel celug ebhesRor of desisigny i stored in aletisign gevolingthe This is
especi al I y b5 glgna@FéﬁM SYRhETRiCLR WBRi N anS ORIAL dbficeAl 11 e s may
be much different than the SNR Of the other carriers due o f requency

sel ecti ve ¢sHupiny calpulatph cenfficiqng getimatesa fTha rate of soddficiont pwdate gletermpiaesf r equency

band. Ther&:%:&’ﬁz%r n&x?@fnﬁn&&y%n&‘%&ﬂreréeﬁ’ée BECEb&TSemNR &BLiABIAS of the! N- Band
On- Channel (1130 DAB systens using orthogonal frequency division

mul ti pl exi bag mdw ANVERTRIORtes rileprndime dam keowigden oA the distortipgpect of the

i nventi On,mééﬁ%ﬁn' 5. Br PMbHeG. & 63@‘89@91% Of sePhichtBiyd. “ﬂss@'s@@%}e EQeHpoi se ratio
(SNR) for a plurality of carriers nodulated with digital inforfation, such

di gi tal i niherpIetEdhy ioffE¢ng@i ng a data sequence and a training sequence,

sai d nethod conpri sifge Rglf&gos%a@mrsaiB@%ﬁge@greﬁﬁlgdéalﬁsmtm oPhne carriers;
determning a first SNR estimate for said data sequence; determning a

second SNReéalt perdels. f Whens alralliy regded ngoddgfisandse; usahd exhenerd zeceigebi nati on of
said fir Stpeﬁ!’ggnance may be possible when the received SNR is used in the trellis decoding.

This is especially true in OFDM systems where the SNR for some of the carriers may be
much different than the SNR of the other carriers due to frequency selective fading or
mterference that affects only part of the frequency band. Therefore, there is a need
for accurate SNR estimates in In-Band On-Channel (1130C) DAB systems using
orthogonal frequency division multiplexing.

SUMMARY OF INVENTION

In accordance with a first aspect of the invention, there is provided a
method of estimating signal to noise ratio (SNR) for a plurality of carriers modulated
with digital information, such digital information including a data sequence and a
training sequence, said method comprising the steps of receiving said plurality of
carriers; determining a first SNR estimate for said data sequence; determining a second
SNR estimate for said training sequence; and using a combination of said first SNR

estimate and said second SNR estimate to produce a third SNR estimate.



estimate and said second SNR estimate to produce a third SNR estimate.
24December 2003 3a I n accordance with a second aspecjy§f.ehb& 2ofvention,
there is provided an apparatus for estimating signal to noise ratio (SNR)
for a plurality of carriers nodulated with digital information, such
digital information including a data sequence and a training sequence,
sai d apparatus conprising: nmeans foryreceiving said plurality of carriers;
and nmeans for determning a first SNR estimate for said data sequence, for
determ ning a second SNR estimate for said training sequence, and for using
a conbination of s timate to
produce a third SN&‘%?%?%%%gﬁmﬁaﬁgégo gnggﬂai Kﬁ ﬁg@g spdg of the

i nvent i on an tapparaus @rmematdedSIgml tappias atios(SNG) f@stal praalitygofséagivad - t 0- noi se
ratio (SN C th i

informati olg)r?dmg%g%” dgé{ n?&(m C?Iph%tl d%ﬂ nc qﬁ%t%? autdygba%a 4 %ﬁ%flzer ai ni ng
baud, sajand a@pmmamger@gmdnmaw@us campiisipgy merprfor reaiing g réumlaty pfurality of
carriers, S [ f ?Nﬁ dat a baud,
and for dé?‘@?'?ﬁj\%dnrgéagggé &{ecpt' BE'I%% f%g gt:]gl grtn?tglfénl{%gd audﬂf qgé{mg?ﬁgar ator for
conpar i ng deterniiningta eavend SNRaedinfater & BiRtraining Sau@cse@dnﬂtr SRzt ©

predeterm 1 : first SNR
nd sai d SoranaRaRRMERCout i ARt SeoRfRL RIS 1o

00/ 79710 PSR ayd0®£17171 4 In the preferred enbodlnent the carriers are
processed 10 Pip6RAaRE wift WAl ARkt Sl PHbenlil, uRACH xg,ldle&% carriers, and the
equal i zcr output I's processe produce a Sy ecli sion for each of the
carri ers. affmeatesqfondsiimetingsigngldo-npise mtib (NOtfeth plinlnof ¢reriaymbdilateteci si on when
a data baygq,i and the
Firat i apdaRERmEaR Aobb gt iR Bat bl ldh bl RE QiR fua?0" 1o
equal i zer S@Iéamtatusgompwgs@lbmplad@re‘dcefwmm}ﬂniélddﬂbpfnarr@@ ar 8NRi ng data when a
traini ng and the
second dif’ Pj’e%%g%]]cfgr%ge ﬁlenleﬁgi %ggg{lpfgy&% &tastgg(ggq‘aﬁ)gggcto g %yes]ﬁenate The

i nvent i on SAiRsfor @mmp%@eé atd@@perp@rﬁarbwaomg ptdersoonk oéspirkkimsySNRO recei vers
that utilipf@sdNC.HRAKR BRldaadmiR ebdon BireRRA AL WiediRBbnciFSligr e Lhe above

met hod an eque y receivers I nc pparatus. BRI EF
DESCRI PT! &t SNR P sqhiRmped@IR based on said comparision.



The invention will be nore readily apparent to those skilled in the art by
ref erence to the acconpanyi ng draw ngs wherein: 15 Fi4Dé®mberi280R

di agr amrat W@ 00FFpr esent ati on of a prior art conposite aalEsgyivhiand
digital broadcasting signal; Figure 2 is a block diagram of a receiver that
may include the SNR estimation of this invention; Figure 3 is a functional
bl ock di agram which il Iustrat es the opef‘ati on of 20 a denodul ator and
adaptive equali zer l.{SI ng e SNR estimation nmethod of this invention;
Figure 4 is a functi %H&Ipr PRk e odigRentn Ui FETETS pIcUPGessed o produssstnhod of  SNR

estimati Onethalliehloﬁtphﬂﬂﬁ%tlﬂﬂf tiNEhriter€) n@ She QD& A N PLaus; ghow ng the
power spectr densjties .of A 25 mterferencears&cénar Fp%s fgﬂ] I n- gbnd

on- channel P’H?‘bﬁe RlietsiaT & Feddttithycarighal ke smaizecewiput fesubiratwissed usi ng
the met hodﬁaﬂdhawoaaab&@fwﬁéﬂﬂ 5 dit Rl s QebeivEETAbroRe .'?IJe%\J OF THE
PREFE %ng}iv& S Thf ybrid in-band on-channel IB Igital audio
br oadcast i H"S 894 s sy & ?ﬁ"?@e GIngi sy sgnEed,to R"P%gﬁlfg%h éﬁ’lm&tﬂal"ﬂg and '
digitally ammzéedutgmctb Qlso 3GbtER FHom | Bdét%l&@%lﬁ%aﬁm Ansm tted
signal inc ges the current anal og nal, bandlimted to an audl o]

