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Description Audio Gain Control Using
Speci f c- Loudness- Based Auditory Event Detection
woecstizoeB Fi el d The present invention rel at espPCo/UaI7008313

dynam c range control nethods and apparatus in which
an audi o processing device anal yzes an audi 0 signa
and changes the |l evel, gain or dynam c range of the
audi o, and all or sone of the paraneters of the audio
gai n and dynami cs processimglare generated as a
function of auditory evep,g.pi i nvention al so
relates to conputer programs tor practicing such

QF | i C .
PELER S O DR R IR Bl AT RIRA Bection
a specificloudness- based detection of auditory
events. The invention also relates to conputer
prograns for practicingl,esc_,lé%%:r .ngds or controlling
such apparatus. Backgroun nam cs Processing of
Aulhe pfésent ingénticqpuehtesf toautiondytniamig aangecontrobmethd@Cpnd

and dynam,c range_control .,(DRC) are wel | .known, an re
sppaEAtes (A RS RIPCRRSHYE STapneirRa s pug e A5, cfires the
levelaRain' @Cdyna fiks fang b oF thet i) iand el oreafidlof thdparafietdrs 6f the audio
..an zzg,di 0.signal .in sonme manper and t hg? g&l n-m)difyTh
gainand dynamigs gLOcessing s sneried as 8 Tuncign of pRditefy evpRes: The
inveil&s WIs6 delbRY € corthPuter pidpedhs fok pradhiciadueh néth6@S6t dithtrolling
" .system the input audio is not processed and the
fudi o signal ideally matches the input audio

si gl preRadinve A d1¥o rlite®REMBAD I3 And Hpp Ratdh¥ RSIHL @Sspecific-
processi ng systemthat automatically neasures

loudnessrbased deteefiensoiquditery pygits. Thejimaentienialse eelatep iy computer
. j iLf. the input
progiafis ﬁfteﬂﬁafcxﬂé’sn&?%étpbgi &gcogigtogniﬂcg ﬂsg '&gharah]‘s. e 1npu

signal rises eve tput signal is
processed such that it Betkgreanddrin |evel by 3 dB,

t hen the output signal_h been c rgssed by a ratio
of 2:1 with respeclgyﬁaéntfggr?c%gsd?gg?gﬁ‘gp I nt er nat i-onal

PuTheaathniquelisfbetomafic 2064 dtad (AGR) apd @ynamliatangg camol
R justi ﬁq%t he Pgr cei ved Lougness d/ or the .Perlfcei vedI
(DRG) apq Wil Faqrased afy 2 SAMAIRE SeBpd:afmanyAudia fegakpaty, Inan
abstireb@iset Yoth tetihidass medtiraitheldvelsiran dicoéighdldn some manner and
thenbgaa?rll-(r:nc}dxl(g'etge (s)lfgnal by an amount that is a function of the measured level. Ina

suc

linear, 1:1 dynamics processing system, the input audio is not processed and the output
audio signal ideally matches the input audio signal. Additionally, if one has an audio
dynamics processing system that automatically measures characteristics of the input
signal and uses that measurement to control the output signal, if the input signal rises in
level by 6 dB and the output signal is processed such that it only rises in level by 3 dB,
then the output signal has been compressed by a ratio of 2:1 with respect to the input
signal. International Publication Number WO 2006/047600 Al (“Calculating and
Adjusting the Perceived Loudness and/or the Perceived Spectral Balance of an Audio
Signal” by Alan Jeffrey Seefeldt) provides a detailed overview of the five basic types of
dynamics processing of audio: compression, limiting, automatic gain cgntrol (AGO),

expansion and gating.
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dynam cs processing of audi o: conpression, limting,
automatic gain control (AGC), expansion and gating. {
wéudi7iiaroe3 Event s and Auditory Event Detection PO®US2007/008313
di vi sion of sounds into units or segnents perceived as
separate and distinct is sonetinmes referred to as
"auditory event analysis" or "auditory scene anal ysis"
("ASA") and the segnments are sonetines referred to as
"auditory events” or "aud|d2events " An extensive

di scussi on Qf gudi naI Si et forth by
N B Lon Rl ol SER GRS PR p B
AThk yisvisiohhg sE’emdseiﬁtouahts@i-gagméxats pefa:eozfedSQ y&shrate and distinct is

Nhssa husetts Institute of Technol , 1991, Fourth "
somet e IEIE B OGR RIeraBR B r SATLIE ST dREVER) ("ASA"

and th'e%egﬂﬁ@hisla?@ sorhetimed Rferrddaro 28 Q@@t@@véﬁs%ﬁ%ﬂ%@f&ntsﬁt An
Dec. 14, 1999 cites publicatigns dating back t

exten%wélsa%ssm ofruditpry srenkanalysis isceef Ertivbin é"geéb%f%ltegm?nw his

book ﬁugz‘t&?ﬁ%eﬁé’ﬁﬂﬁlyﬁ@ﬁhﬂ§l’§réé pIIRVENBhnizhioh Mk@ Nid@tsacRisetts
ent di scour ages practical use of auditor

Institse oR g caMAIgEs, 4 99 LTI bCATIngInEn A0 SependhMIg Fass paperback

edmohjwﬂx' éﬁd‘i‘@oxﬁltﬁ'st PLYNS 0@662 3 @ké’ﬁh§dkaﬂh§a?0éigﬂ Dec. 14, 1999 cites

I 'nt erestlng roma SCIenI ol nt VI ew as rrpes
publiatiohs datingbatikt torlP7¢ ae terii angwoek wlated tOesqulnsi separatiagoby

audito(fg P %{aﬁgﬂ . 0%&%9 Qf\@ h?(g%én;l&?,gért%ll g’( &19(:&1?2&(33 the

consi dered practical ’techn separ
practicaitusk of audhau_&rstaie qnabgrse swdl@ingd@t"'[t}cchselﬁxm mnayvmg) auditory
scene &}‘l%{)}&ig{ g%aol{ld . tlﬁg’ﬁ)[???l !?)g?lgl%%ﬁca B%IPFOP 1|e\61nass: Il‘lO CFtIS gﬂguman
audltqwa pescestingf a@d chabmiy fan tt&r cdlhlmtb'émhl Bgdeitandatgpardadpiecialized to
Ref er enc

! th d di
be cog e BFETGRL eIt Cb S CEPYBvBREY BBSEeR a”sf'ceﬁs is
madefrends to be perceived as separate and distinct,
AT B B 3 b B B e
in variBhé gaeeri @ ?ﬁhcafti@hs S PPRets 1isYd B@Ib%lﬁiek 119 ﬁé&ﬁlr@pﬁﬁédrﬁératlon

content of successive time blocks of the-audio sig

al |
by Referenes- arhergrding tejthose deqimeents agpadia signald fi@meduemé@ﬁ
events, gﬁeﬁ %? thiScH fellBs Qﬁ%‘e‘?cé?{/edt J&esegbﬁqkéjarﬁf &6@ot l%n&jetectmg changes

ying an auditory event boundary as the boundary
in sp%@@mw%@e@mméudq 39 fingliqm ofifrequanier) withfrespsplcte tipe. This

ey R R gt Y ER R g GHGERT i e locks of
the auglpp bignald ealpitlating the dlfference in spectral content between successive time
blocks of the audio signal, and identifying an auditory event boundary as the boundary
between successive time blocks when the difference in the spectral content between such
successive time blocks exceeds a threshold. Alternatively, changes in amplitude with
respect to time ma.y be calculated instead of or in addition to changes in spectral
composition with respect to time.

In its least computationally demanding implementation, the process divides audio
into time segments by analyzing the entire frequency band (full bandwidth audio) or
substantially the entire frequency band (in practical implementations, band limiting
filtering at the ends of the spectrum is often employed) and giving the greatest weight to
the loudest audio signal components. This approach takes advantage of a psychoacoustic

phenomenon in which at smaller time scales (20 milliseconds (ms) and less) the ear may
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respect to tinme may be calculated instead of or in

addition to changes in spectral conposition with
woespaeto2so time. In its | east conputational | yPCT/US2007/008313

demandi ng i npl enment ati on, the process divides audio

into tinme segnents by analyzing the entire frequency

band (full bandw dth audi o) or substantially the

entire frequency band (in practical inplenmentations,

band Iiniting filtering at-3he ends of the spectrumis

of.t en e .0 nd t.he at.es h
tend (P HB.P UBES i e arane g B i ot il Rutipte
eventﬁﬂl‘dlﬁllibha@eumfngéht }ﬂf@/ﬁﬁt&i%ﬁﬁ,&iﬂe&opﬁﬁlﬁnenﬂeﬂds torbepercdpttily most
smal l er ti Scal e sSecon
promipfig ik B Brveersartauduaty 5 BoRgh it Liie e PoTaR wsine
place. aTQkﬁig RdihdtBge dHihss d:ﬂmJt bR allbat tvhaddetofy bidrldeteeMEicSscale
be occurri ng at he sanme ti me, one CO nent t ends

with the %@pkfértw&t%mo hsgrs DEResAFade Htor sxampls; iBe innyt audig gignal

bemglp'i'&ée%ééé%@' | 961RstrIREA) tHe antRy SvenBethanirt i@MRiHedvilli 1@ly be the
pl ace. Taking advantage of this effect also allows the

indiviguefinaies being playgdt Sipilasly foes ag dofut Veierpigned the isdividpaly
comeﬁex%@@f ﬁ%@bi@ the! 'VG?’ eRAG 83 anE Tor SXATRL ewﬂl fikd1{8e identified as

