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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.
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DISCLOSURE OF INVENTION

It is an object of the present invention to provide for a control of the loudness of speech

in signals that contain speech and other types of audio material.

According to the present invention, a signal is processed by receiving an input signal
and obtaining audio information from the input signal that represents an interval of an audio
signal, examining the audio information to classify segments of the audio information as being

either speech segments or non-speech segments, examining the audio information to obtain an
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Fig. 6 is a schematic block diagram of an apparatus that may be used to implement

various aspects of the present invention.

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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an a’l%@@ tB% g{e%rﬁ%?v@hti&ﬂ] }{1%9% grﬁ%ﬂ%%m%& b& %%lgggi%glﬂ)lrg%essing

processi ng rques

techiiyjued] @m;ilahemh@cnﬁlby digsleigangotasing Itévhﬁﬁ]uésSls wswilyl ifore convenient.
nore . convenient, The foll ow ng_exanples refer nore
The followiing examplesirefeamere aamgqlghaqo digitd sigsplpyocassingpeech
Loudness The present ig V&I érPﬂoh& directed toward
controlling the | oudness 0 speec'ﬁ I'n signals
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 III represent
sound levels for various types of audio material in different programs.

Table I includes information for the relative loudness of speech in three programs like
those that may be broadcast to television receivers. In Newscast 1, two people are speaking at
different 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.



that contain speech and other types of audio material.

The entries in Tables | and Il represent sound
wo ewelos138Dr vari ous types of audio material i nPCT/US2003/025627
di fferent prograns. Table | includes information for

the relative | oudness of -gpeech in three prograns |ike
those that nay be broadcast to tel evision receivers.
I'n Newscast 1, two people are speaking at different

| qUet s NN CESt 12 A WEL S o S SPRAR Mg i P ™

oS oy o2 ORGSR SOMBTMOR 7T .17aB
S ABiSeoe ot oo AL AR Voittu | ovar 37 U] Yiifter o al,_20 0B

person is speaking ;IMlhslﬁ/pry hi gI"38I43/3I and music is
occasionally even | ouder. WO 2004/021332
PCT/ US2003/ 025627 -7 NewsdageIl Newscast 2 Conmerci al
Voice 1 -24 dB Ot her Sounds -33 dB Music -17 dB Voice
2 TRe/pré@ni/miveionallots aHQuEie systbmdBalofiatical 3 oflfol thadu@ness of
| The present invention allows an audio systemto

the apgjp @mriaé H) thg thege pragramyse thgygriatiensdn thetlpednegsipispeech is reduced

vari at.i
autof R[N Sne) Budddgs SHHHE b AMARPir e il 1ol i Lonllled so tha
dnffetemq@rb&&seemﬂe‘td@o%tbd two meitesris edducemi Kensaagte, if t(haldeantesldevel for all

specifils “Phabu ek o Ul niRtgt bl PR AR R b R Cablheagiusted o

the 1dvek&howRlin Thble IBPeECh IS -24 dB, then t he | oudness of
the audio material shown in Table | could be adjusted
t the levels shown in Table I1. Newscast 1 Newscast
2 |(+13 N8ysaastnher ci al NetvsdB}t 2 (Vo3 dB) 1| - Zomierdidi €14 dB)
Sqougice 1 20 dB MusiB [-Giherddundfoi C2(2dH +3ni) - 24 dB-21dB
VaTVifice 20 3BV £ 8B 2oiéB MIST C 32pdBBVoI@DI € 11T Tal &8
| I nctudes i nfor tMlgsncror T ne iseaBa rve Toudness of
d| I I Cl UIII. DUUIIUD I It III cC Ul I I Cl UIII. SLTTITS UI UlTe Ul
nore notion pictures. Sg 1, people are speaking
on the deck of a shi p B é‘?gund sounds i ncl ude t he

| a |nigI of waves, and a distant, fog horn at |eve
i ﬁ%hlq L Histydgs HEoraption Lortpe extative dudnessigf i f%"%rewéoav%n three

diffeteﬂggdég@ssoﬁin]@kﬁ oré Fn%m)x&I Eﬁttﬁ%‘e Pns§cé?59 i npeor?mr‘é Ig%éagmg on the deck of