bandwi dt h AHGEEVS & P m&ﬁoﬁeaq“&.deféqm%wlvwgd theagcond differedcatninet 15 kHz

from the AMsqarddit@prodidd 236ldhd ERR eb@ndrb.ansm tting digitally WO 00! 79710 5 24
Decenber 2003 .PCT/US00/17171 encoded audio, the digital carriers also

periodical |y carry KABVRAVEIHP, alsg| fepmpassssaiha ongratien fieradie. frEChJescb’

br oad@ast i Rgeilers BRCANRE HRNBIVDMchbANS Wit dsNgpiarild &hiﬁéﬁo}q@ QLMY way of
a plurality of orthogonal frequenc d|V|S|on nodul carriers,

some of whAFbed %ﬂdéa%ﬁﬁﬂ“é'?fé(de‘ieﬁ-eﬁ inslude theapraretyshe anal og AM si gnal  and

are positioned 5 withi prifepERERIFEONGETAR DEKENGHe Standard AM
broadcasting signal has significant energy. Ihe renmining digital carriers

are nodul ated bot h (THE iemien sl bs Mokgreadily epraeent withase slrilleddn dleoy 1M si gnal

and are pogtddriedRhd cdifinPiRPBrabilde WakeRS the anal og AM signal, but in
spectral regions where the anal og AM si gnal does not have signi fi cant

enerdy. In the Unit&8USt Atied, dipgrameniis sepersontatfon gl bpviad edstompgsist at i ons ar e

restrict edarﬁgglm%ggéggrgp&dgysﬁggfﬁgpraI Comuni cati ons Conmm ssi on (FCC)
regulations to lie
Figure 2 is a block diagram of a receiver that may include the SNR

estimation of this invention;
Figure 3 is a functional block diagram which illustrates the operation of
20 a demodulator and adaptive equalizer using the SNR estimation method of this
invention; .
Figure 4 is a functional block diagram which illustrates the method of
SNR estimation of this invention; and
Figures 5 and 6 are diagrams showing the power spectral densities of
25 nterference scenarios for in-band on-channel digital audio broadcasting signals that can
be processed using the method and apparatus of this invention.
DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS
The hybrid in-band on-channel (IBOC) digital audio broadcasting
system permits simultaneous trﬁnsmission of analog and digitally encoded audio
30 signals in the same channel. The transmitted signal includes the current analog AM
signal, bandlimited to an audio bandwidth of about 5 kHz, and digital carriers that

extend about +15 kHz from the AM carmrier. In addition to transmitting digitally



within a signal |evel mask defined such that: em ssions 10.2 kHz to 20 kHz
renmoved fromthe anal og carrier nust be attenuated 2dDtR@bér 2863 dB bel ow

t he unnoduW&xoe@7t@nal og carrier | evel, em ssions 20 kHz #gABO/RKH2 renoved
fromthe analog carrier mnust be attenuated at | east 35 dB bel ow t he
unnmodul ated anal og carrier |level, and 15 em ssions 30 kHz to 60 kHz renoved
fromthe analog carrier nust be attenuated at |east [35 dB + | dB/ kHz]

bel ow t he unnodul at e nal carrier |level. Figure 1 shows the_ spectrum of
an AM di gi tea%%sﬁaiad P g*lf?né%@g‘gﬂﬂ‘?%@als%?eg'wgicalbfcwt PEn fHacalied g tiving i | i zed by
t he presentsedubig@nThie roatibstiey it QedoRiplieedtystrdnsRitind QighMdeaBRRGIUM of a
st andard broadcas ing( afnﬁtbit% nodul gt ed signal, wherein 20 the carrier
has a freqdvéﬁ8§a8 rify ol-prigo %QHP%V F&qraaduiaed (OFPYYSATSE. $3M6 t em
nunber 12. ofh@ichREMnoaNaEDInFuadraReRRE ¢ Mhlod A@@rsi.fﬁﬂ Al afBfRiteREd | €r s

Hz. A first group of

spaced_at f1, = 59.53 1061(131072),. Qr out. 454 F IS
twent y® f our” '%‘f“ Wﬁépecﬁiﬁdf’gt’%ﬂ Y"f}ef Lﬁt%{'fiﬂg ‘@2?’!“?"5?@“%& de3bhest SIPHEAW t hin a
frequency lasgly. eRieaasibinig g dabters are kddhiibled b6th(ih Phase ded fnlquadra@yd | | Ust rat ed

by the envel.ope | abel 14 in Figure 1. Mst of 25 these signals are placed
39.4 dB lo \%tg%g}??qg Isé'i?@: "‘“Sfa“’tg‘FFE'tlﬁ’ﬁ?fjo’&lﬂ’%f"é‘lf hpmrehisthepoaleg 4Mal i n or der

to mni m zeigasipbatinbfecitdlrbgibliovianaine GnAbE AMIEBRhal d6¥QRS bl dsidnindaty t her
reduced by encod{nng {‘]hi S di%i thal information 1n a nmanner that guarantees
or t hogonal FESFEi e Huited SISy MARMIBIPET o M brendsastipgydations aedestrigte i s cal | ed
corfp: mn% arwccgmz e&y@' Ah @iédes_eal mmr]g@laﬁ@gumﬁﬁ’_@gn @QGPI{%HEBB@% 1Q°|5K, or 30
conpl enent ary. 32 . nd is pore fully described in the previously

di scussed MR %ﬂ@@é%@grl%&@eﬁedms?h Baygnisgoes 1ok pEhen PBPEK

modul at i on fiofr MRTHNAWE darrien miultehd ARALIDS bt RhQibalB 66K B uRRbduidda 2 f. toO
facilitate timng .recovery. These WO 0&{9&79710 6 24 Decenber 2003

PCT/ US00/ 17123}38 £3pier layel, epigsiqng 20z, to z grmaveg figpicthe applogewaer carri er s

in this fimbakt 5 etpuiiay s Bast @Y AB belw 1R%urtnddBGtaNHa1BE SaiRAWl At g usi ng
conpl ?rrent ary 32 |:%Mfor the 48 and 32 kbps encoding rates. Conplenentary

