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DESCRI PTI ON Control I'i ng Loudness of Speech in Signals
WORH02431t ai n Speech and Ot her Types of Audi oP%gé?qoé(st‘S”

TECHNI CAL FI ELD The present invention is related to

audi o systens and nethods that are concerned with the

nmeasuring and controlling of the | oudness of speech in

audi o signals that conDESCRIFEXON and ot her types of

audi o material. BACKGROUND ART While listening to

radi o QodtRlley ShuelloPBPedthlif Sigriakl P Confal:eGpeRbh | Y

choose a vol une aﬁ@@‘tﬁ&h‘yﬁ@é&ﬂﬁ%r&%&@ﬁzﬂ' na
sati sfactory | oudness of “speech. The desired vol une

control setting is infl uenced by a nunber of factors

'such as anbi ent noi sq-Ei diﬂbng envi ronment ,
frequency response of e repro uci ng system and

p&hs preaéntpneefmr)e melateﬂftb andmrsgnsma gnd methods thatere concerned with

the me;:ag%éé %{fté}ﬂ&gﬂﬁ eblop }: sp%gqur a ?/ ges! rl‘?ls ¢ h?am speech

andotﬁ@r%? tSoftNBiPhHELANCE OF absence of ot her program
r| al s such as nusic or sound effects. When the

program changes or ap ﬂtﬁﬁ npheRhel is selected the
| oudness of speech in e new programis often
dWHikerlisrdning ol radiio roe tﬁlrevnam bﬂ'md@stsghstbnmrs/ﬁbqumtlg choosela volume
* conteo St SmacatitaSonaBRRt HEpet i 1A ST Be f stig
is mﬂlﬁ,‘i‘llch’rfﬁy h @ mibeHeNBaSrAlct RERRBicht mdiécOd i RdBstelihg ¥eViRmMnidat,

anal og” broadcasting techni ques because nost anal og
frequebey mspameexfghmproelemnp sxsgﬁrarﬁsldmaﬁﬁmslpve%rﬁnﬁea*ﬂwéoosmg the

volumg rtf‘gptn@ sgaglgdgf% 1[5 eﬁére%enéraﬂ&qdes?@é tP{ee loﬁageﬁsg%g ?Regglgmmabn

relativeBIGuUnSRaAI dddpité 1R prdseAdE ot absdige oﬂﬁthbh?ogmh ﬂiathha{;rsanh as music or
material to raise the speech signal |level relative to

_Sﬂundlefféctsnor se introduced by various components in the
egﬁﬁga éro%ﬁiﬁ ?l?g Neye! élﬁglle?lﬁalalnhajg Selgdib Ith@lroﬁdrrl]eSF of speech in

I ences I'n ness o

the neﬁrm@g@ffﬁns lofief diffdlewhitch tefutres cladghipahe volamé doatrol setting to
rans recei ved, on the

different types of 0
restorethgdegiredd ae%feag Usonlhepily aimodest ange ifdhie setfine, if any, is needed to
- adjust tl‘f é% ﬁk‘ gl ?rafﬁﬁ‘agfl Casfﬁﬁ(alb Er%raﬁéhgfm%igﬂﬁmques because

ro uc I'ng echnlque
most ahaloglbyoaiggsta\saibbvdrhmgrqimmbzlnhrspeémhamasﬂae anagirgdn allowed level that

T e R D A ot —
the dyﬁﬁﬂﬁera@bd?ﬁvm E@ﬁb Pﬁ\%ﬁ't%rh Pr%sérﬂl?td fal: thé’gpeéa?ﬁgﬁ‘al 'l‘@v’%l rélﬁ‘ﬁve to the

resul. It -1s Very lik
noise intredecediblyl vdoeummhpcglemhmthed)rﬁﬁ(k:aﬂrsgﬂsmr Nevtwaelas&dhw§tlll are

undesrgq,péﬁa e?é}q:asb w glﬁfsfo E]gqq% grrra?qsg?@th\{]e% on JrFferent channels

and for different types of programs received on the same channel such as commercial

announcements or "commercials” and the programs they interrupt.

o The introduction of digital broadcasting techniques will likely-aggravate this problem
because digital broadcasters can deliver signals with an adequate signal-to-noise level without
~ compressing dynamic range and without setting the level of spéech near the maximum allowed

~ level. As aresult, it is very likeiy there will be much greater differences in the loudness of

speech between different.prograrns on the same channel and between programs from different
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channel s. For exanple, it has been observed that the
WOR04/84d%ce in the | evel of speech between prRfgFHER003/025627
recei ved fromanal og and digital television channels
soneti nes exceeds 20 dB. _One way in which this
di fference in | oudness cah-be reduced is for all
digital broadcasters to set the | evel of speech to a
channgtsaFormexaimpde) il kg beessbsehat thag theedlffexkaateonw théevelrabspeaoibetween
adroom f or wi de

progrfh Sty 1 Sna e e a FledPnoinae gemeRipes exceeds 20 dB
C OMRIRESinARieH tHid ditteienSe inBh s AR édudeliSfos alI Hi%

woul d require a change in broadcasting practice t
broadgastagyto sebthe level phpneeeh tonssandardizal laudness that qsrvwl/ll twkzw lti;c

o 8L S ML i
avoid dleglehdlfobd:@qﬂ'eaidn drﬂﬁimﬁgi MpnfbAGnAtelY Nthishelufion Svould require a change

andard conveys netadata al ong with encoded audi o
in bm@éf@gm&'l?féc'i‘@tt %‘dﬁ yol F]ﬁ?g[ P#bnt rol i nformation known

hgpfe A R, HEACS 88 Sl RN i

 televishar brehdesting hutle EBﬁted)Staﬁ&seﬁQfgltdl Broatbat tﬁd@écﬁﬁpllels Réith the AC-3
Inormlnforrmtlon al | ows recei ver to do

standaig Sostigy maladiaviione WiHbencpdecidio defoi Thamaiadaraingbdes contro
:n_fomﬁhbfr‘ Kb RA as grﬂ Mﬁﬁr 'n@x%%é’aﬂl Hé'li‘:s‘em pl gr%éhfe%l aﬁt‘ A Yeceiver to

program or anne e l1stener ust

ﬁrovndcontfomi or selt!nalagd tondpesh loﬁs‘l:&aeeh dﬁgtﬁeedlokdsyﬁie d@ﬂnmﬁettﬁrmatlon
t he recei ver

P ST TR
volumé ﬁ%ﬁjo phisteJefof Ea‘lﬂhgﬁ%r\gﬁ%? gﬁ?}n@l g Eféﬁsrsa%m the VBIShE: control

erw se  exi st rent rogra

settingdh aphieve a degintd dévehaf spnenﬂnlnn@dasm for aqmﬁmuidrlpr@rarhmnd ske receiver
al ned fromthe

uses (R dih e Ao G Fisuc U6 BRUTGIAVR i r@@ntampééfsweatﬁerences that

1dd
o SORATRO Y 48 HERA et S, Aot pfrmaion

describpmothe usp of dialhormhisformsionkso bewmbtainet fem elmst Advanded Taledision

B L Ty e M FE KRR T

Compr&sltlﬁ(@’[@ﬁizﬂﬁdndb@" piflished ARpihis 20 hmqaaﬁd fPf)mttﬁ@AT@.@ dYtument
enerates the AC 3’ conpli ant encod

A/54 e@ﬂ!ﬂfa’l(}m%@ @ﬁ Sbaphthe X Y Pigitad a'dbvalmaasjtamdard"rmdnhshaﬂ October

4, 19952" assess the | oudness of speech in a particul ar
programto determ ne the value of dialnormthat can

The upprbpriate WY éfidialidtth mAst RN Gilsle RNRE phrt bf‘tl{efb%dm System

N programthat energes from the receiver. The [oudne
that gengratsp thechColagpnerlianterncodedbsignal, Bheencoding pufcessanesds a way to

measur bP R e R o o™ At AertieBt plosn i detgming teggiue of

'dlalnorh)thﬁthﬁnlﬂbt:ﬁé@ﬁi im@ialin thellGdne sy SIRBdchah tieprBp@fi B8t emerges from
(JEC) describes a nmeasurenent based on

.the recqiyé€quency- wei ght ed
‘The loudness of speech can be estimated in a variety of ways Standard IEC 60804 -

(2000-10) entitled “Integrating-averaging sound level meters” published by the Intérnational
Electrotechnical Commission (IEC) describes a measurement based on frequency-weighted
and time-averaged sound-pressure levels. ISO standard 532:1975 entitled “Method for
calculating loudness level” published by the International Organization for Standardization

describes methods that obtain a measure of loudness from a combination of power levels




and time-averaged sound-pressure |evels. | SO % Eabgeary2007
532: 1975 entitled "Method for calculating | oudness
WO 2004{021332b| | shed by the International O gani zBETaI2903/025627

St andar di zati on describes nmethods that obtain a
-measure of |oudness froma conbi nati on of power |evels
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cal cul ated for frequency subbands. Exanpl es of

calcufrs ¢t fow dicquetcy cubleads. Fxtahgpl esraf psyrhoacastic modes thatatay be used to

et D55 oS bkt ISR e e, B8 rion o

threshG18S, l&ldnk&UMAGARial 1oldnéH 10 ABAR EnpP Soc., VA 45,4.3». 4"Rprif1997, and
April 1997, and in dasberg and Mbore, "A rodel of

in GlashgemansidMapisi 4 amdsl eHloudmmss epplichblg te timedearying soundd!’d. Audio
o 30Ln 1 VOl a D 0. 5, May 2002. Unfortunately,
Eng. Eﬁ%r ‘é‘ﬁi 5;0,#8. g’ohrq%%?%fm way to apply these and ot her
k idnfortheatély] thersis no kontnizad 0ag to Aty ihesd 4 Gtherf down techniques.