10 sl bei ng processed is a solo
mdlvmngltamdnmﬁhemepwe %@p@owmty afithe audie ineteqses.fsuely apynusic with
a druljflbgaqlo\f nhﬂtlhﬁqnﬁtgﬂ‘hgﬂtggﬁd &Qé Qhe Q\?(gﬁg?r%kf tetfi:tecﬁbﬁlnll&rtllﬁés the

an 1 nput volce S|gn t’he I'n ual conponents
mostqﬁrompe@rth(l d ttbe Vmwieht) andid emmngraamss given neoxaendl e, will

t Iﬁdg%i)e\.{ ensg§@ efa'tetr%oglsu gth C iefi tl?e g%?%gﬁ% ialéé take

di'o i ncrease
into cmhztlhexatldn uhm 0 spartthl ¢omhmositist wuhwesp@ctandm@lmdascreﬂee

audi t nt .detecti.o ntifies
freaufiiy, Rl Frea SF e R AP e P bOP AR e vppgrcally
deterxgiﬂéalrsu‘ﬁbmﬁs) raﬁ}%r thitethe i bs:ed\ofdﬂgr ’El:is%ﬂlteﬂﬁﬁpel apprioactatakes into
conpl exity, the process 0 take |
accouaERB G AT P AGHEE Pritadsat FafichsysuBbds sathpr then assuming

that ohgsmﬁglets@rebhf@ gefbeghsleraehgaﬁ{cﬁweﬁﬁé/ subbands (fi xed
eterm ned or both fixed and

/nam cal &éf ]
dy Hosy eyt distestinn may baippleraeyted B déyidingeiimg domgin audio

waveRAROMHlibhe idfdbwa18bi BI6BERL dnah&PBERRElnS BleRfitd Mlddch block to the

account nore than one audio streamin different
frequenaycflranaip, wimbaitiers arfiltandenk paa t%ﬁ"ﬁﬁwﬂjlcv igpsfgrngtiop, such as

the FET nqlh@ aﬁlﬂiﬁ@&g 612&9 @%&%ﬁl &Mt@nt%tf egclpﬁfo'i:k ﬁ e hdRilized in order

Audi tory - event detection nmay I mpl enent
to elighinatelprygdace theeefBshaf amplifdile Cb@;\g@So Ench msultmlgrfeequency domain

repreée&“ q{q\énlailrgﬁﬁ Q{l E&h? J@p‘g’fﬁ@eegb gﬁgl:/cﬁi’ntt%rg%g {les @5 th ﬂh@ partxcular
blockf i THeespettaailcootent of sumeésr@cpjecksys pompsfedramdtqhengesgrmer than a
threstfold may be taken to indicate the temporal start or temporal end of an auditory event.

Preferably, the frequency domain data is normalized, as is described below. The
degree to which the frequency domain data needs to be normalized gives an indication of
amplitude. Hence, if a change in this degree exceeds a predetermined threshold that too
may be taken to indicate an event boundary. Event start and end points resulting from
spectral changes and from amplitude changes may be ORed together so that event
boundaries resulting from either type of change are identified.

Although techniques described in said Crockett and Crockett at al applications and

papers are particularly useful in connection with aspects of the present invention, other
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the FFT. The anplitude of the spectral content of each

bl ock may be normalized in order to elimnate or
woedrae7ehe ef fect of anplitude changes. Each pesmistiongos3i3

frequency domai n representation provides an indication

of the spectral content of the audio in the particul ar

bl ock. The spectral content of successive blocks is

conpared and changes greater than a threshold may be

taken to indicate the tenpoﬂal start or tenporal end

techn{aized e S0 RAmE SO e ol et afit Ao R eatiifag in

aspects®ofwhé plestdtdnddtignency domai n data needs to be
normal | zed gi ves an |nd|cat n of applitude. Hence, if

a change in this dBfclsuEsgbgdnreniotyet er ni ned
t lefasBafishd PAbr-bR QBN ?rb@éﬁ@iﬂgto@ abiidi iR R8I0 e MuRYRAing the

boundary. Event start an {om nts resulting from

audiodyyer fimngtvasting Gestraldenal skt adpsisithel gaigied] rﬁb%gu%yr%wmg a
desuéa:i)%gjuﬁ ogglihe 'is §§bat11lﬂ§tfa&¥13mtat @%Qﬁé T raﬁﬂﬁ‘#tﬁden orHi§ EMtrol

ei ther type change are identified. Although
signal wey he sawa@ésmra prdinuaus basis o femadlecksmf a@ﬂm«i@éq,tbuatt is

sy SORIAER) 52 R0 PRRGLTofE AL b B ol o
of chatgeds dectminqdé»y shmothmig ritliefsy ismgetmds WMyﬁ)@dmha&cmEtics and
someffH0\y RO £l D6 SRk RSl 88TEL Sule. 0P example

s3 At TRVen nven
respoﬁ‘smtv:ae:t iy dle aﬂyusﬂerblard adtpriance suthahaml ingh®fmaguitiide or the

t t h di - ' .
powet Bl e it Wi thad udtés Ructfaft bR HBOL(ATG and dynamic
rangeUoatpicdsitth @RIES db adt 4s384slih any peydhoatsusticsidabaded wayahetime

) t ha Scal s the gudio a itude, This control si.gnal

intery Rk et i e BER D Ritiy R bGPl A ey can

be ap ﬁe@%b@uﬂﬂ{p@m@l&udlblelaﬁtlﬂeﬁe IhletefoReEdiRALBNaISRER dynam1cs
orm of measurenment of the audio belng processed, . and

procesyes cam PEeB inteadsg auiibletiEacts hed e larboehihn dypapics pgocessing

can 1&%% Hﬁ@aﬁ\ﬂeh%efdeﬁﬁglefdﬂﬁﬁg&tlﬁ%éﬁﬁcﬁ§ and sonetines
W th characteristics that vary with the dynam cs of

Héu(gmy écem@nab%mfgp@}ﬁqsmgglmqmetﬁ@ydm events, with each
cvn Sl ltab SRERSRBRR o BRIFGoLAE TROTAUNS
lmpamtenmusﬁdgcm angeiorvhauge ¢ahde) graatdjy thyineerd by eosvgimg that within an
auditgrgrg%ﬁgtst%le Q'n(l' %re n%grs g aor?s%gn“atf’aﬁd Ib?llc%nﬁm much of tge chan e to

oacousti ca Neerva
the nm,ghlmhhg@d of mhavegmbo eIrpéiecmnhead oﬁeommeasqrsmne@aadeks the

respo i Py e S s R el BT S e At gy ARG comparable

with or shorter than the minimum duratlon of auditory events, but the response to a

decrease (the release or recovery) may be slower so that sounds that ought to appear
constant or to decay gradually may be audibly disturbed. Under such circumstances, it is
very beneficial to delay the gain recovery until the next boundary or to slow down the rate
of change of gain during an event. For automatic gain control applications, where the
medium- to long-term level or loudness of the audio is normatized and both attack and
release times may therefore be long compared with the minimum duration of an auditory
event, it is beneficial during events to delay changes or slow down rates of change in gain

until the next event boundary for both increasing and decreasing gains.
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processes can often introduce audible artifacts, i.e.,
the effects of the dynam cs processing can introduce
wanwankads per cept i bl e changes in the audi 0. AuBCTAISY007/008313
scene analysis identifies perceptually discrete
auditory events, wth each event occurring between two
consecutive auditory event boundaries. The audible
i mpai rments caused by a gain change can be greatly
reduced by ensuring that w-thi n an auditory event the
ne nstant .and by confi.n nuch of
aCeornBes Pad Eiieel of BRRLAROLAV G ot SE0uTP feraasyysiem
recel‘lre% dnfmdixosigeal tandfanalyapy sbaltas the g%&pﬂnﬂ@rr @ynabii€ range

espanse a rease i.n audlo vel (often caIIed
charaCERRAGS OLAhS Ay Do FRENC FBiEh FIOMPEATgPIL 1B Sadfip i ten
contrb@by B&ame&lrﬁ‘dffh dyhahicg %r&fesﬁﬂg kYRt (RYRRIand rBléhsd thge,

response to a decrease (the release or recovery) may

compESSOPGARS: 4o) LA PeLsAal cenitfestionm thepergspamt agipets teoduced
by th® ﬂyﬁé&nﬁt@ BRYceSHiAg L@il)flrﬁéem siBal %Hgl'a@ﬂeﬁst%sss;/fﬂﬁ p@sﬁectQﬂ ‘iii%rxe in the
such CITCUHBtanCGS I S very benefi ci al
audioysignpl pecdsfeqtod ard identlﬁed aeseditagy ﬁueﬁﬂooendwsmwht @i\m audlo
segmbEbet@bén Q;nsﬁaﬁm%o%ﬁlfi%sr}[oﬂyﬁfu[& aﬁ'}uﬁ\f eveEP{n thg audlo signal.
automati c galn contro I catl ons,
The chgractarigticeefthe @apditony e\deotﬁdqfestsre@f ma encém @harectenstlcs of the
t n
cvn8SGAT 5500 S BB LB, OIS progcs
proce@ﬁmg Pacmuhters aye garendted it least paehyein respinsel (o audjtozy emms and/or

the dbgef Bt o ER AT R e RAARY Gosp BBt Pl Alluem R nl

boundaumea5|ng galns According to one aspect of the

sen |nven ion, an audi o proc system recel ves
T B9 GRAT s S A P BERBTR ioctial YOS fuppperceved as
separamﬂnardlﬁma NDGe 8AHIE nfdARIrR G STgnl HaSacBdristiae nﬁﬂh@ﬂé@ a mhé@fure of

d c range nodj fication of the audio |s of
the sRESFiAT ety °%§h 9B PRATEPIecAsiFRer din g %eé%%?ffgckeﬁ and
CrocRtsétaMdbaihagk AlCor RNRASEHE bAF or HRFPLRES H9RahRE 'p?@cessmg
etc.) that have significant effects on the” perceptual
parampgtessiadt be gencraied eblsagpartheinggsranse §0 heareseaie g1 absence and
t
s BRSS! A SRS A Bl oL BB 7Bs
ldentﬁifé@@roylaeg%m sifgenl sharactesistieuwith ma@ctaﬁ timelihet exagedsa
s RS oY S PRUNIR o Rl S8 o e
least pardiytin respenssntosa efntinping msisunagyf uhn dbgu@e of change in signal
chara%{@fsﬁ&{ %rs&?i&! gf“é@ salﬁl "figc? %t ?/erﬁlﬁlc E\ng%neé%or Cl‘fatpouéﬁ in principle,

aspeaﬂs_wlﬁhe Gisveption @syi lm;pn;qﬂ emented i agaleg gadier diggid] dbdmbhiassgractical

1mplcp aernttzltt}/onfs "k fiR 9@8 1mp ell'llgéntteJ th Slngtltgl &?rga{u% in which each of the

audio signals are represented by individual samples or samples within blocks of data. In

this case, the signal characteristics may be the spectral content of audio within a block,
the detection of changes in signal characteristics with respect to time may be the detection
of changes in spectral content of audio from block to block, and auditory event temporal
start and stop boundaries each coincide with a boundary of a block of data. It should be
noted that for the more traditional case of performing dynamic gain changes on a sample-

by-sample basis, that the auditory scene analysis described could be performed on a block
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t he degree of change in signal characteristics

associated with said auditory event boundari es.
woyppi7aabdzy, an auditory event is a segnment of ®aa@ius2007/008313

that tends to be perceived as separate and di stinct.