8 PSK hodultssighs P& ke &y0¢ kHe s5mqved fropthg angog saswer myshbe attenupted ik o (fO - 2

f,) and froums(BHam +Af DA beloW tite bknddblatddhalbPeanké 1kaps encoding rate. 5
For all three encoding rates, the carriers aé’d‘&rﬁgﬁ#blz f,) and (f0 + 12 ft)

carry suppl enent ar yFigsteal bRy spectivpyol ar aydipnbrasdensticg y 32 QAM
Addi ti onal sghauRs e thr Gind B wtlREd bPhS pRkE RLAREH. QR @FebR&nfsihst Oroup.
The need for these digital waveforns tpo be I n-quadrature é\n th td;]]e anal og
signal is magmtade spectrum of a standard broadcasting amplitude modulated signal, wherein
20 the carrier has a frequency of fp. The FCC emissions mask is represented by item
number 12. The OFDM waveform is composed of a series of data carriers spaced at
fi = 59.535 = 10°(131072), or about 454 Hz. A first group of twenty four of the
digitatly modulated carriers are positioned within a frequency band extending from (fy
oo 12 fy)) to {fo + 12 f;), as illustrated by the envelope labeled 14 in Figure 1. Most of
25 these signals are placed 39.4 dB lower than the level of the unmodulated AM carrier
signal in order to minimize crosstalk with the analog AM signal. Crosstalk is further
reduced by encoding this digital information in a2 manner that guarantees
orthogonality with the analog AM waveform. This type of encoding is called
complementary encoding (i.e. éomplcmcntary BPSK, complementary QPSK, or
30 complementary 32 QAM) and 1s more fully described in the previously discussed
United States Patent No. 5,859,876, Complementary BPSK. modulation is employed

on the innermost digital carrier pair at fp + fj to facilitate timing recovery. These



elimnated by restricting the anal og-AM si gnal bandw dth- The carriers in a
second 10 and a third group, enconpassed by envel opeX D&cabs 2063
respectivehooomeobe nodulated using, for exanple, 32 QeMfab ke 48 and

t at

32 kbps rates, and 8 PSK for the 16 kbps rate. The carrirers are se

| evel s of -30 dBc for all encoding rates Figure 2 is a block diagramof a
recei ver constructed to receive the composite digital and anal og signals
of Figure |- An antenna 110 receives the 15 conposite waveform contai ni ng
the di git alcagifes #R&HaY2 Evgrdh2s dind Adhetbesatriess iaitgnfilst fRug RARENEipnal i nput

o Tixer and e ) ooay e A e O MR R S s
produced byencedieg 1apsutCostingestaon8 PRenddulatioT Isiwed o exrfediraighof f@guency -
signal is a 0 I a| trol circuit 116 to an 1/Q
si gnal gene(?}a?g?glt% 0 gg&iﬁe ngg?t&m &‘bjéﬂleﬁg@&heﬁpg‘:}i%%ma’f‘ﬁaﬁphase

si gnal 2 on Iﬂonélllgmeeaﬁd:0éjnquatd$,§thurca'riesi gned -oiz h) nad XB2+ 1bhe) icanphase ;
channel Outsﬂwleﬂ&tﬁﬁﬁa%@mhg%énﬁﬁ ugattcPusg‘}%gﬁ%SIeo -to-..digital converter 124.

Sinmilarly, the quadfature c ut pu nigny 32, nput to another
anal og-to-digital coAvéitioml gaps offdigithh aakers agnadcsd emside BRFird2Ro@Nd 122 are
used to co R, i in control circuit, _116. The signal on line
120 i ncl udepits}“re%eé E(g tg‘lf%l% k&la‘ge?ég"ﬁlgﬁo\R/ﬁi"é"ﬂmidéat’érgﬂmha&‘ﬁ&“ﬂﬁﬁ siggaliif | ustrat ed
by bLOCkliiwﬁgwwfd@ 1h¢ama_dngt@w:igtaatg@dﬁ:4ilih_amﬁ% sab&egwﬂaédoxdl Z g a )
speakeg r. of: . An_optigna ghpass filter may be
used to fil t‘gra {'ahe Frﬁgg’hgééémg%\éﬁgﬁeeﬁf’go‘%ﬁ 19 Al ?gsf PSeEYElmitar Bet he ener gy
of the analmgiuaddsispgafor axmhple 32 Q) AMifoletha 48 khd 8F RhsThigf)ahd 8pski A 148. | f

t he hi ghpa ' ..l Smpot._used S| n 30 1line_ 148 is the sane as
that on Ii ?\%’ g@ﬂ’ﬁﬁ%:ﬁ‘&f&?ﬁ‘?ﬁé T&%%‘@Egﬁ?\’aﬁl@s orfer g gredine ratesgnal s on | nes
148 and 130, and proBigoes? ut blotk diagmal 6f ©FeckivBieGndtadted TH8SQIRULP UL

signal s ar d;. equal i zer, 156 _.and to a switch 158. To obtain

hi gher si g%ﬁ?‘??%‘%\ﬂb&%éfa"%f‘% ° Sig&a‘bé’i%r}%‘gf’ 12068 antenpp UdBorecves 1theoi se

rati ob ( SNeRpmpegite wagefonmpingairing theylighal andanslog §ifodnd paskPut §iﬁBQrio pairs of

conpl enent riers, are i.ned. The qutput. of the switch is sent to a
deinterl ea@?%&ﬁ@lgnraz:mpkl t Sg?ﬁ?s]ﬁ girzbv%f" TEY Eﬂdugﬁrarré P fsAUHEY: BErsflect@aar n or der to

i nprove damplifie egmitey.andhe laul puthiladdr. t A& HeInRESRE ERMAEAC OFi Wi dserror

correcting_ci it s 5 passed to.a source decoder 166. The output of the
sour ce decggec{u&f%s&ﬂéqeavggt %@ges c?f'(r)!lfﬁi f1416 hig dntergedistes Gequerey sigrad iglel ay of

the anal og passgtheirouh ahhatoiradit) gath icbfol @1kt Di6 to an 1/Q signal generator 118.
20 The I/Q signal generator produces an in-phase signat on line 120 and a quadrature
signal on line 122. The in-phase channel output on line 120 is input to an analog-to-
digital converter 124. Similarly, the quadrature channel output on line 122 is input to
another analog-to-digital converter 126. Feedback signals on lines 120 and 122 are
. used to control the automatic gain control circuit 116. The signal on line 120 includes
25 the analog AM signal which is separated out as illustrated by block 140 and passed to
an output stage 142 and subsequently to a speaker 144 or other output device.

An optional highpass filter 146 may be used to filter the in-phase
components on line 128 to eliminate the energy of the analog AM signal and to
provide a filtered signal on line 148. If the highpass filter is not used, the signal on

30 line 148 is the same as that on line 128. A demodulator 150 receives the digital
signals on lines 148 and 130, and produces output si gnals on lines 154. These output

signals are passed to an equalizer 156 and to a switch 158. To obtain higher signal-to-



time align the analog and digital signals at the receiver- The output of
delay- circuit 168 is converted to an anal og si gnal 2hecamtlerg003l - t 0- anal og
converter WO@FHl%roduce a signal on 162 whi ch goes toPCHRUSENIIPUL St age
142. Additional control features are 10 provided by a node control and data
synchroni zati on processor 163 and a nornal/training synchronization bl ock
165. Mode control and data synchroni zaton processor 163 processes the
control information ﬁg? determ nes the audio encoding rate and the
boundar i es "8¥° {/H9Si (RNEY 9 ihrJommplrmentary, FareetA+ tha i Fiitneuteysn dorr p#irszef i on bl ock
det er m nes cbiplehenta®Cinies Badembitied NMHeNBlpRAYAHOT svdich @1 fhNG Raud. ~15
Figure 3 is a, functi-onal b% ck (‘dlia ramthat illustrates the operation of a
denodul at ofePISHERTE SH0L A8 {4 eV CPTREHON 885005 146 df PSR ESIHITRYS t he