ubstanti a ouder eech’
a shipddgukgroand savnds pmludeghtahdpiag of wakeS| and atdighntifgg horntab evels

signifSny TR L5 B M IRtR s ScFr8 naug & HestafogtibeshiBshor,

which$s ﬁl‘ﬁ@t’dﬂt’lﬂl&ﬁbudér%aﬁqﬁ@ Spedch. BESBNR Zabgop?@%twmﬁ)eﬁﬁé‘%n@a clock is
machine that is making an even |ouder sound

tickinghiouth¢ barkigeouind uTles vai¢eann this scahe spaetss. 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

making an even louder sound. The shouting is louder 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 III



Scene 1 Scene 2 Scene 3 Ship Whistle -12 dB Machi ne
-18 dB Normal Speech -27 dB Wi spers -37 dB Shouting
W0 2®46833Di stant Horn -33 dB O ock Tick -43 dBP@#US®03/025627
-40 dB Table |1l WO 2004/021332 PCT/ US2003/ 025627 -8
The present invention al l8ws an audio systemto
automatically control the |oudness of the audio
MaTRY pratent thvbMeont 1008 ahGAIRSyStemith ahtowRtitaly hfrol the 1diRiness of
| oudness of speech is reduced. For exanple, the
the apdigdnasesial 7 the ﬁ@eawes seethat yasiatiensun chegeudngsuef sgechds reduced.
e e
For %’%f’%l a{rir}% ‘é‘?&ﬁg%s‘gﬁ qlg‘ H}%ﬁe‘ﬁﬁggd;%a%%cﬁ esrt%]d; 0 t\?/lgtletﬂ ?(}ulqgess of

speed:}DdeIlQﬁ'SheDiceﬁésﬂs m@amefﬁbﬁéhtﬁllyqa@séﬁﬁb adj usted so that
the speech |oudness is within a specified interval.
FoNtér%&‘r‘?tﬂlbé thg loudugss ebiheapdigangteriad P%‘h\’e atjugierbeathat the speech
o)
loudgé&g%g\g@{l grs f{lﬁéq?nfegé‘algﬁzra gl% ‘(I# COUP@ﬁE@Yﬂ? d‘%al f sé&:%h loudness
is franp-24dB tevd) dB ghelavelsof ’ﬂwbiudnol iateSdeshewd irf Tﬁmble i cgel)l be adjusted
Scene +7 ene 3 (-4 dB) Ship Wistle -12 dB
tom?v&é'glisﬁ oéﬁ?ﬁa@eﬁgr mal Speech -27 dB Wi spers -30 dB
Shouting -24 dB Distant Horn -33 dB O ock Tick -36 dB
VVeScendl (HEHAREE 1V | Scdladl (5TdB)TPT eMENEALIO 4 4BY
ay hﬁh\Wl'l%l]@I Ief’fHB S LUIILIUI red so IM@CﬂJ“c avet O@AdB

+ A1 A Ancy v

ol
lOf qulfhllca wol.l Tat licoe\?' S :I::]:’L,LJB\) SEOU Pr:;’;:,jzludB
irrmst\amHQr.nrh 233 ¢B %«Hﬂl&&, or 3B a1l or sone

spe¥avased port -4hdBfl a program Refelring again to
the | oudness information shown in Table I1l, suppose
the three scenes are in tTwleslMre notion picture, an
average | oudness of speech for the entire notion
picture is estimted to be at -25 dB, and the desired

| olicrethst Brplementation, she priqisignatieygkis cpatyalled sp shatspre average of
the ethlﬁ%@d ﬁﬁﬁp@ﬁ 153155 nCRAd 42l ldﬁgreﬁg \%all1 altcpe abigra §Ha%}e§)%ﬁaérbﬁdefor a

udness each scene i s mo as's
specified imtertval sich rrpteenmnuta:s |am‘or alleori satnie apecifiéd sgree bf a program.

| oudness in th ram or picture are .
Refeﬁf'@s"@?\?etﬂwfﬁ}f’“ RECOAREA el a&\%ﬂagepnoaa Hhedbese gpenes are in
the s§1ﬂ@ &fofioh PicirBedn é% E "l’dfﬁln@srs of g[?éebﬁ’ ForRhEEdE ?ho't:%n icture gs

reduced. I n ot her variations in the | oudnéss o
estimsprsicto he lab + et anqb t@giealm@ loudrpms of xpnschos -2 didyrSigmal devels for the

threebscenes areec\:/oengrom& at tlilegs {nrla{tgcploaness or eaal sq:ene 1s modified as shown

in Table V. In this implementation, variations of speech loudness within the program or 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 portions of programs.