One usabl e neasure of signal characteristics includes

a neasure of the spectral content of the audio, for

exanpl e, as described in the cited Crockett and

Crockett et al docunents AbE or some of the one or

d SSI aranmeters b .
basis {8 fhe H¥fing MRy Sy Bren o BB R RS ne ooy el gain
changes t}mbaﬁm;@hamdambww-tsahpm ics of one or nore auditory

ents udi to event boundary may be identjfied
sl Koy il abamiss RSl PEEMGIEH BB Seatooylts of
audltdry @Eeriel'h'ilhlﬁi‘sg g dematid huasie 6F audlitie aREhéty @htyodikd b9dynamics
some of the one or nore paraneters may be generated at

procegsing may beachievady esponse to a continui ng neasure of
t h%e‘iﬁéﬂeﬁ?nﬁ%nt@&ﬁﬁ&%eﬂt@ twb GG oﬁf)’@}f&ﬁ‘hﬁé 'aﬁ@ﬂt&%r scene analysis.

assocji ated with said audi toré event boundari es.
£

The fisgtiesioghs spertial Pralygie and ideptitiesthefloeationiofwerreptiblermdio events
|
i a0 T 300 OO L IRLBET B i i

contenty Thesegoryl way tiostorms |th¢ wdncchlt@ aohrooptuah havdudssaiomaln (that
may ngglrd? In?or\%'bg%éh%gg?%ss% %1me¥1'119#% tﬁ%eeﬁrsﬁ{;vay) and

I's case
identiﬁbg Heel loedtiomandtapuditety e@ntﬂatyaitwe stiseqpatly weddo comnd! thé

th| I the.d |on of, chan

aynanfillely Bbilellef BB SiRe R BE e Pty FARERRS® Bt g naio
procesiitgebé awareocff ablsalutescaustis ppedduation deviebn iwhich miaginot be possible
. bl ock, to block, ~and audit event. t oral start .a
in sy GPIG AP PRREH T AR IR T aars SEA i alows
impleh{eﬁt}kioﬁf; ofl AlSA\ - cohtrslicad yehahiie gﬁhedodlﬁaducfrpmsm@ J¥Bdses or

dj ti onal case,of perform m c galn changes on
deviegs @awaﬁzé By may s Ibe cplibpaicd tpitake it pgluie gpEoduction

levelsanal ysi s descrl bed coul d be performed on a bl ockbasi s
and the resulti r}g audi tory event infornmation being

uStsireets of e repsd yrvantieon gig desenbathegcintiaanaudiagyiamies
proceSMP LSRN mIHT PR m&Mdé‘s%%;écQé b &ﬂmkﬁ}éexﬂ%so S%(:H%%e??nvennons

processing paraneters using the results of audit
are deserdbre ianaripys pending m@mséatﬁsemw@nauzﬁnaé LGIE épphcatlons of

Dolb;af,%“ evegés i &9&%@%&1})@&1@}{ ntﬂ@o%epg%gﬁnzé{é\%g E%i/cgﬁ%?’ which

e pr I'nvehton presen
appliqatiphopreiidentifiedi haseip. scene anal ysis. The first perforns

spectral analysis ﬁ&g’#ggptoyme%mwh’ggl ocati on of

perceptibl e audi o eve
FIG. 1 is a flow chart showing an example of processing steps for performing

auditory scene analysis.

FIG. 2 shows an example of block processing, windowing and performing the
DFT on audio while performing the auditory scene analysis.

FIG. 3 is in the nature of a flow chart or functional block diagram, showing
parallel processing in which audio is used to identify auditory events and to identify the
characteristics of the auditory events such that the events and their characteristics are used
to modify dynamics processing parameters.

FIG. 4 is in the nature of a flow chart or functional block diagram, showing

processing in which audio is used only to identify auditory events and the event
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that are used to control the dynam c gain paraneters

by identifying changes in spectral content. The second
woayoiiransf orns the audio into a perceptual | ordDES2007/008313

domai n (that may provi de nore psychoacoustically

rel evant information than the first way) and

identifies the | ocation of auditory events that are

subsequently used to control the dynam c gain

parameters. It should be nefed that the second way

requires at 1 he .audj 0Ccessi
charafEFH1d: %o 0B BS RS IR Gl BehaPor A3 g e and
their dhargobs st 1b‘? erel %ses emodiy!| tﬁaﬁpﬁalamlc@ Procesigs patamRgerhot h
0 of _audij t or cene ana SIS a
0SS g Bt pT A BRY a1 atang HEIOFE dipgrem, showing
procegsmig frl WhichQRdiéSis WeP6MATLS IEMtTY aGlidr§ @Fettbahd RYevRAL
not be calibrated to take 1 nto account absol ute

chara%mtafa@é% Aejprmingd ffom fhgradic eymt dpfectiproarchiuchibatmnly the
chara@bAstASHFhOSEHHEY Bldhtd &%e@@hﬁdﬁ%?ﬁ%{l%&nﬁ@@ pRotelsitk

envi ronnment that-includes aspects I nventi ons.
param@{erk ot her inventions are described in various pendi ng

Unir&se of

Dar sy O bt E3erRtel AR ARy BB PRpORL MR O
approgdmeatp ceitiealtbaadinigi anathe iR B Wal@ hTh@bd)mzmltal(snsle as frequency in
Hertzaf33hd [LEENEAEI0 o RPACILR N of the Draw ngs FIG 1
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event detection su e events “and
time igleadigitaldnipiementatioreofia trdditionalddyiamic Rangy ﬁtmnvﬂer (DRC) in
whiclp{h%“g%ﬁf‘é&gro? N §¥Req FPom the Root Mean Square (RMS) power of the signal
for an alternate signal to that used in FIG. 9.
FIG. 11 depicts a suitable set of idealized AGC and DRC curves for the

application of AGC followed by DRC in a loudness domain dynamics processing system.

The goal of the combination is to make all processed audio have approximately the same
perceived loudness while still maintaining at least some of the original audio’s dynamics.
Best Mode for Carrying Out the Invention
Auditory Scene Analysis (Original, Non-Loudness Domain Method)

In accordance with an embodiment of one aspect of the present invention,
auditory scene analysis may be composed of four general processing steps as shown in a

portion of FIG. 1. The first step 1-1 (“Perform Spectral Analysis") takes a time-domain
audio signal, divides it into blocks and calculates a spectral profile or spectral content for

each of the blocks. Spectral analysis transforms the audio signal into the short-term
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FIG 5is in the nature of a flow chart or functional
bl ock di agram show ng processing in which audio is
wagert/ioni2y to identify auditory events and t herevaistoo7/008313

characteristics are determ ned fromthe audi o event
detection and such that only the characteristics of

the auditory events are used to nodify the dynam cs
processi ng paraneters. FIG 6 shows a set idealized
auditory filter charact eri s8i-c responses that
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all processed audi o have Eﬁgr oxi matel y the sane

behe\ﬁélrteéae\ﬂe@@sa émensstrakganéents fn therhird stapni-3 § “igeniifydogation of
audltmeﬁf b&lﬂﬁlaﬂéé’g' Wan @Ypectial QYﬂ‘ﬂ@rGhé‘ébet@@éI n&?%ﬁ:eﬁl-pmﬁle

Qut thé I nvention Auditory Scene A SIS

block(@dq 'éﬁ maxt is igeraterdbame tresbobdiithe Mock bayndary ixtaberitnoean
audlt Jbeﬁ{‘b&ﬂmw BRE afio O&mén Refhect conb&uBYE BEMhdaries constitutes

vent 1 on,
an audltory event. Thus, the third step sets an auditory event boundary between

successive time segments when the difference in the spectral profile content between such
successive time segments exceeds a threshold, thus defining auditory events. In this
embodiment, auditory event boundaries define auditory events having a length that is an
integral multiple of spectral profile blocks with a minimum length of one spectral profile
block (512 samples in this example). In principle, event boundaries need not be so
limited. As an alternative to the practical embodiments discussed herein, the input block
size may vary, for example, so as to be essentially the size of an auditory event.