present i @e@nibicoity. The: ahpltest thorttriedRrRewas @ftol QortRAhd lretin &

convergence factors of gn .equalizer to permt rapid response to channel
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2. The wi né‘éW’ Ghtf HMER 8255 P i R cWRRtFtagR d 62t Hlddiopaticantrdd festings grer emai n
or t hogmnal pravidedt by €AShodt Neonkar kin@ Sddd sPRARRBANGH Ikt RBPNG 3t %@ d;ll gi tal

e

carriers is s |. enough not to inpact System performance. The and Q
si gnal s ar 8OSAYERAPES; SYRArézation biork &ty Mode comiohiand dats sichronizaigbneach baud

i's input te@rcBsshiFile3CHrbeeet tPﬂeﬂ:%ntrlenﬁ)@:ﬂﬁidﬁaa%@%eieﬁniﬂ&ythpgucﬁg%ﬁmdﬁ%eous to

performthe w nslowi ng and guard band renoval operations prior to processing
by hi ghpa&¥e @ng iRy baupgarieprd G ipesr dnterlenven Rlermplfiaiinen synshnigationd i nt er val

removal 30 blick QeterdnidetGf 18E Rcbitditand Qatd%ﬁnﬁlﬁlud]tyr%'traiﬁ' Hakg put of the FFT is

i nput_by way of lines 154 to the coefficient nultiplier 174. The

coef f i ent mul ti pl if88urgdjssstuactonsl bieeksiastecthatiHestiplsa the optrationeofdiat a f or

each di gi t abméduldibel5¢ nd GRARSAL CeqhiRlizeL N8O 0E oSt dR6S S 710 8 24
Decenber 2003 _PCTI USQY 171715}?raﬁe§m tzfer arlld a?ecé‘?ve?”‘#‘?/%%%gﬁ and ot her

factors thtveptgs Ihs ShR ssHwatsn g beuersd naontghtis sowveraches fagtori ofeah di gi t al
i nfor mat i 0Bqualité@ t6 GREthik GApRD tesPdilst kd bhAhelOBhRAE whin fﬁN’tkois h%k&ds yrbol
al wa

deci sions, which determ nes the constellation point t sStransmtted.
Processor I9RSes @gaish8eisqihemthe SNRs Iow. efylserths SR estimatesonan belubest | on poi nt s

was 20 in the error correction processing to obtain improved performance. Both in-phase (I)
and quadrature {Q) signals are provided on lines 148 and 130 as inputs to a
windowing and guard interval removal circuit 170. These signals may be provided by
using down converter elements similar to those shown in Figure 2. The window
should be applied such that the digital carriers remain orthogonal, or at least the lack

25 of orthogonality among the digital carriers is small enough not to impact system
performance. The 1 and Q signals are synchronized to the transmitted baud intervals
and each baud is input to an FFT circuit 172. In some cases it may be advantageous
to perform the windowing and guard band removal operations prior to processing by
highpass filter 146. The outpuis from the windowing and guard interval removal

30 circuit 170 are input to the FFT 172. The output of the FFT is input by way of lines
154 to the coefficient multiplier 174. The coefficient multipiter adjusts the magpitude

and phase of the data for each digital carrier to compensate for channel effects,



5 transmtted. These decisions, along with the pre-equalized constellation
poi nts and the previous values of the equalizer coeffhaiebir20ed e used to
updat e t hewequakriozer coefficients as illustrated by bl eglukddhriB ock 178
can utilize a known algorithm such as the | east nean squares (LMS) or
recursive |least squares. (RLS) to update the equalizer coefficients. 10
This invention is particularly applicabfe to receivers that use trellis
coded nodul ati gn and nake use of the SNR of the information at the input to
the trell MaisHBETIRE recqingr fiiepaptand Aihen Bcioselbatocanefiba dhd magditudd atdvo
estimates @hast BethSNBSived @ikicd Rfof@ibh € Thc { QEIRM Lol tal .audio
br oadcast i g system are cgl cul at ed, hoggc édt%gzcgcci‘ on p%gg?"t[c“éi'sv‘és 48 gitally
encoded aulT26e PG frstsians Which dstremings by constelingonHint eeivesthrsmitied] Ng .
sequences. PlaessHOT R detdrindel SvHipCofOhe . lis, Shosen and used
to peLﬁf orm h Bgt heses testing for tytﬁ@%$ﬁ§§?‘?;@éﬁ§€"§%gﬂ‘é‘5.‘8%5 and
possi bly frﬁ% N&8- t Hissedecisinnsedlongowith she nrprequnbices ecbtetkdion posttd al es can be
used in t el irélibisSvall8 CIURE cqubliger W ickeils! ADN SRl LA E A, L0 Be used
i an 0 *Uni tga Sl

to set the canvergence factors in equal I zer. ¥&s Pat ent
Nunber 5, 55Ffgapityesipstmesd Bnblogh 4. oplock J@B xan afilifeor kaswrealgatithmer havi ng

an equal | zelhaoelal Ak WBNa RIA0ANLAN. ITAE o BLETERL LygiLi,on enhances

the operation_of the equalizer and equalizer coefr] 84 al gorithm
by esti nat FHGliFeREctgReds i ||l ustrated in block 180. Block 182 illustrates
that fighe SNR esti matgs AL&tids 88 ohBcfsl lizer, convergence factor.
25 The SNR estimates can al Iso bg uged]%Jgéqll{rcrpgbﬁ%\?(glg%ﬁ'é'elﬁetp?to‘fsﬁdﬁ E of the
error cor Fed mnquigtiorr ardsimpl useraf dhe EYRrafcthe dnfotfation usde imanuekiet i onal or

Lurbo_codegeingocotdrehld ibv A8 thelfBL ALAOR AL AR NAIRLES, 0] 3 where the

SNR esti mat es can.l;e_use to 1 nprove the error cor TEE 8 rmance. As
shown in Fiogifeesarpers iy a ORDAG digiiel pusdio boiivastitg syateasart rcaltulaled Cénel 80 ar e
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normal baud by block 165, the sw tch passes the cartiar L mates to
t he dei nt efera¥ssd Finias sequetep r Seemsierglidioaie dtlic SRR damenbr chd@dd WO

00/ 79710 P4l S 7Tl ihohSShann, kn Fi the_synbol , deci si on
i nformation and thpé13 ) equ}gjloi zsée(si %}Mg%gogR@;&gg}ﬁc&r{%ﬁe"&aﬁcﬁné"éa%%?f”%’@ estimte
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R g T R R TR o N U
an equalizer.

20 United States Patent Number 5,559,830 describes one mode of
operation for an equalizer having an equalizer coefficient update algorithm. The
present invention enhances the operation of the equalizer and equalizer coefficient
update algorithm by estimating the SNR as illustrated in block 180. Block 182
illustrates that the SNR estimates are used to adjust the equalizer convergence factor.

25 The SNR estimates can also be used to improve the performance of the error
correction processing. Error correction that uses convolutional or tutbo codes and
trellis coded modulation are examples of cases where the SNR estimates can be used
to improve the error correction performance. As shown in Figures 2 and 3, the carrier
SNR estimates from block 180 are mput to a switch 158, When the current baud is

30 determined to be a normal baud by block 165, the switch passes the carrier SNR

estimates to the deinterfeaving and FEC processing block 164.