_ e l e,..the broadcaster, is obligated to select an
T broadcen palicafions, i apswmales fhe hroadeasié F ebligaieitioiigeian iterval of

audiol AASARNS Mefurs BEGTihatd thk TudRELsS sF&kch ﬁ{e\éﬂiecteﬂri‘ﬂelival, and transfer

transter the measurenent to equi pnment that 1nserts
the medsuretient ho equipméntrthattingerts ithe dialhben AfoSnationphtoahé AC-3 compliant

. .. di,qital dat,a stream, The sel ect'ed interval. shoul d ‘ .
dtgltag 8%{51 gﬁ'ﬁam.zg}eégfgﬁ{e tlpvlé\/agﬂg)élilﬁc n ﬁ%feseamlg? speegh Rut not contain
other ty{R6 of Mldia uiht@ialBHa Wodld difiak tNOBLiahedt AeRdurerhBR. It is generally not

- loudness neasurenent. It is generally not accept a%l e
acceptabletoamensarettheoverell ludness wiae sediofpregrambdcanse thegpragram includes

other G5BT 07: e AGMRHRIOURT i o bidf bR AR cisor esigabl for
the loﬁﬂé@%sﬁgéd sfahbsic ART sound effbats €8 be H2SHBARE [0fiddrURdtha peeferred
sound erfects to be significantly |ouder than the

speech leveb At is alsonpprrent thasitis. vent undssisbie foxbpekasaund ound effects such as

Sy I j for kdr ou £f ch
wind, A B e A s R G e
hdhe inveaictahavel recobnied deg asetmijue fdihdeteriNEing avietieaue audio signal
recognj zed, that, a techni que for determ ni ng whet her an
contaigg 4pesels Cahbe used AR ITABIOYBLBIAGEE 4R exablirhay approgriate value for the
o : ¢ e .
il A, 005 58 SR IR Bl 6 st A

few techuiquesque dedcoibed pathe hefalehesstdited belaw. be used. A few
s. cited

t ni ques. are described in the referenc ) )
b%ﬁm?&itﬁ Reissueddyly2Bg 198 dgicdibgyp gecgel,qg@ that classifies a signal

- as eitl%??ﬁég?ﬁ@?n&z—ﬁ?% Bftrdchia oﬁ% dPRbfd ﬁﬁtu?es%f%@éi%?zﬁ rsr%?heas short-

speec on- speeth by extracting one

- term plosaer UPtescloskifichrtorsisgised tosseleot the apiw@ptiatetsignal prosessingThethodology

£ cl assificati OE IS ﬁ\seed to select the appropriate
or sP%"’lcgr?ﬁﬁi NOR-SPeESE SIgYA%et hodol ogy for speech and

NP ARGE 510991590 s stred WRIER | $1f00D; §edéri i:lﬁﬁil?é’th

17, 1992, 7"descr] Ees a trgchn’lnfqggg’ ?%g?%%atleyze Wil zes
variatioas incthe tpsit signallaenlitydet enselppel Rapidly icharsingvarédtiope are deemed to

“be spegpl. il S Rete ] OF Ui smal Adbod PR 1o HABiTegdniaca ol fou classes

of noise #RGhd EREifiHiBn ¥6sel o 5QMt il fiStype of noise-reduction filtering for
the input signal.
US patent 5,457,769, issued October 10, 1995, describes a technique for detecting

- speech to operate a voice-operated switch. Speech is detected by identifying signals that have
component frequencies separated from one another by about 150 Hz. This condition indicates

it is likely the signal conveys formants of speech.




of noise and the classification is used to sel8dabragary 2007
different type of noise-reduction filtering for the
i nput signal. US patent 5,457,769, issued Cctober 10,
1995, describes a technique for detecting speech to
operate a voice-operated switch. Speech is detected by
identifying signals that have conponent frequencies
separated from one anot her by about 150 Hz. This
coppl pﬁtbﬂ@p?m'usﬁlb@awaﬁ&n 0 $37 hehIbHshA foF BRAI O&EBYaY S1009, and
formants of speech February 2007 -4 EP patent

US patsp 3, %Z%ﬁ%nlswldll\fl@ah £.0i998, deg7ib B Lechpiane thah sencrabes ag&im

con B Bl PRSP avot

extrasmmtﬂ:le or hepy Reswrdsifrogn the pigablabe astd‘laﬁg’eahn pm;vaumho@ between
naI IS speech sj naI The .pr.obahilit rive
dlffﬂw PoEiRTsRE ?freﬁae%wgl Iharirep s byigse MecribY ¢ @ﬁ&ﬁﬂved

probzﬁiﬂ cﬁa?bé:l it D1aBRMRIMbEIr aSinbel ME B8R 181 thi aESRkion.
i ons the spectirum These references indicate

por
t HeS p@lerntaﬁdiﬂl oy, 1@$ued ey 20O disclosasiadibiniquy feradstagng speech by

sorn TR QAES By AL TGl o 015 B e 50 b o

whethiz0 dechdis wdsem,ealdamh@mhmuﬂlueryfdefectdetcﬁdﬂcidegvlﬁpelea:ihpdcmignal can
rin nodel of noi se without speech, conparing an

be us?‘j{fﬁ&’Pd ] a’i’IOISFér“{dﬁ]e model to decide whether speech is

p rlﬁtéﬁiah@na@ﬁﬁexﬁ%ﬁﬁcaﬁﬂn Micbﬂlé{ W@@Mfﬁsh@ rodbPsiEl@aLAEs, 1998,

when the 1 nput Signal can be used to update the noise
disclogescretiechniqucdhat disconaspepet iorn mysisi iycatragmgpuist ¢idaatinen oD an
input 31 ?g{hﬁ %Ig{i; ngeln bl A%P‘E%%ISCE ﬁﬁagion% 9c3.}u&ﬁ1e dl ggallézﬁsfea%ure The best set of

featurexirdahié amo;maseectla@fficﬁteﬁi ta¢HRitquk kO RedBr cdch BeHturs iOdbidrmaed
usjng one of several classification techniques for

empingeaty f eat ure. The best set of features and the
anme WRkhgh& Gicnsd i tﬁ@ste'rél@rehé‘éé QH& G BthlePltbéh pREchERE ion
feature i's determned enpirically. The techﬁl gues
tecthuscalttempdo|dntet¢wse:hroebbls$ﬁrwéloas:gmahlsb thoit Krerspkavbwan be

h- det det.ect h
proce3RE G LR IGEL bR Uit HEEs BiThrrehBg BT prbper
manipRlaRCR% ssﬁeedarmgﬁaml pul ated by a nethod that differs from

t he net ocess or nmani pul ate non-speech

d dt
s Dgiraieat >89, 3 xpedeanr $41295; disslews eicbpigre & copdpcting a
hypot}ﬁi.:'sé ¢d Qél%%g & Ei%%PIUgSI defv%es Mé‘g Bﬁ‘féai Bhr, terl?é( gﬁf@i&? H?vwes.

be used I1n cla i cat1on vi ces suc
Weak hjqa:rﬂaanseme c@soyeted from ectemplesand th&iéabaldayemoﬂhe&mswap&cess

constructed from_ex | es and then eval uated. An
constri B B EsHS £oF (R HeAke o IO ROL PR SR IAG R gt mpptioned
but thd iNPeitGra k&L reEOHRARLN ARL his t@&ﬁﬁ(ﬂ% iR GsEPR ihprd\@iknown speech

nmentioned but the inventors have recogni zed that this
detectipp ¢4¢hnigues. may be used to i nprove known speech

detection techni ques.
DISCLOSURE OF INVENTION

Embodiments of the present invention provide for control of the loudness of speech in

signals that contain speech and other types of audio material.




DI SCLOSURE OF | NVENTI ON Enbodi nents of the pr&ésbruary 2007
i nvention provide for control of the |oudness of

speech in signals that contain speech and other types

of audio material. 28 February 2007 - 4a According

to a first aspect of the present invention, there is
provi ded a nethod for signal processing that

conprises: receiving an input signal and obtai ning

audh geordih® tBdiksPibpedtlof thelpi@ehtTitntish, GR@E is poaa&I I mbed for
audi o information represents an interval of an audio

signal pyAeassing ek PRTANTIRGS: CerevVARERANI P HsignAkand Ghtaining pudie jnfgpmation

fron® B9 TR SieRf1, $HGRAYR &dﬁ&%ﬁrﬁ%ﬁb&&p&%a&@&{‘iﬂteﬁﬁ’ SPéH‘audlo signal;
segnents representing portions of the audio signal

exaningngshé putio sdorgpdien ko dassdy sdzmienty af dhe- audp)etefmnstecgm heing

speecﬁ Qégs ?Pstrlaglgsél)l%{l‘% 'g(())rrt]i%nSOff tfle aite ouéjll Ig %1a95n d a3 sg?ec{x Rr.as being non-

speeghl &mmmﬁesanang padinhed’ tb@/alﬁllﬁﬁm nbt dia;sﬁ' ad besjeedt, wherein

| oudnes t.he . | oudne of the eech se nts is
cnch 1G0T Sithe FHED PR RSESSBIES B SEPOeHs R 4 BERFe GO Ui fnd he
loudne@ B HeSspe k383 Mg 136 thaH dhelohdHesd Hfdne @R mof: 10Bd Abmsp@Bch
est i mat ed Ioudness of the speech segnents; and

