WO 2006/ 110229PCT/ US2006/ 007236 - 1 - METHOD FOR ALI GNVENT OF ANALOG AND

DI G TAL AUDI O I N A HYBRI D RADI O WAVEFORM FI ELD OF THE | NVENTI ON

[ 0001] This invention relates to signal processing, and nore particularly

to net hog; f’oﬂgnﬁﬁ’ﬂar atus for detecting and control | i NngCBUBZNEHALI6 Of

di gi tal % anal og audi o signals in amp.in-band on-channel broadcasting

system BACKGROUND OF THE | NVENTI ON 100021 The iBiquity Digital

Cor poration HD Radi oTM systemis designed to permit a_s 8 vol ution

from cur r entyBIRICIYFORPALIGNMENE QRANM-Q& %P&Gﬂ’ﬁé&fgﬂﬁé r'rﬁd’tn ation

(FM radio to a fully di gi TEYBRID BAIGOWARBRABM (| BOC) system This

systemdelivers digital audio and data services-to nobile, portable, and

fixed receivers fromterrestrial transmtters in the existing nmedium

“ frequency (MF) and very hi ghpiRrgouenels INGERTIOR o bands. Broadcasters may
continue to transmt anal og AM and FM si gnal sinultane ] new,

hi gher - qual[#ao}] andhisreention tplatesiogignsy P’%ﬁ%aﬁﬁ’élﬁs?n alrf g\/&%ﬁ%@%&ﬁ\%&s&@and

their listeners to it f nal &t 6 @ittdland achieg avdid @gmas NERAI ni ng

their ctff @R?Iaﬁlﬁéﬂru%ﬁe%ﬁ ﬁdo%gﬁ%%gaﬁw [000%%t The system provides a

fl exi bl g-pE@Rs-cbindet Brosddestongisyigfemo a di gital broadcast system by providing

three waveformtypes: Hylr] G@ﬁ ek thiRmirgeEnagnoNAl | Digital . The Hybrid

and Extended Hybrid type - alog FMsignal, while the All '

Di gi tal tyQgo@ges TheiBiqghY Digitab Convadion L RotieB" exstmbiAcEignshie REOPY &nt | y

| t ed I i SSi K. tail j \ iorybri d,
and Al | sDoghirlvgR EPBHE L ERCR SR O LR e o on
Publ i c aﬁﬁ? gm@o ton{)ﬁﬂ& Q461 BSbanwnhairl (IBOED eystemeoMpisrsasien dslivarefigiEnce.

0004 t | dul at ed, usi ot ne
Il 1 bl exdingnd QEDMevioGrDmS ScaP b ) I LI O SRS petg ey o o
. data stream gﬁﬁ%:@gcﬁ&naﬂjf@eggzgﬁfp@@fv@ytmggqf@hemybc‘dﬂﬁ) endic Warideh are

transm R%ed* aneous s i nherent l.exi bl e, readj|y..allow ng
t he mapEBaicadters agiycattiviatonemsmitoanioe %Ms?ﬂd Higeal Sl %‘%Sir’)i eeéirﬂgﬂe

[ 0005] During, the transition f . v HeliBdmPveadedtikir tigtendrs to S
envi si ofE®> fFAF 4R W&P&&Eﬂ’ﬁ ﬁog’%%glg%g%g%lg’%g{g?gf ormt he BD gﬁgl om syst em

Wil be g hshoprasgital helicybilé waistaigring hein eWoa S4HECE SIRFEHPonal |
21000 Sl i nEe S BB 19raashag 03 gl o
hi gher - QuaLlityy fbalina!mbosaRéonT hepesl giybal, Bitgriad HybrideindyADFEh TBspect
ot aH)?bnpd andogxntgdreg al—gbri%utggss retain the analog FM signal, while the All Digital type

does not. All three waveform types conform to the currently allocated spectral ¢missions
mask. Details on the Hyiarid, Extended Hybrid, and All Digital waveforms arc shown in

United States Patent Application Publication No. 2004/0076188, which is hereby incorporated

by reference. B
[0004] The digital sigoal is modulated uvsing ‘Orthogonal Frequency Division

Multiplexing (OFDM). -OFDM is a parallel modulation scheme in which the data stream
modulates a large number of orthogonal subcarriers, which are transmitted simultaneously.
OFDM is inhereﬁﬂy flexible, readily allowing the mapping of logical channels to different
groups of subcarriers. o

[0005] | During the transition from analog to digital broadcasting, it is envisioned that
the predominant transmit modes for the HD Radio™ system will be the Hybrid modes. The
Hybrid signal inchudes the conventional analog signal (for compatibility with existing radios)
as well as digital signal subcarriers cairying the same analog audio content, but in higher-

quality digital format. The di gital signal is delayed with respect to its analog counterpart such



WO 2006/ 110229PCT/ US2006/ 007236 - 2 - that this tine diversity can be used
to mtigate the effects of short signal outages. In these nodes,

hybri d-conpatible digital radios will incorporate a feature called "blend"
whi ch at %ﬁ?ﬂ{o&foﬁ’wsmm hly transition from out putti ngP@i/gs20ed/002436i o t o
anal og audi o C{UI’I ng initial tuning, or whenever the digital waveform
quality falls below an acceptable level. The blend function is descri bed
in United States Patents No. 6, 590, 94i"and 6, 735, 257, which are hereby

i ncorporated by reference. [0006]Blending will typically occur at the edge
of i ol bl 4OH e 363 Chaft e GltPlo nfild @BSIV bf Mhoth@gmovakage lodhtsour
where the drgital waveformis corrupted. \Wen a short gﬂ%]iagﬁ %P,es occur, -
such as miodey elybrid-comgaible digitat gadiost Féll |Terospastie oy Gafuay © PP BB ced by
an anal og signal . \Wen bl endi i bk S di RO ahdidlqutine itgat ent
on the &ﬁ?ﬂlﬁg t §APEEn %%S?tﬁa{)?n gg%#%agr%%ﬁé?%&maﬁaﬁﬂ?é ned in both tine
and | evelnidd of REbiicvel ihadigitbwbveiorsi quality fals below|ap aserpiabinilenss]- (e benét ener .

Optimally, the listener will notice |litt]le, t SSid [ ent

quality f@ﬁcﬁlf”éiséir?é%'g’eilFPQﬁléqdo%atﬁ%gata?tﬁNoa{i’%%@%%hg&gt 't Eéisgg’% 1@%%%]%?&% s.

However jnéogqo}ﬁﬁi[wﬁ?ﬁg&ﬁét station does not have the anal og and digital
s ali

audi o sign ned, then the result could be_a.harsh soundj.n _
transition [Bed6leeBlendiiz will A6y du (f%gﬁ'%%fﬁl%‘ Ic?Eeﬁarggn%dn%yo%%cur '

because ,of ..audj 9 . ' ' GRS dihMRRBickAes edalpedy. avbkinoa shotk
di gi tal 1%058&%’ “ﬁ(aa}‘ﬁ@%;ct%‘c’%h%gﬁ%%?gg? facility. Igur_t_sh rnnp?g t he %Q)al og and
di gi tal caiagedbs e, wpias;uaveying@n@rattwgwtbm%ﬁw dig -amwsae@ﬂ%a yan
generatio at hs bef or. onbi ni ; seon0he diddenaid ar@nal og
pr ocessi?ﬁ@ogél(gﬂ%i Sﬁ%‘a’é}bi?%n&%%g’gﬁ{ﬁé?g%&aﬁ%g%g?g?i on et hod_sger_rakes t he

al i gnentigiaf aldiesiembue asialipaidsin bofit tihe mad levalie etsuemibptibe aesttionds b#skt h and
conti nuous, which _can happen_.on i1f the..an . I gi Bedemt DOt D
e andoRery grigae: OPTUgHE HHEnr GRS A Sn, Bl Foesifelch 0
Radi ow by 0adcagtentafl 008 ash dibitdlaudiods tead Hgndgiognal Bowevepritibe hoageagone

manual [ y"w th test equi pment |ocated at.the transmtter.si I
cal i br atstation degamatdeve e apdleg gpd dizitalqudl §& ﬂjﬁ&‘gas & BF r&rrglats‘%-{ﬂgsr?gnat

equi penf,. el dif ChdiiEont diBRa1ARM 416! audiof f Bicentaligafiot heyansiog and

di gital signals. _‘%J’t al'so accounts for the intentiognal d.v.eLs]:]J%%/ dgl a

i nposed tepaushief antib prpessisipgaliffprandes beivreeh dienrlogtan Or*’élfiéilﬁ? 2P R Sﬁ’ﬁy_
change occasi onal |l vy..] f I i B S REeGpicun) fa vageur i f

or when tﬁﬁgmﬂg%gtog&égb ﬁl“%ﬁ%%?g%@g%%glﬁ%d ?%ﬂértllzs\l/\ggl@for eﬁgwp_ e It is

pr esent | ol sBpirae bieaall gena@tionyrits befrme cornlgnina ferafutnpt.r Bag gl (HETE 8320% when