5 subtracted fromthe synbol decisions, supplied on lines 188 and 190, when

a normal data baud is received by closing sw tches 308eafmBerk8d8 or from
t he knownworoasevitng i nformati on, supplied on |ines 196 mmmwsh@Bi7iwhen a
training baud is received by closing switches 200 and 202. The result of
the subtraction, which is the normof the vectors a and b, is squared to
give an estimate of the power of the nol se, as illustrated 10 in bl ocks
204, 206, 208 and 210. Note that when -the synbol decisions are correct,
such as will be theAszbewpnanFigNs elig vawosKreisien hﬁfgﬁnatlphem\dnﬂier mat i on
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Fol | owi ng Iowpass filtering, the normal and trainin ésti mat es
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20 power estimate. As shown in Figure 4, lowpass filters 212, 214, 216 and 218 can be
used to smooth the SNR estimates. The parameters of the lowpass filter can be
adjusted such that the lowpass filter bandwidth is decreased as the number of SNR
estimates is increased. Following lowpass filtering, the normal and training baud

_ SNR estimates from all carriers are input to a hypotheses testing circuit 220.

25 The hypotheses testing circuit 220 processes the SNR information,
determines the most likely interference scenario based on known typical interference
scenarios in the AM band, and can improve the estimates based on the most likely
interference scenario. One of the most likely scenarios is that of second adjacent
channel interference. Figure 5 shows the spectral overlap that occurs when a second

30 adjacent interfering hybrid digital audio broadcasting signal 222 that is lower in
frequency is present.. As can be seen, the digitai carriers from the interfering signal

222 overlap the digital camiers from the desired hybrid digital audio broadcasting



sinmul ated. The test processes the SNR estimates in tw groups of about 10
kHz, with the two groups extending from about -15 kidDécembdr@ut3 -5 kHz and
about 5 k Hzvd @s7p71@bout 15 kHz to detect a second adj acerg.m%s%% n that is
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of the analr&gégnrl g Hégrne %/:‘S o A gﬁeﬁtf"i"ocﬁ’e”lanéhaéc?(‘?‘é‘ﬁst ¥yen of firshiadjagewpr oach i s

t hat the B@t@rﬂmoﬂmbnﬂ laégitdli gndicﬁjbroﬁ&ﬁmng&@niﬂm@ i9h@se3D OBt cansdthizc a0y from
the i nterferlémgléa]M carrier will be higher than for the digital carriers

| ocat ed nedr Ryt FEFE"W@ +AR/I"H?&WF@ra figsh pdiaprat M@ﬁwpmrdabc densiti es

f di f f er ésta b i s o c (2 n 2003
P(c):_rr | U|§9 Oi; te&]\mab 4ri08 5f digni fSdahi én@fgy V¥ QQéc?n%Fi%Qa: i]u:l' &ﬁd g@& Hb g a

mdlcator of the presence of a first adjacent station. In addition, if the SNR estimates
for the digital carriers increases for carriers that are farther from this location, up to
about +5 kHz away, this would further indicate the presence of a first adjacent
interferer. Also, the SNR estimates for the digital carriers about -5 kHz to about 5
kHz from the desired AM carrier could be averaged to determine the presence of the
25 digital portion of a first adjacent interfering station. If a first adjacent interferer is
determined to be present, SNR estimates for the carriers near about £10 kHz could be
calculated based on the SNR estimate of the carriers in the regions that are about 5
kHz away from the interfering AM carrier and knowledge of a typical spectral slope
of the analog portion of an AM station. The advantage of this approach is that the
30 SNRs for the digital carriers that are about 5 kHz away from the interfering AM
carrier will be higher than for the digital carriers located near the interfering AM

carrier, and the power spectral densities for different AM stations is similar.



Processing in this manner could inprove the SNR estinmates in the region
near the interfering AMcarrier. As described above24 Décetnbg 268 0nd

adj acent iwbetfeieer, the hypothesis testing could use patasdoiesirai ni ng
baud estimates if the data baud estinmates are below a threshold. 5 The
carrier SNR estimates are used to control the convergence factor, or
adapt ati on constant, for the equalizer Update al gorithm Each digital
carrier has two associated equalizer -convergence factors, one for nornal
baud and of&cEHing mrihisnaygerneuld. inPrve dbpuSINR zetimateseihfthe reidnsnaaathede updat ed

using -an ahEQLNNSLERe-aSs 48Rk TEAR 1%9%@rs§c§)n§ La%g%ff.rll?rimgr cur give |east

squares (RLS). These algorithns have a 10 paraneter at contr of%s t he
response t iny¥pothesisc Iealing pE Mameely Benwiningiheud Eaistatesr Esthoniam, baok r espondi ng

to a | arge GapMer HEDGE hakiRsg. permts rapid tracking of channel
conditions. A slower response, corresponding to a small convergence factor,

al | ows’ nor e robust pErf@micAtR dshmatheapnesidncentol thegicseergehse Semnn i n Fi gure
3, the carfi)gfhmdR c@ﬁédnﬂ%ﬁﬁme%ﬁ@al#&%d&@ a?%ghlﬂﬁ'f.. Eg‘cﬁeﬁé&ﬁ?{;'@%@{ Hconver gence

factors. Wien the 15 SNR’estimate for ‘a carrier i§ T f5h, its
conver gencéwé gstogiated agquplézet genyergeizefacioguahé fer nomef bl ent onpdat e

al gorithm rgli Q . . .si.on.i.nf ormatign. ., Because t he
synbol i nférr‘rﬁ%istgnai gﬂiﬁmzeﬂéfé@@ég ??JrnZt%enJIBﬁith iR analearitam SUch 95, er gence
fact or can liset mepmdqhases E-ME) 0F reguisixe thastisquurdsgRLE)0 I Thake danriihiberauese t he

synbojq deci,gj | j-abl.e | carrier, SNRis |aqw._ The use of
this 20 qugﬁaﬁlgg \Qfééénc\?gt?%se%eks %dg?%rt&acdtjfouésﬂgﬁ%'?ﬁ c%af"ﬂ%r?(}“ﬂﬁﬂoﬁt ﬁygﬁ‘he carrier
SNR est i natesporskgeriespimdag tdes dargcheaveaigove fhas, lpereritsstapidntrdckingestul t i n

i nproved p 8 _ OV t uti.lize a constant canvergence
factor or gg&%{% ﬂg‘g"%yg’%%lﬂ‘gg‘?éﬁ’fq‘gss‘? t %})%Sqogdm%éotal ¥ lecoflﬁeég%?"’(‘ff‘”’t he digital

carriers. laHownmatetrebyshpérioomaned anlibmprisenca ofmiitei matshown iwFighies, thio

si gnal -t o- Qi ' ti LR to form si gpal -t o-noi se
ratio 25 e@?’}“ %%_Ig:ﬁte%lﬁ?eg&rags%‘:ﬁong St g%z?l -a?l %—r fol S& Y5t f"goré's%\‘?ﬁtﬁ_ée can be
used 1o cofiNFotstiats focoraymar gemetat vilnbigbsitsanoversed: fhdtot daa bellarge. TR r ect i on
processi ng. LS J j rovi-ges system for. estinati. SNR and
adaptivel y eq%%%l dlogé‘fﬁg}l%‘%ragﬁﬁ%\éb gﬁ]ereﬁf)s Ul Sred S%H%acieflﬁ’log “(E}?ﬁ'i‘att’gp' audi o
broadcast $Hegmat -the¢ psyithel ifformepgion nig kpeoi fforc adchonaiaimgt bivd, pr afiger ed