Following the identification of the event boundaries, key characteristics of the
auditory event are identified, as shown in step 1-4,

Either overlapping or non-overlapping segments of the audio may be windowed
and used to compute spectral profiles of the input audio. Overlap results in finer
resolution as to the location of auditory events and, also, makes it less likely to miss an

event, such as a short transient. However, overlap also increases computational
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audi tory scene analysis may be conposed of four

general processing steps as shown in a portion of FIG
wa2007he70Br st step 1-1 (" Perform Spectral Anal pera/s2007/008313

takes a tinme-domain audio signal, divides it into

bl ocks and cal cul ates a spectral profile or spectral

content for each of the bl ocks. Spectral analysis

transfopns the audio signal into the

short-ternfrequency domai n-9This may be perforned

si.ng.any flterbank, either sed. on transforns or .
complexifys ﬁ?%%mlaaggax ¢ prafiied. fﬁg"- ?$heWs A&PnFsntYal repspsentation of

non-0¥BHBFInk N°GLIA1E Bl 66in SHifBowed bA® rBdTbmi&dinto fHe frequenc
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n:ansftéhﬁwirﬁzs ipied ﬁe@uetn"c? dephin, Qg‘thﬁéwsﬁsy LdifE t@ﬁF'ﬁ“f?{?fﬁé\ﬁy'

eater tinme resolution, eénce shorter

implemenggd s aFast Fatitier Bransfpen (FFEYfrspyed-esol uti on.
G-@at : ' .
OO ot REYBIBYFAPhLLA AR N8 SRR BB o et

blockst ep, illustrated conceptually in FIG 1 calcul ates
the speggral _ f Lyve i S, of
the audio si g%gp{b%%fgmbdr%gﬁet& F‘S%gﬂp\r%s 10ddi (r)réléna?&%tq h ézoﬁg}ite spectral

bl ock spmpéileray be from any nunber of sanples of the
good trhdeot T TGP REIIET PLEETRL A PRSErRA P ¢ he
s da@ederal, @y intégertdigntsbrd iy ®eared ot the eatidblés sbovkeMowever,
. from bl ack t.q bl ock e de m ned ("Perform spectral
the implgpepa lavf“flﬂ.b&ﬁ’e%feﬁ@_i%‘?téﬁg&tsséey cquph (R 2 PPHET ket 3 that
stand SdNF TGy baueed frehdliget@41g681d dhlERAdsa n @ Prictiehl

et ween, successive tinme segnents of the audi o signal.
embog@?ﬂt&f e aylitony yeene gnplytie PReRest. ¢ BaraBrelost lipld may be set to:

begi nni gy or =en4, AhmpicR BHCEI.Y ik AU! L LYy event is
believed to be a change in spectral cont’ent. In the

third s€ep 1=30amptasi(pe pvedamt i on of auditory event

b i.es: I AL ne
MBSt OG0 g SR o AT S
generpHy txstdshtify with sbffodént boendey theilgcatimhendtdurdimnaf auditory events.
i AV i,0 N
o MR LA LR AR s AU B
(no orlap) hah bedrhfoudd $¢ b usdtlsindderdifgingooynechaeditofind redtamnty. While

u lye tine, se nts. when th i fference
many HEREP BT B S b T8 BRER, il oG o8 Wi o
windewinge s windbivnmsed @gthernpscteal pesfile calcutationk & ah M-poiat Hanning,

i S R Bl R e SR 00
indicdtedigalnes hied a iHanAlhg windowalperieid sl taf affqpegtendive experimental

rofile blocks with a.&n’ ni nym | engt h of one, spectrafl .
analy: 3¢ they have shown to provide excellent results across a wide range of audio

material. Non-rectangular windowing is preferred for the processing of audio signals
with predominantly low frequency content. Rectangular windowing produces spectral
artifacts that may cause incorrect detection of events. Unlike certain encoder/decoder
(codec) applications where an overall overlap/add process must provide a constant level,
such a constraint does not apply here and the window may be chosen for characteristics
such as its time/frequency resolution and stop-band rejection.

In step 1-1 (FIG. 1), the spectrum of each M-sample block may be computed by

windowing the data with an M-point Hanning, Kaiser-Bessel or other suitable window,
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bl ock (512 sanples in this exanple). In principle,

event boundaries need not be so limted. As an
weaht@rnakdve to the practical enbodi nents di SCRETAS2007/008313

herein, the input block size may vary, for exanple, so

as to be essentially the size of an auditory event.

Foll owi ng the identification of the event boundari es,

key characteristics of the auditory event are

identified, as shown in std@-1-4. Either overl apping

com a1 b oBBL o S o L e P8,

calculatifg themd pfitudsTthé o RN IFET édeffi¢ibRk. Mhebdtliafidadsist O
the | ocatli on of auditory events and, aI so, nmekes it

normalized Squk‘glt?e laseent saspiuds is set toqymity, ard glegwphzed array of M

numbkfsab ebRVtrted 10 \RY Rig doY:Eh.! BRe 8hta dndyA5688 BSrmalized by some other
corrput ational conpl’exity. Thus, ovérlap nmay be omfted.

metri-piggh 35 the gieen anagsiiedp valar oF B19en PEWEEYRlYR ofthe data. The array

need H&rbe%%%ﬂ&f’{d‘@;e%%mm bhiafi& §%;}i\%r£lgn %n@gﬁ&qhéeﬂculanon of

transforned 1 nto the fre quency onmal n Di screte
the diffgtanice meppanedn stem (-DFFyrth@auive she tde malbenwem)e/cmatches

the nﬁ@%ﬂ&é{tﬁﬂgﬁwg%#&g&%’g %l?y fﬁh%%ﬁ&ﬁﬁx% %ﬁegné)&é{& ﬂﬁvepy range

pl'enent e

of miffen inffiaity To aerof dnm &gkl ¢robodipwet] a [otver tivlit may hg imposed on the
0 el fi

s T RS A, SRS Bl A focone

reflechthel lowler arwdadlltty) of quistis@ingdp actomaquoverylhh gh ﬁ’equanurebe(Naé that it

would BEBb&PIR o FRRER Bsi#ERHE Bl BA/F' RBe Y AEE Flftcents
negatﬁhmse;vell—w@osﬁauivq ﬁé@ehaﬂak)enent ation will be nore ot

M t
S SR ottt a o o0 e R eR BBt Puhe reaiih oG adjacent

blocks: aFSﬂEa’ﬁhl 68k, chéh 8f e (logRbpRIRPEHTRBen B frdh Step 1-1 is
aud |%ory scene anal ysi s _process, the paraneters Ilst ed

subtrqui;l amdhe cpgespond 1rglege tdar %@rg_cgdglgﬁlo%& apd the magnitude
of thé‘ck"ﬁ%re%ce cRcaRi @ 41@19 iSA4RElBP) Tﬂ—&% Mbﬁﬁ@rehée%ta?g then C?ummed

val ues were determ néed experlnenta were foun
to ongyayrabel. | This differerns moaswia hay alspibei eéntesmmwerm difference
LAl AP ABE BlHER i fdi hE@ﬁbé £ 1
pet SIJseet ti ng?fti he v ule (; gtFl}%t 5 SangﬁﬁSB%EOe/%%/ﬁ Spectra
coefficienbraiased im ﬂﬂfzsem (indhisicase M coeff‘ icients).

Step 1-3 identifies the locations of auditory event boundaries by applying a

threshold to the array of difference measures from step 1-2 with a threshold value. When
a difference measure exceeds a threshold, the change in spectrum is deemed sufficient to
signal a new event and the block number of the change is recorded as an event boundary.
For the values of M and P given above and for log domain values (in step 1-1) expressed
in units of dB, the threshold may be set equal to 2500 if the whole magnitude FFT
(including the mirrored part) is compared or 1250 if half the FFT is compared (as noted
above, the FFT represents negative as well as positive frequencies — for the magnitude
of the FFT, one is the mirror image of the other). This value was chosen experimentally
and it provides good auditory event boundary detection. This parameter value may be
changed to reduce (increase the threshold) or increase (decrease the threshold) the

detection of events.
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(no overlap) has been found to be useful in

identifying some hard-to-find events. Wile many
wdi2dd7anens types of wi ndows may be used to m nbPaT/a82007/008313

spectral artifacts due to wi ndow ng, the w ndow used

in the spectral profile calculations is an M point

Har m ng, Kai ser-Bessel or other suitable, preferably

non-rect angul ar, w ndow. The abovei ndi cated val ues and

a Har m ng wi ndow type merelslel ected after extensive

eri nenta si s as ave sho ovi de ,
|RrRess Pﬁgfﬁ?tﬁw stPf&S mp@ﬁ@%ﬂe&? Ya‘BDdBI? equivalent
arrangH&i&i'té amd@ry HemdE) dWl FG. B &dwla glgnﬁl ara%ﬁéd drfilel to an
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event$ %ﬁ@l{ B?{vh%ttleﬁ@sctto%é pealeitaYy asCs%Hél%;é AHOdi St agﬁ 4654 bPfonal

events. Unlike certain encoder/decoder (codec)
“IdenihpFharactenpicsgfeheditmy Hvental funslien|oz gread2 pibe precepuef FIG. 1

C
may Héréi?(é/lgﬁ e(?teo cgﬂgfe?ﬁ% a%xmcﬁ}]ﬁg o%aﬁglg@ tl g%‘}g %(151‘&% Bha HR8ScHAPhcteristics
identifind pr serae pdter guitahle pravsss mey be rmplayedu élﬁr;eyaudegtyl evehbn
1nfon§£lg)c Sﬁxﬁr?ﬁlg%gg A)%ﬁinwﬁgntﬁgﬁan Pg %‘E(Plto egéntg)g}una%ﬂe&s gestermined by
ﬁmctlmllmd steprigl idihed ated toi mbdlzfyl thd apxdhmdyﬁhmm pohcessing parameters

o S RS B P R PRI A e

‘ﬁmctlﬁfxa)ﬂsfepﬂr-ﬁ& ahd opﬁbﬁaﬂ“ihdddﬁ@y Uh&raﬁ@i@.tlb@’dﬂnéﬁoﬁ Hiestep 3-3 also

FET coefilci ent s res ant data |, .
receiviS P <100 SEERHIRPAAEOT B S eH o PR e fanegon or step
3-3 mdfich¥racifide t&ifie B0 ATV tRLLLdoTRYvedks B BhEBEMSrd éharactensucs
converted to the | og domain. The data nmay al so

Such gharacipristicy mpay gl&}%ie@pﬁé?nt’f?@ap% of t}woa%mﬁwesuhhm of the

auditdFR@vbityaedasalived  cdRRBidIPWRA tié M@eé&foﬂlﬁ@ datige c-ﬁ'@n%ctenstlcs
array need not be converted to t | og domain, but the

may alsgrigEhid e oF R rdie qbpeacteaistics, Anqledings for Kample, a measure of
poweldbfé]@ GBSy B eméaguﬁet ﬁggapx edé:&f ﬁl@%ﬂg&? E@ al@&hsure of

domai n noré cl osel mat c nature o

the spgefeiglitiatyess p ﬂmudma' pesnt andrghdther the maditory sivertds hrdaﬁéantlally
sﬂent,Zonl{)cﬁg&re}%%%ac%rf%ﬁ%\s/\e 'ﬂ?aft :hgfl% x%(o%é}gﬁagmcé Eaﬁa‘%&é”}g %%cgmatlpgtnréegatwe
audiblsf artifactsast the peodessmg atmdtbr@dfqrxamipvéd) r Tb«ehqnh@eﬁﬁ@s ey also
includ;elrjo&??e) ({hrafe x)cé{ e i d e L Eerotpcra ef (!11 dieory (f xgt 19 Ol\é\lﬁa%a transient.

f r&ltnn_eatmeeso tl(d\h‘t‘emgéhﬁht ofi Fiul ade Bleown s FIGS 4 amd 2dICRIG. 4,
tho s put ftan o 5t Rl dhiiely folod i Cherslpssrey wpotion or
step 483,&1111‘[ it-ddes aédw\l'eaihﬁﬁ’nﬁitlﬁﬁ&ﬁﬂﬁ eheofidédtity Mddiei¢ Beents” function or
step 4-F )Pﬁg ergrrx]gGeggnet%tfrF?G { isa épemef{]c example of such an arrangement. In
FIG. 5, the functions or steps 5-1, 5-2 and 5-3 are arranged in series.

