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WD 2008/ 051347 PCT/ US2007/ 020747 -1 Description
Audi o Dynam cs Processing using a Reset 5 Technical
wo-2@B@siBE | nvention relates to audi o signal PCT/US2007/020747

processing. In particular, the invention relates to

an audi o dynam cs processor or processing nethod that

uses a reset nechanism or process in order to adapt

qui ckly to content changes jp_.the audio signal. A

reset signal 10 may be generated by anal yzing the

audi o signal itself or tMesedpédn may be triggered from

an external event such as a channel change on a

t el evi si on setAudioddynanjct Poebsirig winghRegg on an

audi o/ vi sual receiver. In the case of an externa

trigger, one or nore indicators of the state of the

dynam' cs processor for ﬂedlwaﬂﬂbetaudi 0 source rmy be

sa . associated.with that audi o sourc e
Hﬁ’\‘@t‘t"a relafes fp audie 51angliprosessitge nn Rartiglay, Y‘?‘%’ invention

rel at&k’ fd AMusdib UGhARIR pedcekriod frddebsihg Aethdd hAKS a réfeemechanism
dynanmi cs processor nmay be reset to the state

or Pmce% ig l9§11‘§f te pdpRAvRKIR P eqmiens chargssdn theridie signgly gh reset signal

may! BYVEREF0EH BY §19alfrﬁh ersautd?b s@ﬁaﬂﬁt&%ﬁfor PEORE A Ray B¢ triggered from
practici ng such” met hods or controlling such apparatus.

an egigeneg coeiaudr es Ashaicbehange onadelsvisjoraiet et apinpsibselpetipn change
on ah%uﬁﬁ)(\%ﬁaq eéeli\?erl &Y Ble Qe QP’ DpBE aP{n%%ré o%% o‘?'ﬁ&jer indicators of

si gna thi'n sone eS|re
the ffetnof did @yrauhc%medesgyr tor @animegt 2udio somrcy maylhfrgsanehm e
asso?faté%\vﬁﬁ' ‘ﬂ}a? aﬁh%&%lu 3 be?org swgtrcﬁ t \5346\&95 &§ Q&Jrcg Vfixen, if the
exanpl e) an tfen conp 6 H
systeru rsmmhcg/hamg te itlgmﬁtst aodip fsomab; tha dyaargms rpmﬂaawgenasf Iz reset to the
stat rﬁgrgﬁug%/ s (}rg 8L gu(x) r%ggrggﬁmltqallti%rﬁntgerseac h aee }/n%le t?c‘?ﬁ %1 SO trcgates to
comppeer ptdgdims e praketicing archtmhethgds or m%tlﬁ@x@ﬁ%ﬁaratus.

dynam ¢ range controls % k%DRCE) expanders limters,
noi se gates, etc. Vari At si gnal dynam cs

pPr QGessieftbraugios®nahied ;brobébsiﬁgtle t@@l‘tér&ﬂ@lev@ﬁérﬁ!}tnamms of an
Appl i catl on PCT/ US 2005/ 038579 of Alan Jef

a“dlgéé&“éi i be Within somegidesiredyinyitso ctas trarso iy og wxed bpsesating a

t1meW§ryﬁ;%%éé‘s§}é @ﬂ’hn gﬁ% ggﬁmeﬁemqnua idved o,%&ﬁcqévanm @xample) and
other entities., The application is hereby i ncorporated

thenpsprpmptisgang @PP'(Y“PS g tipetyarging sigyel modificatign 63 gpis chapgey for

exatjnﬁi\é? thapkso&ﬁn@h@:g bAMAEvedl cHGARE] DyHAHiIS @@s‘%ﬁ%mploymg such a
rocessor. Ihe processor may be considered to have

opaxation ingludppdemat¢ gmalcontmksr(Aﬁféﬁaddwanmmnge controls

(DRC%?I rgxg{ﬂ{derr% gliggige%%rngiket ‘?esr ?twe 'V@?%E/lg a};ﬁ% %Q&ﬂhf@namws
processing are set forth in International Patent Application PCT/US 2005/038579 of Alan
Jeffrey Seefeldt, published as WO 2006/047600 on May 4, 2006. The application
designates the United States among other entities. The application is hereby incorporated
by reference in its entirety.

FIG. 1 depicts a high level block diagram of a generic audio dynamics processor.
The processor may be considered to have two paths, an upper “signal” path 2 and a lower
“control” path 4. On the lower path, a dynamics control process or controller (“Dynamics
Control”) 6 measures the level of the audio signal and generates one or more time-varying

modification parameters as a function of the level measure. As shown, the modification

parameters are derived from the input audio signal. Alternatively, the modification
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Control") 6 measures the |evel of the audio signal and

generates one or nore tinme-varying nodification
w@ar0a/oet3eT s as a function of the | evel neasur ePCEES2007/020747

shown, the nodification 35 paraneters are derived from

the input audio signal. Alternatively, the

nodi fi cati on WO 2008/ 051347 PCT/ US2007/ 020747 -2

paraneters nay be derived frégmthe processed (output)

audi o or froma conbi nati on the i nput and out put

paramatﬂars%)may teaksivedfohthe Wse@{@y élﬁbgddﬂtl(ﬁor f[r)yaﬁ a combination of

i.ca aramet ers generat e e Dynani cs

the “&%‘rdﬁtafls |°“§P“§F%d1§ nﬁ%d Op thePrst H‘P‘Botpétbg%ﬁh? Brodifigagion

parapeRELsEREatelBY the ﬁ?&atﬁi@@ Uoﬁ%l Q'Qr@a(pﬂmg d eraatdd%‘ﬁ) nerate the
ersto an audi o signal may be 5 acconplishe et h

PrOC%éﬁ‘ij hgapelicatigniof W?gﬁpﬁtg)@mmeatmsfow audio signal may be

accompllblh@i 1h%a@mn Fays bl 15%33 neﬂx&ll&l&tﬁ@%lﬁ&g Symbol 8.

i npl e autoratic gain contro I ce ocess
For %?‘Plfbé“ thesqagg Pea winepdp an@ma@algmmmtfql devicenr parcasg tietre may

/Ioss evi c
bea §1h§f€r\gi‘gggﬁsr9fl %antx ﬁﬁ)c@ﬁ‘ézﬂlog ﬂaﬁﬁ?%} accmhg)gls hie gain ﬁ%? 6ana%le
gain/lppy dgvise op prafessipgtic npain patht dn pi‘aena@phe aadib omayodlsd bedelayed

prior R ¥ 4ionih BRA BT i P! PraB B Fist e OH Bomaensate forany
delamocﬁlatﬁdtWMnﬂfpa)ommlte&rcm dfith¢ R ANJ0ABoH Parantders i@ the dynamics

Qcess or.s ICIt n. pres ation, a dela
contrﬁi ProgEss; \Mﬁ)r ﬁnﬁ)nép 1ty in Wélt?)n ?56‘3)’ é%nﬂéPQWﬁ in IF%Gal or other
ﬁgurelg/hmmncs contr ol process it 1s typical that both the

nal, | evel @iure and . the resulting nodification

pa hfynanuics cont RBRReas 168 AYRiR bl ety {hersignaldeve] measure and
the r@dﬁirtg 108dificdBorepirifete?s aRAoh & ecdn@l‘ﬂgbuglf ¥obr t‘f@@sﬂ{ Sddition,

d‘b%tge nodi fi cati on paraneters are usual snoot he
e‘thetaerr the srgnaldeval magsure apd theporificatian pﬁtaarcqt@s fareomually
smoddRdd urbdatiRél %%]W@p&%hbp& e %ﬁseﬂoﬁx%n‘?g %n-m)%uced into the

snoot hing is nost often formed usin
procegeedaudio.ghlie amoo@llregmsm% aﬁeﬁ pelfm’mﬁ:d']gsmgl at fztshettack” and a

“slow R sk %éa‘?ﬁhﬁ%%%&ﬁﬁggﬂ?ﬁpmglghﬁgﬁ \ﬁeagé%}geqéltg\gﬂy qmckly in

response to I ncrease I n
respongs foadingraase il theksignakle tleanli rgf;ajndlrﬂmlskﬁﬁlydﬁoheagﬁsl level

h [ in.acg ordan h the dynam
decrs 2480 SERT oL 85T A i BTl and
way lohlalngbbumank pudelee:&hﬂxms ut idtielneﬁw’t&e Qﬁﬁﬂtdldhse@k&)lﬁlyt LUV time
hi ng. 1. s.near uni versal in audi o dynam cs
smoogkpggessrée& g/un#vers (5%@ ‘ﬁ%‘é’ﬁ?’@g"ﬁﬂ“&?@%‘g?ng appl i cati ons,

t Heortsome dynasm @frecasingippli€dionk [ the tlﬂléCJbrﬁfﬁaﬁktﬁkMatQ@Wuh
of .one or nore seconds.

b h d
such ol eipg? 95ue? e nghe e of e PEmRE onin: BngHGC, for

1nstartde;9mla9 REmipRIarPMEaEEof @ebnDicr SefRR!1ev bRY sig?‘nraglgsmg large
n&n onsttﬁnt s and then use the resulting estimte
time 50&51 dthgmpse thersruligpseingte i gensratp sloay vaming hvashﬁcatron

Pararr([jﬂgé;’@ :t%e??éggtéﬁlﬁ%r\%g?/ @vIePJ;f thBGudisdiishef b5 BEsifed tArget level. In
this case, iarge time constants may be desirable in order to preserve the short-term
dynamics of the audio signal. Suppose that such an AGC is operating on the audio of a
television set with the intent of maintaining a consistent average level across
programming and across various channels. In such a situation, the content of the audio
signal being processed by the AGC may abruptly change or have a discontinuity, when a
channel is changed for example, and the associated average level of the audio signal may

therefore also abruptly change or have a discontinuity. With its large time constants,
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this case, large tinme constants may be desirable in
order to preserve the short-term dynam cs of the
waeesossitgnal . Suppose that such an AGC i s opePEl/USPODOR0T47

the audio of a 30 television set with the intent of

mai ntai ni ng a consi stent average | evel across

progranmm ng and across various channels. In such a

situation, the content of t audi o signal being

processed by the AGC may abruptly change or have a
hOdee%‘ptd)BMCﬁﬁltalws anvamidarabbh@nostt df3indR@Rdefeerto @K@Upﬂeeel and

dt d average | evel of the audio sig
brmgnfhc/e m?‘%@%@? Z gﬁ'seé)rg?ﬁs q\v;h% Hhh’@“ewbth the desired target level
Duriglg saetidaptition. titdé,tdiewsr bothe SelbliSRnGRAPH&BLiTe tﬂ/é,Qevel of the

i gg/ 05]78% PCT/ US2007/ 020747 -3 however, the
audie 1Be foe 'CBA ST e 3Bt A anbwmlL B iewer may ﬁ@wkb'rrgeclt t‘prahe remote

contiA6 h&ws! thamelunbé—bﬂﬁj &)rﬁ‘hdmﬂ'lsfeh‘%q gkﬁ‘éﬂ* ftmg e AGC a
processed audio in I'ine wth the desi re et leval
conveig®ng such adaptation tine, a viewer of the

t elAet\flb%aPBngpé{t P& @xjx VoethE raﬁ?olllg% l.vst L{eﬁ&'tﬂ)ed mv& VES lﬂ}smg DEme

too Noud or too so
constanisciipiadaphbisetlon thh éymaerms of Brecsigrtal.oF ot exemblel,sf tHelghort-term

I | f t
leveIVd:]?I tﬂg@n gBQl i¥ s%ﬁ%lﬁéa%qgtél %ﬁ & or. légsrasl tp?ﬂ ﬁx rsxréoottlgegolieg%as E!e{iaed by
somg ﬁ!eethhbb@mdjausi andresab thekmubdtl‘mcmevels theithe sﬂhbm‘hmg operation
t . based on the dynam cs o