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



conpression within those progranms or portions of

prograns. Scene 1 (-2 dB) Scene 2 (-2 dB) Scene 3 (-2
wa@B)o4/0838p Whistle -14 dB Machine -20 dB Nor neCT/Bpmestnse27

-29 dB Wi spers -39 dB Shouting -22 dB Distant Horn

-35 dB G ock Tick -45 dB Waves -42 dB Table V WD

2004/ 021332 PCT/ US2003/ 028627 -9 Conpression of the

dynam ¢ range nmay al so be desirable; however, this

f e@&Hﬁr%sgl&l om& sﬁg’% c fdide Ry AR B dRVirslsl h‘UQ%Oerdﬁﬁé fe8fhre is

C. Control gﬁ ech Loudnéss The present invéntion
Optnon@lwndenaydremrewd wheyydesired.and- al one process per formed
within either yer, or by
cooperative proce S@%{ngglfn&%ﬁm %PH??éys Wi t hin a
t rmmidhernvamdmnﬁ@ebe/@mecﬂou@y&rsdnﬂtamsm pro€Bepérfdrn@d within
2 is a schematic¢ block diagram of an apparatusthat

citheh {rapunitierdy 4 16C4i YRS FryrCORCTadYeRfacepesrRerigFBRcbIpint|ywishin a

transﬁmﬁ?é?%ﬂbkéc%fvepr a receiver. The apparatus receives from
t he pat audi o information that represents an

i nterval of an audi o IsS¢mal-aloné Bradessssi fier 12

exam nes t nfor ion and cl assifi
Ofehta shomsie todk SoAmIThaaPeres THGTRY be Sptbiofmplement
standseﬂgﬁ@?ﬁ}béélss it DahndBRECT I Yecdp@rt T%p@?atﬁsh@c%'fﬂ)ﬁt}ﬁ%th 11
are classified as speech, or bei ng "non-spee
g’ngqammes the

audxcsm@mntlgn thah aﬁprqse:ps e imervpfian @némcsfgnah dhaglsofierd
audlonjg?org] Lgn af %lgTs]x Sé'sfﬁ%rgegnéﬁgg %Ege 10 mf I at{o%la%%gfnfgl “‘gpe }%segments

that l’éym pbitiodb afthe fau@latslg(ﬁﬂlsthat are elammm shéeth, 6036 H@ﬁlg ‘non-speech
used to classify segnents of audio information

segmeRist thoh EQPresBRAROTtIONS %ﬂ@f@fiweﬂgrtaéaqhar&m@t ?lgsse:f@c%se%e&h The
classiifer QWmaﬁaa(f%) cg&%x ¥ e foh-d ?Q&P%E%Qné hﬁ?@lnuntngé'll of c‘f’ahsglgc:étlons.

represe y a segnmen ormat I on
Techntqspsthht mey beusbdas slassifyesegments ef sudis iriformadion hde mentioned above.

es .t he speech nments and obtains an estinmate
Apr?fx”%? ﬁ?‘&%ﬁ@%&"“ﬁﬁ‘i’gggg speech segments. An
' nﬁa&gadn% HKih BRISS ?hﬂﬁﬁﬁ‘i’s rebﬁyg@m&is@y b SecREH® 6F|alﬁi1@ﬂ1%rmatlon

t he h 15. In an alternative inplenentation, the
has a reme\essloeénqsnﬁih@ loudndsseistimatox Afriexarainas the spesch segraenss and

o PRRRCS i RS CLE e BRI o ctmate
loudhedy f1RSSed ghﬁe p&thi15EIneH alteMatiPdimpieaeht@lAY ehe 16lidhess estimator
controller recei ves the indication of |oudness from