‘these nodifications occur..Therefore it : L oML Bl GaRdne Beprkd t and
conveni gHeEsTiRe tosaugyss g ¢ W’”zﬁﬁ’t%‘ﬁggﬁngrﬁﬁﬁﬁkn%te}{ggsctﬁmgélsgm%glrlr oot al i gnment
errors WalRiguAidoativ. TRe SEMARYuSFbeTHoNAENGhiBNORO O] ¢an happairadnce
with a first aspect of the present ingf?ntliéﬁin there is provided a nethod
of det ecif thegmeloganddizia sadip IgrothAmsaat FyLAIEY: si gnal and a digital audio
signal in a di'ﬁi?j; drﬁeaﬂigﬁm\%ﬁ(ﬁdr%amﬁm bfSn"HD RagioSY epadet stitidotsatijit ande
anal og audiB signal to produce a filtered anal'og audi 9 si.gnal ; IiILFring
the di gi dmalogaighials is prpeenitlytdong menally with fost euimed Cﬁfﬁg a&ﬁ’g{)ﬁ{?ﬂﬁ”&ﬁﬁi‘l,e' usi ng
the filter.ed .anal og audi | I : il L8416 kadinBinkR! eqaipeteat degn@l to
cal cul atﬁmﬁcﬂﬁﬁ%ﬁn?fﬂm&? ﬂgasrggﬁgtt?%glg?:lghgaﬁfdi%i ent.s,a _\/\/ner,eier(l1 %tﬂ)he correl ation
coef fi ci @BisEreahe tifepind $ame! differeacasfofttherenaiig wdrikgitel Bepdieef A9eCPHOET audi o
signal and the digital. aydio.signal: and adj | t i 1 Gmtre tREreB@E OF
audi o si GRANCHHIALEVE gﬁ%i{ Fﬁ?ogg(ﬁﬁpéges?%a%% H?#\ah?’g%bonse o fhe e-_ |
corr el at j QR <Gagf gﬂﬁ%@ BteasiohAQ0T Hld Mudis pricekaingds whinged, weich mubyaspacif o5f t he
Bt o anahogiha ehidost gheaEesR PGP EAP TPl DR bRt 3P0
of an anwhoy cas} gHaecs t ” n na hybridradio
systemc IS ‘thé kich S ivien tthee andifagtionsdéowsi Fhabfoteoit

pr oduce g@#@é&gg}gﬁ% 0 l{}gau]%lho si gg%aj; fi_IteEr:i ng the digi.t ‘g#di 0 ﬁi gnal
to produweuld He htstanificanti benefil and@peveniegerlt the g it gerometiealhy: &3%d 3Bfal og
audio signal ,and the filtered.diqgital audio signal to calculate a

pluralit thwtaﬁoasn&’%%g??ﬁ%fﬁént s, wherein the correlation
coefficients are representative of tine alignnment between the anal og audio

signal and the digital audio signal, wherein the anal og audi o signal and
the digital audio signal are sanpled at the sane sanpling rate.



[ 0007c] In accordance with a third aspect of the present invention, there
is provided a nethod of detecting tinme alignnment of an anal og audi o signal
and a digital audio signal in a hybrid radio system conprising the steps
of: filtering the analog audio signal to produce a filtered anal og audio
signal; filtering the digital audio signal to produce a filtered digital
audi o signal; and using the filtered gnal og audio signal and the filtered
digital audio signal to calculate a plPurality of correlation coefficients,
wherein the correl ati on cogffiiNgARY OF 318 MNepmeseN ati ve of tine alignnment
bet ween the anal og audi o signal and the digital audio signal, wherein the
correl ati on cdB#¥7ati ent & agcerdgpecerith adirstuaspery of theoprasent ieention, there is
Cross-cor -af i ctd . 7 c ance Wtk ct of
the. pr oadig” et EShaicls bons PRACCEARERFOY ERRRA MY BehE 00D BRRES" o
al i gnnentaudfo signabiad bgpraudilio ssigmadongniding the giepsadf: dilidiine theginalbg iandia hybri d

radi o systemconprising.the steps of: filtering the analog audio. 3a

ST gnal "1 CHPbULEEST AT et SaE agdia, ietieh e ohF; fipEH R Heti B a
audi o si giaduck @ REQEVERI®] hidid %g@ﬂl;djsﬁi_gtﬁk fateidOarl N @ldio anHalUsidn@et he
filtered anal og audio signal and the filtered digital audio signal to

cal cul at efiliergst digital pedio signglde celrdpiesrplegbbrafcpapipgon ¢uedliaents, thercibiheel at i on
coeffi ci : j 10 e al.i -0Q
rgnal _srarEpgofeSaRERE A iSatte PuAL WABiRak RELITAR: MRFRRNED. o9
and di gi tsignabardi the diggnlaindiossignat; end wéidstpry toming of detaanivg nadio eignef anilfve
correlatiﬁn cq&ffhcientﬁ. 00073%In acc .danc? with a fifth aspect- of the
present i NYVERITSHICSHLPENrSPEITP e FOHCREPhE Tttt ecting tine al i gnnent
of an anal og gosh78] si gNB acaBRliadcctivih b abcond Aigect bOMalprdsBntantnbibh,dhéadi 0
system conprising the steps of: filtering the anal og _audio signal to
produce ds Pravided aanathed fickusting tigieghignmentiafap apglge andio giggekaad adigi® si gnal
to produ : r i gl hal i i gnal Tale filter anal og
aud o si on® it B LRl o QU R he B0 WP ARG he bhalbE LR

pl ural it wignhl goprodheet b diltecakhfdleg andis, sigiabr Bitaringhibe cbgitad | aatlioosignal to

coefficients are.representat.ive of tine ali t between the anal og audi o
s gnal _ariedE adRRRETAR0 SRRl etd g b HIRE g PeiRaR AL BETRES: ont s
appr oach filltevdaangitah eudd sicPg 1808 c@higialraRty Bf QoStIGNA Seigentd, Mbeid @ped and
the correl ation coefficients becone smaller as the time alignnment_error

i ncr eas e<Sorrglateny sadthicignts gregisnEcsenttie of Wpk pHemage betwen ithe apples aydio

i nvention; L g i g%g% i i i -of an
anal og au1 In%f‘%{d&hﬂ%%gﬁé}lﬁa%‘glﬂﬁ?gﬁ,ﬁﬁ %ﬂgitﬂgg gsniqg al Bi[dﬂlnggﬁdﬁy (H:;Hg (?%%?gﬁ%gst em
conpri si menahare saneded asfthe faimetsemphe tabe anal og audi o signal to produce a

filtered anal audio sjgnal:. filteri he digital audio signal t.0
produce a1 1024 o7 bRitanss L a i S8 bisrr R P edidh Bers® auai o
si gnal anpgdovidd 4 iethed ed ddicgiiigtimaudigdmsntgitain dnalogadudidl dbel anPlaudigitit y of
correlation coefficients, wherein the correlation coefficients are

r epr esent#t P8k nta Rbridi PR TEHEMTOMAEERS thiestartat o lieting §e anypnrudind t he
digital @p%ahpmsweaée; a AN rRCAT R TTalo i RBRKIIRSAE Ghe WLl L0&oCQEdligt i on
coefficients followed by a |ower limter on the correfation coefficients.
[ 00079g] | wredsecon ditacd digitahawdis sigowlt dgperthe diltetedemplogsiadiv sigmbantditbe, t here
IS provi : - Of - I ti i gn . of nal og audi o sigha
and’ i s R i v ST e o B e B BPR R LS s e
of : filt epirelgtidrhevediftadng akUpesaitghal oft teme abghntat defwdeh ahie gnanahago audi o
signal; filtering the digjtal audio signal to produce a filtered. digital
audi o si GHafk angdst ﬁ&l&'%ﬂaﬁ%w SlgPER WS S eatit t@flg«?ﬁsi%%ﬁa& yrdetermingd ed

digital %ggggngﬁgﬂ§£d&&h§@ﬁﬁmh@5em§ﬂghuraIity of correlation coefficients,
wherein the 3b ' ‘