SWItC(i'l%g ?o ?ﬁ‘e& a%tac% %? Srp releafe tiuﬁlg cgﬁﬁtfnets éis?ﬁctlplgl\yepn%lftﬁF ﬁléort-term

level@gmhfhck] wi thmqhe thresinld Bo@idaaike hrodhd RS SmbbtBBd 1hel.
e 10 sone threshol d

| fined b
subsf RN PheeSHiean it betoia e B Flovien Gmeyapestants. Such a

systeaiTby redigreane hédptaibn ik beRRSALE, Bﬁ@tth%rtht%gﬁﬁﬁé‘atﬁf@{o?{er time
rel ease tine constants respectl veI Y, unti |

consigispustdeshopen eareflly) dn B@@ﬂtal\f\fqrmnm regsenelle élyhshcdds signals
may BRYNGALhRA RS QHQHalt (n%lré (ﬂg!ag‘;\r{@é ﬂuctﬁzﬂ@ PSTUEE (%fl the threshold

the system sw tChes sl ower
bouné%%q FAvad the pygrage IS‘Sﬁ;}»ttb“S ml,%mgetbg @elopﬂnn@pmpemtp dalsely switch

into tthb Pt Aftadil6r Afdase nté) ﬁettg b aé](%fs ﬁ){ ;ﬂ;'ggllxesnrt] ;c))rg(t:u%reéﬁce %F §peh false

constants nust osen c ner
SWltCéilmg tleafeatbick ant rrdsdtB@Ird@de thing Rahstantswynsenoistie dhosshioche too

t, I d f t uat
short B ed a0, BRI o P S PR RS P L R Bt chs o
result, ifuscamvesgenge bﬁmesmﬁctdunmg gbratecdisitions at 8RbontEitiéaNn the
sudid BBl 831 pAARK 0L el gaPe Mode. Due to the

reguen fEE%f such false switchi ng,

t hﬁ JSf ﬁ@tefaﬂetthe kbgotof the Qﬁ@eniﬂﬁd@ltidnrfﬁ pEViat abkferBdhition to the
chosen to be too 20 sho in order to avoid

probiBRi ot} BrRPEC BipCTsE AdePalin BPo-IHRE Ao GorAt AeRseSal
As a result, the DQBMS&@QD;:E’};@II”M;&,OACI: duri ng abr upt
[ inuities in the audio content

n3|5 s or dISC?
ma‘§ 'I“G RGP apRechS a’éé’é“’%'é‘o&% fedlepd for pracessing an audio signal
(or appacat@PpReticRl tﬁ@ﬁ‘wﬁfo%? GRudeBuRBLH L thed &R 81 audio si ignal in

better solution
accordance with a dynamlcs control process, detecting a change in the content of the

audio signal, and resetting the dynamics control process in response to detecting such a

change. Detecting a change in the content of the audio signal may comprise one or both
of (1) detecting an occurrence in the temporal evolution of the audio signal in which the
level of the audio signal remains below a threshold, Lsitence, throughout a time interval no
shorter than a first time threshold, Zeence, and (2) detecting an occurrence in the temporal

evolution of the audio signal in which the level of the audio signal decreases by an
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probl em of dynam cs processing adaptation tinme during
audi o content changes. 25 Disclosure O The Invention
WO 20880813dT ng to an aspect of the invention, a PE/HST07/020747

for processing an audio signal (or apparatus

practicing the method) includes altering the dynam cs

of the audio signal in accordance with a dynam cs

control process, detecting _a. change in the content of

the audio signal, and resetting the dynamics contro

amoupt SRaks thah 4 diFRedRe thesiktat 6L |, Ngithinchtine 3ftepabng greater than a
Det ectin change in the content of the audio signa

seco nﬁﬂﬁﬁg}gﬁ ‘e or both of (1) detecting an

OCLEHOr@IRE Qo hRothBEaspePIvTTR 1rﬁ/¥:§dléﬂ iaQRet@bd Eepraushsihg an audio
signal in which the 1level of the audio, signal_ rensins

signah (T SRPAratUsEassiRg thednethod)dsglvdry dtrghsihe 4ynarmies of the audio

si gnal 1S zﬁ!’c\ﬂﬂian@@wﬁx@&}rﬁhﬁ&i‘&fht@l bidcels, tbdBvihBhE %Q&H&lly-supphed
tsrie"ce, and (2) detectlng an occurrence in
Qa

reset triggeo signal indisiating 6 shange indhe sedie sianghand |r¢ﬁemgcﬂie dipamics

o PP S A" I ey g
indicatedninﬁbe renre ef { Hrtbe hatl of .2 usdr dp\ngw;g fehmnael, I(Smathe atierfealser
chan&g% t errc‘és Zﬁ)ot?nﬁ a%? ofo anlgjs rﬁgctﬁlﬂgrez? § ’ 1(‘1&3’\;\11}15j Y Porwafc},]fu(ﬁ\ctlon,

aspec bntlon
) tHemwmhmgenﬂ‘samgﬁlamo amihex (3 aptangé ar prgpan 26 the switching of one

.practigin t hod udes. al tering the dynam cs
audi it o b noTairg i 7 A Shotes BB TR ASEy narm s
C omddi»ﬂmgrt@ @RE&: oﬂtﬁe eboneNgpadis, &éisﬁﬂirﬂg’iiﬂe)d'}&ummsl @dtrol process
res er SEFS%% i.ndi cating a_ chan in the g
)¢

may %negﬁ &P, * ©PbY dY‘h”é‘“&§/ REFIsing Sr © ChﬁP%iséng“? fpput

signall SERESHIS: ﬂ@: dyemi &S®intrbl pHeeds b Phatlthe Vd18e bESHE or more process-
trigger signal may _indicate one or nore of (1) the

contrgi t“gd?af%“%@r‘)fcﬂﬁa%q‘ 0 Whighsisheme of more procgs-ceptrolling
pararHét@fs ar€ Hmtﬂ)gl tb AR¥ired BHBEHSI vtk tﬁk%et@l e d%dﬁ%@ﬁ control

selecting a play, rewnd or forward function,
procesh may\ghodhn thy wlugekornd ¢ranexs thne eprstants 51)1ph>>f@ﬁa\hg@temmmg

one 'S Acd eé@coﬁm }%5&% G of aQfifial SE9hRnGA Ble HOMIRL

to an ange I n coding paraneters.
pnwdmcmnmom@gqmnﬁnﬂhmnwmﬁﬁhhmoabove aspects, resetting

hﬁltﬁg%@%gsad Otmer-t(i)me e N apgg)\é I?Hgst glbgﬁ af)g\?e Ilhg% sz ﬁte

processi ng anges i
somewlfatihelpgildn ad:ducﬁ’@tht: tadagatidretichy mﬁ i @sdioadynacticyprocesssr or

nma et the one o 5
proc g Hod 1 b e Sl IR RS G e bR sish agrgoessor o
proc&& niﬁill’ e lh{;ﬁﬁeé‘cssdtg?llﬁibﬁlﬁﬂw b? gugaitaigeit evith Ar @(paicft weset inethanism
tore efaul t val ue, sefti t nani cs
or pricht 1Bt G BISdaPRAIP S ATERCS LS i AP GRBYET Sty ¢
disconkifBitied AS thaltohitedlBF Spemldiosi hedl delfigirbeess@N EFIT. mpects the

process- controllln par anet er a signal, of whi
preseg iy cpRe Bt feesa! ﬁBd'éé"%“‘i!’b%?’Fg’leF Fﬂ‘g‘f‘gé’@%@tf@% Cg?féolaoafh 10,

is add&iGithe Beneric dynamics processor of FIG. 1. A reset control mechanism or
process (“Reset Control””) 12 may respond to one or both of the audio signal itself (the
input audio signal or a combination of the input and output audio signals) and an external
trigger signal. Thus, there are three possible configurations: (1) the audio signal itself
(which, in turn may comprise the input audio signal or a combination of the input and
output audio signals), (2) an external trigger signal, and (3) both the audio signal itself
and an external trigger signal. If a decision to reset is made by Reset Control 12, the reset

control mechanism or process sends a reset message to the Dynamics Control 6,
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'averﬁgclsr déthelteakee t hree possi bl e configurations:

20 Al though the adaptive-tine-constants approach
descri bed above nay be sonewhat hel pful in reducing
wao bh@sasiapt ati on tinme of an audi o dynam cs pr oCBGHUR2007/020747
process and may be used along with aspects of the
present invention, such a processor or process nay be
i nproved significantly by augnenting it with an
expl icit reset mechanism or gprocess that is activated
on the occurrence of certaln abrupt changes or 25
mS;l ﬁ;gles At forfgsat |cer3jmr§fm¢¢es efing @)ﬂianﬁﬁ:sh&ed}ﬂtbo‘;l E?@f‘t"sﬁ‘ ﬁ,\g/g lrt1ha|t allows the
au
in ﬁaﬁa{gﬁﬁﬁgﬁ&s Fm %Wﬁll (ﬁl%g PORW eyt ity i meamiing audio signal.

Thergseiting ofieertsin @sptehtsbﬂ)‘ the dynaadlee€eoritdl shge ﬂl%?efo'r example, (1) set

FIG 1. A reset cont
°“‘°;Sy “@mﬂd!ﬁ?‘g’}ﬁo Sstante é‘ssi‘o’(mrﬁé%%‘f fosgrahes peyto@ D imye (tbapby speeding
up the adapsatgm ﬂatﬁdiftbé idie proeHssi he i
audn%% 9 E or aacon‘ol nat | 3%1 %?a)toﬁcl(eé)lss% uf l(nto °g ‘%5’t‘re of the
oé i V% a4 %lje Yriporgrimedifisation paselrletqrgg:ear Stsreghﬁlue or to an
(1) the
audio signal itself (which, in turn may conprise the

i nput audi o si gnal df’aﬁzwgmﬁadmoﬁ’ngmﬂ the input and
t t |
to Mc{)‘uhnéiﬂﬂzl Oc3h AL §) an QZ)-Z h%x e: H-‘ %iﬁ’%flng%‘%ré ){,? !é'f&r;}lgf' Content

), both the au 03|g
?‘géﬁ@ Cgﬁl@} mayfbeamélletﬂdshydhesteoCoeselt 12 i IREAbEYOS ways, for
8ch n chani sm or

exanﬂﬂ y 80N %iR d% tﬁjezmc&nﬁl fagd mémﬁ SFﬁJé)r A SGRLVGIBE @B eresnal reset

process sen a reset ssa
*“gg@ sigpaly Jpanelyzizg theadi wsmv /tli)a?ﬂé’éb’t’ Confrol 13 bitbiapisn difect

) ; t tat
conditforlsSi5 8he ﬁ%ﬁél%ﬁf@tﬁp %aéx 2835 21 Eﬁgq%lgéor%;ggég@ p(:rggmtg Upon

in a way that a
detegting such axgagditionovitthe careain Idegl%b o ok fidericB Cl@égep @oﬁH‘gf £2 makes a

JeLesetting of certain aspects of
t
riseieggfndncasn C%ﬁtg FOENLY H}Sg“ﬁfé;nyﬁa“rw%Qawmleé to(lfﬁ)?etsmb Or oEe aspects
of itsgdymanries d;omml siares t A gh®tRerSBHH;
changgs &0f of tine §therebygths eedi ng %Ies\{ﬁgme&glé%et%atf’%{?aabmm
d?cotnﬂgmél&a 'b“g?@i&%gqnhgyvo paamrcglr ar{yffeive @xamples for
doing swatehizdciimaAel®y 0f the audio signal |evel or one or
nore nodification paraneters to a stored value or to
an average or def ddting walfyeernphBriggarng t he Audi o
to Bb@%fnettﬁe BRERHBL RS, A e nce of.an Abrupt Chan
Di sconti nui try in Jlgzg/%]ﬁf‘ﬁ lu&i’?" eor;i’(ff %tf’@‘é‘é(tm Signal ontent
deIé‘l Teiyhanpligatiens; hngbbateéxdbla;cx&esatmfamtaﬁsh nia?,, Bedbvailable to

triggdHale ry z ing tf
riee i.nc org}lét n gf"é\ﬁ%%{%p’& lgln atleie‘e)‘(,?HTOO It etSF xﬁ@ éPB gﬂﬁ -4he act of a user
changing & channel awyserverdsggentangnaiger of eﬂ*&@éty 2159 ihRQeRWRIM or

audmﬁﬂ&ﬁieceitv@te PR ﬁ bf Q%QEJ &an%fgllggtgltetfet\gga%pg gfﬁg g:tfﬁ,erg%lp from “Video