14 alsoexamines axéeastr wmne ofdhe porespegelisegmensandabiabys anestimated loudness
for tRRe I.v;] éﬁlemsasgmgg%gg | ERhich ?ou%“@s?ndy'“eoésmtafeﬁr!iréar?mentloned above.

necessary
The controller 16 receives the indication of loudness from the path 15, receives the

audio information from the path 11, and modifies the audio information as necessary to reduce
variations in the loudness of the portions of the audio signal represented by speech segments. If
the controller 16 increases the loudness of the speech segments, then it will also increase the
loudness of all non-speech segments including those that are even louder than the speech
segments. The modified audio information is passed along the path 17 for subsequent
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



variations in the | oudness of the portions of the
audi o signal represented by speech segnents. If the
W@ oow0oi3Ber 16 i ncreases the | oudness of the speBURN2003/025627

segnents, then it will also increase the |oudness of
al |l non-speech segnents including those that are even
| ouder than the speech sEphents. The nodified audio
information is passed along the path 17 for subsequent

e e Mk B scanRi Ky b W in  varity of

waysolheneiinpéemenegsmnetheflordnessaasimptos il  prayides tao estyeated tpudness for

cach SR EEerY of e SP LU LR s ol rRf Tl @Pess S RakEany neaded

adjusthaas td thelouddesstdfehd uetraegment forwhivh thetoadtkst s estimated, and it
controller 16 are arranged in such a manner that the

uses Hiy same esHmataigrazke agy neqdled ediwstmentsdg thsnloudness pia@segyent non-

o . .
speccS3piRhts i B i Bls i ARASL 6 héf¥specch sepment, This
implamertitéonsip apmropdatg ehieh Signdlewelnmystibe admsediimreal timeifet audio

) f ways. In one inplenentation, the |oudness
signalithat et beegminFddbadece PRt MPlsmRANALON kAt mayhemore
suitaS1RSAfel 28 2HAR Mignal B teWthmMedGh adinks 83 a%\%%@ﬁﬁlﬂﬂag €5} the speech
[ oudness to neke any needed adjustnents to the
segmieotgdmeld or afarghporsipe ot & programe istesfimatediand that hgsinade srsed to make

any TS CRANER R o Rt dotel e 4R MBS EfE i frifed vel
is add}6d inSe§RMbe RRGHERN Inforél Bldract@isHiey\oht sFRER ahdthe A6RIsYERh
for the next speech segnment. This inplenentation

segmgpisrob prdigtefoppations whishimayekesprevided by te daspifist b%jthrwllgsh the path

' - audio signals that cannot be exam ned
Shov{ng@aad%l]gg%]eil&{n anot her inplenentation that nay be nore

S ulnt ayrefernel émpRmeatation the gomidolleals flso mxaiven@dinditation of loudness
.adyvance, _an_average | oudness, for the speech  segnents
or signgal srpqrgsbfm&"|sssrg%nqb Bt makes@djustmsngyindandngsssanly wathggsegments

havi%&ilohﬁﬁéss S hi Eﬁgy %3%}%% tdn holﬂﬂXlt&%@ﬁﬁé&, the classifier 12 or

justnment to io signal. I'n yet anot
the loudpkssrmshinator A can pevelstto thetadtrbléardl6 aniisdieatmmtof thd segments within

. fespgnse to one.or nore characteristics of the speech
which R aiisiment telolidnss Mek Brawle "o audi o i nf or mati on,

whi ch may be provi ded, bopbative ¥rsédss er 12 through the

path shown by a broken line. In a preferred

| nbigedrisa sehematic blaek diegramoef asrapparats skt maydiewsed tonimplement part

indicatio . nes. i gnal, ener. or .all .
of a {ieRbd Bibctls h BUARERRer Hhe HaBliicFREL S L Oh 4 Bafh 1 pydic
inforAREIBE tHal rephédeénts @n dnterbIdiTRR SO sithab MHE Glassifivel2 &Rl tA¥loudness
some threshold. Alternati vgslﬁg, e classifier 12 or