SegMRIEy PEAWEINGAhG sl inforation tthbéam @mmﬁl@saseddpuc{nﬁ@ of the speech
segrhé?l?se G ro@fdn{ér:ﬁ AN Adabudhbss GEREM ep dr ;23Ldi0 |51§nal by
ormat i on I'S nore responsive to the estimate
gendmiuxgmes@oloﬁfOtmslcslpb@ahmowgsp@nmge tathe eatnnatt&delotlcmmgbe speech
f udi renrese th
seunfigy G830 - 85E R 1O Bt & B HBb e IERG S pE R
speet:]lﬂ@cgﬁ{e&t%ent i nventi on there is provided a nedium
hat is,.readable ad and that conveys

o%?cgrﬂ%& 19 e AP et éﬁ SEsed Brenpgn. dprEe ISPEded argedivm

that m&é&amb@ B ReAnd Hat &InYOR|a RbSGRSTiRMGrubiis cRQIRbleXShe
steps performing the acts of: "receiving an input
devigg @rpgrforn @ mesithas) T ﬁgwégmcessmgftb%t FEmPT#es Bleprperfpamingghe acts of:
I t

recef R iop A A ofini i el IRl KO8 hERDESGHRE wlhein the
audid nffommeionh espresents ah agevilyoise gndinsgnalf cxdneniag theaudio information

i nformati . N eech nents,re ent n

 to ol R B R ARG R o Yok B G Bisying portons

of tha?uﬁe lsgwam:iksﬁia& ae 5pe8<ﬂgd”f%| Bbfmg gﬁﬁ-@ﬁ&ﬁlﬁ gdgglemrrépr@s&ﬁtmg)lﬁomons

t he_audi o S1 g not classifie as speec wher ei_n
of thg gadio signel 1ok clgfmféqﬁieasg%ﬁ% vdhsgria eachnostionel the.andsn signal
repr&@ﬂl@@ﬂﬁ a 88t ﬁ@ssaox%gﬁebl‘f@e 1bRUABE R 1R n&ld&l@&% orakadp @e%ﬁ s&ments
eech segnents |'ess than the | oudness o one
is Iessrth eldudogss nﬁnnescpe@ccrh layd gonispecch esgmdnts; n:gamlh@g shediudio
n nes

1nfoxlnﬁ1ft181r1 E@ébetg% ailt%st%%tgd ﬂuﬁlnesg %f ﬂlnglge%& %C{ét gnoﬁj ‘%ntfi?lﬁ éln

mdldaﬁuni okths lcmfdnésls of tlrehﬂbiwal of(lfle Iuhlfi)o signkil by gegmatinglpntrol information

o R DR s B e Ryt oudness
* of thS POARAS &f thb andib @1gh£l&eﬂr@§éﬂfé&%? @ﬁontd}ﬁedh%%m&ﬂ§ of the
audi o signal represented by the non-speech segnents.

Acbesaading ta ®thirdiapactioftbp areens invenon, thesesin prqvirled g japparatus for
signeh IEJ% c%s§n§g tﬁﬁtoc\bhﬂu%gesagn ﬂBQﬁE&ﬁJH&Q‘[ th@receives an input signal; memory; and

procesSing circuitry coupled to the input terminal and the memory; wherein the processing

circuitry is adapted to: receive an input signal and obtain audio information from the input

signal, wherein the audio information represents an interval of an audio signal; examine the




signal processing that conprises: an input teSHabaary 2007
that receives an input signal; nenory; and processing
circuitry coupled to the input termi nal and the
menory; wherein the processing circuitry is adapted
to: receive an input signal4land obtain audio
information fromthe input signal, wherein the audio
informati on represents an interval of an audio signal;
audi®X¥gieioh A c13&ifl 86tk Yo fARO AudidHaforarBomas Wiy spedch@Bghénts
classify segnents of the audiq informatiogn as bein
represspiangpasEyeh the audigsignakelassiigd po preeghher s Peipg @Olaﬁme%h segments
repr&de SR pdthi @RV teSHdBSiHRERA Qla@é’iﬁ&ﬁas@?é&ﬁ, WIRReif RE@GHdrtion of the
segnents . representing portions of the audi o signa
audip gtgnal| rapresented by asegperd bhs a yispective loadugdss, pod thedendpesstaighe

. ; I y '
o e RUETIEL P LR SRR i
the dudRsinfonmatidite obaitcmastamafed dnelness ofitireaspéash degnomiss pedplovide an

. ..segnmepts; exam .t he o ipfar ion to.obtain. .
indi GEPT REE R nb s itspvale b it S b e gk gl mation
that &mork R€pEivead tifestilerell IAAGS DF Bfe shéth kéPn@ntaharDlo théBudness
audi o signal hy generating control information that
- of thegorioms 0? the Beia sigaal represeated by ithrR B PRSI ERERYIDT t he
speech segnents than to the | oudness of the portions
of the audio signal represented by the non-speech
segnents. - - ---- ----------- R LT 28
February 2007 -5 The indication of |oudness may be
used to control the |Ioudness of the audio signal to
reduce variations in the | oudness of the speech
segnents. The | oudness of the portions of the audio
signal represented by non-speech segnents may be
i ncreased when the | oudness of the portions of the
audi o signal represented by the speech-segnents is
i ncreased. The various features of the present
invention and its preferred enbodi nents may be better
understood by referring to the follow ng di scussion
and the acconpanying drawings in which |ike reference
nunerals refer to like elenents in the severa
figures. The contents of the follow ng discussion and
the drawi ngs are set forth as exanples only and should
not be wunderstood to represent limtations upon the
scope of the present invention. BRI EF DESCRI PTI ON OF
DRAWNGS Fig. ‘1 is a schematic bl ock diagram of an
audi o systemthat may incorporate various aspects of
the present invention. Fig. 2 is a schematic bl ock
di agram of an apparatus that nay be used to contro
| oudness of an audi o signal containing speech and
ot her types of audio material. Fig. 3 is a schematic
bl ock di agram of an apparatus that nay be used to
generate and-




transmit audio information representing an aukfikebruary 2007
signal and control information representing |oudness

of speech. Fig. 4 is a schenmatic bl ock diagram of an
apparatus that may be used to provide an indication

of | oudness for speech in ap-audi o signal containing
speech and other types of audio material. Fig. 5is a
schemati ¢ bl ock di agram of an apparatus that nay be

used to classify segnments of audio information. Fig

6 The adisatuaitlpudngssgady ki used Ergosirolthe lydegsaefihe ppdip SIgnal to
|
redudéﬁég%ﬁ)tng ?{ﬁ%lg ?}(?.}d'g%@ %@ee&@é%ﬁ\%&?kﬁ%@%h& B Portions of the

audld mk@p@bﬂtﬁ bSystawedegmegwiay de in_brdase(hwb@ﬁbﬂhluﬂuess of the

portighs5H e oA Do RRer N DS YR e € Belsied, o e

1, Ty eciesskauiddof &u:q:lr@eﬁﬂ igvamltioh endyen@efzired amblodim2its may be
Febr uar 2007 WO 004 021332 PCT/ US2003/ 025627. -6
better ydgrsioat b fe frzing & B dPliRyving disciigion Apcomypgying drawings in
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MODES FOR CARRYING OUT THE INVENTION
A. System Overview
Fig. 1 is a schematic block diagram of an audio system in which the transmitter 2

receives an audio signal from the path 1, processes the audio signal to generate audio
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systens that apply encoding and decodi ng processes;
however, these processes are not required to practice
the present invention. ASthough the present invention
may be i npl enmented by anal og signal processing
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Although the present invention may be implemented by analogsignal processing

techniques, implementation by digital signal processing techniques is ussally more convenient.
The following examples refer more particularly to digital signal processing,
B. Speech Loudness
. The present invention is directed toward controlling the loudness of speech in signals
'_ that _'contain speech and other types of audio material. The entries in Tables I.and IIT represent
sound levels for various types of a_ﬁdio material in different programs. | .
Table I includes information for the refative loudness of speech in three programs like

those that may be broadcast to television receivers. In Newscast 1, two people are speaking at
. diﬁ'erent levels. In Newscast 2, a person is speaking at a low level at a location with other

sounds that are occasionally louder than the speech. Music is sometimes present at a low level.

In Commercial, a person is speaking at a very high level and music is occasionally even louder.
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Music -25 dB Table Il Table 111 includes inf @BrP@bn@rVZOW
~_for the relative | oudness of different sounds in
WOA004/841d3% scenes of one or nore notion pi ctur%(éTfUWPO:"mZ:";”

Scene 1, people are speaking on the deck of a shinp.

Background sounds i ncl ude?the | appi ng of waves and a

distant fog horn at levels significantly bel ow the
speech level. The scene also includes a blast fromthe
hi p' S N@wsgast iwhi chji s siNisisamdti2al | y | oudeColmmsercitahe -
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| bugress—ef—the—etotk llgl cks—s—even—Tower—t—Scene—3;

peopl e are shouting near a.gr[ﬁ EI ne that is nmaking an
even | ouder sound. The shot®'%§ is | ouder than nornal
speech. Scene 1 Scene 2 Scene 3 Ship Wistle -12 dB
vElbRipresentligvergionglipys hn Splie system to apomatieabycentralihe fpudness of

the at\agg/rgé{e?ﬁbmég &Eﬁﬁ @oﬁ{aﬁﬂfg 'l_l%r E?rdzgtfong %@7%‘%&5‘:& si)ée?bhq?rcduced

automafiCly) The Iaudness/ dIRONBUDRbAA] in- I%vﬂ'daﬁt drcas alkd be controlled so that

| dlffertla{;}\éfe %h%gﬁ@vkgmﬁ@g%gﬁm%g ?%rsét em t L on’% I'fctﬁl lfl%émd level for all

speech [y % &, Qﬂ&ﬁhﬁ %Jdﬂ'ﬁ.@s of ife a%ﬁid)ﬁﬁtehﬁl §h'6$m| iR qﬂﬁ‘l@i%o@fd be adjusted to
speech i’s reduced For exanple, the | oudness of the

thelemlmlslmmaméfabhiﬂcoul d be adjusted so that the | oudness
of speech in all of the scenes is the same or

tively  the.l.oudness—o
the. audicwsas Ar Lol - aNewscagti? (rk B0 t {epmmergial fr4dR)

||oVidieds is wi i24idB hOtheeSodnidsd i 20atB/pMusitor _exanpt?d,dB
fVoice 24padB) i <d dB1f ¥bical of spe@dhiH pWditess is f+xdndB
-124 dB to -30 dB, thekigvel s of bReipudi o materi al
shown in Tabte 1T could be adjusted to the Tevels
shown in Table IV. Scene 'Tafw fiqychange) Scene 2 (+7 dB)
Scene 3 (-4 dB) Ship Wistle -12 dB Machine -22 dB

SPaTB TR i hion Dt AR RS B8 iR gt hree

differeh@Béehe ¥F one or more motion pictures. In Scene 1, people are speaking on the deck of

a ship. Background sounds include the lapping of waves and a distant fog horn at levels
significantly below the speech level. The scene also includes a blast from ihe ship’s horn,
which is substantially louder than the speech. In Scene 2, people are whispering and a clock is
ticking in the background. The voices in this scene are not as loud as normal speech and the

loudness of the clock ticks is even lower. In Scene 3, people are shouting near a machine that is

_ makmg an even louder sound. The shouting is fouder than normal speech.