- gondl tions’in the sig
to cKidege omagiserierto Itmlggdryt reget Cmﬁm&%amy%ﬁnclqgé Q‘ﬁt]é Bised media

Playe R 81 i 80358 o dighefcoa reppraer T such cases, o
reset may be quiggrred extasiatiy Gtten By e BYB &R FrRMek Biayf% gt &hd £2%ha %\r}v?tches
to another A feséf Blg%tt also be triggered when a user explicitly changes files himself or
herself, presses play, or fast forwards or rewinds to a new location in a piece of content.
In the case in which the audio being processed has been decoded from a digital data
compressed stream, Dolby Digital audio, for example, other sources of an external reset
trigger signal may exist. “Dolby” and “Dolby Digital” are trademarks of Dolby
Laboratories Licensing Corporation. For example, the Dolby Digital audio coding system

is the mandatory audio format for High Definition Television in the United States. On a
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of its dynam cs control state. Al though ot her

techni ques nmay be utilized to detect abrupt changes
woroodiossent i nuities in signal content, two prak€CT/v81007/020747

and effective exanples for doing so are described

bel ow. Using an External Trigger 20 to Determ ne the

Cccurrence of an Abrupt Change or Discontinuity in

Si gnhal Content |In many applé cations, highly reliable

external information may be avallable to trigger a

g1verr @whel cFﬁyrogvamrping, theraudid iglseit @nGfius@ly, Wut 6RDEIby Digital
he ,act .of a_user changing a channel

formy3 'Va% L pingaR g ey F9g erormpleqiiiequsn program, may be

encoded ml Y ichariel @rmad st @/c‘éhﬂﬂ’&cfaﬁﬁﬁbf\lférend)m ﬂ%er% ffﬁ-mat A
I,ng input_sources, for éexanple from

Dolb§ 1§1ta ch régQﬁrdg:ae an N <§§3$q;:§ cghgnggs; a@gema)apaggbq mformat10n to
the atdib @yn%ﬁ%r@@esb%ﬂ%ﬂ@pésé ligy R8s '?Fxgéeq tng%e@y @gherf JManges in

exanpl e, a portable audio eV|ce or
COd"}‘a’e% pigeters may slsetbecaydayeds fory @@mplml}ariges iy thg gmlbxd Digital

dlalo§ %Bﬁﬁﬂﬁidt%n%?ﬁnét&e “BYRL RBRAP ﬁ-{é? gﬂ !PeJh@Y)L ﬁ%e?cggonskan? for a

sw t ches to another Ares
single megg of sentpie rA sinidarrextorpdlireset Itxyggﬂn megd:e geﬂememfmsed,mer

audxo?%odénl;tg{;(ﬁ-ﬁiafts ad W EF 36eh Q|W3 ar?ci ast f o B) tl?xﬁ s{)ﬁr\gesn g

ocation'in a piece O Con
exterpalgesst friggrirs fust hseé,udhcrs e pupsible) aad SI&dIIlhaﬁtlcbﬁﬁ fhot meant to be

s a digital data conpressed stream Dol by
hmlt%eg)?ﬂg{ge H] for exanple, other sources of an

exinghe abser\ekm‘e thd inivegtéon ﬁlugétitin zilﬂyvf E)g?(ibrﬁ‘k/hlfhghé @%ﬁlo A
are tradenmarks .o aboratorjes
origing By %5&65?%8%&%08??65 B iEaliph eV tRSuh P e R ag shown in
FIG. audilong eb Wigtoshy 6 #4180 figuSe hR1BRMSENGM; @é&&&sf(@}&ﬂ&*o s‘d%&ce 1”
a finition Television in the United States.
‘hm“% B@ge Bexrsa N b&ﬁluém/ldﬂﬁweredelsm@neémne¢ Of)fheN
e
aUde)Hodlag%é:m?t&gle& h:fﬁ é}r?éwrr;ﬁaangl§o§§gﬁnee‘ﬁ}gttafn%g%§£é§smgLégrsttegxeoy way of
p@

a SOUKE devipp pr prasa (eSO'tHlffe SﬁtﬂCﬁ’) |d|60 @ruaman@uy» sberces could
repre§338, AR Ard Rotintit&d @) Oﬁlnonthﬂﬁﬁ%o Pgta t%esfg[gm%r dsef?l o '@&4{ h&

encoded I n stereo fornma €co
variowenpytsat anyauihie/visusl rooeiiern hamgewsaﬁdds ey poassl etrhéﬁla player

Storeli Wi é%il!a%ﬁlo u?c J}S lrﬁﬂgeltgrs%ﬁ? %taéér OC%Z%)({FE gFHfé’&s (?fﬁthe

present invention as a reset tr
dynaminﬁicngtrplapmnmsels st exdgtecdttedadieinesraoyatio pfaﬂfcumt 30Pice was

h di al ; tion
sl 8008 Boleld iy PR Pl 008 R AR L0k one
or mdr@ of @) thé sgbethpl @t@sab of tint Anlio sidnal 16112(2) 0k OF ﬁﬁire
et tri rated from ot her _audio

T R R T

and (Wetdr@ﬂo&%f&hﬁtlﬁ@%ﬁﬁﬁnt@ferrﬂ;ﬂb)%‘@tlﬁ roB?dmlhg%%Tdeﬂ'lélﬂﬁE%ure of
ust. li ot hers sible, and thé invention is
the s SignareVel, 18 ah Skemplegy Exhoqifsk dpseaibed below, the smoothed

measure of the audio signal level is employed, which indirectly affects the gain
modification parameter (in the example, gain is a function of the smoothed audio signal
level). When a different audio source is selected through the source select process, prior
to actually switching to the new audio source, the Source Select 16 sends an external reset
trigger to the Reset Control 12°. This in turn causes the Reset Control 12’ to capture
indicators of the current state of the dynamics control process for the currently playing
audio source. The Reset Control 12’ then saves indicators of the dynamics control state

in the N dynamics control state storage locations associated with the current audio
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In the case where the invention is used in a device in
which the audio may originate froma set of known
waeouBoes47t he i nventi on nay be further enhanceBlCEHES2007/020747
shown in FIG 3. Along the bottomof the figure are
depi cted N audi o sources ("Audio Source |I" 15 through
"Audi 0 Source N') 14-1 through 14-N, where it is
assuned that one of the N ,@ydio sources i s selected
for playback through the dynam cs processing system by
seleation (@fynamlcsﬁontrel Stetecitbragn 1dbxiugh N))r 18}[1 ek@agh (330U N’éﬁt the
I h,.audi o _sources co resent,
Sourgl sBfekt 19 W1t P 4 647 e SR n B soud BB aSRER & S

mdumtors of tiendyriamics ¢dirol VAd toUBo Fe3pLEHtON pEstedd ifiaPintufi@kets the
on a portable nmedia player.

dynafblc%f%‘%’é% R%‘Eﬁ\%géégg%%w?l&% ICHYSi ndi cators of the

st Byausitig Specteiof AR 1@stabMaflic %t&hﬁat%@&% SR Blreset the
process as it existed the last tine that audio

dynﬁs%F-‘i pPeuiTe] pragsss pdengwitching e that spige.gtier performanige may be
achi&ledttBarPfn th %b%ﬂ%@@f@ﬁlp%%&lchr@ym{t&‘f Eﬁ?&e ' WitBbut such ;

exanple one nor e he snpot neasure O
infopationy e ysrmies cqnér@éproce%)rebeﬁeorothennc@m ngowidid signal aufiter the

resetPRANRDE B tﬁ@ EH\I’vtahHH) sfg)[u%@ t@%%ﬂ@@&&%&’b&ﬁ?ﬁ& !%vglfofttnﬁ%udlo

audi o S|gna [ evel one oOr
may éb'ﬁglaémlta@@mr@yb@eifme it mpdifivgtion pamotetesl mmraasw ﬁucﬂﬁate

e r
o5 A b 0 s A YRR NGRS . o
using p:g:wgts dféhyelasi gatemrﬁ Itlpsy dxrhanviks pﬂmcesn;dr assobzlayadaf/i‘tls tiesaudiesource

o sSSPy S RS0 i

stateghatii§ tlosentd theistiate tsoulncle itiveilIstlepialy cbhiveape l‘brtthﬁ audio source.

ou sel ec roc r or to actually sw tching
s a8 e RnREO8 Sk lstanls alte e oSt nded hoBbe frieasi as
muck i fiapalthdreaseibe ﬂ'ef;in@@i? TthérSO)t &%v@ﬁ%ﬁm&@%ﬂ @{abill&y withol$
i.N turnsﬁﬁu es t he. Reset Control to capture

sacrifififiecye o8 e 8fan %%PBI%POQWYG}WQMHG@GWC@H two

televisddh §tRtioRy, BELR r n )
oo oo, ARERSL AL sl P Rhagk VYL 00 aitlflve to fyl-scale

d'gltﬁlrﬁé'ddbﬁ aefioed vagheudip asamaeerige fetie o -GPriBiboth wmthtarnahge of plus

oAU LRSS FEREE S S o

secorqcmtﬁgm,@h@@mrpm legelnfghSfiort atpsion is r-clbgdB. Nﬁuﬂl&s}, further that the
r S ect. 16 i t.ches..t o
aver%%é@%kg%fgﬁe d&%c’}s}%ét%gce’ﬂ II}n —§ gn(r?c ei?er{e %E%’g]]?'a?@% s gl’fgedence of -
20 dBndf mdnsge@thetdwadymwsmgrsystein ﬁetﬁ‘aﬁt inMatfhesecondtfor
turn resets nam cs
e eh SR RBTERe bEFHo P Rt Eesh ot turrdim eI ofgny other
inforBatinsi $urhasmecissyuitk fhshl and asdy 1d§t6@tﬁﬂeﬁﬁst@&1ﬁw i thepadRsdd audio.
t he ynam cs control process