[0007d] In accordance with a fourth aspect of the present invention, there is
provided a method of detecting time alignment of an analog audio signal and a digital

audio signal in a hybrid radio system comprising the steps of: filtering the analog audio



correlation coefficients are representative of time alignnment between the
anal og audio signal and the digital audio signal; and filtering the
correlation coefficients using a noving average to produce an output . _
signal that is representative of the nunber of sanples that are

m sal i gned. [0007h] I n accordance with an eighth aspect of the present
invention, there is provided a nethod of detecting |evel alignnment of an
anal og audi o signal and a digital audPd signal in a hybrid radio system
conpri si f i dd ' e I i L 0. ce a
filteredng 5¢§%§%§§?392?5%3§%ﬁ?Fgggg?nﬂggﬁeﬁ%?ggﬁg?‘g %?%hg%bﬁg%gﬁg )
produce aprbiltceerf@dtbradl djigita|avdiodignak iagd abing tdenpierédrapatolgendiogignial polwe of t he
anal og augdi o si.gnal and.the sign wer. of. the digital .audi o signal for
o g o OASENENA ol ioR B0l LiliRlnGH A Galrte g B WhsRbERE ol o

si gnal angbrieh€os icasffikicposes rephestitativl @f fiak aBgdhant Degah thoalapdsigm a

signal representative of a |level alignnent of the anal og audi.o signal and.
‘the digi t3d Badiigtasiagdial signgh dvRaF Nt sRINRPNERY O ot 2pes anddegthadd® si gnal
and/ or t heodliGird AlmoRbdbGorth GBREmib TRV S Frelafoh BSerfdignal representative
of a level alignnent. [00071] I'n accordance wth a ninth aspect of
the present i d0eMe] on, thewerdascepwoliadeth zspecd ppdreatressnt mverdwbeidicieny ti me
al i gnnment_ of. .an_anal og i 0 si.gnal. and a digital audio signal j.n radi o
2ystom cdpri el SRR e RleRng AR i o i Rie 15 Se M8 B ghal o
produce awllio digraeth ahabriDradloddyerei @ndrising thesioppdoft filtérdrig theandlog bedibng t he

digital audip signal to_produce a filtere igital audio signal; a
pr ocessorS Bt 1USFIHYE eifarrd apdes &H@Po@gyﬂqgﬁer@adﬁadl& WHE 113 & ed
di gital ahdiRedifIRAld difitd al&iblsth!; and®Lith@ et MteRld HAlLaLAH! s@%?xapﬁﬁlf thicients,

wherein the correlation coefficients are representative of Tinme alignnment

bet ween tfHeerandibite) andidisignali tgwaliculaisd plwelidi ojicomelattudiogttwiagtsawhergmdgthe
processor .ad] Lng. tim L he Aar i i or t.he

o o o e SRR TR S ool 98l .00l ORLPLuD

[ 0007] ] | nignaCardhadesital idi@siben) Whasipeakd cateldtiva cpefisients approact 1 oment her e

is provided an apparatus for detecting ti i gnpent of _.an angl.og audio
signal a be a0 P%iaﬁ‘ildl @ﬁ%ﬁgi%}as af ¢ %&ggrﬁgﬁﬁttg%cwﬁlﬁ?%ﬁﬁgﬁm i rst
filter fQecdhéBhlicnds thhgnRNAbRGeRVHoPinztaRal to produce a filtered anal og

audi o signal; a second filter for filtering the digital audio signal to
produce a fil tHMEH di gi tradccaiganes witlyaaixth asppet o€ &wseschibinvertiongtheteds

filtered j i . t it dj qi i L Of to

cal cul ot SRR AU i RBtin ANl dinblshy & Gullod hillo U QS LB P o,
coef fi ci entie sigmal irephgsrinddibi syetenf compriging3be stepsgrfnBihi¢rinpethwardiod helianal og
audi o signal, and the digit aydi o signal ;. and a peak .detector -for

ot ot | noaL AU Praguce, 8 Blsred ploe fudb eien; SRl FEakkT Hioaigrfince witn
an el eveprdiuas Retlker®f didhal Ri®RS QMnal; MRS the Wilteteld ©4ndlok SaullicO Vil hndNthe
~apparatus_for detecting time alignnment of an anal og audi o signal and a

di gi t al diigred digitphapdip pigaalite galenlalp strdwrldEmb corselatipn cactliciests, whereiwrthe or
filterin : . i i il : o)

i gnal | oS E,BRIEHCLE RpARGILIR B EY Shafhd bLEIES RO BURD
a filteregnd gid te dgith audiognalal; adprecioesmgra pak sesichgvehthefdohtltied anal og

audi o sign and the filtered digital, audi 0 sign to calculate a

ot a1+ OB A b e Rennen S iTedn e kS o ati on
coefficients gs075EPT esamoa&ﬂdmﬁ;eqﬁtﬂameﬁﬂhi@m@ﬁth_@?iééaﬁmnﬁehﬁq@m@ér@g audi o
signal and the digital audio signal; and a third filter for filtering the

corr el at ioProrIed pingtastaf detectipe BmawliBnpenvé pa gealesaysiosigna and adigitslt

signal t s 1 Smb Rl ji: t | Q t. ‘ .

i a1 | gnagio s ShCRl LRAMH N Sy Alm OFRIREES R ARk P Landio,

i nvent i orignalhter prodscepa dilicdwsldaratoga pydio signsl; ffdteridettbe Wigigl kedielsigial gmment  of

an anal o dio signal. and a.digital audjo,signal in a hybrid radjio system
conpr st Agice B DLPRF el aigEnt st gh Bedh Bnals Dl et i S
produce diltkied detiatarinadiogl elchicnlfé §pRIrlitRosaeRdoh tddftickto wifedit @ei Ng t he
~digital audio signal to produce a filtered digital audio signal; a
processor for conputing the signal power of the anal og audi o signal and

t he signal power of the digital audio signal for an audio segnent, and for
using a ratio of the signal power of the anal og audio signal and the
signal power of the digital audio signal to produce a signa
representative of a level alignnment of the anal og audi o signal and the
digital audio signal; and a processor for adjusting a | evel of the anal og
audi o signal and/or the digital audio signal in response to the signa
representative of a level alignnment. 100081Al so disclosed is a nethod of