Wi be unadrsagr B vl L by S hon Bt Bt B hesBine i i thi n ¢ he
scope of t lsgmballdeoisiong) will abivee rQidblDef drbarric? BBR Aol ATNSuse of this
20 equalizer COnQergence factor adjustment algoritim with the carrier SNR estimate
algorithm as described above has been shown to result in improved performance over
systems that utilize a constant convergence factor or do not use hypotheses testing to
estimate the SNR of the digital carriers. In an altemative embodiment, a combination
of the two signal-to-noise ratio estimates can be used to form one signal-to-noise ratio
25 estimate. This resulting signal-to-noise ratio estimate can be used to control the
convergence factor and used in the error correction processing.

This invention provides a system for estimating SNR and adaptively
equalizing an amplitnde moduiatgd compatible digital audio broadcast signal. In the
foregoing specification certain preferred practices and embodiments of this invention
have been set out, however, it will be understood that the invention may be otherwise

embodied within the scope of the following claims.



1. A nethod of estimating signal to noise ratio (SNR) for a plurality of -
carriers nodulated with digital information, such digibakmbsi2003mati on

i ncluding a data sequence and a training sequence, said method conpri sing
the steps of: receiving said plurality of carriers; _ 5 determning a
first SNR estinmate for said data sequepge; determning a second SNR
estimate for said training sequence; and using a conbination of said first
SNR estimate and said second SNR estimate to produce a third SNR esti mate.
2. The nethod of claim1l, wherein said step of determning a first SNR .10
estimate for said data sequence conprises the step of estimating the noise
power for said data sequence and nornalizing the data seqguence noise
pover; aldAMErein said step of deternining a second SNR estimate for said

training sequencq COWQHeﬁ:@@ of 8maingRigAA 16 DbikdRlid RN 6 d“ﬁ’lhﬁﬁryl%?’""er for
said trainin ce and . normalizing the training sequence noi se power.

15 3. Thé %5 Wb figital mfPﬁ?ﬂfleéﬁUCBSlﬁﬁ?‘ Tdfprigtienpeluding3 43R sepeensey t he t hird
20 sai d tahd 4 €eifiiRe@fhdelgaidenchhas &sinpiiking@e deps@ppar i son step. SNR estimate to
control a conver gence factor in an equallzer 4. The nmethod of claim1
wherein the step S?Ed@$ﬁﬁhg “H4¥Fon of said first SNR estimte and
secofid SNR est i matlgerminirerafan SHR estinare facaid dat sequenaf sai d dat a sequence
conprises the ste ol el d first SNR estimate
and sai d second SEI e@i“‘?g(#gmé%émmﬁﬁ&aée%%d é)sfe%u%ﬁgﬁ Accor di ng to

predet erm ned sel &drg anembinptios of wid faﬂéNB@thqangsquﬂ SHRiegtinfalertgt  SNR
esti mat e pRjackeS Uit SMRCRMAeSNR estimate for use as 5. The nmethod of claim 4,
further conpr|5|n the step of; 25 |ow pass filtering said first and said
second SNR esti mates p??d‘f'eﬁlf%"f Raimst. apreigin said siep of defgrmiing gt SNhe of said

firgo SN&tﬁ&tdfﬁﬁiaﬂcﬁﬁde@&icdc@ﬁﬁmdheSNBoeSdnhﬁﬁlgﬁhﬂdsb pAwP F&SEH dath hr eshol d
accordi ng dete ction criteria. 6. The nmethod of claimb5,

further c mrcl s mm% jan eedaﬁ‘s PR YU r?&“"‘fﬁ‘?é‘ bandwi dth of a | ow pass filter
(212) used in sai d/hbrgwspas-'@foﬂ deerminige a3@catl §NRasstimddi for enidkraiihiR est i mat e

determin %é cBih SEQB-HQ stelgéf %&gmelﬂe %8% 010.%1' zdr SIH q‘ra%%mgcgiegc]; a(;iJi aim1,

further cohprising the s
normalizing the training sequﬁnce noise power.

15 3. The method of claim 1 further comprising the step of using the third
SNR estimate to control a convergence factor in an equalizer.

4. The method of claim 1 wherein the step of using 2 combination of said
first SNR estimate and second SNR estimate to enhance error correction of said data sequence
comprises the steps of:

20 comparing at ieast one of said first SNR estimate and said second SNR estimate
with a preset threshold according to predetermined selection criteria; and

selecting one of said first SNR estimate and said second SNR estimate for use as

" said third SNR estimate based on said comparison step.

5. ‘The method of claim 4, further comprising the step of:

25 low pass filtering said first and said second SNR estimates prior to the step of
comparing at least one of said first SNR estimate and said second SNR estimate with a preset
threshold according to predetermined selection criteria.

6. The method of claim 5, further comprising the step of:

reducing the bandwidth of a low pass filter (212) used in said low pass filtering

30 step as additional SNR estimate determinations are made.