On il ‘ﬁe“q‘a"f‘iﬁ‘?ﬁ?&g‘f i h&ﬁs’agé‘e{f’@@i%a’é?ffeéﬁmgéraﬁ%ﬁtﬁﬁﬁﬁ!c\éﬂhﬁgﬁ second
staudnﬂ:orasjsmﬁmed atlbm off 2§ @B. AltRaNsRerGhe PSERL, MY MehaP6d céHirol
procelss mayabe rese w1th th shtgt%tanaléccr ifference of only —33 dB — (-28 dB) =-5 dB
exists. Thus, an adaptation rate of only —10 dB per second (requiring less of a shortening
of the time constant) is required to converge to the desired level within half a second.
This example illustrates the advantages in storing the last state of the dynamics control

process with the audio source that resulted in such state.
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information, the dynami cs control process relies on

the incom ng audio signal after the reset as it
wa@dapnsi3tp t he new audi o source. On a short -t ePOT/DEBNF)20747

the level of the audio 10 may fluctuate rapidly, and

therefore the nodification paraneters may al so

fluctuate rapidly as the dynam cs control process

attenpts to adapt rapidly togthe new audi o. By using

aspects of the |ast state of the dynam cs processor

assom at ed wit h]tlzbezj”ﬁud%eﬁalﬂe@@t is TRiggest the
that the_dynam c

ga é)t‘ oce s ik &(
DE8EIPERfTF ‘B’@&%“? fheudig dytamifsprocessiAAPIAGn RS (the
rate Stt\ahxehfﬂﬁb ftiaddics procedsingym Esl't@|c|h¥n§é§ri?{ e IRphLLighdIRt For

di o, source. 15 As a resu t he Tast adaptatlon time
xRV het 8 et s gRied Qe T e it cpetagtimseoneled agth the
dapfatoR
L L L e
returgdq &ea{ ogingl lagge v,qéuegmvgy(aﬁmcef eccparisiddeitinaev Mﬂamgvely, the one

st th audi o

or mglee.t %\ﬁx@ gsgér’tgrbtg Efaé;%‘(x{x?éh% fgg%g{éca?\gﬁ alﬂgr }/AI zﬁ(\f remayiy, at such
valu@ﬁ fyr aspecified pheortef:mmld i i ALEd anraagenmntaa/ﬁnmg:enhtemedontrol

mgnaﬁ gﬁ Qndﬂﬁﬁo%%& gase%lgﬁmoefcogstgﬁtg %cgrnt (fr%{\]p\]\ H’@ttge smoothed

elr re I ve aver age.
avermr level. $ar edrinply, th(e shiwethiag ttmﬁdccsisahts()ﬂay bbdeavayed@Rer a

the f.irst stati
durai G Bt affrpfilfortk ohe a5l 8o e w5t A s eabmR b aent,the
umeucsnmm cﬁ)&trst@ﬁatle:[t] iy st behvallbios “1°S(iAdidhiidLs fia&fum
esires the d\énam CS praocessing

chang Sffzs% %orbedgdporeﬁnﬂ%[:?nséarg@d@ﬁ ocptbqfer;é;g |rgset ggeer; when it
is “lad@q:)zttaick@ﬂd rélbseQoefiiieHss RRYseb RCGHIkS 9‘5% 1ﬁGéHtf)E§nélfér¥ﬁh% their

F%ce of am\;dother 25 informati on. a‘rate is
nomipgt Yauphsfs aibiderays fodare queter shest pasiad qulmﬁsuqﬁ»eas one second

(the %gﬂﬁ&&ﬁg tI%éCB&lod 1§)Hott élﬁm‘at)hﬁ{e dghthic §'5’1%Cl§féﬁ;§&9tted tbggc to their

| ast dynam CSs prOCeSSI ng st ate store Wlth t he secon
nomigiabporaial fppn-eespld walsep.oAdternatizplyoir in 2ddidBn, dfenccafrenge of a

resetttﬂgﬁére BRtvaldd L9 g%?\?e?&%é' l%l/elg‘,r ?sd W%boglgagﬁ% cogtrol

this state an ence o
procefgynay bgregg to @xstate storethwith amlmmaaldmmur@& er tofa dafhult value.

-10 dB per second Qf. a shortening 30
of the time const z#és? é’“?e%rui "iwm‘gonver ge to the
deElG .edis| asschemati¢ ﬁlmtxbaélfbl@clsdieguarh shbiwisg,est amiglelevel, a generic

audid M‘#{‘ﬁ&cg poceésog advantages in storing the |last state
nam cs control process with the audi o source

t hBtG.r2sud dchematic fnetiondld eck WeERR0SNGAS 44 accordance with

PCT/US2007/ 020747 -8 The FEff a Re
aspediy DL BB ERT (NG P el o P orhe Gharent invention,
in wldymamaqg‘enbfal)ﬁﬁ*ﬁﬁ larTOrthetegdindbl path! AfRefddd@rol pathCistldded to the
ch the 5$/nam c rocessing adapts to changes in the

genepﬁgmlarmcaﬂ? 9essoEt Fldxbmpl e, when a reset is

t rFYSY RQ schéfRatdd fuffefi8ndl HIEKCA %:Eﬁ‘lnéh%vﬁ§§ Qf ladttdadetith
theﬁﬁ\eadapt ation rate may gui ckly switch

aspects ghiheirrgiont ipvention. ap evama@sofmlmmnsnmﬁthe present invention,

in which an audio dynarmics processor is further enhanced.

FIG. 4 shows an exemplary input/output function for a typical automatic gain
control (AGC).

FIG. 5 shows a set of bandpass frequency responses chosen to mimic the critical

band filtering observed along the basilar membrane in the human ear.
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return to their original |arge values over a specified
period of tine. Alternatively, the one or nore tine
w@omsHansss may switch to significantly snal |l erPORUSEE7/020747

and remain at such values for a specified period of

time. In an AGC arrangenent, a tine constant control
signal c[t] may nonentarily decrease the tine

constants used in conputing éhe snoot hed 10 aver age

| evel . For exanple, the snoot hing tine constants may

be FlBC6 ém sthematie fanctiduaEblbelo d Rz BlioingRiredtoRRRce with
reset. In an exanpl e enbodi nent,

d foll a
aspe?‘ﬁ@%nlﬁ PrESEY r\%‘fﬁg'ﬁ‘fmc%mwplg P&ﬁraﬁfzﬁ pbrdymant gf thegpregent
invengdnie of "1" (indicating a maxi mum change effect on
one or nore tjne constants) upon occurrence of a reset
trigger; whenB¢¥ Mede Far Cenyging @utckhafryentivaase

co Id@g &1 t
CombLn 48 ot QTS 0B UL i

appliggtipns, sueibag dsg@mleaam cohirel, gmpr@soredangwompandemeetc It is
paﬂlb@l@ﬂ}'ms&ful tﬂ%%vév'em%v}%?\relggﬁa# Cﬁ;‘ t%ﬁﬁtllé? I}yps%gpﬁ large time

coefficrents are’inter
constpmisreeisulf noﬂowagbp)atmalxmd@ absdaxtcerqfahcf p@lsgntonvemnon Thus, the

e B BRSO B L0780, T b 95l n A

dynam cs contr ol pBaxteﬂS?GrByplbmemeseh to a state

o e AR B L S e g

aver&ya‘]levrﬂtarﬁ cfokmﬁitd:s(m@ésubﬂ afddi féPeipM RheWhids aFind@iod &hhe input
eneric audio dynam cs processor. FIG 2 is

tevelgneCh desiief vt o v iona siggebmedifisating mayithen be

comﬁ\ﬂe@ h§laFGRtUntdT th@8RRed e Dbt 8 thE ﬁﬁﬁme\ﬂemﬁﬁf‘ﬁfe%sxr&f‘output
1eve]1 %ﬂﬁue of an enbaodi ment of the present invention,

BRUOR MARPHSHBPULILO PBIAN Islesianed & be@mhqipv@axfhhe modlﬁed
audib 8RREr ©ANE HQA[ré&%\tget le%]agﬁi@ ﬁlé [¥] H&ﬁcts%%@ %ﬁ&tfﬁ)%??\gﬁhgfﬁmctmn.

processor of schemati ¢ _
For g3) igppt @oa’gﬁwaggﬁi\m@ th¢ AQ@ G@iﬂ&j@m signal attenuaipeend fof an input -

belo@vhﬁe BIrE&GBVel] (RYSGEUS f’cxrx1 s%f\ﬁm# Ofl"hg‘g %rgg 895{{@ uatlgn or boost

he présent invention, an au
may [bc coriselded by vinyingthe sbmhaxﬁ tedlinegia HIGG4. 4 s hovvs an

oL e RS AR el B R i i
corrdl)an dp&s&neﬂm&mmepmgepheﬁ pd haelacah ORE N niag Héi dﬂihibvb@ &1 many ways;
f| | teri n%ﬁobserved al on% basi

for exanl:an aﬁ% Vﬁelglh gd GBS AREe POAET FFESYIEOT ycC oacoustlc loudness

meadecd/ NSZOPE Wk gitted nteafristuar® posver nfaleiens siestiynedd Luatate than
ccordance wi.ith aspects_ of

the tph AP R ametaie sl BRtamsrasg s bifh Searem st ot with

humad 1culdBeRRs&@ption for most real-world audio signals. Due to its computational
simplicity, an unweighted mean-square power measure is used in a preferred
embodiment, but should not be seen as limiting the invention.

Although, in principle, aspects of the invention may be implemented in analog
and/or digital domains, practical implementations are likely to be implemented in the
digital domain in which each of the audio signals are represented by individual samples or
samples within blocks of data. The input level estimate and the corresponding desired
output level and signal modification parameters may be computed continuously for an
analog audio signal or on a sample by sample basis from a digital signal, but for this

example embodiment it is instead desirable to compute such quantities for consecutive
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i nvention. Best Mbde For Carrying Qut The Invention 5
The described invention is applicable to a w de
wQ a008054Df dynam cs processing applications, PETIUR208%020747
dynam c range control, conpressors, limters,
expanders, etc. It is particularly useful, however,
when applied to an AGC in which, typically, large tine
constants result in slon/adagtatlon in the absence of
the present invention. Thus, "the preferred enbodi ment

overkippingibbedks Od'salapleS)Oﬁmﬂlh@tal h{]@rol shatRNt TR 16 da®Raif@kd B2 fact that
10 Basi | enentation A basic

d‘g“i"?Pd? “HP%%SFBHS&Fe@hf%e@eggnemse&ca‘der% aipyhargjenal itself, as is
descidisdd lﬁfﬁrelﬁftm@ the @ipatal Sudid $RndD6e tPY&enRA Gy CIFP WMESy Rlapping
bl %ﬂ;di drflgd oytput level that is a fdnction of
ock 10 sfgng rmarb& corywisdrasgd target level . A tine
varylng signal nodification may then be conputed as a
function of the difference between the input |evel and
t helradst wedvout Pt 215 | evel . foThe Ounatd Hn-Imappi ng
|n@5t to output is designed to bring the level of the
nodrfied audio closer to the desired target |evel,

and FIG 4 depicts one such i nput/output function
| evel , the AGC calls for

abov r get
wherg :Nglﬁzﬁq %&FEE 2 1%1 c}ae geeaqf qVﬁEaE betyaen gonsesut we Blecks, 2 is
the blogkehdext Bed AP 1@ fal wﬁdéﬂrﬁaﬁétﬁﬂﬁku&o&%{ sind MEndlRAT REr &%%ars

en i on or boost be controlled by varying
sampiff‘{% ‘g‘fOOtIﬁe et Nnﬂrﬂr @Nﬂl 02210«"1)@@ ardlly Further detailspéa digital
audldlﬁx%destsﬁl g%}fﬂn‘gbﬁlehhﬁnﬁl\éﬂr%%e'ﬂ%ﬂ %ﬁoc?cg @é(jﬂgfseg ﬁn:‘#ﬁt gorth in

rrelate with the human percep
U.s. ﬁg&enb%S%ﬁﬁ%pg Elqldpr@gnly(“ e-bas‘.edrauéxawph gaidagorﬂrrol words”),
r aco S
whlcﬁ"ghﬁﬁie iggrel:%gggé&géfai d’@}y‘%[fergﬁ%esv\%l Sﬁﬁ néé} 2 ns 1§ e 24 Ibelow
he Agifiepmpetes artimé saryin@um Yol tethat @abet miniiglizd vith B&htBMGCk of the

ds. | ust ne but still denonstrates a high
S‘gnage P TethEEmP st DUt Wen SV erFRAGIG farmsadce the findl modified
audioP@ge@ pih oM /@) : nost real -world audio signals. Due to
its conmputational sinplicity, an unweighted
nmean- square power measure is used in a preferred

. e S t|n

i Wntl ort) ﬁwf ﬂ-}:‘bf nlglr‘[rnﬁLcjl\IZ? li 6 %’%g

i (gention may be |nplenented in analog and/or di gi tal

domai ns, practical inplenmentations are likely to be

i nplenmented in the 30 digital domain in whi ch each of

t hees 2kt tepiif 28 f

sanpl es ore§ sanpn?elgﬁ%ﬂ{eﬁér%ﬁrﬁgﬁgc?ge 0 dat MéWmaneoP s level of
the Slgm} dllf]és computed am thet thearcsyunasponet ofgadie Block [ 2Qy! pullecibels,
the 1 vel and aﬁgnal nodi fication paranmeters may be

eeX MpGPBEYEE i nuousl y for an anal og audi o signal or
on a sanple by sanple basis froma digital signal, but
for this exanple enmbodinent it is instead desirable

t OL[QPWOEIOfUh&%an}]ﬂt ies for consecutive

n=0

3
where 0 dB corresponds to the level of a full scale digital square wave.