3d [0009] Al so disclosed is an apparatus for detecting tine alignnment of an
anal og audio signal and a digital audio signal in a radio system The
apparatus conprises a first filter for filtering the anal og audi o signal
to produce a filtered anal og audio signal, a second filter for filtering
the digital audio signal to produce a flltered digital audio signal, and a
processor for using the filtered anal audi o signal and the filtered
digital audio signal to calculate a pfurality of correlation coefficients,
wher ei n tcbaelatdr edadficions agefchiaetmive ¢f tme afigesantbatvece thé aadlogandiot

bet ween.t he analo audio s gnal and the digital d|o si gnal 0010] Al so
di scl osed¥sl Hdrittn g i) ufkig ézﬁlﬁh@nﬁe’ffl}&rmg% gt o ‘aﬁ%ﬁso‘%‘%u'ﬂ} o

si gnal  anghvandheird 2! toapdlQceSh Batpul SigRalhhll !Sdrebﬁgélﬁatﬁf)éséieﬂﬁh e hod
conprises the steps of filtering the anal og audi o signal to produce a

f|Iteredsandbbﬁmh@dnn%@ggﬁhl filtering the digital audio S|gnal to
d fil di | I . f th
produce a Tl i(lﬁléﬁg I gi fnta%] c&’zﬁgﬁc% 1%1951?&5}1@]9&@%’%{ ble Pe%iar?t AlioReL © €

anal og audi o and e signal powe e digi o signal for
an audio 1§p@ﬂﬁaﬂ a nediebdus| da@cang* ritlalighmeiterfah gnabg pmdm sigofl ankie (hglaiﬂ og

audi o si and the nal,, power of the ita nal roduce a
e 1 dfnsERtL b b arie e prigne kbR ondie e Matled Sudf oo

and the Qiglﬂhlt & p@'dgéeoa 3‘119:?6’@' andl 8P lﬁd]&\' shhalll SiEPE alle | Bgifl aﬁ@i@asﬁg{aﬂl?zo for
detectlng evel égnnent of an anal og audi o signal and a ital audio

signal i rprfaiuhﬁybrﬂl@r aligitn] sydivevgnaly vemaptiag mewggr@bﬁfpwrs@fstha anaﬂ@&tw&lw ter
for filt ! di
i gnal . SRooaT: PR PR B E: Feln ki By R B ot SRR A B 2 e
a filter ed i fgriabpowerdifahs bgrad auchmdzgaalmndcﬂaassgmal fpomcoﬁﬂlatdlg]gl attdazo SI gnal

power of anal audi o, si naI and _t nal r of the di audi o
B onal f Sl datte Samahierare Mot aibng Lol ot e Beigiiedbuer of
t he anal Q8d aécliBitsd iagima| signd ahh%dﬁjsm%ah QeSS thefanhlBg adiigiigal auérahsi gnal

- to produce a signal representative of the |evel alignment of the anal og

audi 0 si gretel adip signal H gsnoabe Wibe gl mq:sentaiwg of a level alignment. _
2000 110, 2OPCRURIOLE gy PELEH BESCRTD QIR TRAOS,
with at Iprcefﬁded\aﬂ lappapating o daﬁ&dlrfyﬁdcbalqgmnent of gnCABE akdiGsigdal amda didimt k
UE-SARI I JET- RN e U T TN DR

signal to produce a filtered analog audio signal; a second filter for filtering the digital

audio signal to produce a filtered digital audio signal; a proCessdr for using the filtered

analog audi6 signal and the filtered digital audio signal to éalculate a plurality of

correlation coefﬁcienfs, wherein the 60rrelation coefficients are representative of time

alignment between the analog audio signal and the digital audio signal; and a processor

for adjusting timing of the analog audio signal and/or the digital audio signal in response

to the correlation coefficients.

[0007]] In accordance with a tenth aspect of the present invention, there is

provided an apparatus for detecting time alighment of an analog audio signal and a digital

audio signal in a radio system comprising: a first filter for filtering the analog audio

signal to produce a filtered analog audio signal; a second filter for filtering the digital

andio signal to produce a filtered digital audio signal; a processor for using the filtered

analog audio signal and the filtered digital audio signal to calculate a plura]ity of

correlation coefficients, wherein the correlation coefficients are representative of time



- This invention provides a nethod and apparatus for veri

[0015]FIG 4 is a block diagramthat illustrates the |evel alignment
algorithm [0016] FIG 5 is a block diagramof an HD Radio [0017] FIG 6
is a block diagram of the anal og/digital audio alignnment nonitor.
~[0018] FIGs. 7, 8 and 9 are graphs illustrating the results of alignnent
measurenents that can be displayed on a user interface. DETAILED
DESCRI PTI ON OF THE | NVENTI ON [0019] Tine and | evel alignnent between
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al i gnnent , |s terned the split operating node. A radlo that is operating
in the split node outputs left, right or nono anal og audi o on one channel
while it outputs left, right or nono digital audio on the other channel.
The nonophonic split node is preferred over stereo for the neasurenents of
interest in this invention, since the stereo inmages in the anal og and
digital audio signals may differ. Stereo i mage and stereo separation:
fidelity may be conprom sed in sone digital audi o encoders operating at

hi gh conpression ratios. In the split node, a standard audio card in a
personal conputer can be used as a neasurenent device to process
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audi o informati on. For exanple, each signal represents either left, right
or nono audi o information, although the nono node is nost useful for this
measurenent/calibration. It is assuned here that the anal og and digital
audi o streans are sanpl ed sinultaneously and input into the neasurenent
device. The netric for estimating tine alignment for the anal og and
digital audio signals is the correlation coefficient function inplenented
as a normalized cross- WD 2006/ 110229PCT/ US2006/ 007236 - 6 - correl ation
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[0015] FIG.4is a block dlagram that illustrates the level alignment algorithm.

‘ [0016] FIG. 5 is ablock dlagram of an HD Radio™ monitor.
[0017] FIG. 61s ablock diagram.of the analo g/digital audio alignment monitor.
[0018] FIGs. 7,8 and 9 are graphs illustrating the results of alignment measurements
that can be displayed on a2 user interface.
' 'DETAILED DESCRIPTION OF THE INVENTION
[0019] Time and level alignment | between the analog audio and digital audlo of a HD

Radio™ waveform is critical 1o assure a smooth blend from digital to apalog in the HD
Radio™ system. This invention provides a method and apparatus for verifying proper station
analog/digital alignment (in both time and levcl) Tn addition, the invention can be used na
feedback design to auntomatically correct the misalignment of the analog andio and chgltal
audio at the broadcast facility.

- 10020) _FIG. 1 is a block diagram of an in-band on-charmel broadcast system 10
including means for monitoring the analog and digital signals, and a feedback path. An audio
source 12 provides an audio signal fo an analog audio processor 14 and a digital andio
processor 16. The analog processor produces an analog audio signal on line 18 that is passed
to an exciterftransmitter 20. The chgltal processor produces a digital audio signal on line 22
that is passed to the exciter/transmiticr 20. The exciter/transmitter combines the analog and
digital andio signals, which are then amnplified by a high power amplifier 24 and transmitted in
a hybrid waveform to a receiver 26. The hybrid waveform includes a carrier signal modulated
by an analog audio signal and a plurality of subcarriers modulated by a digital audio signal, as
illustrated in United States Patent No. 6,735,257. While the subcarriers can also be modulated
by other digital 31gnals only the digital andio signal is relevant to this description.

[0021] The receiver separates the analog and digital audio signals. The analog audio
signal is sampled at the same rate as the digital audio signal. A monitor 28 receives the analog
and digital audio signals from the receiver, "determines the time and level alignment between

the analog and digital audio signals, and produces atl adjustment signal on line 30, that can be
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algorithm used in the receivers, the measured alignx?lentfiigf%rTna%orr}%%n P 8§%ﬁ§g ﬁéveidp@- Let
feedback path to the broadcasting station so that, as audio processing changes between analog
" and digital paths in a station, a signal representative of the relative alignment can be fed back
4o the station to keep the analog and digital audio content aligned, thus persevering the
receiver’s ability to smoothly blend between the analog and digital audio.
[0023] Mthoﬁghka dedicated kmeasure‘ment device could be implemented to measure
sme and level alignment, it is more convenient to utilize an existing HD Radio™ receiver,
which possesses most of the fimctionality required for the aiignment measurements. One
operating' mode of the HD Radio™ receiver, which is important fo the development of a
system for monitoring signal alignment, is termed the éplit operating mode. A radio that is -
operating in the split mode outputs left, right or moeno analog audio on one channel while it
outputs left, right or mono digital audio on the other channel. The monoﬁhonic split mode is
preferred over stereo for the measurements of inferest in this invention, since the sterco
images in the analog and digital audio signals may differ. Stereo image and stereo separation
fidelity may be compromised in some digital audio encoders operatiilg at high compression
ratios. - Tn the split mode, a standard audio card in a persoﬁal computer can be used as a
measurement device to process information from the HD Radio™ recciver output to
determine the relative aligmment of the analog and digital andio. '
[0024] The invention uses analog and digital audio sipnals that contain the same
'aﬁdio information. For example, gach signal represents either left, right or mono audio
information, alfhough the mono mode is most useful for this measurement/calibration. It is
assurhed here that the analog and digital andio streams are saropled simultaneously and imput
into the measurement device. The metric for estiméting time aiignrﬁent for the analog and

digital audio signals is the correlation coefficient function implemented as a normalized cross-
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[0025]  Since the HD Radio™ system imposed an. intention_al diversity delay (e.g., 45
Secdﬁds) on the analog signal path at the transmitter, the receiver must match this delay on the
path of fhe digital audio. Then the analog/digital audio delays are matched at the receiver
output for subsequent alignment processing. I the alignment measurement indicates a time
error (due to the transmitter rﬁisalignment, assuming the pre—c_:alibrated receiver is correct),
then this error can be passed back to the transmitter component to readjust the diversity delay.
[0026] FiG. 2 illustrates one embodiment of a process sequenc-:e, for the time
alignment measurement method. An analog andio signal input on line 50 is filtered using an

. infinite impulse response filter 52 to produce a filtered analog signal on line‘54. A digital .