processing said carriers to produce an equalizer output for each of the
carriers; and processing said equalizer output to prodbeemberd9dbol deci sion
for each of the 5 carriers; wherein said step of determining a first SNR
estimate for said data sequence includes the step of subtracting said
equal i zer output from said synbol decig on when a data sequence is
received to produce a first difference value, squaring said first
difference value to produce a first internmediate SNR estinate, and
normalizing the first jnternedi ate SNR estimate 10 by the signal power to
determine the firdt Sl\ﬁeggfhﬁ%{t‘:&’m&?H‘W@P@?W%‘éﬁ%@%?ep of determining a
second SNR est i matpecésging sl drriersap piothge arseguleacapunior edk sf théearsdrep of
subtractipg said equalizer output from predeternmned training data when a
trai ning sequence is received to produce a second difference val ue,
squaring said seewaessiog fafdegquslicer optphiie produqsraoinnbel dacisercfoneach of denedi at e SNR
esti gat e,c,@Rd normalizing the 15 second internediate SNR estinmate by the
signal power to determ ne the second SNR estimate. 8. The nethod of claim
1, wherein said st@geBsaiderePhiisirnyging affrisNRopmate or sididatafsefuercai d dat a
sequence ik ble e SBuStERE Al cQfilideMBlthud Broi thie lsjrRsh AlRionVReR 3 dhpat s for
data sequences.in selected on 821(‘_01{' sal d pl ur,allt,% carriers lying wwth two
pr edet er FFHENC S BHUER P UG RSTStstfTerRnes: ﬁg‘?ﬁﬁ“ﬁ"ﬂ%‘“’ﬁl‘ fist diIrnge YIENR est i mat es
for the gaddacesdiudngesidaSNtesdmbteyand fidnedizag e fiod MdsmédatpSNIeGRatAN aver age
SNR,gst i o r tmating signal to noise ratio (SNR)
16 : : SI g . .
for a pl ﬁ?gq%lsﬁgalg&r%gcfgﬁngée?ﬁen%%u a etétgnn%'%dgdl gital information, such
di gi tal informati oferkinchidditepgofadettaniaing aqaend SNRapdinatet forisaid rginmgquence,
sai d_appakgabiss ifcRAR & kbPof &&mﬁidieamrfoq?u{ £Gf 'peldQnfidh q}aimngr ality of
carriers; and neans (180) for determning a first SNR est | mate Tor said
data seq&A®gen 3 BRningeauenes ihFeRgved ' Bediae Srndatifisrense xalye pauarifisdaidr aj ni ng
sequence secaftldiffertncd ¥hlRgtorodGeEl saednll Ger@édiateS SN eftintalel andaNBm@BbihgmEe and sai d
secqpd SNR estjmate produce a third SNR estimate. 10, The apparatus of
o it 9, ST Bl g RS e AP PR R 5 SR 1 oo SN RTBR | mat e 1 or
sai d data sequenc@. corffieinsd¢ed weahisn [, 20dein26id)steh @f desdingy 4 Age SKR noi se
power for & data.s normal i zi ng the data sequence noi se
power ; aﬁg&%f &%g%e%q%ggfg&i@g%;e%gﬂ@sai d neans for determ ning a second
SNR estimte for sHimgting inemedigte BFgesemaes foodr segencorsmmdec(cd®8ss 210) f or
esti mat i Bga biafié) ehdibs BRAYS i b pr&RlfhnihdadeqleRd bigAUENCE
20 averaging the intermediate SNR estimates for the data sequences in said two
frequency bands to produce an average SNR estimate.
9, An apparatus for estimating signal to noise ratio (SNR) for a plurality of
carriers modulated with digital information, such digital information including a data sequence
and a training sequence, said apparatus comprising;
25 . medns (150) for receiving said plurality of carriers; and
means (180) for determining a first SNR estimate for said data sequence, for
determining a second SNR estimate for said training sequence, and for using a combination of
said first SNR estimate and said second SNR estimate to produce a third SNR estimate.
10.  The apparatus of claim 9, wherein said means for determining a first
30 SNR estimate for said data sequence comprises means (204, 206) for estimating the noise

power for said data sequence and for normalizing the data sequence noise power; and



and for normalizing the training sequence noise power. 11. The apparatus of
claim9, further conprising nmeans (182) for using the4DeetmbBeradoBNR esti mat e
to control a convergence factor in an equalizer. 12. The apparatus of claim
9, wherein the nmeans for using a conbination of said first SNR estimate
and said second SNR estimate to enhancgserror correction of said data
sequence conprises: neans (220) for conparing at |east one of said first
SNR estimate and said 10 second SNR estimate with a preset threshold
according to pred m I Lon. criterig,..and. for selecting one of
said first SNR essklIh %1? esgiggndﬁﬁ %atlgﬁaest%ggﬁné asﬁﬁf?“gsst]\%n%r‘f‘@atﬁggegﬁfd&?mg’éi d

conpar i soRIu§ReE gompres mepws (H$p2idhfouestimhting|tieingisd ywef for saibirairhgpquesdeng: means
(212, 2140d Rk Rorm@i tle¥ainln@ WoBEeEndide bl N9 sai d first and second SNR 15
estinmates prior conparing at |east one of said first SNR estinmate and said
second SNR esti matlé  wiheRPRapEs 9f glaig: 9. fistherdemprsingceesniilBd) feraisive ddet er mi ned
sel ect i onhiet SNFedstiBate th4ontbhEcoaRBRh@ttitor A anchliz 13, further conpri sing:

means for reducing,the_ bandw dth of the neans for |ow pass filtering as

addi ti onal SNR esalz'mat © GRRAB S CheRm I whessin thgamgans forysinga comhinaionfr at us of
claim9, shidffitsh8NR eginmateiand it second SR (edtifiale © enAhGasSdoRectiombOka@atail €rs to

pr oduce aquu@r%'gAnin er. output for each of the carriers; and nmeans for
processi ng” sal qgual i zer output to produce a synbol decision for . each of
the carriers; 25 wsensdi) dxicdmpampst feest ode vesaid fiisn$NR eftiniagt anBNRdest | mat e

for waid s@k%hcﬁsﬁ@%ﬁu%%im:'aB&Lét'ﬁr?e%hdi@@c@&diﬁé%%md@t@@imﬁlg& SUPLaG! 1A9 said
equal i zer, out put from sai df g}éﬂjﬁg@dem sion T when & data sequehce is
§

recei ved Broselsrig pae ohs4d fi e spig) geond (DR esjmate ibaggd omisdidf i r st

di f f er encempamibdndtep0 produce a first internedi ate SNR estimate, and for
normal i zing the first . interned]ate R.estimate by the signal power to
determne the fi ré% si%‘ﬁé‘?pa‘?ﬁ’sf‘}d"?ﬁé‘@ Ig?ﬂhﬁﬁ‘t"@?“s“@e and wherein sai d means
for determ ning amsesd?id, SNR2Es Risydbelol QassSiliefng faai Mb@d ssB6SNRE | ncl udes

means, ( SUbt r i .Sal ual i zer. out put, from predeterm ned

15 92 De(% ge_lﬁggéerg 2"2366%&{&?@& Jr?uieﬁsggéga?qgmé ugﬂSNgg?sgré‘?tﬁ f"hdgsalgé%ﬂé%%:%‘gfsgg‘?tgcei ved to

produce aQ&Epret tirdshald wpmdinglpredeterinined salpgton ariggrisai d - second di ff erence

val ue to produce %.Se%ggpgaﬂ&;%ﬁ?aﬂh%,? moﬁﬁﬁéi%’?te’ and for normalizing
ar \

the second internediate R estimate by the signal power to determ ne the
second signal to P& dootefdycing: e bandwidth ‘of the means for low pass filtering as

additional SNR estimate determinations are made.