estimagr 14cnperate substantiathy the same atp{egmhg;é apgve. @ indication of the
estim\%%ﬁf: lhﬁ’“e@g gﬁb&g@ﬁ@k?@t lg@@%gg%sgi;r%a%@yﬁggﬁng% gl.oxgbﬁm 5. Inthe

an a
impl&nepatici shoevnRn declgurithe ertolar 18 gehbratetalonghthegdth 19 an encoded

oSS e SR S P T2 T ABAETE s
esseritlafP Y typelof RSN Ral thabd 8&ir@idtiubingdédafled perceptual coding. For
example, the apparatus illustrated in Fig. 3 can be incorporated into an audio encoder to
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
encoder 18, the audio information itself is passed along path 19. The formatter 20 assembles

the representation of the audio information received from the path 19 and the indication of



information that represents an interval of an audio
signal. The classifier 12 and the | oudness estimator
wQ@Zo09fper33t e substantially the sane as that deseeT/b82003/025627

above. An indication of the estimated |oudness

provi ded by the | oudness estimator 14 is passed al ong

path 15. In the inplenmentlati on shown in the figure,

the encoder 18 generates along the path 19 an encoded
estinfaRiAN8SEHR P8V PfromNBe patAi19 intbhR 'bHﬁ;Tut 8Bndl S RicK %dpa‘s£e9rylong the

the path 11. The encoder 18 may apply essentially any
Pathﬁllﬁgtwsﬁﬁé@dmgtOEMt may be desired including so

;
al: %nﬁff&ﬁgﬁgw&&&% tﬂk‘? is ’E’S Elllon»gﬁéf;ﬁr% q'géJEJ] ?hetaﬁoﬁ)rﬂal géﬁé%wd along

path auth mcawarprbcessddrte‘ema;t eheabmsemitatmﬁ f Rt dudid infdrmation and the
conpl.iant data stream  The

. .assenply into an AC.3
mdwéfrlﬂ,«b%mf@d laudnsss: 2be dkdatipn phestimatas loydness ispyehia catrol the
signe 80 o oh GLOB SI21E) DS BERRAEL 1B th0 Feprihiaor Btne qudio
informatioy path 19. The formatter 20 assenbles the
representation of the guﬂl o, i nf rrati on received from
the path 19 and the i ndikodnsss ¥etefp 2004/ 021332
PGHig UpZ00hORatdBlock dihg@at d)f"%ta?garlaﬁl‘d%!ﬁ% rH%Qﬁéd/ ﬁijprovnde an
fromthe path 15 into an output signal i ch
indicptaersefdspaedrigudness fosspeech in gngudiq agwgsﬁammgcﬂpesqlmnégvéher types
of aufiﬂ) laat%ﬂgip g‘ lip;;a%gﬁs rgegér‘;lgés tfc;ra‘il{%a%art]lg‘f’l %9(!1%? }’Watforrll tﬁat¥epresents an

mterw @f aw e@unars@n@r Tt shsyifiérd 2emt tiacloudrees éstmae@rem Giieta0d)
he audi o information and the _ indication of

SUbS‘é@‘Mlhﬁf‘% AN pithatsdescrited abpve Adiindifatim ofdhe eiimaged loudness
providga‘ gg ?l‘feslo el§§ﬁ n’r'ia?oplqﬂg Rsed 28% ﬁfe%ﬁlelé THE 1§d19%tlozmmri1y be

rate om't representatio

dlSplefedtlh eanﬁdelsnmd fomfi mrntaha;olm prévidkd tedarester Iﬂb‘tlec forisgbsequens
a schematic bl ock di agram of an apparatus that may be
proc?§§’é‘§ to provide an indication of speech |oudness for

speech in an audi o spoiamenptiAkificRfosPeech and ot her
types of audio material. The apparatus receives from

t hEhepmekﬁnl invaodoromay fissr assenkiatly arkbatteclmemeetbmw classify segments of

audi o .assifi e
audi ielion Qo M BE ol o BRarers SRR Reptth s nE dighe Severa
examipbestdfabit£26 Elasdecatioh @caniqhes drd tHehénedabole. TR preferred
esti mated | oudness  provided by the | oudness esti nator

1mplqmem§thm§%@merﬁ$ eofrrydiciafosmetiomare clppvified uing sameformenf thrstechnique

thatx?'d@&lri%)éﬁ g,any desired form or it may be provided
0 anot evi ce for subsequent processing. D.