Scene 1 Scene 2 - Scene 3
Ship Whistle -12dB Machine -18 dB
Normal Speech -27 dB | Whispers -37 dB | Shouting -20 dB
Distant Horn -33 dB | Clock Tick -43 dB ‘
Waves -40 dB

Table IIT
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program Referring again to the | oudness information
s [iherprésentliakérgion lallpws ap padie sydten tdn alaematécmﬂigs:oatrel the loudness of

t
the adi mafefaL fithe oedbicbag sBrentt oo W ToHPERy o/ Gpp@hds Feduced.
For exa%_plg Bhe Ritdnésh of BRIudRAMARHA AR 1Rf adRARRAGH that the"—l%qu&s of

Signhal levels for the three scenes are controll
speech i gll phithessenientds thel sameidnessentially thessamescene i s nDdl fi ed

B b 0 S g e
loudnesstis W’lhl rpa Sfevified diterval. FoE Extshl &) Uf the @ﬁéoﬁﬁddﬁﬂferﬁl tof spdeeh loudness

udness .of speech in ot her progr ans
is fromrpf g 3{)&3@% levelsef o audip snatariak shayet 'asTab!PaHI geuld he adjusted

tomeuéveumowignsﬁmvf speech between programs or
portions of prograns can be achieved w thout requiring

dynam c_range conpression within those prograns or
por Sceamesl (b dhnma) ank.  ene2 &1 dB) dB)[ SceSwend3 (-2dBB)
CSHIf Whiktle? dB12pn Wil st e -T14 dB Na%hé}ﬁn 207 0B 22 dB

RBeal SPEEH™ ﬁgg%mmﬂgﬁ\@hhgg”“@%da
Er.-.li g o ’gﬁl 1 ' ' ‘

SE@ nt Hogn Eghjjgb (;I:QHETQ!SD 2007 2292

U OO

LAY 4 y [=AYAY]
ﬂav%nn'?ln’)l?ﬂqah -9 Conpression of lthe dynnm’ c_range

OO T oo o=

may al so be desirabl e; hovvever this feature is
optional and may be prowE@lﬂeWen desired. C.
Control i ng Speech Loudness The present invention may

ARk SR fe Ao a5 felrl Raparolid sefiabipme average of

" the estGANRE IGR{dn¥R :Pﬁﬁﬁﬁzﬁﬁ&ﬁat%efsi%d‘l%%ll Thé"ﬂe}’ag@'rﬁ be @btamed for a
transmtter and receiver. 1. Stand-al on€ Prdcess Fig.

| Speclﬁzd |li§elafalsal¢b raatenonhutmkorcfuadt amsofe spacifipp poivu Hiaipogram.
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i nterval of an aud| 0 S|(gnal classifier

estimatedabp at-251B, and theglesineéblondndspaf speecicis a25{Bi Signal levels for the

(

three sSERTRIR Sonkbi o P elfoeth Pt fite X513 80 PGt p shown

in TableMVtInahi idipRihfaiBA AFiaBORRTIpeh 18RINES Within TREpRRAAE Br motion
_picture are preserved but variations with the average loudness of speech in other programs or
motion pictures is reduced. In other words, variations in the loudness of speech between
 programs or portions of programs can be achieved without requiring dynamic range |

compression within those programs or poriions of programs.

Scene 1 (-2 dB) " Scene 2 (-2dB) Scene 3 (-2dB)

Ship Whistle -14 dB Machine -20 dB
Normal Speech -29 dB | Whispers - -39 dB | Shouting -22 dB
Distant Horn ~~ -35 dB | Clock Tick -45 dB

Waves -42 dB

+ Table V
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- Technigueg that thay betused teodassifie segments of apdioonfrrmation aegperigned above.
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14 alsq GGG 16156 SURE LR BRR-SPOFRG SRR TR B8 pimyaied loudness

for thefeSeafinEs SORIHRASIn WAicKISKIED A6 Blim A4 M HEifofed Sbove.
| Bheckvasollentt sxtiventhe dpdication iof loudaess frdrn shespatle 15, receives the

i mate to nmake a edaﬂ_l eg ust %%ﬁrggﬂ?@y{}gﬂﬁ?e”ﬁw to reduce

is Inplenmentation is appropria when signal "I'evel s
the contradler bé inuigases the lowdnessadf the speedhoegmedispthesiigwil alsa inatease the

Toudnei oL T s E SCaragne g AR e L BT S v fhahe speech

segmemgOTIR SbifRl atakd iRFrAXEH 18 Psskd aReY INCFath AN faVRIbEERent
| oudness for the speech = o )
processing. In a transmitter, for example, the modified audio information can be encoded or .

otherwise prepared for transmission or storage. In a receiver, the modified audio information

- can be processed for presentation to a listener.

The classifier 12, the loudness estimator 14 and the controller 16 are arranged in such a

manner that the estimated loudness of the speech segments is used to control the loudness of
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provide dialnorm information for assembly into an AC-3 compliant data stream. The encoder
18 is not essential to the present invention. In an alternative implementation that omits the
e_hcoder 18, the audio information itself is passed along path 19. The formatter 20 assembles

. the representation of the audio information réceive_d from the path 19 and the indication of
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that'sg%?{lgﬁgédb y extraction conponents 31, 32 and 33. In

Hig.c5 natschiemiatipblesie diagianPoan appafa@y th@&maybe:bsedto cRsify
as many features that can be handl ed b¥ avai | abl e
licatinn:tgphnigue. The sample-

rate co?%%? %%reiar'eé? gﬁ]ﬁﬁ Léa\ﬁ?pslest St ih ARG Hod ﬁ'ﬂhﬂhg %aﬁﬁdl atid58-samples

the audio information as necessary to obtain digital samples at a specified rate. In the

- implementation described below, the specified rate is 16 k samples per second. Sample rate

conversion is not required to practice the present invention; however, it is usually desirable to
convert the audio information sample rate when the input sample rate is higher than is needed
to classify the audio information and a lower sample rate allows the classification process to be
performed more efficiently. In addition, the implementation of the components that extract the
features can usually be simplified if each component is designed to work with only one sample

rate.




whet her a segnent of audio information shoul d8dj&bruary 2007
cl assified as speech. Feature extraction and speech
WO Bn are di scussed bel ow. 1. Features | nPEHES2003/025627
particul ar inplenentation showmn in Fig. 5, conponents
are shown that extract wohy three features fromthe
audio information for illustrative convenience. In a
rlaﬁ[&rln'@dbménmi(mmh&ﬂ; ihoey felowe oe tharacanatiat of the audio information

| assi.fication-is based _on seven features that are
are CHfEGER P G AIISRE R 3t TR i OB tmplemeatations, as ow

as oné Rakuté 6r %fmﬁrt}ﬁfeﬁﬂﬂé@thhmaﬂ %E%ﬁ(ﬁéu Y aRghbR &m)é@?m% resources may

cal cul ati ons “on bl ocks of | es "arrange
be extrpgseds The kpesich demwrﬁﬁ eemeb dw ee(tratttbd)ﬁdaglreapmd riaeathem to determine

whetlfeE Qm&t %1? gl?d B\}Irlfo? ngsl;hgﬁla [gg%ﬁ § Eﬁpg%%%%éh@?%gxtractmn and
speecBldeiekiionpee dts(;ﬁﬁﬂ@lbels);v (nmsec) Frame Average squared

12-norm of weighted 1024 64 32 spectral flux Skew of

regressive |ine of best flii Featuresugh 512 32 64

e

YL AR Sl BlenUBn 0B Y, £ Ao Ehs B0 By grtrac
only thuea featwresfrdimathe aadlmonibf*mﬂmncfor:lliosa‘.sath@ maﬁ@lé’tﬁﬁ Ihta préferred
imol Shor&q hét hm c nmeasure 256 16, %ﬁ) Long thm
tmplemgniations howgvarg segsaent ¢igpiiiicalipn jspased on Ffﬁﬁ?F‘ dvaiwien that pre described
beloweB&dh dxtrafforl Sonfponbfife: AR aFeatiie O?H’Mtﬁl?o Ql?gmﬁﬁﬁﬂmgﬁ)e}fgrmmg

| ength. Each of the seven teatures that are s
calculptipnsogblacks of smples brahged irfiemah Toe bhaktsizetsad the number of blocks

pr LGN SRF B e TR Rl S5V e 3.

bl ocks per frane is denoted by the synbol M 28
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a) Aver age qutmiﬁed 12- norm of 4! %Eec ictr:jéﬂ’f ﬁfo::riger
IIIU average—sguare MO 11 F ”hut or\f a!
A‘felr sg ?‘grzf%ditf'h%fs‘?’%lgﬁte‘i'hat 5pe “ndrmal leg has R
g0 o4 32
76/ varying spectrum__Speech signdl s _usually have
- Skgwyfﬂfgremeﬂmerdbea fitttnoagh i ke sijgnal [referyed tof as 64
estvnatcéspespebmWﬂcﬂenatynm se-like si gnal referted to| as
unvoi ced speech. A transitipn bet weéij these TWo forns
Papse fouat apr upt changes in thef spédrum 16 128
Skew coefficient of zero crossing rate 256 16 128
Mean-to-median ratio of zero crossing rate 256 16 128
Short Rhythmic measure 256 16 128
Long rhythmic measure 256 16 128
- Table VI

In this 1mplementatl0n each frame is 32,768 samples or about 2.057 seconds in length,
Each of the seven features that are shown in the table is described below. Throughout the
followmg description, the number of samples in a block is denoted by the symbol N and the