The details of this practical embodiment are not critical. Other ways to calculate
the spectral content of successive time segments of the audio signal, calculate the
differences between successive time segments, and set auditory event boundaries at the
respective boundaries between successive time segments when the difference in the
spectral profile content between such successive time segments exceeds a threshold may

be employed.
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bl ocks. For each bl ock, each of the M og) spectral

coefficients fromstep 1-1 is subtracted fromthe
woaor7agpaadi ng coefficient for the precedi ng bPothis2endos313

t he magnitude of the difference calculated (the sign

is ignored). These Mdifferences are then sunmed to

one nunber. This difference neasure may al so be

expressed as an average difference per spectral

coefficient by divi di ng theiZifference neasure by the

nunber of spectral le icients used in the sum |n

this caledifary ﬂ*?éng &) (Negy, Loudness Dyupeirg Meth

I qa%ﬁamapéppamh&@ﬁud&\tﬁapatfeﬁmééﬁarambvreagpéw ng a
old to the array of difference neasurées from

p CT/ EJIS@BO?-L/-OQE‘W % Iﬁl%{j pﬁ%@ﬁ 8P 2031 H‘ébhshﬂ‘é as Interoptienal Pablication
NumbBEATY Lo0R/GLR00 A1 lhbifsh eb?}cufalﬁﬁ 11 2t étﬂl&stﬂﬁ 'f’%{)cllé ES

deened sufficient to signal a ne
Loudnegstaad/asthe Perceivad pettsal Badarcded ansAwio Sigmat” by Atabalefirey
r
Seeft dl;yngs\?g’?%ﬁ@? Mthrﬁggl 511 ?t)_] ee)g(p\r/e:lgxgés ré‘gfjﬁérg{nve&) ?ouélgess based
ona pstyeh@etuoesﬁmﬂnddalaﬁdn@ appiicataqn o hetrdaﬂﬁsﬂﬁrplofatedh byubfetence in its

. gitdeFFT rrored.part) IS .
entirdfGORS e0 1o 5310 poicplopBortiep BRI R Kr1E mm exeiagign
signal ¥ 2] id Enfilidd BRRGESRRIMARE gﬁtdlé’cﬁbﬁﬁoﬁ(\@f dndSy %ﬁgttl'lé/ﬁasﬂar

frequenm es- for the magnitude of the FFT, one is the
membyane of theringer cof at buiticd band b diiking tivd MGCI_V\HSThiSCEsematlon may be

ent .. .
compba%ﬁeiéou 5 rg?ﬂ% gbé%}tﬂlg%ﬁl#ﬁ]&e %%hggﬁr?&? Rg’lgb%;l?) q%\éhe éudlo signal as
followranged to reduce (increase the threshol d) or increase
(decrease the threshold) the detection of events. The
process of FIG 1 may be represented nore generally by

th Wi t n 2 4 and 5. In
gbegl—){%[g’gdl s?g%m%ygéf[kg? K haral 1 el to an
Identlfg Audi tory Events function or step 3-1 that
di vi des(lphe audio signal into auditory events, each of
whi ch tends to be percei ved as separate and di stinct
and to an optional "ldentify Characteristics of
wheradik, drrppiesents the STRETi ofhxpr] at tioe ok ¢ aikbiprio ddets thdt in

cavati] ¢ BEjEDRISS  TREA Yoo Her PPk e dBRDrd 100

contifioud afiEaseid) BlichSas deabhds. ITRT Esptedtals the frofidRya8spohB&of a filter
auditory event information, which may be an

simulating the frawtiissomdf audip ttlupygleﬂmut@amddaﬁdd@ear and C,[k]
determb?ed by function or step 3-1 is then used to
repreR 1y ffaueaiesPeRrR it basilsmembrped pdaeationcopsseepding to
cnhc@l%@ﬁtbaqlﬂG el ePRiE a shiRdbl® set@f‘én}lcal Rad98ek t&Pondd¥ iR which 40
"Modi fy Dynam cs Paraneters”

bands are spaced uniformly along the Equivalent Rectangular Bandwidth (ERB) scale, as
defined by Moore and Glasberg. Each filter shape is described by a rounded exponential
function and the bands are distributed using a spacing of 1 ERB. Lastly, the smoothing

time constant 4, in equation 1 may be advantageously chosen proportionate to the

integration time of human loudness perception within band b.

Using equal loudness contours, such as those depicted in FIG. 7, the excitation at
each band is transformed into an excitation level that would generate the same perceived
loudness at 1kHz. Specific loudness, a measure of perceptual loudness distributed across

frequency and time, is then computed from the transformed excitation, E,,, [b,?], through
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function or step 3-3. The optional "ldentify
Characteristics"” function or step 3-3 al so receives
woOher7andizBory event information. The "ldentifyPCT/US2007/008313
Characteristics" function or step 3-3 nay characteri ze
some or all of the auditory events by one or nore
characteristics. Such characteristics may include an
identification of the dom nant subband of the auditory
event as described in connEEtion with the process of

1. The ch ter| nclude one of
a confireisi s ae ip e DiF euch ROToTh n gty SFuE piinmegifcoudness
Nib, reRiven ©f: power of the audltory event, a neasure of
anplitude of the auditory event, a neasure of the
spectral fl atness of the auditory event, and whet her
the audi tory event., ubstantially silent, or other
9 ﬁ ﬂ%@dbﬂ ;Flp nmodi fy dynam cs paraneters
ga jve aud| bl e artifacts of the processing
are reduce or reane . The characteristics my al so
i n@hude ot her characteristics such as whether the
audi tory event includes a transient. Alternatives to
the arrangenment of FIG 3 are shown in FIGS. 4 and 5.

wherd 'TQ: | Gis the thﬁ:@h@\ﬁﬁfé ggiel@ ?Uh%gi BiPthe' cBnitBhts 3P Rlge ; are chosen to

relfly to the aracteristics" func

matcB gﬁp;vﬂl -oF loddiess Hatl @€ BoN&t&l K6m llﬁt&ﬁﬁ@éx;féﬂlrﬁdr@in ABﬁractly, this
~ldentify Auditory Event

function or step
transfyrmatign fom exsitalipgsto ipqcsé% loydaessmay @aﬁwréedoky éllfcﬁ‘F“S‘r‘Pn

{}aﬁkﬁqg&nent In FIG 5, the functions or steps 5-1,
5-2 and 5-3 are arranged in series. The details of
this practical enbodinment are not critical. Oher ways
to | cu the spectral content of successive tine
seﬁ@éﬁf?h%@ﬁ?ﬁg audi o signal, calculate the
di ff erences between successive tinme segnents, and set
audi tory event boundaries at the respective boundaries

F malbetﬂWef@ﬁal doudness |1i[é] mpresemqimmnstswtﬁ eone;, frecainpifted by semming

the s lfé&g ag StraI ile content between such
%‘ﬁ Ve taF??é ent s exceeds a threshold may be
enpl oyed. Audi tory Scene Anal ysis (New, Loudness Domain
Met hod)__|l nt ernati onal application under the Patent
Coblsbra i tTreaty S.N. PCT/ US2005/ 038579, fil ed
Cct ober? 25, 2005, published as Internationa
Pqp?ication Nurmber WO 2006/ 047600 Al, entitled
"Cal cul ati ng and Adjusting the Perceived Loudness
and/ or the Perceived Spectral Balance of an Audio
SioAdpectit 16hdiksd ﬁ}f[é ¥Fis Ftat%ieﬁleaxﬁr{g nulate the
ot her "'things, an o JeCtIV neasure of percelved
mannepirdwbish ddageah perceives audio as a function of frequency and time. It

captures variations in sensitivity to different frequencies, variations in sensitivity to level,

and variations in frequency resolution. As such, it is a spectral representation well
matched to the detection of auditory events. Though more computationally complex,
comparing the difference of N[b,¢] across bands between successive time blocks may in
many cases result in more perceptually accurate detection of auditory events in
comparison to the direct use of successive FFT spectra described above.