SeBigefis £3chemafi¢ blatk diagrihtofunepparatusnhamayde used takisssify
essenti y.any . techni que that can c|assify segnents
segmgpts 02‘@338 mﬂQflaatm acsprdingte theprelsrredslagsiieaiiogitechaigue oRle sample-

rate é(?l%ﬁ’ép re 1@es ??n%l@ssoc’f' aﬁﬁiﬁﬂhﬁ %aﬁéﬁﬁs&%%ﬁﬁ 3TRh& Pe-samples
of suita SSI I'cation techniques are nti oned
the aadhoveforrhancm apsrrmbmsargdo 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.



I mpl ement ati on, segnents of audio information are
classified using sone formof the technique that is
walew@an2isazrl below. Fig. 5 is a schematic bl ock PCHURZND/025627

of an apparatus that may be used to classify segnents
of audio information accotzling to the preferred
classification technique. The sanple- rate converter
I eGAthY GRplemBhtadidn SR, Bfredfeaiivdll R chath@eRRick 8P tHe' 810 iRfrmation
path 11 and re-sanples the audio information as

are eqractedby extragtiobeempongntsidlaB2 sedi). dwaltgrnativepmpidmenthtions, as few

I i1pl nt at i.on. descri bed | ow, t.he
os ofeefiuge &l gt Py FORUETHRH B habRTHY BRI $PELering resqprges may

be exaraewdl Theddpebch dupéctdredPietcivkstthe ltacled FeatlildS ald €56 Mem to determine
i nvention; however, it is usually desirable to

whethefr ssgmeptf aydigr igfarmetiomshauihbesdppsified g sreeghdieatgextraction and
speettf @efLcridAR] iRl efop! Gher than is needed ! o
classify the audio Information and a | ower sanple rate
allows the classificationl.jeattiess to be perforned

moye,efficiently. I n addi,tion, .the inplenentation o
¢ n R AT toRlsrme e o R Ele”PoSRTRRENE aiF SHGumhgy extract
only Biereé feaireS fr&ifl the aRIRCTAGATEBORN B3HillhstratlOS L&NBRich&e. W04 Kreferred
. wWth only one sanple rate. W) 2004/021332
lmplmtejsm}égwmgmenthassrﬁcw@ is ppsed ramrpeweni fatusdsdhat are described
r .St f i i 0. .
belot EER xRk Buon G URGHER KAMLEDE Bt ab S Bfihion by, performing
calcuddtions Bn dludk 8 3f sampled dresnged invfeamaspTheElBtiasizOmsd tha s of blocks
s one feature or_ as many features that can be handl ed
per W%@sﬁ s pted f3F ench ﬁwgnrse%f?ﬁ éé@rme shoavnaigr Tahte ¥l
The speech detector 35 receives the extracted features
and—uses thenrto determe et hero a segnent —of augh
i nf ornat i on Fehtnod d be cl assi f %‘kgﬁ&% eg%ﬂaclt—ga%ﬂbr ;Bio&ks per
extracti-on—and—speech det ect | oftARES)y; scuT8ER) pollgpframe
ﬁYer‘Fg@éﬂ‘ﬂﬂ*%Er‘}?mﬁgWW%ul ar| i nphgyrent at i oggshown inz,
spegiral BuX conponent s are _shown that extract only tHree
Skeat of regedsivertinehd bastdit chrouglor frat i53 fof ill lﬁt ratijve 64
estimuted spsvaal pdweralepsigf erred | npl nt ati on;”“howeyer,

segnment classitication 1s baspd on seven features [that
Papge epigtri bed bel ow. Each ex}radfon (:o_n'podént 128

b . £ b £ 4L al H £ 4+ =y s
EXLT AdUTS JAa T'eEdltur © Ul rire auuyroT1mm ur it T Uy