‘number of blocks per frame is denoted by the symbol M,




Furthernmore, during periods of voiced speech,28ftsbruary 2007

speakers alter the pitch for enphasis, for |ingual
WO2094/021332i on, or because such changes are a nakGFHB2003/025627

part of the | anguage. Non-speech signals Iike nusic

can al so have rapid spectral changes but these changes

are usually less frequent3- Even vocal segnents of

nmusi ¢ have | ess frequent changes because a singer wl|

usual |y si apAebraghSquiaoR) s Eightod speatral ﬂux

_‘g]éem able period of time. The first step in
pridie axerage, aquaeq:l Eanerieef tbﬁ&fc@b@daﬁgéﬁ@é fux @&plmgs H@rfﬁetéhat speech

f
vormdlPya 5P Aol BT ol PR S s
tone-lkechignal néferredito oivoicedppeshcorch mvlidealilessigiud réf&géd tcwiemoénced
the resulting transform coefficients. Preferably, the

speechy) 4 &angjtion h#p‘{eég these twp fosme eapsey abupy ¢hangesrin the psFtrum.
f
Furil e, g iy VTSR 188 BRI el iy e, o

lingual epfizatiorg ot becanye hiehchirpes aiewnaasabﬂmmfthm lanhpeage. Non-speech

o 0 S g ek S o L s

frequéth B¥en VEcHl segmBARII Audie A0S 1e8s FrBquinP6langts mdusmi didger will

transformcoefficient k for the sanples’in block "r.
usuallYlsmgrvéihe samepfrequency for seme appregjehle peiaed efémeur r ent

th fot
o i ST h O PR aushnd Neraei b M om ot
weig cteB ThRQpphbsLitradsteim §uEﬁH% iH%@EdEr@ﬂﬁf ourigt Transform (DFT)toa
coefficients as shown in the lL{gequatlonl

block Qﬁnquilesnfw[mqthmwnl@aind quméhe maamt thecregyliing transform

* coetriR, PRRMS, 18 Biadk T satifes acfheiatiks %"F Shiffop iflfio i1 such as

a Hanmfihig RenHow fictivapaios o ApiicaRaniftkdeaforid) heintdpaliedicsf the DFT
bet ween the spectral conponents  of the current and

coefligieptsinays ecﬁa&muete&naslwm igéhe folewingsa@uetions the bl ock

wei ght f the current_,Qlock, whi ch Is calculated -

acgo [ [ f¥ght ed spectra
’gﬁ[ﬂr'l' ’g”ggq%ﬂb?ﬂgry 2007 fsb\?)%MQOZlBBZ '(1)

PCT/ US2083% 025627 - 14 normlor the Euclidean di stance
wherc' NJH\%rhuﬁﬁJe Fat B es ihib1yE: ghted spectral flux and the

2-norm ca ons are $hown in the follow ng
et{wz]lFi sampld mﬂmbém il block m; and
X n[k] = transform coefficient X for the sambles in block m.
The next step calculates a weight W for the current block from the average power of the
current and previous blocks. Using Parseval’s theorem, the average power can be calculated

from the transform coefficients as shown in the following equation if samples x[n] have real

rather than complex or imaginary values.

, - 5 Pruslhl RIiAU ) .

k=0

- where W, = the weight for the current block m.

The next step squares the magnitude of the difference between the spectral components

of the current and previous blocks and divides the result by the block weight W, of the current

-block, which is calculated according td equation 2, to yield a weighted spectral flux. The /-




1] k]-Xn{ ki1~2 (3) kO W where 111mll = 12- nor%%bﬂtamezoo"
wei ght ed spectral flux for block m The feature f

wQ ?@?@218?2 bl ocks is obtained by cal cul ating thgcgfﬁlﬁ?@?mbm?
the squared 12- norns for each of the blocks in the
frame. This summation is shown in the foll ow ng
equation. ( Mt 2 FI\t)=lbilnll) (4) M0 where M
the nunber of blocks in a frame; and Ft(t) = the

nOrmfceahaJEm:hHean dismnegs tiggualmtht&R The mreighted spectvad ifiglttand the /;-norm
flux for. franme t b) Skew of regressive |ine

calcu 'OB%?FSP?‘F"PW‘&;@] VLB spectral power density

The gr ’ %f the regressive |ine of best
fit thrigdily t e+ ctral power density gives an
es"l’,;.liﬁa K : wdlle tilt or spectral enphasis of(3)

F‘“ I f a Skgnal errpha5| zes | ower frequencies, a

n at appr.oxi rrates the spectral shape of the
Whe'%llléﬁlaTUP‘PP’f‘EOf Edﬁl?ﬁﬁﬂf"ofﬁt"ﬁéf Rlogk &t frequenm es

E[g‘ﬁzfg*}%fgl;gﬁg a'gfgl,etoF Slgﬁ{ggﬁdb&,&%&at Iaxf@]qt#p;ﬁl?e s?ulm o?the squared /-
norm 939%9%1 mfl@ﬁlgkﬁfmﬁﬂceﬁ“?ﬁ]@l THE QRfEm@fior ﬁ% F}g{he%w»@wg equation.

uenci es and t

a sign

upwar d t owar

line i S|P|ve Speech enphasi zes Iomer frequenC|es

le(t)]gglg, al s of voiced speech and enphasi zes )
hi gher -£§ equenci es during intervals of unvoiced _

peech. The sl og;:: of a line approximating the
Whefes&éﬁt”i“‘a‘l‘“'%‘?f’&yﬁ’@b kg acame fdch i s negative and the

SERPE- B Bauir ARPLRXTREA D LobliF PR Blted SIRAR Al for frame

speec osi'tive. “Because s
predonTnantIy v0|ced rat her than. unv0|ced the sl ope
mat es_t he_spectr al sha e of

l'i ne that a
Z"l‘r-’."" searassie | MM{ { thigugh sptinied spacirabpower density
, r Q‘Hg E}ra)glseﬁr\blt QQ}#’&H@@F@{%&%H%% Sg ?&g fi Pﬂﬂ@}%\{ﬁe RIePpE&ral power
density gaws entstbhate o€ theispectsdh tiltlod spetral emplgisis of i gigmal. ﬂf)al\agdal

emphaTias 9w FieHaeniias 3 R ANPORPROY R PSS SHpect shanecof the signal tlt
downﬁ%ﬂ‘i@&iﬂd‘iﬁé higher f Jlﬁaﬁﬁgbf arfdAhé 9!52@@{)@15 1ihe% Qﬁ\tré %a signal
shape of a S|gna e obtain y ca c

emphasizgs bighénfeequenges lineshatfapprotchnateu;he smtmkxj:ap@eﬁﬂwaignal tilts
The spectral

upwarfl S8 REATEH o fiicieRand 1 siape s i paftiies by

v%)éée%'llb 2!}1 %3%3 %yg;r&g%%&%@;@.ﬁwa%gf%&w 3h&ect Afd emphasizes
higher frequencies during intervals of unvoiced speech. The slope of a line approximating the
spectral shape of voiced speech is negative and the slope of a line approximating the spectral
shape of unvoiced speech is positive. Becauée speech is predominantly voiced rather than
unvoiced, the slope of a line that approximates the spectral shape of speech should be negative
_‘ most of the time but rapidly switch between positive and negatwe slopes. As a result, the
- distribution of the slope or gradient of the line should be strongly skewed toward negative
values. For music and other types of audio material the distribution of the slope is more
symmetncal '

A line that approximates the spectral shape of a signal may be obtained by calcu]atmg a

" regressive line of best fit through the log spectral power density estimate of the signal. The

_ spectral power dens:ty of the signal may be obtamed by ca!culatmg the square of transform




coefficients using a transform such as that siovabruary 2007
above in equation 1. The calculation for spectral
WhHR#P2188nsity is shown in the foll ow ng equat PERUSX0R/025627
N1l -i2,di 2nf ]12 = N x(m\+n)w(n).e N for OSk< (5)
n-0 The power spectral density calculated in equation
5 is then converted into ¥he [ 0og- domain as shown in
the followi ng equation. XfB[k]=10 ogio(X [k]I2) for
coeffibiekts uding@) trasbfi@ ngsuetiae that sovinhbove i @mative 1) Thecabdulation for
best fidff‘? i, then cal cul ated as shown In the follow ng
ra gralensityis showa inytheifQiyvipg 6@%4HISE- et hod of | east
iquares._(~_i./ N2 2" 2 '__“d)" X, [ K] - Yt:ﬁx\f,\}]k] G = k=0
F = 2 -IV‘%r2~= ere G =
tﬂ;'g'"rggré 6%@"@33&*‘1’(@'5nt f or %’Irééc}‘ Mm% The feature®

for frame! is the estimate of the skew over the frane

" T8 Ui fbokrentify EA1R6d FEIBAATS 1o Boregb MG the log-

domaintas shewh i theffolowingdigeationof t he regressive |ine of
best fit through the | og spectrgl power density for
f el 10) id3 thtg,dthe paudse count feature (6
exp'ﬁi S thegi?% t”'[f%ﬁ gauses o2 short intervals of ©
signal wth_  little or,no _audio.power are ysually |,
pILBE Brsiopt, of leuerretsiye e bett B ibiher calgfpts Hicbn the
followisgléqua¥ion GRhiBRYs NGMRd FeathBRARRE of 18Rt Suapds Step for
feature extraction cal cul ates the power P[m of the
audi o i §for mati of-1 i §-each block mwithin a frame.

This db he e .Shgwerin the fol |l ow ng equati on.
RIS TR SR

spect

m= N, N, Y 7
2 2
DY’
2 k=0 k=0

where G, = the regressive coefficient for block m.

The feature for frame 7 is the estimate of the skew over the frame as given in the
following equation.
- M-l M=l 3 i
Fz(‘) = Z(Gm - Zﬁ) (8)
m=0 m=0
where Fz(7) = the feature for gradient of the regressive line of best fit through the log spectral
power density for frame 1.

¢} Pause count

The pause count feature exploits the fact that pauses or short intervals of signal with

little or no audio power are usually present in speech but other types of audio material usually

do not have such pauses.

The first step for feature extraction calculates the power P[m] of the audio information

in each block m within a frame. This may be done as shown in the following equation.