Next, the instantaneous level may be smoothed with a fast attack and a slow

release to generate a smoothed average level of the audio signal L[¢]:
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WO 2008/ 051347 PCT/ US2007/ 020747 -10 overl appi ng
bl ocks of sanples of a digital audio signal. This is
waole@sosismty to the fact that digital block prpCEESiNG020747
is useful for detecting reset conditions fromthe
signal itself, as is described later. Letting the
digital audio signal be represented by x[n], the
overl apping blocks of the_gydio signal nay be
conputed as: 5 x[n, t ] =wn]x[n +tN/ 2] for 0 <n
< N- 1T (1) where Ns the block length, N2 is the
degree f.?xﬁéla? Retmeen consecutive blocks, t is 10
t her ] Qgﬁ[ti idéxc Hatbr ¢fad)Lirls Hl@ ddew function, such
as a sine w ndowfs+dr signal si[spaup| ed at 44100 Hz,
setting N=512 or N==1024 works wel . Further details
of (48)di gital audio processing arrangenent enpl oyi ng
over | appi ng bl ocks of sanples are set forth in US.
Patent 5,899,969 of Fielder et al ("Frane-based audio
whewg t h gai n-control words"), which patent is hereby
i ncorporated by reference in its entirety. As is
descri bed bel ow, 15 the AGC conputes a tinme varying

gain gk thatzfp- jprul tiplied with each bl ock of
thex[t]s#%né'fc. G tﬂese nmodi fi ed bl ocks is then
overl ap Ydeted prdduce the final nodified audio

Si Il y[n + tN/ 2] :

y[n+t'N 2] =@ t]x[n,t]+Gt-1]x[ntN 2,t-1] for 0 <n <N 2

20 (2) As a first step in conputing the gain t], the

ti me-varying i nstantaneous |evel of the signal L[t]

is conputed as the nean square power of each bl ock

x[n, 1]. In decibels, the level is conputed as: 25

L[t] =10logo 1 - N11 x 2 [n, t]J Js? (3) where O

dB %ert €pends to the level of a full scale digital (4c)
square wave. 30 Next, the instantaneous |evel nmay be
snoothed with a fast attack and a slow release to

gefbe atwothisgroadfiiednave) ageand @/7I . @fe dHogerptediiOe Hellbaired attack
LH 1]: WD 2008/ 051347 PCIT/ US2007 020747

and release times. One way to specify this is the half-decay time of the smoothing filter,

and

Le., the time it takes the time smoothing filter’s impulse response to decay to one half its

original value. Although choosing «,,,, corresponding to a half decay time of 1 second
and @, corresponding to a half decay time of 4 seconds works well for an AGC, the

values are not critical. The value L, in Equation 4a represents a minimum level above
which the instantaneous signal level L[] must be in order for the smoothed level to be

updated. This prevents the smoothed average level from falling too low, and the
corresponding gain from rising too high, when the signal falls into relative silence.
Assuming 0 dB represents the level of a full scale digital square wave, setting L, = —60

dB is a reasonable choice, although the level is not critical.

From the smoothed average level L[] and the AGC input/output function F,,.,

as shown in FIG. 4, the desired output level L_,[¢] is computed:

Zaut [t] = FAGC {Z[t]}
&)
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-11 L[t] . a[t] L[t -1] + (21- a[t])L[t] L[t] > Li11;,,
L[t-1] L[t]<L,f;" (4a) 5 where a[t] J a"ack L[t] >L

WO 2008031347 - larelease L[t] < L [t -1] (4b) 10PemnusSz07/020747
rel ease > aal ack (4c) The snoothing coefficients
as"ack and arel ease are chosen to give the desired
attack 15 and release tines. One way to specify this
is the half decay tine of thg _snoothing filter, i.e.,
the tine it takes the tine snoothing filter's inpul se
response to decay to one half its original val ue.

e T A 80 01 1 BBl 1 FRP R bRoieinbs agomievel

I ggaﬁﬁggﬁgmepangt?f 4 seconds wor ks wel |l for an AGC,
””?%e val ues are not critical. The value L,,,,, in

Equation 4a represents a mnimum | evel above 20 which
t he inst {Jt neous signal level L[t] nust be in order
foﬁﬂﬂhél Hot Z& | evel to be updated. This prevents
h snDothed average level fromfalling too | ow, and
56) corresponding gain fromrising too high, when the
signal falls into relative silence. ~ Assuming O dB
represents the level of a full scale digital square
1ens b 1AL ], the gain-i§@reattB than ene; emasinglthesighgliis 8oosted,
al thaugh the level is not critical. ,25 Fromthe
and ‘%‘Hthh%A] 2Bl ale gabvig|less[thgn e mdawinkGa: sigpal i atttpusted.
function FAGC, as sho in FIG 4, the desired output
level LO,r, [t] is con‘\g{ﬁ;@d"” n@eet[t] - FAGC L [t]

(5As VRr2i0a8d Bk theReddt WetQitA2R} Mdctionlda % tARklohe o'f RSo or

t
both gg v&%f%q%\; (1) i"g},) r’lljgf ggq érrrg;n@ttggggqlnwﬁe}{tg chg glpo?*t_e\{‘\fvg]rlle_fosa short
period{dfltintd Qherdby speddidd oy A adbthtion rate of the audio processing), and (2)

setting a smoothed measure of the audio signal level or one or more modification

parameters to a stored value or to an average or default value, which may be expressed as
L, (see Eqn. 8a below and the descriptions before and after that equation). First,

resetting of one or more time constants is described.

Because the modification parameter, gain Gft], is a function of the smoothed
average level L[t], the rate at which the described AGC adapts to the audio is governed

by the attack and release times used in computing L[t]. As stated above, such smoothing
time constants are chosen to be relatively large, on the order of several seconds, so that
the AGC does not change the level of the audio too rapidly during the temporal evolution
of normal audio content. However, if the audio content abruptly changes or has a
discontinuity, the AGC may take too long to adapt, especially if the new content is at a
significantly different level than the previous content. To speed up the adaptation, the
reset signal described earlier may be used to trigger a modification of one or more of the
time constants associated with the level smoothing. In this case, when a reset is triggered,
the time constants quickly switch to significantly smaller values and then smoothly return
to their original large values (or approximations thereof) over a specified period of time.
Other methods for speeding up the adaptation rate after a reset is triggered are possible.
For example, instead of smoothly returning to their original values or approximations

thereof the time constants may be kept at their smaller values over a specified period of
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When Lo,,,[t]>L[t], the gain is greater than one,
nmeani ng the signal is boosted, and when E.,,, [1]
wakfosps138he gain is | ess than one, neaning thePGI/yRzN7/020747
is attenuated. 10 A GCC with Reset As nentioned above,
the reset mechani smor function may cause one of two
or both of two actions: (1) setting one or nore tine
constants to a shorter value,for a short period of
time (thereby speeding up the adaptation rate of the
timeaund itlmenptemmsdsﬂmgr)tly tartbeif @jiginakbValusorcappf®aABendBasidre
Anot%g Sﬂﬁﬁdl .0, Si %)na | evel .or one qgr. npre nodification
T AP LS Lo %1 YRV ivershun st theimg copepnigever a specified
periciidfaithe. YhE ifenibih SndTRYedREtEHPHRHEE thadSer tn which H5E6me
bel ow and the descri ptions before and after
Consfaﬁ?ft reg’d'ﬁ 19 thsioriginglafalues Péé’éta?PWg‘I‘BFtl%@eEﬁOfnor e time
COMs it &d&saeﬁ&%%ﬁemﬁ%%ﬂé? b8 s {oéﬁgf mﬁ%hﬁph e K[1]=0

par anet e gain t], is a function
durlrtg/recnagté op@vsbn bid JR[¢I=Hewhat ereatt inldiesifed sieingleblock PeThe reset

C%_l g(g to the audio_is governed 20 by the attack
may b friges E)éa{'?‘ﬁ@gg&%eewaﬁas&ﬁlpmhw $ftemal sepreg, a8 described
carliéh) D Qail STk 25T H¥ thiggbrinEa Fé%@tstthﬁm,g% s‘fi’ér%l GRASSE g{eodeggnbed

b rel at | vely | arge, on the order of several seton
cloypdp the G aban geleson iggehdheie macexishastorsd state Walllndwhxch the
dynafi8s HraBédIny e
e O 0 b TR, 2 the BhcriBl A
emb‘?ﬁﬁﬁ\‘?g@ sueht a piasedsstatg imsayoermisistipf the viahe ofED: smyothal avdmage level

121 7895 S i Bt 5 B Rt ot @i Rvros oS pressmesds The nitial
stateleéfHeS/@H froml Qto?@fc%r &@t&gﬁ& X L#Sg%gcd L0& (01t %ﬁgxtnatxvely, an

gnal described earler may to tri
mm%’@t@r maubp @rde&ulfowéu@whﬁtbpreomottan@xtmd@ mggteaineset is

cj at dW|thth S thing. In this case,
empl\%ﬁgaﬁ Y é?pm?“tt?‘f@é en?»i?re time constants quickly
s
SR by Recc Q%HL‘L%'UE S S5 BOLEIR oy e genrara
and supmqmnnnhgahssemlrts shbréeeniomanveily thesiasicbh@shtd akddM Rnputin g the

iaqr@x 30 Ot her_nethods for speeding up the adaptation
smoqtigdeaveraegrlevel elgbithersby spagdinecip dearpressinpladaptation rate. A time

¥PRLS t snoot h n t ..t he
conSlgrl gl na? \%ﬂ ?l nganggggﬁpgﬁu% h 'tf’%‘gq“ ?tl’ibe Piopent a reset
occuBqIR1a41Y San@a e 8eda§P bxgdnehiifil | g
sgggl]fl g_\d period o 2008?0%&03‘?; 4&)%{}:1%?%%?1/18&2’%4?%@
coefficigntt4 sd:and then returned directly to their original
val ues or approximations thereof. Another possibility
is to provide a step-wise return of the tine constants
over]al §p&filHled .period of tinme. The invention is not
0(ﬁnt to be limted manner in which the tine
& ants return to their ori ginal values or an
approximation thereof. 5 To trigger a reset there may

exi st a binary reset signal R t] such the Rt] =0
otherwise,

C[t] = {/10[! - ]] L[t] = Lmin
C\de-11 Ift]<L

'min

(7b)
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during normal operation and R[t]=1 when a reset is

desired at tine block t. The reset may be triggered
whygooansidyzi ng the audi o signal or by an exter nBCT/US2007/020747

source, as described earlier. Details of exanples of

triggering a reset through signal analysis are

described below. In the case of an external trigger,

there may exist a stored state with which the 10

dynami cs process may be reset’, as shown in FIG 3. For

t ha@hdecsy oadfipiest arihedbedhedtn 1B Rive eﬁh':ilhd@caﬁ tRh&8f one second,
t he val ue of the snoot hed average

for apfe, ] s el Mol s Brcieniem e hariencd over s

durafiafi of apprakirdateybneeesif] ASwIlDS SRS dNot-Ehﬂ’sd fRbf fh@lcontrol signal
state, retrieved fromstorage during a

may beupdater|aply iitheyeigal leealoblr{ DL, & mépnm preednt fasimdaptation from

be a default val ue whether or not an
Occum%%?ﬁ% é{heq{‘t?vensg])ép(éed reset is 15 enployed), may be

r e Rradse thacodiyg fikal sedckent release coefficntt BLsBbO@ItMe signal level,
asslrese}lag \%{tlal 4 &% ﬁlgc me constant control signal may