“audio signal input on line 56 is ﬁltered_usingr an infinite impulse response filter 58 to produce
a filtered digital signal on line 60. The filtered analog signal and the filtered digital signal are -
processed in processor 62 to produce a con:elation coefﬁbient signal on line 64. The processoi'
includes various inputs 66, 68 and 70 for setting the number of samples per output correlation
coefficient computation, the number of output correlation points, and the number of samples
to be used for the average. The correlation coefficient signal on line 64 is filtered by a peak
search TR filter 72 using a moving average to produce an output signal on line 74 that is
representative of the number of samples that are misaligned. The peak search filter includes
inputs 76 and 78 for sefting the number of samples for averaging and the correlation value
lower limit.

o [0027] The algorithm presumes that identically-sampled (e.g. using a 44,100 Hz
sample faie) analog and digital audio signals are processed through identical digital infimte
impulse response ((IR) filters. For example the TIR filters for analog and digital audio streams

 can be identical 10 pole elliptical filters with passbands between about 600 Hz and about 1600
Hz. The filters serve to reduce the bandwidth of the audio signals. This reduces the
measurement alignment ambiguities that may occur in parts of the audio spectram where
andio processing differences are more likely to occur. For example, the analog signal wili
likely have a lower bandwidth than the digital signal, and filtering on the high and low
frequency extremes may result in group delay differences. A filter b'andwidth of roughly
between 600 to 1600 Hz has been determined to be most useful for the aligrﬁnent bandwidth.
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The correlation coefficient function conputation follows the HR filtering
and typically is processed over as little as 50 mlliseconds to as much as
3 second§¥8%mgﬁhﬁ%;TypicalIy 100 to 300 milliseconds ®fT@aras/pl7&3¢
sufficient to conpute the correlation coefficient function. Couple this
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~coefficient is conmputed for each |ag value over its range. The nunber of

| ags conputed will depend on the actual alignngent r. station. For

exanpl e, Wi0®8h cRbosureldop cORiCibie PETVER ERE SO regayied
di te | val . t 1 &9 : th | ation f
iscre I%%a \{gﬁésg%iwgl%e mtbﬁgeﬁlg%r%&lgrsﬁt&%ﬂ &ﬁg&gﬁdﬂggs e correlation for

each va br h maxi num correl ati on. - 100341 The
post processing on the alignnment vector perforns a peak search over al
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these SAGNRRIECAIE NEHHFIA)Sro-ThbRYschyPicesk layd hatte ebiekwon fhabmedraitect s on
t he anal og audi o or |arge processing group delay differences between the

di gi t al cenilicientad with lagdibecot®eans. Thus, using a limter and single pole
filter greatly stabilizes the estimate of msalignnent. WO

2006/ 110229PCT/ US20061007236 - 10 -EIJQ@B@IH@ 3 is a graph of a

correl ati on vector of correlp}yq:gn ceefficients  show ng a 152 sanple

m salignment. FIG 3 shows a pl ot fgf zégﬁ oll.(t pz{ correlation coefficients
for a particular segnent of nusi FcH pdiht\'r éﬂesents the correlation of
16384 sanpl es of anal og audi o and’di gi tal™ audi 0. For the nmaxi num peak at

_153_ Sa?mlﬁ'e?e efid tﬁlﬁgﬁﬁfrﬁfm oﬁ%ﬁﬁxplé@lto_ﬁ’?gaiéh@%bﬁﬁﬁeﬁd fﬂqﬁﬁfﬂei SThfgfﬁg»m thwmfgmet |

i ndi cates a high degree of confidence tha e.anal og .audip .and digita
audi o artamerped bereen By 215d yaignal- s%lagéhows 3@'{"%5‘6%‘6%*‘%??&%8&? gmb%%r‘? | evel
~alignmeng, al 0oL LT RM hdPhe é@ﬁﬁﬁbﬂ%eﬁ@ﬁ@u}slﬁafsb&ﬁﬁ 1280 Tofs pdar 18k ithenmode

i nputs and conpares the conputed suns of the squared val ues of the

filter edhatisliggpifset vherefiyingde dadagbural audi o signals. FIG 4 is a block
diagramthat illustrates the | eve L, L, g9 <10 BnRl 80 faedi o

si gnal inpﬁbo%ﬁ I is[hlg 4855 3?% Ilféirgigﬁﬁi&lgigwg}ﬁ ?ﬁglg{ndll% isﬁrpul se response
filter QRexirRenpreddtiCertis fiakineue drabrabfolpgsieprsntsothe | sizveodihe saprchigingew- audi o

signal ipput on line 96.is filtered using an jinpfinite i 1 : e
filter &fearly e BaGCE™s TRy MERey f’fna*hem ﬁlﬁﬁﬁag%lhs fadan ngsg]ﬁ%%ﬁ??%ézr ed
anal og $igpal ada bhand ihpiemnestattingiot inesprgniahl wile. pricaasisd of sapplo&5sor
102 to produce a signal on line 104 representative of the Shlr‘? nal ower of
the anableyidi suffiondy LBy delasoid TossTple gERgL glay ARITIRIES O3 TP STBESY or

setting \bes ; | 85,5 & BUEF 388e of NemERtd Bv@hgelMbresiatialof pianer s
is cal cg%lgﬁ%r%%ggﬁéﬁg]\t{fﬂ |§Ebtﬁogk 1%%%0 p?gduce a si gna% on line 110 t hat
i S repr esecitiidn sceffafient fimctibsalOng rvayrip use a large NV is to compute the numerator and

bis




[ 0037] Conputing the signal powers over several seconds and conputing the
ratio, optionally in dB, leads to a stable estimte of the |evel
msalignment. Aratio of 1, or 0 dB, would inply that the anal og and

di gi tal i{@@@k?wiﬁe | evel aligned, while any magnit ud@CTfB306/pA7@360r
‘negati ve wou d Inply a level misalignnment. The ratio in dBis N1 E x2 00
it=-0 N1 Ey2(n-k) [ 0038] The -donmput ation of the suns of squares
must be done using | ag value k where the anal og and digital audio signals

are time aligned. Specifically the signal powers t,; j Bflcover
the samenanidiiorssippatbly SvgnEpaler Hme segRFqty;t ‘??cﬁxer%gfenﬁesnﬁgsn iiéalrrgg to

accunul age the square i AVEertdRt FaRges The Mpednpletna semzip
conput &8 Othaf’?fgp%% Orne%atﬁlélgﬁﬂrﬁ%é%_i ci ent processi g that are tinme aligned
and hav@ea: Heghesardrehabioms. c Adaltipls enachs, g dhen arg@@@f VS %nd 6
~-show additional details.of.a specjfic.lapl n ieanvwhech denonstrates
the ti W&Wﬁn?%@@“%%ra?ﬂ%ﬂm'mé%gol{P%%Srlr{éé?%%@éiﬁoﬁg%cb di ‘g}ussed. FIG 5is a