"p[m1=2x[;] o | )

where P[m] = the calculated power in block m. '




PlmMf = EN2 (9) n~o where P[ni = the cal cul %t&gpruary 2007
Ln block m - - - ------- ------ -
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The second step cal cul ates the power PF of the audio
information within the frfld;re. The feature for the
nunber of pauses F3(t) within frane t is equal to the
nunber of blocks within the frame whose respective

pchherseqnd]stepscaladates thgpower Brpfthe nedio iFfbrmation wighio thedkame. The
85 83 of B HEF ) SRR o SRt pges wivin

the friaé evhbse idspectivePoveOP]iieRSs thag oRegliabtsV.@p alThe VAILE Bf bife-quarter
represented by the audio information, crosses through

was dgglyesl ¢mpiEgaliat erval of time. The zero crossing rate
can be estinmat 2 . er of zero
- @ﬂ.%l{eE.P{)PF %'Eeglg Pf‘ze% cﬁd}?m?‘}ﬂi% .

crossings in a audi o 1 nformation
s dip zer®. crossintghatd isphempuiieadf imesithe andioesiiziak vehich iseepresented by

' l ocks have a durgtion of 256.sa es.for,_, 16 nsec.,
the sudjq G REROG I EPE5eS FreUHIZER 1 3R GTIPh o WHoibHS e sing rate can be
estimatBe 8/ £cdiln® ?Fﬂmk{%gmhﬂfe? of Aro %lﬁﬁs?ﬁ’gsqﬁ a%h{)ﬁ!bfdc\( of ﬁb%ﬁ??ﬁf@rmatien

indication o et her speech Is present in an au
samples. dm the. impl¢roentatigodescritred hefe, sheddadks havea duraébmof 2% samples for
16 msI OW zero crossings rate, while unvoi ced portions of

§%eech have a relatively high zero crossing rate.

Filth ﬁ@]@ﬁ%ﬁ&ﬁ)tﬁﬂﬁﬁﬁﬁi&l\’d&%ﬂ Eont MR tRI GofRpSrate can
voi ced portions and pauses than unvoiced portions, the

providgjasfirlygliallp indicationoof evhether spgechnitsgeesent ingwmudial signal. Voiced

. . hates. One feature.that cap .
portiof SHFEech I} e BUF 1 P St o il o B partions gf specch
have arehkiesly dogh £dreicedlsingfratb Rurthéfmiore becavis€ §pdedh &/pidafly c6MAins more
. pe calculated fromthe follow ng equation. " m LrZ .
vmcecf pprtignspand nvuses thanyyvaiged pprtong)the disibution pf zerp opssipg rates is

generd?ﬁ%k%gd toward lotwer rates. One feature that can provide an indication of the skew

within a frame 7 is a skew coefficient of the zero crossing rate that can be calculated from the

following equation.

Se-52)

F4(t) = s mat 2 \3/2 (10)
, M1 M=1 z.
pESa)

where Z,, = the zero crossing count in block #1; and
F4(#) = the feature for skew coefficient of the zero crossing rate for frame .
e) Mean-to-median ratio of zero crossing rate
Another feature that can provide an indication of the distribution skew of the zero
“crossing rates within a frame 7 is the median-to-mean ratio of the zero crossing rate. This can

be obtained from the following equation.

Z . .
B =y | Qv
2

._whér_e Zmedion = the median of the block zero crossing rates for all blocks in frame #; and -




vvhere Z. = the zero crossing count in block @81%\3\'?@131'3/2007

65%@2 = the feature for skew coefficient of the ze
wOo2p F:ﬁé rate for frame 1. e) Mean-to- nedi arf"}%??’@“%?hﬁr’

zero crossing rate Another feature that can provide an
i ndi cation of the distribution skew of the zero
crossing rates within a-fifane t is the medi an-to- nean
ratio of the zero crossing rate: This can be obtai ned
f Fel@) T the feashrediof mgdi@qdawean ratiespftthe-zeronstiissing fate for e 2.
M where Znm&an = th f.the block zero crossing
rates for all bl ock@‘ﬂ% ?pﬁémfcmaﬁgmﬁ February 2007

WDelHited tHad Jde e Pt Bddiciibed featured ciibdétkctspkéth in many types
feature for nmedi an-to-nean ratio of the zero crossi n%
of audigymaterigh; hpwgiver, these techmgensiwitiafien make filsssdgiections in highly

rhythrgg;ﬁaﬁgioq“ﬁ%nﬁﬂme %Sc%]lé({] erag' zﬁm\ﬁ' ﬂw tX It g :bg Bﬁg@?@g#gﬁems of

et ect speec N man
audio imfoswation cah ebeelzisaﬁbm hqspeeclwnbte mﬁalﬂ!yl byrdé&tecting kighly rhythmic

det ect.ions in. hi thm c aydiq matecial . like
materleg qjthe; wovaqgj%mptprfétf :élgssﬂr?caﬂ% O ralsing thgé:gﬁ.@%{lge level

requu@ci:oﬁ%iwtnmweﬁmds%e&:hn be classified as speech nore
reliably by detecting highly rhythmc material and

e he ehorir bythmin gneasirh metberdaboulateddior a frameitfyi firat ¢adenlging the
. f | . dt J fy th
varianf o8 RemiEs S Bich 00k sGoiep in bR Jhllnrite halioe vy bo-

cal cul atw r ﬁfzrama by first calculating the
vet[mhe Mhe%an‘pl es in each block as shown in t{E)
foll ow equd¥ion. aX[n+](x['rr] xm2 (12) r-0 N
where 6X [n] = the variance of the sanples x in block

wherenp 2 fmpi= thervaridnbe ofthaisamples nén bladipheand in bl ock ni. A
zer o- nean sequence is derived fromthe variances for
afl, %memnmﬂb@@mmﬂm Wockrme as shown in the
foll owi ng equati an. =aX[m -az for0<m< wher e
Sfrere-me#bsesuenge s d Prmv Heom diecapianges Jeical eb kpingdg frame as

@EE an of the vari ances for all bl ocks
shownmﬁt e“?ﬁanrgeé(ﬁ?“. ie aut ocorr el fati on of the zer o- mean
SERIG e glgt ek gs<gpown in the foll ow ng (13)

where §[m] =the element in the zero-mean sequence for block r; and

G2 =the mean of the variances for all blocks in the frame.
The autocorrelation of the zero-mean sequence is obtained as shown in the following
equatiqn. |
1 M-1-£
Al = Vi 2;‘06[’"] S[m+£] forO<f <M (14)
where A[£]=the autocoﬁelation value for frame 7 with a block lag of £.

The feature for the short rhythmic measure is derived from a maximum value of the

“autocorrelation scores. This maximum score does not include the score for a block lag £=0, so

the maximum value is taken from the set of values for a block lag ¢ > L. The quantity L
represents the period of the most rapid rhythm.expected. In one implementation L is set equal
to 10, which represents a minimum period of 160 msec. The feature is calculated as shown in
the following equation by dividing the maximum score by the autocorrelation score for the

block lag £=0.




d equation. 1 Mrt A [k]=M- ZS[nj S mred for GétEehryarn3007
MO where A [2 ] = the autocorrelation value for frane_
WOR0GA2E333 bl ock lag of $ . The feature for thSHPFHO3/25627

rhythm c neasure is derived froma maxi num val ue of

the autocorrelation scores. This maxi num score does

not include the score fold8a block lag 1=0, so the

maxi mum value is taken fromthe set of values for a

bl oﬂ; Ik 2, 5. (AHn}The quantity L represents the
pgﬁ’ d ~of” t)j]go nost rapi d rhythm expected. I n one (15)
i mpl enent at’i’ n] L is set equal to 10, which represents
WhereaF{{[i)n=L {RY TeARGE s HRt thG@inti® RRasuldor h@akyr € 1S
cal cul ated as shown in the follow ng equation by
di vi di ng the maxi mugh ke dytiynic neasureocor r el ati on

' 288‘%%6% %gsggrrﬂe ?@%ﬁ%ﬁgﬁ%&;g siq%ﬁgﬁﬁ%{n%? {(ith%to Sscritd above for
the shoRyfutiidredsitle)exCdft)the £drb MeanBfiRnéHaluesard fpldced by spectral

.. for short rhythm c measure for rarre.t.u‘eg)‘ Long .
weightsh} hesgispeatishweightsmie calgiated by fisstiobtainiag thedog power speeigal density

. ey ) . i . ab .
o shokfy o o000 S RIS EDBRRGHR oSl e srasin
of the Yégiréigive Hhe of Bdst &€ Sotsh the &5 spattral pewadensity.lTefRy be helpful to

s are calculated by first obtaining. the

. spectral weight r C .
- point gub ghap dihe 1§\@gﬂe1-¢rmthmedﬂ§cmlgﬁd hgee, thedverkdpeath fprcalculating the long
. . ! i . -
v SEARALPE R 80 A AR RS B BRARSPL IR et "

calculdtion. t hrough the | og spectral power density. It nmay be
hel pful to _ point out, thati, in the inplenentat

j on
dbaeexhagp plains the,maximyim lagdnmain pawercwfetwwhg tppgach block
as showf ¢ er@y&@%% H&Eﬁ:“re is not equal to the block
' hh 09 the’

ength use e skew of -the-gradient r3

cal cuhatki on, (F¥grmext step obtains the maxi mum 16
Ioa-donabﬂk%’a(ov\gﬁ[ Qgectrum val ue for each block as (16)
shown in the follow ng equation. Om =naxo <v(XdB[K])

- where (Q6F the2mukiaten [0g povidrapeatounmytind imdlavdwer spectrum
value in block in. A spectral, weight for each hlock, is,
A spscta ezl for gach-lagiels dsfena@gﬁ by Qg-rawﬁﬁrﬁ%peak log-domain

power spectral values that are greater than a threshold equal to (Q,, - o). This determination is

expressed in the following equation.