In said patent application, several applications for modifying the audio based on
this psychoacoustic loudness model are disclosed. Among these are several dynamics

processing algorithms, such as AGC and DRC. These disclosed algorithms may benefit
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on a psychoacoustic nodel. Said application is hereby
i ncorporated by reference in its entirety. As
wdeswrizes i n said application, froman audi o BCGNak007/008313
an excitation signal E[b,t] is conmputed that
approxi mates the distribution of energy along the
basi | ar nmenbrane of the inner ear at critical band b
during time block t. This excitation may be conputed
from the Short-ti ma Di scretlel Fourier Transform ( STDFT)
t he .audi 0 sij as_.f : =LbE
from e use los)augJ rR’teP/g [t?(f:?r}?[' vtapf)ui ﬁs[)%%b é)agg[rﬁetfnjs Beca!]xse
spemﬁlt(@Mesrstxs alrbalyScoipluted, ikisngadily dviallablb fexctke bufitde B Hetecting
. . Note that.in [ resents tinme in
said ety DetAi eSO SRR e REoas S hpoted o a
conti nuous neasure, such as seconds. T[k] represents

t he freé}ency response of a filter simulating the

t r afiédliodRynariniss Prossting dapampter Kongnal sithohudipgrydivents

etwo afnpies ki eﬁlﬁﬁ’&lﬁﬁﬁ&t@f th@ Tiveh BN ERTOW ﬁ&@gﬂ’ﬁ@ Phe first

t he basilar nmenbrane at a | ocation correspon
descripes thequse afanditery eves tg comipeldhe release |tmm@ @ettalofnplementatmn

[

ot 1 Ry B A SONSRCDBER AT AR 6 e oo
Mean atvs) ERBPI' Qf:fhb gignak Had savend bybMbiprant dnss:tribes the use of

o S50y A S nBIERE SRS YUk

and DR irgp!@rrsqm:i wighinfthd c@RBxt dfabe payychbimusmn wtudnesy rhoded

uat i.on dvant ageously chgsen

doscriBBBB0L. - Hsk G ooy FER e 6 HEVS A RiEpts SR
invention dnbs ang érshepldi tenundietdooot thanithe ise blSalidjtoeﬂ g@édnts to control

| oudness, cont ours, such. as. thase de d i G.7, ‘
peramefS 8 8 A BRRISY FapecsSibh SRR eS PPLRSrSIe0dn hentrscifivs desoribed
bdouex0|tat|on | evel that would generate the sane

percei ved | oudness at | kHz. Specific |oudness, a

nmeasure of perceptual |oudness distributed across

frequency and tine, pya.hReR, $£5 fromthe

transfornmed excitation, El kr(:i@ t hr ougha

c Jrh@r@gmw @gﬂalnmpéemntytm @B@hsegmmwﬂreaum sighah (]
. i,fi ¢ | oudpess |ven b
into wigdS IR FEedks T BEREFLDIR: f gt Ry gds based on
a meaame: dflthe ngnslf ﬁm::sl ﬁbv@é’tdmd aﬁe&c@d&%ﬁipré@xdﬁ_mﬁ'he & cothfuted. The
gain 1%%1&39%%??03‘3 §[§J§}( l eCt lghe& \Oer]ghl ela?:ltl %ﬂ)lcﬂg The modified blocks

are finally overlap-added to generate the modified audio signal y[#].

It should be noted, that while the auditory scene analysis and digital
implementation of DRC as described here divides the time-domain audio signal into
blocks to perform analysis and processing, the DRC processing need not be performed
using block segmentation. For example the auditory scene analysis could be performed
using block segmentation and spectral analysis as described above and the resulting
auditory event locations and characteristics could be used to provide control information
to a digital implementation of a traditional DRC implementation that typically operates on
a sample-by-sample basis. Here, however, the same blocking structure used for auditory
scene analysis is employed for the DRC to simplify the description of their combination.

Proceeding with the description of a block based DRC implementation, the

overlapping blocks of the audio signal may be represented as:
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transformation fromexcitation to specific |oudness
may be presented by the functiony { } such that:
woORm71R7028; [b,t]} Finally, the total | oudness, PCIS2007/008313

represented in units of sone, is conputed by sunm ng

the specific |oudness across bands: | Nb,t] b (3)

The specific lIoudness N h, t] is a spectral

representation neant to sinmulate the manner in which a

human percei ves audi o as a Ifsunction of frequency and

time. It captures variations in sensitivity to

different frequencies, variations in sensitivity to

| eyele _aqgt]*[amm;lgps in fraggrency «esalruti on. As

such, IS a spectral representation well matched to

tNé)detectlon of auditory events. Though nore

conputationally conpl ex, conparing the difference of

N b, t across bands bet ween successive tine bl ocks may
wheré M ismlneybkmk dengtieand theihoprize & p2.c epi ) &l thy wasdaw at 8 the sample

tectjon of auditory events in cq ison to
index Gyitapthe Bioak L6 RPIo e MidP SHRIE A gt mubintBs geme way
as with"thé 8THIPRIELEduafBR1} ﬁ@&;ﬁx@ébntsst%h@ R hlsamé bfitd 60818cksQhather than
nodi fyi ng the audi o based on this psgc oacoustlc

seconds, fan examplsyeldegily, the lg\en%’éﬁdn thath gadeegng sums to
it WA B  B  A0F 0

criteramyl fhrtexaynpdecent s to control various associ at ed

p e Because s.alre
e iRB Geti prock T an oty SRR ot shfgaee Rger
measﬁketR{c]t indB pai Bloekents. Details of a preferred
enbodi nent are di scussed bel ow. Audi o Dynam cs
Processing Paranmeter Control with Auditory Events Two
exanpl es of e dj,ment SIf the invention are now

pr Egeatiodlod! ’[alepcri bes the use of auditory

events to cont\Mla=t he rel ease time in a digital

mﬂ?i ementati on of a Dynam c Range Controller (DRC) in
i'Ch the gain control is derived fromthe Root Mean

Square (RVS) power of the signal. The second

nmbodi nent descri hes th se of auditor nts
As meRjigneg) Sselry avacoa»?% Phiscpor encaspi Lith 6% grtack and slow

releadedHUrtaprodessihg Aeh a compression curve, but as an alternative the
instantaneous power P[t] is processed and the resulting gain is smoothed. This alternate

approach has the advantage that a simple compression curve with sharp knee points may
be used, but the resulting gains are still smooth as the power travels through the knee-
point. Representing a compression curve as shown in Figure 8c as a function F of signal

level that generates a gain, the block gain G{¢] is given by:

Gl7] = F{PIr]}
(6)

Assuming that the compression curve applies greater attenuation as signal level increases,

the gain will be decreasing when the signal is in “attack mode” and increasing when in

“release mode”. Therefore, a smoothed gain G[¢] may be computed according to:
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and DRC i npl enented within the context of the
psychoacousti c | oudness nodel descri bed above. These
woOwew7antagi nents are nmeant to serve as exanpl eBCoOfUSR(vE/008313
invention only, and it should be understood that the
use of auditory events to control paranmeters of a
dynam cs processing algorithmis not restricted to the
speci fics descri bed bel ow. Dynam c Range Control The
described digital inplenentggion of a DRC segnents an
audi 0 signal_ x[n] into w ndowed, half-overl apping
b|€£41§,al§h-@ﬁ¢mllé&khaﬁﬂlﬁ{k] a nodification gain based
0Q7€)neasure of the signal's |ocal power and a
sel ected conpression curve is conputed. The gain is
snoot hed across bl ocks and then nmultiplied with each
wmcrb|°Ck' The nodified bl ocks are finally overl ap-added
%o generate the nodified audio signal y[n] . It should

be not gq, thatgwui &, Lpe auditory scene anal ysis and
di@kiagifﬁﬁ1e lﬁﬁggﬁonnof DRC as described here
di vi des\%-dree t i G H audio signal into blocks to

pqegprn1analysis and processing, the DRC processing

need not be perforned using bl ock segnmentation. For

and exanpl e the auditory scene anal ysis could be perforned
usi ng bl ock segnentation and spectral analysis as
de€ereiebed®above and the resulting auditory event
que}ions and characteristics could be used to provide
control information to a digital inplenentation of a
traditional DRC i nplenentation that typically operates

. n.a sanple: by-sanpl e basis.. Here, however, the ne
Finalf}y mm%%w gEipGTIAL el Figh ARyt pnlipdde eah biogk pEihe signal
y . . e of
and R RO MR B 1S o Wl AT plodioh o ABGHICARARR N1
a bl ock based DRC i npl enentation, the overl appi ng

bl ocks of th diq Signal =1y ke represented as:n,t
ety oy S Bl A R R & e bl ok O et M /2
aqﬁ%the hopsize is M2, wfn] is the window, n is the

S

le index within the block, and t is the bl ock
index (note that here t is used in the same way as

ote o Be e IPDc SRR Bt SR B o o
equatixehphedveraeadd yynthdsés shomtabove effettiyedy smbothz elicogahs across
samp{%egtol% theengr%cgsr},%d Sé}'lg%gl 32[91] Thus, the gain control signal receives smoothing in
addition to that in shown in equation 7a. In a more traditional implementation of DRC
operating sample-by-sample rather than block-by-block, gain smoothing more
sophisticated than the simple one-pole filter shown in equation 7a might be necessary in
order to prevent audible distortion in the processed signal. Also, the use of block based

processing introduces an inherent delay of M/2 samples into the system, and as long as

the decay time associated with &, is close to this delay, the signal x[n] does not need

to be delayed further before the application of the gains for the purposes of preventing

overshoot.

Figures 9a through 9c depict the result of applying the described DRC processing
to an audio signal. For this particular implementation, a block length of M=512 is used at
a sampling rate of 44.1 kHz. A compression curve similar to the one shown in Figure 8b

is used:
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unity when half-overl apped with itself; the conmonly

used sine w ndow neets these criteria, for exanple.
wéaoo7aanh3 bl ock, one may then conpute the RVS ponwaIs200/008313

generate a power neasure P[t] in dB per block: (5) As

menti oned earlier, one could snooth this power neasure

wth a fast attack and slow rel ease prior to

processing with a conpression curve, but as an

alternative the instantaneoug-power P[t] is processed

a e.resyl ti ain_.is _snmpothed. This alternate
abOV%\g%}dﬁ;@PtW& o Fyd Segl Ql&l@é@%ﬂ%{ai i3 altenppted Mot Eigi oS 1, and
belowurve with sharp knee points nmay be used, but the

resulting gains are still snooth as the power travels

-30dB m%ﬂgﬁaltlﬁ ocksrq%}ygih.mr_atiggﬁﬁgs eHte gain & Whgggriitb@ attack
coefffiént&y 25 SHR oh@ing'tg la{rhglf?—g&:ecgf Hgleg‘#g?&ﬂsoﬁld':a %&Ea%: ?@&Jﬁcient

evel tfat generaté&s a gain, _ gal n
e, J1 CORRsPONAiING ot a FeATFIdYay(Phe O SOOI ThE Btiglfaf audio signal depicted
conpression curve applies greater attenuation as
in FigirgRalcohsiste lof sixoromasasiyve phmoghordsywisith the fidelslmadilogated around
[ s in "attack node" and increasin

I
samnfglofs 1 (1 e i onceRBHBIBRE » BIOHHSbt Bl G in Figure 9b,

it shofild bo (g B6at ARTBAN S EnBE USRI QLA A e enofid are playta.
This g hegapse(the pighpleriergy renming fordhh ewbsgpam, WEiween -30HBandi-g0dB,
e
of therlagf ¢hoed, the dignal gengyt fdlls Below £3DdB, and thef grin Begins tdMid,
event(1§Ply beyond 15dB, as the chord decays. Figure 9c¢ depicts the resulting modified
audio signal, and one can see that the tail of the final chord is boosted significantly.
Audibly, this boosting of the chord’s natural, low-level decay sound creates an extremely
unnatural result. It is the aim of the present invention to prevent problems of this type
that are associated with a traditional dynamics processor.