B HETEHER “Palll COFHRYIR MY Io¥c ¥aTY oy ek tigeras g function of the
timerGoAB@hBEINt] bighalt &{FE PARABLANEY, HRERink M4 TREL: AP j\IsESccurred

snoot hed average level f[t], thereby speeding up’t

the affiagle and; rqigasa@apﬁﬁa;tqn@mmanbe setfequihte vabossigrificaniytsnoller than

the &L&g% c[ %Adawra%fgeg " %%s ((ﬁ%?l]?tttmlﬁ)’er%gﬁgaqsth%ﬂngma} values or
less, d‘&ﬁ@%@n;ﬁéﬁ 0K Bt @lllérydécgys ot h%icg)éﬁctiﬁ?“a?[yg)qgtfgyolﬂed back

decay coefficient A<IT c[t]=

to thellr memihalevaluesfof o, .~ &,z 1 . |Opfiddaly, Gl ddditlod, thd $mdll Soefficient
(7b) 30 WO 2008/ 051347 PCT/ US2007/ 020747 - 14

Valu%le%’é é@agﬁde%@waaﬁ@r em@semwwswa@h dsleemdmg @i whethehan fnitial state

vl e d S B SRR LBl ARSI B0 s
be ué&lr Qi‘id L) é?(grea E&ﬂﬁ%ﬁ%td%hé’ e5e t&%%?gﬂﬂ% ?z{rggrvgoeg%cwnt values may

reset. Note also that the coAtrol
be usedddn ¢l lattkycdst ittikassminglathad 1ﬁitﬁ|hzidgtﬂ[t]>whh Lo staH§1 L{¢] at a
order to prevent fast adaptation from 5 occurring

valugiglopergo tig walie to whichritwill Regriveallyt deavergsi ﬁ“@lefafmd a sllghtly
slowélt ﬁ&?katgﬂqnﬁglc%ﬁ%&o%gﬁ{gf okt SodifcRMROLy WS90 3

companson to the case where no initial state is available. The adaptive smoothing

process may be expressed as:

'—L—[t] = ZInil l:f‘ R[t] =1 and I-‘im'l exists
(8a)

otherwise,

L= {m Ll -1+ (=y DL L0]Z Ly,
L{z~1] L[t <L

min

(8b)

where



as shown in Equation 4b, the coefficients may now vary

over time as a function of the tine constant contro
waeegnab1zeft]. Wien c[t] =1, neaning that a respCT/H8ER07/020747

just occurred, the attack and rel ease coefficients

maybe set equal to values significantly snmaller than

10 the values aa,,ock and a,, erease from Equati on 4b

(about ten percent of the onisgi nal values or |ess,

for exanple). As c[t] then &ecays to "0", the
coefflc{ﬁwkgqnayppﬁlqnlgrpolated back to their

nori Gk and arelease . Optionally,
kg Ot

i n addi erff|0|ent val ues used
[ iately after a reset may al so vary dependi ng on
whet her an initial state value L,,,,, exists. If no
stored initial state exists, then very snal
coefficient values may 15 be used, and if a stored
initial state does exist, then slightly | ar ger

5 coeffi ]enﬂdﬁ@hyp$+nmyqyp@mm7 In the latter case it
is assuned that initializing [t] wthtL;,,;, starts
f[f3Dat a value closer to the value to which it will
eventual |y converge. Therefore, a slightly sl ower
adaptation time, corresponding to |arger coefficients,

may .he Ut b[r]li;gi,,,;[n]ﬂlemmmm, sgn to the case where no
initial state is available. The adaptive snoothing 20

prﬁﬁéss may be expressed as: L[t] = Lt"i, if Rt] =1
10 and exists (8a) 25 otherwise, L[t] - y[t] L[t -1] +
(1- y[t])L[t] L[t] >_in L[t - 1] L[t] < L",;n (8b)
30 wher e 2808 /051347R[I?F§'/1b11$c2@0 eOBR747T -15- r[t] =
ase t]<L[t-1
?)"""ggnjaa C:Zb"[ht"'] é{ (ba]al'di“‘[‘{}fs@g Jf IZE:[%])gattllck
(8@ | rel thJQéM%qt]+(l-

Ciiéazm .elease , (8e) 10 lafast R[t] =1 and exists

Bost R[f)=1and L, exists
ﬂrelea.re [t] = ﬂrslow : R[t] =land Lilu‘l does not exist »
Breteaselt — 1] otherwise

15 (3g)

ﬁqﬁm < aslow << aallack 3

(8h)
20 and

ﬂ'fast < rslow << al‘elzasc

(81)
25 The values f,,, and B, represent the initial attack and release smoothing

coefficients immediately after a reset when no initial state, Z, . , is provided. Values

init 2

corresponding to half decays times of 50 milliseconds and 200 milliseconds, respectively,
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Yattack [t] N(aslow R[t] =1 and L;,,11 does not exi st
, ['attack It -1 ] otherwise (80 fl,fast Rt] =1 and
wezi0ss1347 ' rel ease [t] _ firslow Rit] =1 and RCTUB2007/020747

does not exist {flreieasc[t - 1] otherw se 15 (8Q)

Naftst < fiaslow << aallack (8h) 20 and firfast <

Nt sl ow << arelease (8i) 25 The values fafast and

,8rfas, represent the initigl_attack and rel ease
snoothing coefficients inmmediately after a reset when

haverigeen foundafo tetatable. [The, particulirSvabie3\drél g6k crifRall €Bhe values Bostow
corresponding to half decays tines of 50 mlliseconds
and 4, reesent thedaxgoningtialratispleand wed¢ase sMBORRMB LOTFHE idits
PCT/ US2007/ 020747 -16 have been found to be usabl e.
immegiatahy plierea teget \vl@ﬁmeywés@tm i 6 rib provaded. Tiahisahste values
the |arger initial_ attack and rel ease

cort Gt R Kb P (S RIu Hei1B05F Gl bl Hptaraopoientrets 100

mllhséhtoﬁltlﬁbn&ﬂw fhilllsboohids, respetiPEIQVh&ARD ech Fo bl B e q]rcsﬁble Also in
correspondlng to half decays times equa

this ?W’ct ePﬁ%@é‘]*’éf"al‘ﬁéPYe goistiiealeount er parts; 100 5
m | I'i seconds aRQse?f%téE‘tzlo% gﬁ?&%dﬁgn%le/?rpa? %d vely, have

been found to be usab ase, the
padbf gnshrelizhleaethad éorrmigg@mmg # okt inRbe discDetd [rtVIenﬁon is to

bl .e.nmet h
recelyrg FQHg%rn%éc%;ﬁélgﬁgMeﬂn% J\Eﬁﬂ%?%roceésl tﬁetelﬁ tlﬁngxﬁ/n(%g be glrecﬂy tied
to the ébflﬂt%@é’fauc‘ml qpgtant.e R eerralaucly xﬁa’chammnsmgmssmsed carlier; a

b tie t
chanBpRRaREe P el Tsib 3ot b ByEeelbon Shbntionan e e
receigers mwmrm ANy easehammlve@ hargeh extethatl ele@MaisME may be

avatl%@lt éanvder Cr | gxfel‘hté% %ﬁkﬁerétlﬁq%g qigﬁg %gglgzggx%r}hgagi}gﬁsgn;ggge&@qq

detemnerfmaicsmhhalmm;;gwd bSuF@éél fo@?bﬁﬁnpw;dmak g‘.%:; cﬁgc?&seed
Zl N e audl o

N A L R T
top boup Ahe@able@Et-RPBIR! i8 reshBAdibleF6r ﬁiinﬁ%ﬂlseﬁﬁil chdn} ﬁé%ﬂgﬁrpens and

es.jn a television set to a user
the dggeﬂsdqg abdig 18 esglygrassad andp|the tebgvision as a continuous audio stream.

The television therefore receives no explicit information about when a new channel is
selected. The only information available is that which may be inferred from the audio
stream it receives.

A relatively simple but effective way to trigger a reset through signal analysis is to
detect an occurrence in the temporal evolution of the audio signal in which the level of
the audio signal remains below a threshold, Lsitence, throughout a minimum time period (a
time interval no shorter than a time threshold Lsilence)- In other words, to detect a period of
relative silence having a duration at least as long as a specified threshold time interval.
Such an occurrence is likely to indicate an abrupt change or discontinuity in the content
of the audio. Many devices, cable set-top boxes in particular, mute the audio signal for a
short period of time when the audio source changes. The act of muting reduces the audio
signal to a level far lower than is génerally encountered in normal audio content. In the
case of digital audio, for example, it may reduce the samples of the signal to zero. Such
conditions in the temporal evolution of the signal may be detected through analysis of the

short-term level L[¢] discussed earlier. If L[¢] remains below than a threshold 7,

sllence
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top box. The cable set-top box is responsible for
tuni ng-in and changi ng channels, and the decoded
wW@eeso513387 merel y passed on to the tel evisi on aBCHUS2007/020747
conti nuous audio stream The television therefore
receives no explicit informati on about when a new
channel is selected. The only information avail abl e
is that which may be inferrgd fromthe audio 20
streamit receives. Arelatively sinple but effective
throwghout & titid @@evaldfaeRatt LT QuRkdh $13B@haRBakYSieted. STRIQ approach
detect an occurrence in the tenporal evolution of the
may hg¢ikpressglast in which the level of the audio signal
remai ns bel ow a threshold, Lsilence, throughout a
mninmumtinme period (a time interval no shorter than
atine (orey Quq,tsile,zce) In other words, to detect
a dﬁﬂhﬂ%lof g tefative silence having a duration at
| east as’ | K =g specified threshold time interval.
Sugﬂlan occurrence is likely to indicate an abrupt
ch nge or discontinuity in the content of the audio.
Many devi ces, cable set-top boxes in particular, nmute
he .audi g signal.for.a hort period of time when the
Whe%uadsll%ng% ﬁ?%'g%}ﬁ’i‘ﬁln ﬁgi 18 teélc&lccg’fdr‘%fq: ng reduces the
audio signal to a level far lower than is generally
encountered in normal audio content. In the 30 case of
digbagl audi o, fdrledapple, it may reduce the sanples
of € \starglit orgpe 9. Such conditions in the
tenporal evol ution of “f'ffe signal may be detected
t h¢gbygh anal ysis of the short-termlevel L[t]
di scussed earlier. If L[t] remains below than a
t hreshol d Ls/| e++ce WO 2008/ 051347 PCT/ US2007/ 020747
- 1AstithigQGhaus dB chirB%ondt &5 #Rllewdl ofth Mg aSHIe Hi@itla%d’\%?e Yave,
then a reset may be triggered. This approach™ may be
then setipaskad. gaualpp t90 dB1fyr exfnplexwoskd well geprattisd, wjthough the
t.S;rerrce %k§9a) where a silence count signal s[t] is
level {5 49t erdficil c Selfingyt 4eo: to DLDTeqf 0523 sacends forsgxanplelis o Fedsonable