L
z -

Wlml=> sign (X% ["12- 0, - )+1 | o

k=0
where W[m] = the spectral weight for block m;
' sign(n)=+1if n>0and-1if n < 0;and
o = an empirically derived constant equal to 0.1,
- At the end of each frame, the sequence of M spectral weights from the previous frame
and the sequence of M spectral weights from the current frame are concatenated to form a
sequence of 2M spectral weights. An autocorrelation of this long sequence is then calculated _

according to the following equation.

AL,[e]=_27:J'_M-ZHW[m]-W[m+e] forOse<'2M' | " . a8)

mz—M+1 .

where AL [¢]=the autocorrelation score for frame 7.

9
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power spectral values that are greater than a8 February2007

threshold equal to (On- a). This determ nation is _
WQIMHEPY in the. following equation. N-] W nPETAS03q25627

(X [k]-O™ -cc)+1 (17) k=0 2 where Wm = the

spectral weight for block in, sign(n) =+ if n> O

and -1 if n < O; and a=1%mn enpirically derived

constant equal to 0.1. At the end of each frane, the

s &hedetaredbiMieend rhgthmieinglatge is dariviet &ropr ®wmaginsurh vale of the

and the sequence of M spectral weights fromthe current
autocp ot < o | DR ARG T Bl N SEORg oA plock lg £, s0
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v r@_oma’tihenmddtld@ﬂ)}rel ation scores. This maxi mum (19)
scdre does ngt[gjncl ude the score for a block lag | —E_),
so the maxi mumvalue is taken fromthe set of val ues
wherd O%(/p= tHedBdtuleafor thedlong thythbhie ntpaaut ifbyfrdrhe 7.1 epresent s
the period of the nost rapid rhythm expected. In the
i npl ement ation descri Geﬁp??él‘@,ete‘-'ﬁ@“i s set equal to 10.
Thee RALN EStegt%r §§!cﬁMbﬁnEﬁ fhe BSatGAO WAL LR etxnﬁctfeﬁ’ E&r@%ﬁ‘ﬂame to
equation by dividing the maxinum score by the
determint: odhethiee h aégment ©F andio iformadtmnishodl beatrsified as speed). Gne way

maxLLs" ., V(AL,[n 19) . AL, )0O] where F7(t).= the, .
that mjay b e ‘Pd?("“tLﬁ&'Lﬁ %ﬁéﬂtw)ﬁwfhf@%ﬁ% a8t ipplet iffgnp clasgifiers. An
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eatures that are e for e rane

_ a threshold Thisinavyetaheris thepoygighted by a acrfficientn Eacnintérom classifier makes
- . shoul d .he cl assi.fied ,as speech. e wa t hat may, be
an intGR Ao D SR RE' e hESer Sk P LA GrgHmlar feaba iy be'tsed by more

than ohb Tbfn Yaskitfel 'AnNndrts SlabdiGESnay Bt indfIEMEALEA BY BASHIRIISHS
: cal culates a binary value by conparing one of the

performed ageasdingite ¢ansfoll awingorauatian.

C, -—-cj-sign(F,.—Thj) ' (20)
where  C; = the binary-valued classification provided by interim classifier j;

¢; = a coefficient for interim classifier f;

F,;= feature i extracted from the audio information; and

Th;= a threshold for interim classifier j.

In this particular implementation, an interim classification C; = 1 indicates the interim

classifier j tends to support a conclusion that a particular frame of audio information should be
- classified as speech. An interim classification C;= -1 indicates the interim classifier j tends to

- support a conclusion that a particular frame of audio information should not be classified as

speech.
The entries in Table VII show coefficient and threshpld values and the appropriate

feature for several interim classifiers that may be used in one implementation to classify frames

of audio information.
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Table VII

The final classnf' cation is based on a combmatlon of the interim classnﬁcatlons ThlS

may be done as shown in the following equation,

C frnat = sign(ZCjJ ‘ @D

=l
where Cpnar = the final classification of a frame of audio information; and

J =the number of interim classifiers used to make the classification.

The reliability of the speech detector can be improved by optimizing the choice of
interim classifiers, and by optimizing the coefficients and thresholds for those interim
classifiers. This opti.mization may be carried out in a variety of ways including techniques
disclosed in US patent 5,819,247 cited above, and in Schapire, “A Brief Introduction to
Boosting,” Proc. of the 16th Int. Joint Conf. on Artificial Intelligence, 1999.

| In an.alterr_lqtive implementation, speech detection is not indicated by a binary-valued
decision but is, instead, represented by a graduated measure of classification. The measure
“could represent an estimated probability of speech or a confidence level in the speech'

classification. This may be doneina vari'ety of ways such as, for example, obfaining the final
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VI1 The final classificatZien is based on a combi nation
of the interimclassifications. This nay be done as
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I (21 where Cfnal = the final classification of a
result s shravioin eguaiion 2hf or mati on; '‘and J= t he nunber of
interimclassifiers usgd to Fﬁge t he cl assification.
The reliability of the spueRlsBeks.t o/ can.be i nproved
brhe piplehienfagioh desceibed sisovefextradié fatumesdhais sbhtigions, e
opti m zing the coefficients and thresholds,_ for

by. Lhre : ,
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to confiiés3ondberhhify YA F-tenGUp NS, totriitol DREKYBFIER or
variabfclagthy er, to"nénRiontigudus biozis of fixed drovanBapkhizthg For Stanmple, the block

f t. . . [ f. ificial ... .
lengthHk sdiBtrddn FsORSe P rai O FRRAR O PLSHB O il fpopppdio energy
so thatiAe 86diodflofRhticH in!cachBlock RALSRIsBRoRNy TR HaMY 14@1e4s0 may be

decision but is, instead, represented by a graduated
adapteddysiarying thegtumeher of bleckoper frme andéos by waryingithg lengths of the blocks

cae 6 ent an estimated probability of speech or a
w-'thmcao%'ﬁ%ence | evel in the speech classification. This

may be done in a varg qioadakssEBy¥mstibdmh as, for exanpl e,
obtaining the final 28 February 2007 WD 2004/021332

PO logduos caaBsar 14 egminessegmenis of ntio informationimabtain an
csimaf {8l FF158 SRS Mo PleslBoB R s Geimar or

- each fiaaighe: iBchedfedin sopnicanBNipatdhD Thel Rubhdsd athyaibestimated for

extracts features from contiguous, non-
essentially any duration that is desired.

In another implementation, the estimating process begins in response to a request to

- start the process and it continues until a request to stop the process is received. In the receiver

4, for example, these requests may be conveyed by special codes in the signal received from
the path 3. Alternatively, these requests may be provided by operation of a switch or other
control provided on the apparatus that is used to estimate loudness. An-additional control may
be provided that causes the loudness estimator 14 to suspend processingrand-hold the current
estimate.

In one implementation, loudness is estimated for all segments.ofiaudio information that

are classified as speech. In principle, however, loudness could be estimated for only selected

“speech segments such as, for example, only those segments having a level of audio energy

greater than a threshold. A similar effect also could be obtained by having the classifier 12

classify the low-energy segments as non-speech and then estimate loudness for all speech

segments. Other variations are possible. For example, older segments can be given less weight
in estimated loudness calculations. . ' '

In yet another alternative, the loudness estimator 14 estimates loudness for at least
some of the non-speech segments. The estimated loudness for non-speech segments may be

used in calculations of loudness for an interval of audio information; however, these
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,aagdl tional control nmay be provided that causées the
practi¢al implsmeni@lionsat or 14 to suspend processing and hol d
the current estimteqyl ' enment ati on, | oudness
is estimated for all sl?églﬁ’é’g‘?‘g‘?ﬂggmé'bdi o information
t Natioussaspeats afsthiefpreséntaavapion ety Herlmpldnividd ia,a Wineeddety of ways
e dl oudness coul d b? estimated for only selected speech
nclu MALe W ABENSEal-PHEROSR CORPILEr SYSlem Oorip §eme 9&‘@&@!31’_35 atus that
includBéifb ) ' ! ohAt ircyi
includefoREgRcfaRAP oMol BBl diftal Wl rboss IR iseyiy coupled
to confpaventy sintilar &b these fauad il 2 gerdralgmirfose complitensystem dBig. 6 is a block
for .
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- in estimted | oudness cal cul ati ons. et ano

- RAM & seyviemirandont dveeds mesimery §RAM) usat tor DSR 72 firi siptabprocessing. ROM
QT o5 Pl BB Lo oSS o or s
prografiiS 98RIRH $o HFefatl devitS RS 1A cdnfib L1 l%bliegé?ﬁs ﬂferfaeé'ﬂgt?gtﬁz Qeceive and

an interval of audio information, however, t
transmitesignala by vagef combupidaddiDdhsnds T USR00R{0adighal tonv@rs and

digital fEp o e BRch R iR led 1 KO GRS a8 dpred to revove andlor
transmit analog audio signals. In the embodiment shown, all major system components connect to
- bus 71, which may represent more than one physical bus; however, a bus architecture is not
- required to implem'ent the present invention.