Skenf coefficient of 2dro vtadtingrge on b| ockxseof sanpl @6 arr gngeths
infranmes. The block size andlthe nunbeéer of bl acks

l\gé‘z[n-ﬂ‘o[rﬂéﬁ?ari Aidb o%@ro.%?&‘ﬁjggl‘?{étesac h ,_zggt seyen SQECi fia o8

eatures are shown in ure Blo Si z4
| 0 ength Bl ocks per (sanples) (nms¢c) Frane
Si%tf@y@r@ga%%welz-norm of we| ght®8 1024 64182 128
Spectral T ux Skew of regressfve tine of pbest—fit
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Table VI

In this implementation, 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
following 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.
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128 Skew coefficient of zero crossing rate 256 16 128
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Transform (DFT) to a ck of audio infornation

coefligignip é@Yé’ﬁ&a’GB tdrps showen paaifellpnang equatiens esul ti ng
transform,_coefficients. P{,@,}erabl Yy, the bl ock of
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ifor to appl2 cation of the
transform The magni tude of the DFT coefficients may

whexl%eN&aih‘é%hﬁlb&dofasﬁm%tk@Wa'blbckhe foll owi ng equation. NI
- j2nkn N I Xn{ K] | Wn]&n] e NforO< k< 2 (1)
n=8[nMreampinuniber numb ek of, aghnpl es in a bl ock;
X m[k] = transform coefficient k for the samples 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.

v - ZQ SURILAC ’) -

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 to equation 2, to yield a weighted spectral flux. The /-



x[n] = sanple nunmber n in block m and Xn{k] =
transform coefficient k for the sanples in block m
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12-normyof the weighted spectral flux for block m The
fegt(y)r_eg:gr]mlp frame of blocks is obtained by @)
cal cul a he sum of the squared 12- norns for each
of the blocks in the frame. This sunmation is shown in
Whel‘@hM*d‘elfmmhﬂgoﬁbiadtsiima.fram% ancz F1(t) = 1(111nmll1) (4)
M= ere .M = the nunber of, pl ocks
Frr )G plfirg S BB Flualh, LB R 4P Reseh B Spori i for frame
wei ghted spectral flux for frame t. b) Skew of
regressive line of best fit through estinmated spectral
\%ﬁ Skewe nf ragyesvive lige afibeswfit througlo extinvited spectr e rower density
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| ower frequencies, a line that approxi mates the
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negative aS|zes
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upward gaowardthlgher frequencies and the slope of the line is positive.

Speech emphasizes lower frequencies during intervals of voiced speech and 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. Because 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 negative 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
symmetrical.

A line that approximates the spectral shape of a signal may be obtained by calculating a
regressive line of best fit through the log spectral power density estimate of the signal. The

spectral power density of the signal may be obtained by calculating the square of transform
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as given, | thguG
()= Z{G _ZVJ (8)

m=0

where F,(7) = the feature for gradient of the regressive line of best fit through the log spectral
power density for frame ¢.
c¢) 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.
n
Plm] = Z"“ ©)

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



foll ow ng equation. M1 M1 GF2(t) _ [Gn- M(8) nr0
m=0 where F2(t) = the feature for gradient of the
wo egnpssBye |ine of best fit through the | og SPer/USmNN3/025627

power density for frame t. c) Pause count The pause
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{ sz

()= e
b

where Z,, = the zero crossing count in block m; and

(10)

F4(f) = the feature for skew coefficient of the zero crossing rate for frame 7.
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.

F()= ZZ ay
m=0 M

where Zpcqian = the median of the block zero crossing rates for all blocks in frame ¢, and
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can provide an indication of the skew within a frame
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shown in the following equation.

8[m] = o2[m]-G2 forO<m<M (13)
where 8[m] = the element in the zero-mean sequence for block m; 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

equation.
| Mt
Al]=— ) &[m]-6[m++£] for0<l<M 14
L] M,,,Zﬂ,[] [m+£]  for < (14)

where A,[£]=the autocorrelation value for frame ¢ 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.
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Lonﬁ rhythm c neasure The | on (g) rhythm c neasure is
deThe/eaxt ptep abingithemaximme logrdpmain powerspest e valie far each block
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where O,, = the maximum log power spectrum value in block m.
A spectral weight for each block is determined by the number of peak log-domain

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

expressed in the following equation.