Figures 10a through 10c depict the results of applying the exact same DRC system

to a different audio signal. In this case the first half of the signal consists of an up-tempo

music piece at a high level, and then at approximately sample 10 x 10* the signal switches
to a second up-tempo music piece, but at a significantly lower level. Examining the gain
in Figure 6b, one sees that the signal is attenuated by approximately 10dB during the first
half, and then the gain rises back up to 0dB during the second half when the softer piece
is playing. In this case, the gain behaves as desired. One would like the second piece to
be boosted relative to the first, and the gain should increase quickly after the transition to
the second piece to be audibly unobtrusive. One sees a gain behavior that is similar to
that for the first signal discussed, but here the behavior is desirable. Therefore, one would
like to fix the first case without affecting the second. The use of auditory events to
control the release time of this DRC system provides such a solution.

In the first signal that was examined in Figure 9, the boosting of the last chord’s
decay seems unnatural because the chord and its decay are perceived as a single auditory
event whose integrity is expected to be maintained. In the second case, however, many
auditory events occur while the gain increases, meaning that for any individual event,

little change is imparted. Therefore the overall gain change is not as objectionable. One



10

15

20

25

30

Not e that because the bl ocks have been multiplied with

a tapered wi ndow, as shown in equation 4, the overl ap-
wadd7sgnekesi s shown above effectively snoot hspPciais2007/008313

gai ns across sanples of the processed signal y[n\.

Thus, the gain control signal receives snoothing in

addition to that in shown in equation 7a. In a nore

traditional inplenentation of DRC operating

sanpl e- by- sanpl e ratherttuﬂsblock-by-block gain

t hin re saq stlc th the sinpl.e one-pole
may (FOIE SRR, $EBR CHE P o Pk Uik oy jamporal
vwmi@y d€hn hadiRre¢oait b@uddhbre Ghesctoeld hPly tHls bARCIPEICLARS B&in while it
gnal . Al'so, the use of bl ock based processing

is in ?lﬂief BHeRke releassmedehut don raystmﬂt@akmm%@nqaﬁ%s ¢ffReDRC, the
gain B¥FELID Ay 38 altAInBde (GG RYn kb R RISRCleAlRth] Wddlution of
attack is close to this dela ég the signal x[n] does
eventpsrcaptied thay n@e:oaeplagsé@ceagmryh neyapyp therefoee wysptvieotsttp eantrol
smooﬁ(m% be ﬂﬁ%ﬁ@ gatl 1?]19 1@%51?151”6%%60&18 nting overshoot.

res 9a th ct the resul't of applying
t hfe suidaiie bd@dl@l‘@ the ofdws icontrelds apwaledénibesli dnajualifative terms, if
an evkﬁt'g? SQ&?@H?&' @'a d iragggng) Itd?]u/itﬂ eer%%e?&ﬁﬁx%flcgﬁ[ggﬁ A’l%fspeciﬁed
above onipqedionda. a"usrtwae svnllvleapasu thet :te&eabeﬂeewdmﬂ,wndhﬁn& sghsequent

e o,full scale,diqital
eventffod SeclIED RO Fot M atr Sl horki B ipepe B0 S ey e
smookteldqain %(ifﬁzbin’éuﬁplg&ﬁl [fiafothepsten isddtdeted, titdn the @fodthing time
. . Lhe jn.is snmoothed wi,t.h an attack, c eff ci ent
constant I Forbh U PEIBLUNNG 1 U3 AP GGy (Bt fqpplate the
releastitiing, drelre@as first QeAdrhtei atdintr6! bigAaltbab€d 62 HRAUTHEE &vend
lf decay tine of 500ns. The original audio signa
Scted in Figure 9a consists of six consecutive

pl AHBis6NREW Sarlivf, %beﬁthﬁmflﬂﬂ@és HiPb&ldetbOedbo dodify B changes in
mpl el .75 x 105 ﬁylng into S|Ience Exani ni n
n

Succea$18? SRRCURIOL ﬂ@fawheﬂgpa# thigagiapiar implapeniatip, éhen'agwf each
overlﬁﬁlﬁﬁg bRk Ik rl] J‘ﬁ)lﬁﬂﬁﬁé@%& Serlchfe MY S EDED %f $hefaudio signal
chords are pla IS IS because the signal energy

x[n]lremai ns, for the m)st part, between -30dB and -2QdB,
t he region wi thin which the DRC curve calls for no
nodi fication. However, after the hit of the I ast
chord, tne‘5|gnahﬂenergy falls below -30QdB, and the
gaxmk,bpglﬁsx[ﬁo]erlge eventual | y beyond 15dB, as the
chord deeays. Figure 9c depicts the resulting nodified

%ggo signal, and one can see that the tail of the

fi chord is boosted significantly.

boun

Next, the difference between the normalized log magnitude spectra of successive blocks

may be computed according to:

Dt} = ZIXNow[kat]‘XNom[kat—l]i

(10a)

where
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Audi bly, this boosting of the chord' s natural,

| ow- | evel decay sound creates an extrenely unnatura
woesw27028t is the aimof the present inventi ORCTWS2007/008313

prevent problens of this type that are associated with

a traditional dynam cs processor. Figures 10a through

10c depict the results of applying the exact sanme DRC

systemto a different audio signal. In this case the
first half of the signal cawsists of an up-tenpo nusic
pi ece at a h|g | evel, and then at approxi mately
sanple 10 x qkmksﬂgn | switches to a second
upxhﬁmﬁéﬂhﬁé¢ at a significantly | ower

| evel . Exantnl in Figure 6b, one sees that

thO%ignal S attenuated by approxi mately 1GdB during
B r st hal f, and then the gain rises back up to (dB

Here ﬁt‘érd){ibgrrﬁMOP Fﬁ@nﬂLMbés Wﬂ?ﬁ it erdsfeﬁﬁ&rmﬁizgﬁ 'a?thoggh one

pl ayl ng. ase e gal n behaves as

mlgh%%%%t*?eféthﬁaﬁ%ﬁotmgﬁh%hoﬁtnt%. Bc ARRISE (A1 abfoss
bins. af tlﬁrdlﬁ&%n&é @gﬁp &iceBdd e?tﬁr@ﬁto?@?f’nd iR Eeveft t%ecoﬁgtﬁbtédxto have

unobt r usi ve. e sees a gain beHdVior that is simlar
occurtagl. tAnédltlbmarll}t, bee Maysissigh grtrlenglihgo whis edczntblyungtbastWebﬂn eero and
behav i.s d rabl e. Therefore, one uld |
onc, sgit o, B §1 DA IR P imndlsom it o R HE S e T
lL.ease tinme of
resul R e oI Bl A B BL chBuER o LT T
signal that was examned in Figure 9, the boosting of
the last chord's decay seens unnatural because the
chord d its decay ar Hgﬂﬁelved as a single auditory
event ose integrity |£ exp®tted to be maintained. In
the se £ase, homever ma auditory events occur
whillit b= e ncr easPsin ) Eﬁﬁh@m&hat for any
i ndi vi U= evertt, little change is i nparted. Therefore
the ovegral | gain changp[d]ls DQ{ as objectionabl e.
Cnenay t heref ore argue that a gai n change shoul d be
z?& wed only in the near tenporal vicinity of an
ory event boundary. One could apply this

By asBifg’nﬁfg Pétenith tohBe gadiforytiivest propbBiohsl tB8ithd hoaddt Felbeifal
rel ease node, but for nost practical inplenentations,

changgrasspaigted withdhat-gventgieateronggl eyaryhe dynamigs Rrasgesing is

achieGQIPdonSARisb P td ABirRHTBYer: QBNISA! THR SV eHid? ‘ﬁa@é fcﬁx\‘nﬁrthat larger
perception that no_control is necessary.

gain q’ﬁeg@r%ﬁ acceptable, dyning steongsh eyts, @néétqﬁla@alem eqmmmd allows

such G BIOMrophen it is in release node. A suitable
behavi or of the release control is now described. In

quei signal vz}t isramgmpiuisiemsigeanvith en tepulet ecturtingaighi hocation of
an evgﬁct bé)uf-t?aerge %or tehputrlrs]oesers %lf %gggoﬁmrgr?he e esatséa Qme,agne may further
smooth the signal A4[r] so that it decays smoothly to zero after the detection of an event
boundary. The smoothed event control signal A4[¢] may be computed from A[¢]

according to:

Z[l] A[t] A[t] > X e Z[t - 1]
evem'A[t 1] otherwise

(12)



10

15

20

25

30

above in Equation 7a. As tine evolves past the

detected event, and if no subsequent events are
wdet@aad3 the rel ease tine constant continual PET/US2007/008313

i ncreases so that eventually the snoothed gain is

"frozen" in place. If another event is detected, then

the snoothing tinme constant is reset to the origina

val ue and the process repeats. In order to nodul ate

the rel ease tinme, one may f2¢st generate a contro

si gnal based on the detected event houndari es.