bl ock di agram of the system 120 th&tti npl e s the tinme and |evel
al i gnnment al gorithns. The m;ﬁbb%i%lﬁﬂ%ﬂl% 13S2006/ 007236 platformis a
PC with an HD Radi o devel opnent boatr¥ 122 and’+tuner 124. The | DM 350 HD
Radi nr m devel opnent board is control L ef A€ eTd26 i n
t he PC. Wikig %ﬁ)ilﬁdﬁ'ﬁﬁ@%g’ﬂi ® eSS eLaﬁg??%%t }ée{'e[r)la\i/lh;EZSO %§e| oprment board
and input i-nto the. audjo car fisdbanaddl fremtatien epddhaisf r at ed
by bl oc@%ﬁ?g%ﬁwﬁ%%%ﬁlegsﬁ&%%@sp%g tﬁé‘legganoﬁet%uts the split rmléie audio to
the audipecakd for nmonitoring. In addition, the audio can be displayed on
the screen 132 along with a plot of the correlation function across a
sel ectabl e nunber of | ags. Thg_(g?gr{ gt{e,)Ef ande Fast Fourier Transform
(FFT) of the analog and digital strigdns can be displayed t6 verify proper
band selection. In addition to these outputs, there are a variety of
sel ectabl e paraneters 134 that can ‘Et 5&{ ]t e processing that are part of
Vi Htebr

a control graphic interface. w(héd? ate 136 can be provided to
all ow the exchange of information wit® a netwdrk. Alignnent info is nmade

avai l abl e to user b.i nt erSf aCeus [0040] FIG 6 is a block diagramof an HD
Radi oThIThap il N PAFPRETS” Card 138 receives that anal og and digital audio
signals, "as illustrated by arrows 140, za@g provi des the anal og audio

signal on line 142 and the di giﬂ(b]m:}aﬂmgl on line 144. Arrow 145
illustrates a connection for optional’;'€4i % honi toring. These signals are
passed to a display 146. BR filters 148 and 150 filter the anal og audi o
and di gifoednyseiooh Pfignalt s to produce filtered anal og.audio signals and
filtered di ngﬁf' UL Q511900 SeV ek bitREs db@nansnd 5dossT egrativorigshaiage.| evel
al i gnnment z; orithns are applied to these filtered signals as illustrated
by . bl ockhed 5@ .cal Hefirzal cul at ed correl ati on coefficients are displayed as

illustrated by bl ock 158. A t Fouri-et<Tr foyrm (FFT) 160 of the
correlation coefficients i si@iﬁ (rﬁaé?fd&@c%%?fs(gfect ral display 162. A
graphi cal user interface 164-i.s provi 0, permt user control of the
processes and files as iIIuS’tf'?XéFe(H“B’QVfb?@C'}R(aﬁ%JF [0041]FIGs. 7, 8 and 9

illustrate typical correlations over the range of |ags. [ 0042] The
various firrictions descr it)}:(e'd‘c)&bﬁvel)e&t{ﬂ!@“ﬁ(%‘hgﬁgbit ed using known

filtering and processing hardware. _ ) .
v?rhere & F;s a value > 8 (for infinite averaging) and < 1 (for no averaging), where « 1s a

parameter that allows adjustment of the effective time span for continuous averaging. This is

a single pole lossy integrator. The lossy izitegrator.allows the- aJignment to “forget” the

measurements sufficiently long in the past where the audio processing parameters may be

different. This filtering can be made more sophisticated by mcludjng information regarding
the time between samples such that the measurements can be performed on an irregular
schedule while maintaining appropriate filier coefﬁciegts.

[0032] Now we can calculate p; (k) tobe



- [0043] Wiile the invention has been described in terms of several

enbodi nents, it wll be apparent to those skilled in the art that various
changes can be made to the described enbodi ments without departihg from

t he sCQﬁggg&m&ggzbnventlon as set forth in the fol | ow,@EUBISI/WELS 12 What
Is clai s -~ 1. A nmethod of detecting tine alignnment of an
anal og audi o signal and a digital audpo signal in a hybrid radio system
conprising the steps of: filtering the anal og audio signal to produce a
filtered analog audio signal; filtering the digital audio signal to
produce a filtered digital audig-signak;{kising the filtered anal og audio

signal -and the filtered digit&aad T&r~ro calculate-a plurality of
correl ation_ coef;_i cients, wherein t\ﬁe%g %8t i on coeffici enltos are ’
representative of tine alignment. between the al audj o.si th
di gi tal audfi83ki ghbg corephioR P Pﬂbﬁlf‘?t}ﬂ“rfﬁmé’f“%gﬂ%?‘%? Sg%e ]é%&g%gé% %ﬁgl e

and/ or Eygfc 8 @ Rbe@AbPorSisInRL oMo RARRBSRIsHO dshaueDhs 8l abiudn of data.
coefficrents. 2.. A nethod of detecting_ tine

_ : S - : Lignment of a
anal og Aysealysiof e BOGwillisecdndsi of dpta SERAUGIEeH f ORI the preh @g‘iﬁ’ﬁngﬂ‘é t e?nn
conpri Sh&@ﬁénh ecosl‘ltpfeptﬁiso\x];iﬁl an & of 0.1, and we obtain reasonable estimates. The correlation

coefficient is computed for each lag value over its range. The number of lags conaputed will

depend on the actual alignmeht per station. For e)';aniple, we can choose 1000 (or whatever
the maximum search range) discrete lag values over the search range, computing the
correlation for each value to search for the lag with maximum correlation.
[0034] The post processing on the alignment vector performs a peak search over all
correlation coefficients foliowed by a lower limiter on thé correlation coefficient. The
alignment vector is the vector (set) of lag values over the search range. If the peak correlation
for any one epdch_does not exc_eed a good threshold, then we eliminate this for the subsequent
-averaging over the multiple epochs. This “limiting” prevents anomalous values from being
averaged. Typically 0.92 to 0.95 can be uéed as a lower limit to assure that the average to
follow is building up on more reliable correlations. If there is a bad section of audio that does
" not correlate well between the analog and digital signals, then the correlation coefﬁcient will
typically be below 0.5 and this value will not be used in determining the average. Another
single pole integrator can be used to accumulate ‘the .samples that pass the limiter criteria. This
estimator will usually produce a very gbod estimate or no estimate. A no estimate condition is
likely caused by the analog digital lag (&) being out of range (misaligned by too many
samples). In this case the range of the correlations should be increased (number of lags
increased) and the cofrelation run again. The limiter and the post detection averaging are
required because there could be different processing applied to the analog audio and the
digital andio at the broadcast facility. These different processes will lead to different group
delays for different audio bands. Thus, there will be times Wl_iere the correlation will be rather
bad. If theée segments are examined, they typically have either channel effects on the anald_g
audio or large processing group delay differences bet\xfeen the digital and analog audio
streams. Thus, using a limiter and single pole filter greatly stabilizes the estimate of
misalignment.



filtering the anal og audio signal to produce a filtered anal og audio
signal; filtering the digital audio signal to produce a filtered digital
audi o signal; and using the filtered anal og audi o signal and
t he filtgyggog#gigal audi o signal to calculate a pl urBCTA§200H0088r el ati on
coef fici &Mt erein the correlation coefficients are representative of
- time alignnment between the anal og autli-o signal and the digital audio
signal, wherein the anal og audio signal and the digital audio signal are
sanpled at the same sanpling rate. ' . A cting
time aligneoss] oFIGS amagrag) @Rﬁ@eﬁlﬁ%éﬁd‘gﬂﬁcﬁﬂﬁfaﬁ 3ch? %%dglgci‘ﬁg g in-a
hybrid_radi o_system conpri.si 5y§(m_lkhaﬁuﬂgnihﬁﬂhmm¢ T audi 0
'signal 1 5%“BﬂﬁﬂﬁﬁﬁlgﬂFFFtg?édygmkﬁﬁlﬁgﬁgfg S|gﬁgl f|| rlnﬁﬁ £ dlogi tal
audi o ?M%& deBmpti @@ umeica Hath pmtereprdsegtsﬁbﬁ conrriAtion of &

sing the filtéred apal dio.s . tartelaiodi
gl lgngl apdio @Iliql dimitgh grdip- p%ng ul%vgqﬂg%ﬁlfg?g?%gn %ké Bﬁf&,ﬁt Al ' 0

oefficients, V\%@I’el n the
correl %Eéfgéle&%f§95§' @,ﬁfcﬁ iAdieatéLp hizh ateiretiof eoufidanperthat thegaraio eiogadietiilen t he
anal og audio signal” and the digital audio signal, wherein the correlation
coef f i digntadaraze tesebgiadhed S8 $PHg S 6+ nal i zed cross-correl ation function.