—{z'l sign (X [k] 0, )

k=0

(17)

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[f)= E'IA? SWim)-Wim+ ] for0<t<2M (18)

m=—~M+1

where AL, [£]=the autocorrelation score for frame ¢.
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where C,; = the binary-valued classification provided by interim classifier j;

¢; = a coefficient for interim classifier j;

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 threshold 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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where Cpna = 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 optimization 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 alternative 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 done in a variety of ways such as, for example, obtaining the final
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The loudness estimator 14 examines segments of audio information to obtain an

with1

estimated loudness for the speech segments. In one implementation, loudness is estimated for
each frame that is classified as a segment of speech. The loudness may be estimated for
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 processing and hold the current
estimate.

In one implementation, loudness is estimated for all segments of audio 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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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 implement 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 magnetic tape or

disk, or an optical medium. The storage medium may be used to record programs of instructions
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gener al - pur pose conputer systemor in sone other
apparatus that includes nore specialized conponents
such as digital signal processor (DSP) circuitry
coupled to conponents simlar to those found in a
general - purpose conputer system Fig. 6'is a block
di agram of device 70 that may be used to inpl enment
vari ous aspects of the present invention in an audio
encoding transmtter or an audi o decodi ng receiver.
DSP 72 provi des conputing resources. RAM 73 is system
random access nenory (RAM used by DSP 72 for signa
processing. ROM 74 represents some form of persistent
storage such as read only nenory (ROV for storing
prograns needed to operate device 70. I/O control 75
represents interface circuitry to receive and
transmt signals by way of conmunication channels 76,
77. Anal og-to-digital converters and
di gital -to-anal og converters nmay be included in 1/0O
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
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P FBSQ'G?F.?FB -24 CLAIMS 1. A nethod for signal

processing that conprises: receiving an input signa

and obtaining audio information fromthe input signal,

wh2r Ehexmethed actirding td damnd itlat cmepmwsent s an interval

of an aud information t

Ol oo reBIRedPelopaReR B e AReAFodhe afil HeREiTR kesphnseo the
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r esgnwttmpreseht@d (ﬁyelssspeaﬂdsetghmlsoydmmsedof t he speech
segnents is | ess than the | oudness of one or nore
| oud non-speech segnents;

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 {2fe- | oudness of the portions
of the audio signal represented by the non-speech
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information so as to reduce variations in the | oudness
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a corabinatid ofithe werghpdachenat&tistons. of t he audi o i nformati on
and the control information into an output signal and
transmtting the output signal. 4. The nethod
acgorgl RGthod abliify Yo Blain? 1 P khAR RIS tHehSudiRss SRhEfterval of the
| oudness of the speech segnments by cal cul ating
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meadth o B LRI IR 60eR) "% 25 e The' et hod
according to claiml or 2 that obtains the estinated

| oudness of the speech segnents by applyi
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segnienfsor mati on a plurality of characteristics of the
audi o signal, weighting each characteristic by a

respective neasure of inportance, and classifying the
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characteristics. 7. The method according to claim1
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according to claim1 or 2 wherein the indication of

the loudness of the interval of the audio signal is
piBchid ERE afedioh BEEH A BFS B bBHPRARE T0 Ci'ai m 1
or 2 t hpdoviligod spseech fehdur@sharigdicites h deghee sswhith thiecaudio 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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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 representation of the audio information and the control

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



represented by a respective segnent has
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the estimated | oudness of respective segnents
according to the speech neasures of the respective
segnents. WO 2004/ 021332 RCT/ US2003/ 025627 -28 23.
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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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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



34. The apparatus according to claim?25 or 26 wherein
the processing circuitry is adapted to: provide a
w@p@eoh3arasure that indicates a degree to whi BOT/UE®03/025627

audi o signal represented by a respective segnent has
characteristics of speech; and provide the indication
of | oudness such that it-30 responsive to the
esti mated | oudness of respective segnments according
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provide 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.

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.