. < rce. 10 (9 Assunming that .0 dB corresponds to
choidt ok PHEY hBricatn inghgR 418 £ biRba i S FRELEPOT S
selit sange kiakdtiem,ca%@lq::fﬁb] atioe siféhcd Baayf S0t bRX AN & ed WiHdeShe audio
a ou

consdf bl P 5 R4 B o Gl s
not bemffeetiaeri ®iggeringa r&es OAALlternklive heCEightfingB&hrrence to deal
with %&«i&lxllti:oggt clfaggssi’s ﬂ"{‘ér%r%?g ggsi}aglee. tIln rarlgy %Ftaglt?o% ilnswl'rn]iglg the audio content
abruptly changes or has a discontinuity, the level of the new audio will be either greater
than, equal to, or less than the level of the previous audio content. Because most
dynamics processors employ an attack that is significantly faster than its release, the case
in which the level of the new audio content is greater than or equal to the old is less
problematic than when the new audio content is significantly lower than the old. In the
latter case, the slow release time may result in an objectionably long adaptation time.
Theretore, triggering a reset when the new audio content is significantly lower than the
old may be considered particularly desirable. To do $o, one may exploit a feature
common to most audio signals composed of natural sounds. Natural sounds may exhibit
abrupt increases in level, but they generally exhibit a more gradual decay. Sounds that

are cut off abruptly are not very common in most audio recordings. However, if audio
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In sonme situations, a gap of relative silence may not
be introduced when the audio content abruptly changes
w@erook@s13a7 di scontinuity, and therefore the aboR€T/US2007/020747
technique may not be effective in triggering a reset.
An alternative reset triggering occurrence to dea
wWith additional cases is therefore desirable. In any
situation in which the audiggcontent 20 abruptly
changes or has a discontinuity, the |evel of the new
contanithvatahict hbripilg] thhaghghdap@scleliof chafgedbr Efbmye, dfdife lovel of
an t.he | evel. o revi ous_audj o content. Because
the gl fudie i efifiseu e BT SRR g olth thin e ReSHing pitio srearm

exhibitga dfdsGiaNirdnndrals idkantdiRBud 82 p'iRNSRI.LSuEE dFFSH 1evd] may be
which the | evel of the new audi o content is greater

detegtnd frogp thegshart-tegn dewel dilid and ysed do trigeshh eerst.i ¢ t han

wh ' ntent i s si ificantl | ower. t han
e o YR FAPLE Py AL 5be et
an og@yrenes i theitemporad by @oti droafdhle\aull g gwed dyp ivdili dHoth e 1évEk of the audio

. Theref or triqggering.a reset,.when the ne udi g, . )
siendl RERPesty & HHP Pt Py SRR e TRare Prhol framay i a time
intervalns geated thpard i lidkeshold e, Mdre spdafichllys 9F the AEféTBYce between
expl oi t ?,feature corm.non to nost audi o signals
L{] &S'Brpﬁé &d! &t mozg e seetifiad thrrghold di.c vithirsa e iesany it then

abrupt increases in level, but they generally exhibit
aﬁmgpﬁggég%Fédual decay. Sounds that 30 are cut off

abruptly are not very comon in nost audi o recordings.

However ., if audi o WO 2008/ 051347 PCT/ US2007/ 020747

- 1§ gla_n bntildwi4lendk<&byupt |y, through an input

selé ti changgefoie exanpl e, and the level of the

new audio input is significantly |ower than the old,

t heWt he resulting audi o stream exhibits a drastic,

un 4 vpid ou op inele .. Such a.dr i

o Hable (rhOalRRLARTLN: SBnE BBy Bl hiaGutt BBt For
exampig witled bleski vieggp of ane balftoneDlddkuime anotiremdetd B¢ sangples. If

= L r.a.r rough._sign al ysi,s [ .S, .
N o A B T R Y
aboualidintillisegerals. iAlemel difffetdiee| BY elofaboiitheo #1ti(0dB HbdP&n found

_decreases by an anount greater than a difference
suitable; aléwigh thel laye! diffenéneeas potroeiticeht er val no gr eat er

th [ t hr eshol .d,op.. More specjfically, if the )
di ?E% ?léctr)]\%:eg%%he Iqueise ef{v]'é 1ot ggpinga %se* g/lh% }l‘@/l{eﬁedﬁf hew audio
contegp écsizhiftanthy Revuoltban e opd, biut ftindaydsdnmétinésBeduéddptible to falsely

.o td, . en 10 a,reset i ri red; t i
triggbiiyg & Peset §iTng Ao a8E R sonbnli TROSEEhedtastipiagt fosksifhga dro
in thei'tcftzﬁlde?‘lme’ﬂteisig@alj snd doendtinie dXiorﬂﬁnﬁnﬁécﬁ’iibﬁbe{e%ﬂﬁﬁéigﬂal, a
or p o one

il 0 e ST B e T o s of
signal does not. The dominant signal component, however, contributes most significantly
to the overall level and therefore may cause a reset to be triggered. To deal with such
unintended triggering, the detection scheme may be improved by detecting a reset when
the level of the signal exhibits a significant level drop simultaneously across a plurality of
frequency bands (for example, all frequency bands) within the threshold time period.

This way, all such frequency bands contribute equally to the reset detection process,
regardless of the absolute level in any given band. To implement such a technique, the

instantaneous level within a plurality of frequency bands is first computed. This level is

represented as L[b,¢], where b indicates the band index. It may be generated efficiently
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N=512 and the sanpling rate is 48000 Hz, td,op is
about 5 mlliseconds. If N=1024, td,ap is about 10
worRdoBiosseonds. A | evel difference Ld,.op of abptit/us07/020747

to -20 dB has been found suitable, although the |evel
difference is not critical. The above technique is
effective in triggering a reset when the |evel of new
audio 20 content is signifijgantly |ower than the old,
but it may sonetinmes be susceptibl.e to falsely

by comipgteg thePscretsBourthuTragsfoan (BF Taoflearhcadiobibck ke /] and

descri bed techni que | ooks for a drop in the total
mulyiplyng the Q%wyhgﬂmlpwéreg@m nggronge fould h ferteaph bendh:
of the audio signal, a kick drumfor exanple, nay
exhi bit such behavior, while the remaining portion of
the signal doegs not The gom nant signal conponent,
hovWdé <l =101nm %@é@l)ﬁﬁsﬂ[ gi gnificantly 25 to the
overal |l level ‘arfd therefor€ nmay cause a reset to be
trigggred. To deal with such wunintended triggering,
the détection schene may be i nproved by detecting a
reset when the |evel of the signal exhibits a
g 4 |, drop sinultaneously across a
Whe%:‘%c»éf]i’?@é]%r&eﬁgﬁdihigfogg’ﬁgeg Pfor example, all
frequency bands) within the threshold tine period.
This way, all such frequency bands contribute equally
t°4§p?]ﬁ=.~} dﬁteé%ﬁon process, 30 regardless of the
abgot ke m:v%$ fn any given band. To inplenent such a
techni que, the instantaneous level within a plurality
of (¥¥dquency bands is first computed. This level is
represented as L[b, t] , where b indicates the band
i ndex. It maybe generated efficiently WO 2008/ 051347

PCTheS20F baO2fksé Trequdittylrgspedsel U, [ig b bPagedidgously chosen to
Fourier Transform (DFT) of each audi o block x[n, t]

mimigthe ciificalihanditligringebprvedlions shobasilpassniorawieriby human ear.

A b X i t1. =d010
s SESBRANS R b gRal LYol ol fedln Rl
Loucbfessé[angi Pajtial Loudoersyit Briarasfoord\Hria2r®lasberg, and Thomas Baer, J.
. =7X t ]e-i g 1 1.1 The .set of .
I LT E R MR —
roundetl extiongetial shypciraban spacedninifoemiynen tHel Bduivdledta@édtangular

i t.end obser. along th sil ar nbrane in the
Ban %‘ﬁg}h{éer{}?) scale: lyl%d 5 c{eplc sa suelta%?e set of ﬁﬁgrs with _S spacing of 1 ERB,
resulting in a total of 40 bands.

From the instantaneous level per band, L[b,!], the difference between successive

time blocks, averaged across all bands may be computed:

1 B
Dlt}= =3 L[b,t]- L{b,t —1]
-B b=1
(12)
For real world audio signals, D[#] is extremely small only if the level of the signal

drops significantly in the majority of bands 4. If the difference is less than some

threshold, D, ., then a reset is detected:
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As suggested by More and d asberg( "A Mdel for the

Predi ction of Threshol ds, 15 Loudness, and Parti al
waewdiess? " Brian Moore, Brian G asberg, and TPGHES2007/020747

Baer, J. Audio Eng. Soc., Vol. 45, No. 4, 1997

April), such filters exhibit an approximately rounded

exponenti al shape and are spaced uniformy on the

Equi val ent Rect angul ar Ban Fyldth (ERB) scale. FIG 5

depicts a suitable set of filters with a spacing of 1

ERB, re ItLD[m]g<|mma total of 40 bands. 20 Fromthe
|n§ gt 1 per band, L[b, t], the difference
bet ween successive time bl ocks, aver aged across all
bapsy may be conputed: B D[t] =11 L[h, t] - L[b, t
-1 ] Bb= (12) 25 For real world audio signals, Dt]
is extrenely small only if the level of the Si gnal

?Fgra%h%”sfsﬂtﬁl bl Y deiwble {58 rbb%ﬁﬁvarkf( Bh%uglhté)ﬁ settlng

rencg I s Fesé”than cone “Thfes

is no@ cﬂﬁ&zﬂt ’I'h% rgﬁﬂ@%ﬁﬂlhb\ﬁ@?d %&%‘q@%@f’&ls E’g%ﬂfl%g QJ /faqgeq); fgggenng a

- 20- ot herw
resetﬁhmthe@gnp ttqqhﬁg]ugthat l@cﬁcsbmlm@;he differamck in20tal] Egmdrlksel

wek{G. @EEMQBIOEQQ irﬁ'o[ﬁgn A%C%n{tg)gigﬁ{éj sbgcg% og p{resent

resulting multib echnique I's
invegtigng ed\yhzlﬁ’cﬂ Gyaioi lngutalgﬂaes[et 1 KMreqnh é) B ap]phecﬂ td m&hpathyef an

AGQ g%cé 9%&%39%' )fﬂ g{ve\s éog?r P%it&e% ﬁgér [:,eveﬁ %&% or process 20
commtﬁb%dmenglrasxfﬁ dlat andid, which magm tlmlemaﬁsﬁhg (imstan@a@bgs ekl of the

I
signdShPedfBitha 84 Mo Supleato Vi o oiReck b Tifap Eteaptn. |
(see ﬁqn 13). aNexEohp tiseanktaicalis 1deVLiGRisAmPEA66Eed 2Pa ¥@mooth Level”
nputes a neasure of the audio, which may be a

de"“ffi ‘?Fé’r%‘?sﬁuzﬁéo lgﬁ%‘traﬁ@taaﬁﬁmhed @&f»‘eagedﬁvqlt@éth@mghfabxgnplt ]L[t] (see

Eqgn. %%gﬂ#{ tzllg élﬁg nce m%?sre]:t ?rﬁeéﬁmgqs \%mg{%%t Ca@g%'é%st attack an(f a slow

releapgrchaamttemsiou ST lieeS/raboth [Itelvel 32 ay®esaRabEbY B “TimSmdAttnt
evi ce or process 22 to generate a snoot hed

L | "
Contig] Sy F o e darisise gridl” inpet TheeBimeggonstare)Control
Slgnélr%[gl?ﬁb ix ténﬁa%sg fan@or[ ll?n%reet of ti)h%n%el s an})soetlgllnlgged?ry thg %\r/n%oth

Level 22 to be altered upon the occurrence of a reset, as described above. The Initialize
L{#] input may cause the output of the Smooth Level 22 to assume a stored or default
value L, upon occurrence of a reset, as described above. The Smooth Level 22 output
L[#] is applied to an “Apply Input/Output Function F,.” device or function 24 and to a
“Compute Gain” device or function 26. Device or function 24 applies the function
described in connection with FIG. 4 to provide a desired output level L ,[¢] (see Eqn. 5).
The Compute Gain 26 computes the gain G[¢] from the difference between the output

level L,,[#] and the input level L[¢] (see Eqn. 6). When L,,[t1> L[¢], the gain is greater

than one, meaning the signal is boosted, and when Z_ [t]< L[], the gain is less than one,
meaning the signal is attenuated. The time varying gain G[¢], a modification parameter,

is then applied to “Multiply” device or process 28 where it is then multiplied with each
block of the signal x[#,£] to produce a modified audio signal y[r + tN/2] (see Eqn. 2).