13 filteri i1 mmlmesmewmﬂﬁﬁ&p@@%dlo
si gnal ; [E&G{]I ng%?ﬁ%&%o%ﬁi%&l%ﬁg??ﬂi g(r)lal to ﬁsfoguc a. fil %g{eqﬂ ofqoi t al

audi 0 Shegpait modadhputs and compares dlas SRFRIE FIS UrtBy SHKE 0 ues dro signal and

the fil tered tal, au t I H'bi’dcﬁcﬁa Iﬂ@JtilIuytra:tés Bopra ane
coef fi @palpgiot ?’ﬁ,{%g g %@‘?rgﬁ% PRI A 1§ gpdrhl

tion coeffl cients re re resentﬁ%‘]kve of
time alignnsntadetmeend hedlen aidi seuafi Bpei ghine g9 ds Bﬁ ‘g’i“f;éﬁﬂ

signal, wherein de co onents, of t Akl idipital S are
rerrovedmpﬁlﬁwes?@lsﬁé:’c“é? r’i‘éﬂ’F‘@H"%? d]ﬁ?reeﬁg%?fr& gl a% | oﬁh giggﬂﬁf i ci e% g

e 96 is filtered using an infinite impulse response filter 98 to produce a

signal input on lin
filtered digital mgnal on line 100. The filtered analog signal and the filtered digital signal are

- processed in processor 102 to produce a signal on line 104 representative of the signal power
of the analog and digital signals. The processor mcludes an input 106 for setting the number
of. samples to average. The ratio of the signal powers is calculated as shown i block 108 to
produce a signal on line 110 that is representative of the misalignment.

[0037]  Computing the signal powers over several seconds and computing the ratio,
optionally in dB, leads to a stable estimate of the level misalignment. A ratio of 1, or 0 dB,
would 1mp1y that the analog and digital signals are level aligned, while any magmtude
positive or negative would imply a level misalignment. The ratio m dB is

Al

PRAQ]

ratio =10-log N”“’

> ¥ k)

n0

[0038]  The computation of the sims of squares must be done using lag vahie k where

the analog and digital audio signals are time aligned. Specifically the signal powers must be

. estimated over the same audio signal segments. For efficiency, it is beneficial to accumulate

| the squared samples over the ranges of N samples ﬁh‘eady computed in the correlation
coeffictent processmg that are time aligned and have a high correlation coefficient value.

[0039] FIGs. 5 and 6 show additional details of a specific implementation which

demonétrates the time and level alignment algorithms’ previously discussed. FIG. 5 is a block

diagram of the system 120 that implements the time and Jevel alignment algorithms. The



5. A nethod of detecting tine alignment of an analog audio signal and a
digital audio signal in a hybrid radio systemconprising the steps of:
filtering the anal og audio signal to produce a filtered anal og audio
S|gnal;_5hg(%&kmgwthe digital audio signal to produceP&r/BlopEHEdodi gita
audi o si ;- an using the filtered anal og audi o signal and
the filtered digital audio signal toldalculate a plurality of correlation
coefficients, wherein the correlation coefficients are representative of

tinme allgnnent bet ween t he d
S|gnalIﬂmﬁemesmlﬂheﬂb@nﬁﬂ?ﬁgagn g% %@?é%%gihﬁﬁ?%btﬁeigﬁgl R gyg%glog
and di %Iéﬁ{ §] md%ve%pgﬂ&lk ?oﬁ'&‘f’s {dniBu 4 ORSFoBNOSB Akt fRtd Bl6ah HIPC. The

coef fi beddne sma as the tire alignment error .increases.
met hod it ﬂﬁﬁemﬁmg outpuet‘raﬂm thm i 350 flewdtopmeat bgrhand ispyiigipdhe 2P Y gi t al

audio s d
t he ana]lﬁgoaf&})d? o‘gé &r?ﬁ? ajrdlg% Iiilg“gﬁé@& %”}1%@{% gﬁ@ﬁlg}\gxg ozihtﬁ?gcgzlﬁséoncgiltﬂd@r i ng
filterimgshiiendlicudivlo aimumosaagmf mibnitqringd dc edditiér, meemw @p@eldmp axedi o

si gnal ; usin filtered .0 di
filtereeh Gegrest I%?Ué%g g‘Br‘i‘d? Ottq;ﬂ&ea?(ﬁ’{?ﬂ”g‘?’g ﬁé{g‘ﬁ‘%?érgsst VAo %)ger re Ha%t Pn
f?ﬁL f gﬂa %@?ﬁ %E‘%Q of BR BRf FelR} TemskaaFFT) ehthe aaaﬂeo eepdiggetaiye. of

ween the anal og audi | dthe d
-si gnal ; caantt qhepl&mdrfb nzgriér peaR %@Erséﬁcig%e?{“?’i{%‘qu‘pﬁoe Ein %m%g%xaudl ??t s
followed b agsef)\é\ﬁ{) afglﬁe%rs ??4 ﬁl@?ca‘flod’oﬁﬁel%é BibcERAlkf thal a@tﬂbﬁ‘t offa céhtfoet hod

- of det et g gnnment an anal og audi o si gnal and
graphic interface. A network interface 136 can be provided to allow the exchange of

information with a network. Alignment info is made available to user interface.

[0040] FIG. 6 is a block diagram of an HD Radio™ muoniior. An audio card 138
receives that analog and digital andio signals, as illustrated by arrows 140, and provides the

analog audio signal on line 142 and the digital audio signal on line 144, Arrow 145 illustrates

a connection for optional audio monitoring. These signals are passed to 2 display 146. JIR
Flters 148 and 150 filter the analog andio and digital audio signals to produce filtered analog
audio signals and filtered digital andio signals on lines 152 and 154. The timing and level
alignment algorithms are applied to these filtered sigpals as illustrated by block 156. The
calculated correlation coefficients are displayed as illustrated by block 158. A Fast Fourier
Transform (FFT) 160 of the correlation coefficients is used to produce a spectral display 162. |
A graphical user interface 164 is provided to permit user control of the processes and files as
illustrated by block 166.

[0041] FGs. 7,8 and © illustrate typical correlations over the range of lags

[0042) ‘The various functions described above can be nnplemented using known
filtering and processing hardware.

[0043] While the invention has been described in terms of several embodiments, it
will be apparent to those skilled in the art that various changes can be made to the described

embodiments without departing from the scope of the inventien as set forth in the following

claims.



di gital audio signal in a hybrid radio s | Si
_ _ : : ystem conprising th :
L:IL:{!nglzhe.analpg audi o signal to produce a fFPteredganaFo;tggzigf-
digitai audiLIL}gL;Pg'the digital audio shgn?l to produce a filtered
u al; - using the filtered

and the filtered digital audio signal to calculate a Srﬁlgglﬁydgﬁ stonal
fgrrelatlon.coefflc!ents,.mherein t4re correl ation coefficients are
d_pregﬁptgtlye of time alignment between the anal og audio signal and the

i gi t Whanisdiaomed ghal ; and filtering the correlation coefficients using a

novi ng average to produce an output signal th [ [
at |
nunber of sanples that are mi saligned. ° > representatlve of the

detecting |eveltali gAnmmhododﬁf chtrecammg aél&'éf’f‘@ﬁtﬁf&ﬂé‘flal%augea g
I Egglta %udi o
anal ok g 4 6 P S T PR e o i gnal . 1 ters
anal of | ere analog audi o signal; filtering
i gi tal audfiRerfiodhedmalay gmlﬁmb@ﬁl @ froduce ﬂéﬁtﬂ@d@ﬁ% ag audie pignd; gnal ;

conmputing the signal povier I
O e e o bk LA B4R TR 208 SRSt amal pover

o g,”f‘;l Paudi oOfs}’%,Q% ”ﬁi'té?g% b0 i@ BRbulad mheumagrmgqumm BEnal e
a Si
ol onamtiae! « thesinabbgonddior SHGREEANILERE ditgPodiedares s S 2ng