20 15.  The apparatus of claim 9, further comprising:
means (176) or processing said carriers to produce an equalizer ontput for each
of the carriers; and
means for processing said equalizer output to produce a symbol decision for
each of the carriers;

25 wherein said means for determining a first SNR estimate for said data sequence
includes means (204, 206) for subtracting said equalizer output from said symbol decision
when a data sequence is received to produce a first difference value, for squaring said first
difference value to produce a first intermediate SNR estimate, and for normalizing the first
intermediate SNR estimate by the signal power to determine the first signal to noise estimate:

30 and

wherein said means for determining a second SNR estimate for said training

sequence includes means, (208, 210) for subtracting said equalizer output from predetermined



16. The apparatus of claim9, said wherein the neans for determning a
first SNR estimte for said data sequence includes: neans (220) for
estimating an internediate SNR estimate for data sequences in sel ected
ones of said plurality of carriers lyihgg with two predeter rriﬂg b &ddENCY
bands, and for averaging the internediate SNR estimates for e data

sequences | d vvo f requency band roduce avera SNR esti
AR R SRR R e e e A A Y
of carscoadsiifferande vaberd pradibe dsegbrtdahtemm‘dmrmmm eftimasy el fdr gorinalizingtho seeahd on

| ud t baud, d t : i t
o T bR R Rl b B G B g e SRR PR B FP Rt oo i o

a first SNR for &aid "ﬁata@phausﬂof aaich 9,chiddelteadinTibainngnafor seeotitnShRirftaNKBai d
traini A abtao 2,0 aén%%“l or conparing at |east one of said first SNR
and saf secéﬁ%l gﬂf—% genh ISl mi ned selection criteria, and for sel ecting
one of said fi rsbeaﬁﬁ\R2a}1ﬁbr smndtlsgamm&nﬁéﬁt@mﬁdstmte ﬁ:aldata cappard i sokcted 8.
The ap wher e pcessor, esti es nOLse omer
for oamat L Sl Shmbrs Y8 PG BB BREERT ool =il Ruchitirof

power 1ﬁmnne§aatedSNR astnnamg fhathd data aaghenes imbadid os frdfqaertcyamnﬂsrtg phaluck amm&age
power . Sl\illgestlmae apparatus of claim 17, further conprising an equalizer using
a convergence “factor responsive to the selected one of said first SNR and
sai d second SNR 1720. A'maapaqapmfﬁteusnanﬁwgeigazilm-i&se s (NR) farangurality 0 caariers

combi zr{(?gduFa?ed W Ehoc? ?a] E‘rg’onna¥ion suchnda %{ P{I]'lf of %t?(gﬂ 1([:11(;11; nggséaéafbauc}ﬁncg gz%gfggg%tzedc On? SNR

to co A CohVBrgEhE e e oY us™o

cl ai ma]:ﬁaramm}mq]mmgai d corrpar ator corrpar es said first SNRto a preselected
t hreshol d | evel . ‘a ¢ appar at us g}y m 17, further conprising: an
equal i zer for pr 86’%%’&056“? g 3¢ aPr“ra C%mﬁrlﬁ’oduce an equal i zer output for
each of the car rangiNR px@n:dsca fotedetesiimimgpr foseSRO for fsaid dpin bawels sadigr Saerthining a
equal |S%Ce0rn Wt El11:‘:ptmr;) g a synbol decision for each of the carriers;
wher ei'n sai Rﬁ rocessor subtracts said equal i zer output fromsaid syrrbol

deci sion when a clran;mrdncaufﬁr n@npsaemglavdﬁésttm]epcrfcndmlcﬁrsaSNRremﬂ sdidf feeandnSNR vtal ue,

squar € recﬁ:%lrrgir[le ¥e ectldr{ I:rltgrliae gt(l: {o\:/ g‘el uc n ﬁfr saccllufcrst sal s%lcos % S“T\ﬁi Laseé 01’1
nor I’TB.| | ZeS I rs olrseé es € Sl dgna pOV\BI’ etermne

first shidc2dhpescanber 2003 si gnal to n0| se estimate, subt ract s said
equal i zer out pUtIST r Orq'lpera%gggtgsr g} rﬂalm H, Q&ih@}ep sagdaéI\EI‘RVp\)APO%QSS% és{l hedd [fse power
for said data baud, normalizes the data baud noise power, estimates noise power for said training baud,
and normalizes the training baud noise power.
19. The apparatus of ¢laim 17, further comprising an equalizer using a convergence
factor responsive to the selected one of said first SNR and said second SNR.
20. The apparatus of claim 19, further comprising a combiner for producing a
combination of said first SNR and said second SNR to control a convergence factor in said equalizer.
21 The apparatus of claim 17, wherein said comparator compares said first SNR to a
preselected threshold level.
22. The apparatus of claim 17, further comprising:
an equalizer for processing said carriers to produce an equalizer output for each of the
carriers; and
a decision processor for processing said equalizer output to produce a symbol decision
for each of the carriers;
wherein said SNR processor subtracts said equalizer output from said symbol decision
when a data baud is received to produce a first difference value, squares said first difference value to

produce a first noise estimate, normalizes the first noise estimate by the signal power to determine a first



baud is received to produce a second difference val ue, squares said second
difference value to produce a second noise estimate, and nornalizes the
second noi se estimte by the signal power to determne a second signal to
noi se estimate. 23. The apparatus of ggaim 17, further conpsjpiddfiberdobs! ter
for Iom1pass f||ter|ng sai d flrst and second SNRs pri or conparlng at | east

one of f'a?? ENR g% Jf econ SNR toeé;‘%{?edet rm. neg ection
criterig? J'O'Serﬁs i pAPHPUS 25 KPR UPPT gy etsains 2’P"o‘é’ Lpraming

est i netaed isShiRivied to grathae abenodd Hllﬁfeﬁzﬁd:@.&lteﬁsqﬁmﬁssaﬂf sesmddnfﬁdrwcabaltxqtoqmduceeﬁ s

| yi ng et er,m ne quency band \ the SNRg for th

o R PR S PR, PR ATALY 8 PR A Sp L BRI ine Ses
sai d swvedageal ENRiserestiastel conpar at or for conparing at | east one of said
first SNR and sad3d segcond SNR to r]? erirerm ned. sel ection criteria. 25. The

apparatus of clafm 24, ev\,ﬁ%arraémsnc’fscgif q‘é feH&P B8R ds are each about 10 kHz

wide. 26. The apqnﬁhteatfmﬁowfpas{slfmieﬁmglsﬁjd finsr dndesecond ISRk privvgeompariiey 2 ddastront @if

ety 5 w0355 SRS Rl oo post {oned o about
wherein said SNF?Apr oc”ﬁ&sxpparauemagaam I§awderf:mrssatl Sﬂﬂﬂnrbmsodaitma&aw}?ofm data
R
dat a thaStiRerforcthe rde@rimug @s sdid omaﬁequen@ lﬁandsto prodgpe eincaverldgn ENRy and edboitid - 15
posi {1 S0 PR SHY shbPE fE Kol P PR < RS mnE Yo Sl 8 S48 1
f r om gprederrtreined febntiai critecrmquency, and averages the SNRs for the data baud on
carriers in sai dZS. fi rﬁ;[e a%lg]g‘atﬁzse St cﬁ]aqu24e‘9fileerg}g ¥aig) ?rgc?usehcy bands are each about 10 kHz
wide.
26. The apparatus of claim 17, further comprising:
a detector for detecting first adjacent signal energy at frequencies positioned at about £10
kHz from a center channel frequency.
27. The apparatus of claim 17, wherein said SNR processor averages said first SNR
for data baud on carriers positioned within about +5 kHz from a center channel frequency.
28. The apparatus of claim 17, wherein said SNR processor estimates SNR for data
baud on carriers positioned in a first frequency band from about —15 kHz to about —5 kHz from a center
channel frequency, and on carriers positioned in a second frequency band from about +5 kHz to about

+15 kHz from a center channel frequency, and averages the SNRs for the data baud on carriers in said

first and second frequency bands.