Although as described, the gain modification parameter G[z] is frequency independent, a
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15 rel ease characteristic. The Snmooth Level 22 may be
controlled by a "Tine Constant Control Signal c[t]"
wo passat/ or an "lnitialize L[t] " input. ThePdi/m82007/020747

Constant Control Signal c[t] input nmay cause one or

nore of the tinme constants enployed in the Snooth

Level 22 to be altered upon the occurrence of a reset,

as descri bed above. The Inlbhallze L[t] input nmay

cause the output of the Snpooth Level 22 to assune a

frequehoy-dep@idedefau oA AcatnURirdmeter G[Bﬁﬁ dngﬁlﬁ@d &f which b is
reset, as described above. The Snooth Level out put

a band ipflex.sInafhiy ¢asg Gosparie LAmHZ@ manpmmmte pureqaency-dependent

imsafyious fnd el iR S5 P0af 180004 § af?‘gﬁef%%lﬁwi%gepmdem
outpﬁlhg[g glnﬁfs' c%ﬂtrofj Gfs' ﬂ% ('J a91|@ (f[%?]ﬁljoggig\p{la Hrt]] q%ln%x gL[t]

provide a desired out put

may @Robetfeeqiianty d&renasmt gsply Fan@%d’] F(%Ct }naEraﬂﬂ}I ahﬁ'equency-
di fference between the output 25 level Lo,;, nd
depepdrnt ffapaiiion) avdCoffpuie Geiod6hunyide; a ﬁwlemdyﬁdépehdd:nt [tin}e-varymg
gmn(ﬁ@% gain is greater than one, neaning the signal is
Ko5dled, and when LO1f, [t) <L[t] . the gain is |ess
than one meani ng the ®ihaénihBoat t enuated. The tine
Klng gain 1], a nodification paraneter, is then
Iﬁ ¢ Hiyeption Wthemrwlexa@ww Rprdyyaescarse fipgraesaecombinagion of

both (é"g Np rﬁﬂnma'bféj]o‘éict &rBRE hUnQEé)&tjﬁeszls% Eﬁecﬁ’i&flﬁiﬁ] %&‘uthlns

produce a nodified audi o signa see
mcluéaql1 as part oggleApy%u)@mrggoU@b@]enﬁg gelatef o gay particular computer or

oA Ry St L AT
progfamsgua ey indaqeerdiant withithe tnadhuhgs herieon) op &rmagbemod bonvenient

to cohﬁn@%&g %oém%es%eggraw éf} te%r&ggg{ﬁl%cué sj {(]) perforln the required

| S case
methpd gtepenThus) elp@ndfenmn mgba mm@mcmﬁe(‘sirgn@l orlreyel computer

oot h Level 22 ma
progl%iirg ebc]eeﬁ%til B RGO RTP 'ﬁf@etcfmé’“ feg SyRPs Greh eapusing at
least ﬁnﬁpx daesm,aenﬂeﬁﬁﬁﬁdf Odta ﬁogigﬂ sy8ietr] (lﬁﬂddﬁlgl\bﬂa’illb a8d hbidbolatile
ma $ be endent Functi on
mem B R STTAEF eSS, DrHBREARAES PUBRCE 99A at it one outpu
devm@(wf’@uﬁe Fegipanm? ody 1@‘%)@@3‘%1 13 1ﬁﬁ1ﬁ%%>ﬁ56gﬁ9ﬁrlﬁ§ Wxnctlons described

varying gain I'npl enentat i on
hereip ﬁgg GENY ﬁter%’}mgé“f%%% nTbRloptRUhisferRationds asldfqdvta 0@ or more

outpdldediceQTR kRGvh Fst@dn, 10 both (e.g., programmble | ogic
arra s). Unl ess ot herw se speC|f|ed the al gorithns

i igactidugh REogsammey be Heplemeatediin Any desirpdiconmivterdanguage
(inclid@h@hRehing, @Qé’mﬂ@r bt ﬁfélh%véf gp&léhﬁxral Q6 1c { g?[)bject orlented

apparatus. In ficular, rious
ProgIaiEMng é%pavﬁgesaéo e@t@mumqarﬁ with @g:oamtwsvsmm Ilnrany case, the

langtﬁ@gﬂfa9%caecd%ﬁlikéctﬁn{ g@%ﬁ-ﬁqw gein, or it may be

nore convenient to c truct e speC|aI|zed
agfrehaudls compuyter piagragiapeferably stired pnioo dpemicaded tde storage

medid Slq&’éJlgéj(e.g., solid state memory or media, or magnetic or optical media)
readable by a general or special purpose programmable computer, for confi guring and
operating the computer when the storage media or device is read by the computer system
to perform the procedures described herein. The inventive system may also be considered
to be implemented as a computer-readable storage medium, configured with a computer
program, where thg storage medium so configured causes a computer system to operate in

a specific and predefined manner to perform the functions described herein.



15 met hod steps. Thus, the invention may be
i npl emented in one or nore conputer prograns
wWe@@s05i3my on one or nore progranmmabl e conput ePCHYS108T820747
each conprising at |east one processor, at |east one
data storage system (including volatile and
non-vol atile nenory and/or storage el enents), at
| east one input device or pght, and at |east one
out put device or port. Programcode is applied to
i np‘unmdhtra)ﬁemtpeinmemtﬁmfﬂm 1humtdrﬂmecﬂ>e51¢ dedegied ONevertheless, it

[.ei n ner.at e_oyt nfor 0 .JThe aut put
will Bg Pndgrsg)log rt]lgas Svagonﬁ ﬁngg cg 18“3 msy qé{] vg&%ldea@ypg é@m the
spmt md sxopa of d&l‘inoamdfad?brfbbtﬁﬂhpw Q@haﬁfﬂﬁystﬁﬁ ddﬁ&ﬁ&‘@ﬁf&&g may be

age | ncl ng. machi n
ordeggasda P%rrr%n? Eﬂeltlﬁ bru?%prder gtfqugqlt froyp twjd@gqubed

oriented progrann1ng | anguages) to communicate with a
conmputer system In any case, the 25 |anguage may be
a conpiled or interpreted |anguage. Each such conputer
programis preferably stored on or downl oaded to a
storage nedia or device (e.g., solid state nmenory or
medi a, or magnetic or optical nmedia) readable by a
general or special purpose progranmmabl e conputer, for
configuring and operating the conputer when the
storage nedia or device is read by the conputer system
30 to performthe procedures described herein. The

I nventive systemmay al so be considered to be

i npl emented as a conput er-readabl e storage nedi um
configured with a conputer program where the storage
medi um so configured causes a conputer systemto
operate in a specific and predefined manner to
performthe functions described herein. WO 2008/ 051347
PCT/ US2007/ 020747 -22 A nunber of enbodi nents of the
i nvention have been descri bed. Nevertheless, it wll
be understood that various nodifications may be nmade
W t hout departing fromthe spirit and scope of the

i nvention. For exanple, sonme of the steps described
herein may be order independent, and thus can be
performed in an order different fromthat described. 5
WO 2008/ 051347 PCT/ US2007/ 020747 -23- Clains 1. A

nmet hod for processing an audi o signal, conprising 5
altering the dynam cs of the audio signal in
accordance with a dynam cs control process,



detecting a change in the content of the audio signal,
and resetting the dynam cs control process in response
wo o00desBat i ng such a change. 10 2. A nethod ackOr/us1997/020747
to claiml wherein said detecting a change in the
content of the audio signal conprises one or both of.
detecting an occurrence in the tenporal evol ution of
the audio signal in which_the |evel of the audio
signal remains below a threshold, Lsirence,
throughout a tine interval no shorter than a first
time threshold, 15 tS|Ien8 and detecting an
occurrence in the tenporal “@#8Ffution of the audio
signal in which the level of the audio signa

ase Q{ an amoynt greater than a difference
t h 'e f9F Bpcessingamaudip signal, sp@pyisingno gr eat er

t halﬂemfg ﬁx@@@ﬂdmﬁds'ﬁtﬁ@&@cﬁ@@ al 1hdcrcc@rdag With J&gtagx%js control

according to claim2 in whi e secon -reci
PIOCefiSt ecting an occurrence detects the decrease in |evel

of d&t@@m%@' bﬁax%egﬂ Me cléﬂxftéht Rl Wiy s1§Ba]f Lgfuency

bands processin h audi o signal,
c offsettiaeibe dynasics gorttmnl pugeessHcespdnse e detediing sidyrathange.
in accordance with a dynam cs control process,
recei ving an externally-supplied reset trigger signal
i ndi damietipdzacebraingetoi ahaitrh® whatkdi saididgteeting artlad in the content
t b am cs.,cgntrol process in response to
of tht AL %’?’58%& aes) 2P 94 2008/ 051347

PCT/ US2007/ 0 2@t4fing aﬂéc&xrre%cm fede@poni diaiatibe oehﬁs' didio
i ndi cat es one

4 wherein the res trigg nal

Tore of SERET g tﬂ(‘f e br ey 19 §ienakrenie b belawatfhreshold,
act of auuzgthrobgingit AginhdRigdrvBIOW GRSter G LEilst Qifnez'fhreshold
user selecting a play, rewind or forward function,

the swi fﬂ’ﬁﬂﬂr@’ f one file to another, a change in
program the dewictigdhR8c&lirhoE lri"‘Hl@'tQmﬁ%'l B1LQ5TBF ieQudio

anot her,_ and
signal in which the level of the audio signal decreases by an amount
greater than a difference threshold, Larop, within a time interval no greater

than'a second time threshold, Larop-

3. A method according to claim 2 in which the second-recited detecting an

occurrence detects the decrease in level of the audio signal in a plurality of frequency
bands.

4. A method for processing an audio signal, comprising

altering the dynamics of the audio signal in accordance with a dynamics control
process,

receiving an externally-supplied reset trigger signal indicating a change in the
audio signal, and

resetting the dynamics control process in response to the reset trigger signal.
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10 a change in coding paraneters. 6. A nethod _
according to any one of clains 1-5 wherein resetting
Wo b@sdyrsani cs  control process speeds up the rBCEUS1007/020747

whi ch the dynam cs processing adapts to changes in
the input signal. 15 7. A nethod according to any one
of clains 1-6 wherein resetting the dynam cs control
process sets the value of ogg or nore _
process-controlling paranetérs or a signal of which
such one or nore process-controlli nlg par ggegerz ar;ahaOI
fupction . to a stored qr, default value. . met ho
actof ugiodacapiingte daingf sihereio thegeastdrineeraignal indgeates one or

mord §f¢ dynami cs control process shortens the val ue of
one or nore tine constants enployed in determnning
one or i ¥t ef sasechengings dhangelpar aneters or a si gnal

of whic FARReOS L8 inRi RGeS control i ng
par amet g?e:&g?e g‘?ur%]gt _'o%.m% g %%pa_r at us adap; ed to
per f or mhect o€ e sersselsctingy pdae rowingd| aifosvdrd thwiaiogh 8.

10. Ac wi%hi@%g%‘%@gﬁ%%{lg&eon a conput er-readabl e

medi um T or causi &1t o perform the nethods
of any embande iolppbgmm, t hrough 8. 30

the switching of one audio coding format to another, and

a change in coding parameters.

6. A method according to any one of claims 1-5 wherein resetting the dynamics
control process speeds up the rate at which the dynamics processing adapts to changes in

the input signal.

7. A method according to any one of claims 1-6 wherein resetting the dynamics
control process sets the value of one or more process-controlling parameters or a signal of

which such one or more process-controlling parameters are a function to a stored or

default value.

8. A method according to any one of claim 1-7 wherein resetting the dynamics
control process shortens the value of one or more time constants employed in determining
one or more process-controlling parameters or a signal of which such one or more

process-controlling parameters are a function.
9. Apparatus adapted to perform the methods of any one of claims 1 through 8.

10. A computer program, stored on a computer-readable medium for causing a

computer to perform the methods of any one of claims 1 through 8.