representative of time alignment between the analog audio signal and the digital audlo mgnal
and
adjusting timing of the analog audio signal and/or the digital audio signal in
response to the correlation coefficients. '
2. A method of detectmg time alignment of an analog audio signal and a
 digital audio signal in a hybrid radio system comprising the steps of:
filtering the analog audio signal to produce a filtered analog audio signal;
filtering the digital audio signal to produce a filiered digital audio signal; and
using the filtered analog audio signal and the ﬁit_ered digital audio signal to
calculate a plurality of corrélation coefficients, wherein the correlation coefficients are
representatlve of time alignmeni between the analog audio signal and the digital aﬁdio signal,
_wherein the analog audio signal and the digital audio signal are sampled at the same sampling
rate.
3. A method of detecting time alignment of an analog audio signal and a
digital audio signal in a hybrid radio system comprising the steps of:
filtering the analog audio signal to produce a filtered analog audio signal;
filtering the digital audio mgnal to produce a filtered digital audio signal; and
using the filtered analog audio signal and the filtered digital audio signal to
caleulate a plurality of correlation coefficients, wherein the correlation coefficients are
representative of time alignment between the analog audio signal and the digital audio signal,
wherein the correlation coefficients are determlned using a normalized cross- -correlation
function. '
4. A method of detecting time alignment of an analog audio signal and a

digital audio signal in a hybrid radio system comprisiﬁg the steps of:



2?ngflng a level of the analog audio signal and/or the digital audio
> garatln ;esponse to the signal representative of a level alignnent. 9.An
dippitalus dpr detecting tine alignnment of an anal og audio signal and a
fi?terinautho si.gnal in a radio systemconprising: a first filter for
e R e e I

nat, col . . ering the digital audio signal t d
a filtered digital audio signal; a ocessor ' i ol anal o
audio signal and the filtered digith audi o srgaarsiggcgrgurgiée;ed anal 09

Bluralily of coucshglianbgeincienti e sifclendes ilatbOl
signal and thefﬂk@hgﬁwcﬁg@ﬂéu@p@wawﬁggﬁﬁﬁéé%Bg%%ég@@ﬁ%%@ﬂgﬁ ug??ﬁ|0?_aud19
N Let Egr f‘gf‘gf? Oﬁu%gqggglggfg@?éd eﬁﬂﬁfgoéudlﬁﬁsiéhzﬂietndhh@@db&d&iig’t@laucﬂin sﬁmbtgmslemt o
of an.AnAes plgildy sdfga;feT;%dlaseé}%‘@?ﬁQ?&ﬁggﬁbi@{ @(%gqtlaecﬁ)%l Ofkoldifrgs akd gnment
conpri si ng: o 0 system
representative of time alignment between the analog audio signal and the digital audio signal,
wherein dc components of the analog and digital audio signals are removed prior to
determination of the correlation coefficients. ‘
5. A method of detecting time alignment of an analog audio -signal and a
digital audio signal in a hybrid radio éysteni comprising the steps of?
filtering the analog audio signal to produce a filtered analog audio signal;
filtering the digital audio signal to produce a filtered digital éudio signal; and
using the filtered analog audio signal and the filtered digital audio signal to
calculate a plurality of correlation coefficients, wherein the correlation coefficients are
representative of time alignment between the analog audio signal and the digital audio signal,
wherein the correlation coefficients approach 1 when thé analog and digital audio signals are
time aligned and the correlation coefficients become smaller as the time alignment error
increases.
_ 6. A Vmethod of detecting time alignment of an analog audio signal and a
digital audio signal in a hybrid radio system comprising the steps of: '
filtering the analog audio si gnal to produce a filtered analog audio signal;
filtering the digital audio signal to produce a filtered digital audio signal;
using the filtered analog audio signal and the filtered digital audio signal to
calculate a plurality of correlation coefficients, wherein the correlation coefficients are
répresentative of time alignment between the analog audio signal-and the digital audio signal;
and
performing a peak search over the correlation coefficients followed by a lower
limiter on the correlation coefficients.
T A method of detecting time alignment of aﬁ analog audio signal and a
digital audio signal in a hybrid radio systerﬂ comprising the steps of:

filtering the analog audio signal to produce a filiered analog audio signal;



14a audio signal; audio signal; a first filter for fil [

_ _ ; _ ;oa terin

?Edlo.s!gnal to produce a filtered analog a second filter fgrtpslﬁgﬁ!gg
e digital audio signal to produce a filtered digital a )

processor for using the filtered anal og audio signal and the filtered

ggg;$al_aud|o signal to calculate a plurality, of correlation

tiﬁe |F!ents, wherein the correl atiq@gn coefficients are representative of

al i gnnment between the analog audi o signal and the digital audio

silgnal ;. and 2 Beak, JGLeRLRl af8Y shGEblongnemsed nglieutontela | on

gﬁgfflc!ents. ecting tinme alignnen n_anal o
i o signal angima i @ikak zalulrbgmudlogmgnal iand ahor flipred eieb e 1i"ng ag

;hgfég;clf;‘:lﬁiiﬁe :31 ;i)urgaigj;f l(}fg(gg{yq% t]éﬂgwg%zengs \%rli(ljeremsﬂhg NQrelaBioR r&)@'ﬁfﬁﬁem@s fid tered
representative of time alignment between the analog audio signal and the digital audio signal;
and '
ﬁltéring the correlation coefficients using a moving average 1o produce an
output signal that is representative of the number of samples that are misaligned.
8 A ‘method of detecting level allgnment of an analog audio signal and a
digital audié signal in a hybrid radio system comprising the steps of:
ﬁltermg the analog aud]o signal to produce a filtered analog audio signal;
ﬁltermg the digital audio signal to produce a filtered digital audio signal;
comp’utmg the signal power of the analog audio signal and the signal power of
the digital audio signal for an audio segment; ' '
using a ratio of the signal power of the analog andio signal and the signal
power of the digital audio signal to produce a signal representative of a level alignment of the
analog audio signal and the digital audio signal; and '
adjusting a level of the analog audio signal and/or the digital audio sngnal in
response to the signal representative of a level alignment.
7 9. An apparafus for detecting time alignment of an analog audio signal
and a digijtal audio signal in a radio system comprising:
a first filter for filtering the analog audio signal to produce a filtered analog
audio signal;
a second filter for filtering the digital audio signal to produce a filtered digital
audio signal; _ .
' a processor for using the filtered analog audio signal and the filtered digital
audio signal to calculate a plurality of correlation coefficients, wherein the correlation
coefficients are representative of time alignment between the analog audio signal and the
digital audio signal; and | | |
a-processor for adjusting timing of the analog audio signal and/or the digital
aud10 signal in response to the correlation coefficients
10.  An apparatus for detecting time alignment of an analog audio srgnal

and a digital audio signal in a radio system comprising:
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digital audio signal; and

a peak detector for detecting peaks in the correlation coefficients.

~11.  An apparatus for detecting time alignment of an analog audio signal
and a digital audio signal in a radio system comprising:

a first filter for filtering the analog audio signal to produce a filtered analog

audio signal;

a second filter for filtering the digital audio signal to produce a ﬁltefed digital
audio signal;

a processor for using the filtered analog audio signal and the filtered digital
audio signal to calculate a plurality of correlation coefficients, wherein the correlation
cocfficients are representative of time alignment between the analog audio signal and the
digital audio signal; and | |

a third filter for filtering the correlation coefficients using a moving average to
produce an output signal that is representative of the number of saroples that are misaligned.

12.  An apparaius for detecting level alignment of an analog audio signal
and a digital audio signal in a hybrid radio system comprising: \

a first filter for filtering the analog audio signal to produce a filtered analo.g
audio signal; '

a second filter for filtering the digital audio signal to produce a filtered digital
audio signal; '

a processor for computing the signal power of the analog audio signal and the
signal power of the digital audio signal for an audio segment, and for using a ratio of the

signal power of the analog audio signal and the signal power of the digital audio signal to
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-produce a signal representative of a level alignment of the analog audio signal and the digital

audio signal; and

a processor for adjusting a level of the analog audio signal and/or the digital

audio signal in response to the si gnal representative of a level alignment.