In embodiments implemented in a general purpose computer system, additional
components may be included for interfacing to devices such as a keyboard or mouse and a
display, and for controlling a storage device having a storage medium such as :ﬁagnetic tape or

disk; or an optical medium. The storage medium may be used to record programs of instructions




non- speech segnents nay al so be used in 28 February 2007
j ations that provide a graduated neas f <
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inclu o1 sypgrpaaiG togilirgyigiet freguenciegi ensterage media including those that

= t i . ot h . .
conve R AMAH e ERTRABY LT RGeS0l Sl nctuing
magneticctipeg magh@ictdisk, shdogicaldias ¥ados dspaoh) cafiialsé bk tifiplemented in

. coupled to conponents simlar to those found in a
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. . .G -
porpofs FRERR rif. 180 thoksAghs SHRYGIRE by BRGErils HPGHOE ygriqus forms of
ROM enBAM rapdtotian sechitigees, or  an audi o decodi ng recei ver.
DSP 72 provides conputing resources. RAM 73 is system
random access- nenory (RAM used by DSP 72 for signa
processing. ROM 74 represents sonme form of persistent
storage such as read only menory (ROVM) for storing
prograns needed to operate device 70.1/0 control 75
represents interface circuitry to receive and
“transmt signals by way of conmunication channels 76;
- 77. Anal og-to-digital converters and -
digital -to-anal og converters may be included in |/O
.control 75 as desired to receive and/or transmt
anal og audio signals. In the enbodi nent shown, al
maj or system conponents connect to bus 71, which may
represent nore than one physical bus; however, a bus
architecture is not required to inplenent the present
i nvention. In enbodinents inplenented in a genera
pur pose conputer system additional conmponents may be
i ncluded for interfacing to devices such as a keyboard
or mouse and a display, and for controlling a storage
devi ce having a storage nmedi um such as magnetic tape
or disk, or an optical nmedium . The storage nmedi um nmay
be used to record prograns of instructions 28 February
2007 WD 2004/ 021332 PCT/US2003/ 025627




-23 for operating systens, utilities and appl28Bthroarg 2007
and may include enbodi nents of prograns that

WQ 98483183 vari ous aspects of the present inveR€T/HR2003/025627
The functions required to practice the present
i nvention can al so be perXornmed by special purpose
conponents that are inplenented in a wide variety of
-ways including discrete | ggiAIMSonponents, one or nore
ASI Cs and/or program-controlled processors. The nanner
in which these conponents are inplenmented is not
i tpdk mgthodfer sigral pracsesing thateamprises: Sof t war e
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can al so he inmpl enented j various conponent.s of
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Aldspective RIiRIhéds; ardthp dRInk ST UkePdpRebhtlef bk $s less than the loudness
m croprocessors controll ed by prograns enbodied in

v &f prsLer mase fadgion-sperstosegmans; and ot her  t echni ques. |
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cseporentsesnd recei ving an i nput signal and obtai ni ng
audi o information, fromthe input signal, wherein the

Qudi o PioVENTEAN igficatioh et fendapssiok erioisrva of the agin ganal by
S g&{éﬂti’ng %ﬁt’iﬂl%ﬁgméﬁ& fHidfis %dr? i&h&?swqu thestinfied {(}M_dness of the
segnmentS of the audio Infornmatio as being speech
sgprEntegmenp thaaothapudoess iobtis poftidnk ef ehediudicssignairepresented by
cl,assified as speech or as being non-speech segnents
r@ﬁ.’@g—émﬁchée% M$.0ons of the audio signal not
classified as speech, wherein each portion of the
audi o signal represented by a segnent has a
r2sPeemethed acemidieg 30 claiml 1tthet cobopdsmsss of the speech

segnents.is. |l ess than t l.oudnes of .ong of. nore
e T ol oL S e S Hena i Tesponse o the
| n@bDMdrARLISP OB R RdECR VafihtidRif the! 10MIRES S ME SP&?R segments,

speech segnents; and providing an indication o
| whedeig ke lofidnase of thegovtions of therandmusignal sipgesahted\by the one or more
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signal represented by the speech-segments is increased. '

3. The method according to claim 1 that comprises: |
assembling a representation of the audio information and the control

information into an output signal and transmitting the output signal. -

4. The method according to claim 1 or 2 that obtains the estimated loudness of the
‘speech segments by calculating average power' of a frequency-weighted version of the audio

signal represented by the speech segments.
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speech segnents than to the | oudness of the p23 Felousy 2007
, udi o signal represented by the non-s .
wog{(e’glr’;@ﬁf% 2. The nmethod according to claim!| Eﬁf{gﬁzoomzm?
conprises: controlling the | oudness of the interval of
the audio signal in respgpse to the control
information so as to redut€ variations in the | oudness

of the speech se‘grrents,, wherein the | oudness of the
par thhgmecthd agcerdingiiorlaimghar 2 thapehiaien theestipateddondnespef the

speecfl Stent b e AR hoREREE I UL AR o Wl rmation.
represented by the speech-segnents is increased. 3.
The t hod accorgdin Q cJaim]l that_  conprises: ..
agsﬁlm%ﬁo‘g"%ﬁﬁﬁ%&é@ﬂ ol ﬁ_rha& Hessifigds ‘P?Hté_f’)?ﬁ‘ﬂ"é‘ﬁg from the
audio #Ferh AR nGOMLFality of éﬁagicfgifsti&rbfitﬁg %MI' ﬁigHﬂgﬁtﬁiggﬁgE @hchand

transmtting tHe output signal.
charagiesishic dyragrespectivaineasure of importancepndailnssiflying the ségragnssiaccording to

S f speech.segnments by cal cul ating
“"‘“g@‘éﬁ‘g‘ggfs‘ﬁ‘g\wgng?"% q@%‘ﬁﬂfi’ﬁ%y-wei ghted version of the
audi o signal represented by the speech segnents. 28
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measuwdfamdimém@lewﬂxanﬁ.th:’éklﬁldlet hod according to claim1l
or 2 that classifies segnents by deriving fromthe
audio information a plurality of characteristics of
L BETRY efhod 388 ing 181 11 A0dein SHAIRRAGA BE e 1BYdrlss of the
respective measure of I nportance, and classitying e
interval @ftherdudicsigonl ds regpémiveanbowthaetinewedioutinegs v tighpedth
characteristics. 7. The nmethod according to claim| or
Segmepts; hat controls the | oudness of the interval of the
audi o signal by adjusting the |oudness only during
intervals of the audio signal having a neasure of
aﬂld‘il‘bea&nﬂfo@)&cbtlaﬂmgttba:mirﬁ ltdrmﬁhitaiodtpﬁi@es &(tjienaﬁag hlwllo;ndness of one
according to claim1 or_2 wherein indicatjon o
or motefionsg gmgnts; wherein{beingication Offtaiﬁ?%-lfi;rﬁféf fgt‘itbﬁwtewg' of the
B0 G g R A e g nts than tothe
estimated 1oudrest oftbepne semoestamspeeahgeginentsoudness of one or
nore non-speech segnments, wherein the indication of
the | oudness of the interval of the audio signal is
_”IU.qﬁeﬁﬁ&ﬂﬂ&hﬂ&rﬂiﬂg%‘@laﬁﬂ'oFEEﬁﬂ.cbﬁFH&&SS of the
speech segnents than to the ~estimafed [oudness of the
one orprovidingspespleresusethatindisates a degree to which the audio signal

_represented by a respective segment has characteristics of speech; and
providing the indication of loudness such that it is responsive to the estimated
loudness of respective segments according to the speech measures of the respective

segments.

11. The method according to claim 1 or 2 that comprises providing the indication of
loudness such that it is responsive to the estimated loudness of respective segments according

to time order of the segments.
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responsive to the esti mat28d | oudness of respective
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to time order of the segnents. - - - ------- ----- 28
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14. The medium of claim 13 wherein the method comprises:
controlling the loudness of the interval of the audio signal in response to the
control information so as to reduce variations in the loudness of the speech segments,
- wherein the loudness of the portions of the audio signal represented by the one or more
loud non-speech segments is increased when the loudness of the portions of the audio

signal represented by the speech-segments is increased.

- 15. The medium of claim 13 wherein the method comprises:
assembling a rej:resehtation of the audio information and the control

~information into an output signal and transmitting the ouitput signal.
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oy 9 1¥nh¥helighadcbfi ﬂnﬁg‘ﬁrg o \glaéraﬁ tflé’ﬁ'lgfhﬁﬁsclonﬁglsttfl‘@loudness

interval of the audio sign y justing the I oudness
of the itesyablofitheaudin signaldiysadpisting ¢hedoudress enily dating intervglsaf the audio

. asure of audi o,.ener | e t han hreshol d. 20. The
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segmefi@N- speech segnments, wherein the indication of the
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-segments than to the estimated loudness of the one or more non-speech segments.

22. The medium according to claim 13 or 14 wherein the method comprises:
providing a speech measure that indicates a degree to which the audio signal
: répresented_ by a respective segment has characteristics of speech; and
providing the indication of loudness such that it is responsive to the estimated
loudness of respective segments according to the spéech measures of the respective

segments.




represented by a respective segment has 28 February 2007
characteristics of speech; and providing the
WO 98/#48320n of | oudness such that it is respon§T/ES3083/025627
the estimated | oudness of respective segnents
according to the speech neasures of the respective
segnents. 28 February 20@#- WO 2004/ 021332
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apparatus according to claim25 wherein the processing
«ifion8 ior mpre oud dapspetch segments;
examine the audio information to obtain an estimated loudness of the speech
- segments; and
provide an indication of the loudness of the interval of the audio signal by
generating control information that is more responsive to the estimated loudness of the
-speech segments than to the loudness of the portions of the audio signal represented by

the non-speech segments.

26. The apparatus according to claim 25 wherein the processing circuitry is adapted to
control the loudness of the interval of the audio signal in response to the control information so
as to reduce variations in the loudness of the speech segments, wherein the loudness of the |

portions of the audio signal represented by the one or more loud non-speech segments is
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apparatus according to claim25 or 26 wherein the
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of the weighted characteristics. 31. The apparat us

according to claim25 or 26 wherein the processing
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adapted to control the loudness of the interval of the audio signal by adjusting the loudness
only during intervals of the audio signal having a measure of audio energy less than a

threshold.

32. The apparatus according to claim 25 or 26 wherein the indication of the loudness

of the interval of the audio signal is responsive only to the estimated loudness of the speech

segments.

33. The apparatus according to claim 25 or 26 wherein the processing circuitry is

adapted to estimate the loudness of one or more non-speech segments, wherein the indication




-30 of the l|oudness of the interval of the aufl Bebruary 2007
si(%nal IS nore responsive to the estimated | oudness
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of the one or nore non-speech segments. 34. The
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354. fihe appasatusecrordiog ¢o ciny2$ or 26 wheneliBhe prat@ssiwgeciniuitry is
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response to the detected characteristics.
segments.

35. The apparatus according to claim 25 or 26 wherein the processing circuitry is
adapted to provide the indication of loudness such that it is responsive to the estimated

loudness of respective segments according to time order of the segments.

36. The apparatus according to claim 25 or 26 wherein the processing circuitry is
adapted to detect characteristics of the audio information and adapt lengths of the segments of

“audio information in response to the detected characteristics.