Here ¢f .0 GRS e dacay Himafhe g¥entsapiraksignd)- isures %@ e 19y depict
| ooki ng for S J N successiv pectra of the [

the eyqng fgmtrol sien g@?ﬁ Brabeora Foqrﬁaﬂoeﬁ’@s Afiotigna! I el E-decay

Cc

time Sfé‘%)larsg%’ogﬁl#eﬁggﬂéﬁ%é?hﬁ li? El[é@gI F%%Z?P@Sﬁgg 'ﬁ?alﬂ %ﬁ %v%g?kbou]ndary is

detect@drfpt Pecl"mﬁlh(% 8ix exa charlls, agidfthartbe evaedb eontearsigieé decays

smoonl%r q%var%l% zell-j)t agﬁuer ae%%(g % n% I%Eeﬁlters%md ﬁsﬁqes? Vg‘fe%lts arlé detected

very mlbsﬂs EN@EMo(tHd}bl)n tiblet, end ﬁewfnx& thisreverit cbnfrAl sipndl meendscays fully

" bins k is used for nornalization, although one m ght

O Zeyml oy ot her normalization factors; for exanple, the

aV@h@%ﬁerowﬂﬁieQ% eberﬁscon&m élgﬁald;liftj & @Whp[‘éllaas%)fﬁﬁ@%stam
a threshold Dma , then an event IS conSidered to have

used forcumoathing Aielgaino Nﬁhtiryl;he@netruhygla&l $$ gquahtsomes tlyt smocthing

cootlefyl YT Bpim B o AL ED e MR RAR RP LG g0l signal is
equal%)%ero Tﬁ@g&&ﬁ&lefli éwet S thahE Eﬁméh{ea %ths ?\{?ik{teg from

e QOTTpUt assigning a ‘st .
changlns gmdlsnmpshleg emfﬁpteoplsrmte@mdhted (bewuahwrtwocﬁxtremes using

tE sociated with that event, greater
the c@@ﬁ@ O@Jal 8&%@&% 5

over dynami cs processing is

Glt]< Gt 1]
alt] = — —
{Amam,m +({-411) Gz Gl-1

(13)

By interpolating the smoothing coefficient continuously as a function of the event control

signal, the release time is reset to a value proportionate to the event strength at the onset
of an event and then increases smoothly to infinity after the occurrence of an event. The

rate of this increase is dictated by the coefficient « used to generate the smoothed

event

event cbntrol signal. .

Figures 9¢ and 10e show the effect of smoothing the gain with the event-
conirolled coefficient from Equation 13 as opposed to non-event-controlled coefficient
from Equation 7b. In the first case, the event control signal falls to zero after the last
piano chord, thereby preventing the gain from moving upwards. As a resulit, thé
corresponding modified audio in Figure 9f does not suffer from an unnatural boost of the
chord’s decay. In the second case, the event control signal never approaches zero, and
therefore the smoothed gain signal is inhibited very little through the application of the
event control. The trajectory of the smoothed gain is nearly identical to the non-event-

controlled gain in Figure 10b. This is exactly the desired effect.
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achieved in conparison to a binary event decision. The

i nventors have found that |arger gain changes are
weaceewpkahBe during stronger events, and the si gaaiusem7/008313

equation 11 all ows such variable control. The signal

Al't] is an inpul sive signal with an inpul se occurring

at the | ocation of an event boundary. For the purposes

of controlling the release tine, one may further

snooth the signal At\ so4Xat it decays snmoothly to

zero after the d I 0 an,eve undary. The
srmot hed event C?IEW?%FSSQ ‘ér“%@’j’ﬁ?&{fbe conput ed
rAﬂﬂrﬁ{dtdmﬂWb&bdtaﬂgldrﬁl dﬁ[latnhcé\bfoceés]né feehiighes wherR signal

nIroIst t he event control signal
m°“‘€‘f%&?f‘é§f% %&%‘ﬁ“’& SHPP\cﬁégf@iE}’F?S‘ESWFPGISWélF ghRpakngr RMS
power\ma‘emaﬁohel pawmqqspmaﬁsﬂ di N@@FM@O‘G)S%@'S% dicidied & of the
time of the snpother set to 250ns. In the

PSYChPP?%‘tS“e ¢ bated Igdnese sodehdescrhed pashier woufigmeyorls within which to
perfoﬁﬁﬂ?ﬁirﬁﬂ:s&:%ce@ﬁﬁ Qévérta‘ﬁa(ﬁ"aﬁtaEbsaﬁg cﬁ@&’r st méqsﬁxjaﬁknts and

he” event "control signal decays smoothly towards zero
modlféﬁétt@ﬂs agctpeeifiedtin uFtSﬁ* Of m;les whinhds erg&mlaccmwnewm ef loudness
perce?('i ah‘?ﬁ&%‘i)ﬁ%rrﬂea‘;{l@ SultPa£BER &H{i\% | $Beo g, tPe audio
herefore the event contro? si gnal ecays I
may hegnedifigd stplethat therpencaived smetrd\kmhancc @[ﬁ'thmngnglrmidnd\{st ]

stant _used for

iAot 84hd G\ GRRE TR0 Y S FPREA o
becorgertess percgptmekdy fipjdrenttin &bhﬂpaﬁsc&nﬁoﬁqdb&tanﬂm pFacegontimt atilizes a

) as before nal i.s
widetgi3386,, £o0ShaiD10118 mlihr e Rl datrehE e B constic panget s
inhermﬂguhhhdbgﬁi and ﬂlqﬂéfbb@mtaesistémdmeﬁiiﬂﬂ’@nlﬁ'@ureﬁh@ perform multi-
band noot hi n OefflCI |nterpol L bet ween t hege

and EYReTRe PE‘}?S%SH&%}W Frie {?Ht%ihesvv% OWR CHISHSREC! R Pumping

problérﬁs)assamatemtwnﬂ@I»ﬁabmdtmaﬁmqhbb&gmcoef ficient
usly as a function of the event control

C haveR et rBingdsman b o isgdn this lohdngpidomain already holds
severaﬂra@F)Qﬁthg&rWe? nidte Hﬁ&ltﬁ)\ﬁﬁf‘&yﬁ}ﬁl Bein r% bR t@@lﬁﬁgu&fna? be

event and then increases snoot to1ntinity a
further frapgied ﬁh@ﬁgb thsy usgrof@pditery emetsrtatcemml tious patERiere.
Consxﬁéreﬁll'g%gfoeﬁgn%nt 855861 piGhS Blorls ds 458l S IFDGEAHR associated
DRC shown in Figures 10b and c. One could perform a similar DRC in the loudness

domain, and in this case, when the loudness of the final piano chord’s decay is boosted,
the boost would be less apparent because the spectral balance of the decaying note would
be maintained as the boost is applied. However, a better solution is to not boost the decay
at all, and therefore one may advantageously apply the same principle of controlling
attack and release times with auditory events in the loudness domain as was previously
described for the traditional DRC.

The loudness domain dynamics processing system that is now described consists
of AGC followed by DRC. The goal of this combination is to make all processed audio
have approximately the same perceived loudness while still maintaining at least some of
the original audio’s dynamics. Figure 11 depicts a suitable set of AGC and DRC curves
for this application. Note that the input and output of both curves is represented in units
of sone since processing is performed in the loudness domain. The AGC curve strives to

bring the output audio closer to some target level, and, as mentioned earlier, does so with
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event control signal. Figures 9e and 10e show t he

ef fect of snoothing the gain with the eventcontrolled
woaed7iizoizent from Equati on 13 as opposed to PCT/US2007/008313

non-event-controll ed coefficient from Equation 7b. In

the first case, the event control signal falls to zero

after the |ast piano chord, thereby preventing the

gain fromnoving upwards. As a result, the

corresponding nodi fied audi22in Figure 9f does not

r_from an unnatural haost .gf chord' s .decay.
retatiyefy s Hiieiat o, O B JERE ot fin AGE SEHkIRE HikiGhL torm
loudmwoﬁﬁefaﬁﬂlda{wl toathd tdrfey Bhiosrea tha -SRI BRI t1EAbAdness may
f s i.nhi bited verg I|tt“§ t hrough t he
“C%%f‘ PBHY grovpdnis st e, onp gy eRpRley Spsjergeting DRC

to linliDéheSérBIQtnaHoRo %oin‘é rBes &éérﬂdé%%éﬁ%letf& fhB %artlcular application.
non- eventcontrolled gain in Flg#re Thi s

Figurg,ld shoysisneh abRE em@fwlm theoty ﬁb@&%ﬁ@kw@néh@m and”” of
the DRITC, Qhé ﬁ()ﬁﬁ‘}n' ofend Qurlé Ehl‘i’@ﬁ;‘r nOREAHES N, O\Q’%gsthﬁ%ombmatwn of

tec nl(gues wher e si gna difications are
cmeﬁuﬁh@tA & niﬂceg ithgploagdemn hiudm@sctfrtbﬁemlg veithih theesnitebiandof the

DB ER |6 1O RE SO REALLSD By, 1

term lomdagss Sﬁlllbﬁhmt@atmamdd of threi thdibaad; nheeles:sthan ﬁcta e mivie the
loudn kd gf‘ Hm%ﬂfohto(v%r&etﬁ%q{u@ @%{&a rRsC 3 ﬁgalgﬁféﬁfgl ngtc one maylapply the

advant ages are cite nmeasur
slow aetihd ACKT sunbshatrad! sames iof iled ohdnass inicglebfecsieBehe smEimbant of

r asure. of oudness er cent.i
ool R P BB RS VoS P b one may
applyShe cﬁmﬂ lagting DR(Bur.h manpeyt that aMoslisithetbugueds rhbdiﬁc‘ﬁtﬁt&g to vary

oG SRS 6D P s Pe ol B s rom

fast amyg bakbhagiRperddent bR damsmaddificaisiness becone | ess
% ally apparent in conparison to a dynam
‘&‘g‘g% eVERaMmaythe ytilized fo gpeted dhel a@%&ﬁndﬂe}ea%rhﬂﬂe the AGC

and UIQC mpglideycdsber A@t‘ ‘botlk-ﬁﬁtdtﬁéck LS rdISHE PRGNS Hrg? it CQ)% arison

IS |nherently mul t'i - band, and therefore the s

to thedgripoyal seyotytiur %fopvp@t prse<nsion and thernfore qyynmnrm@l may b
advalth ot/ lb9 PLth EQsegl 'Vﬁﬁjl SR Be el agié Ekoriggatlvely short, and

Cross- spec punpi ng ens associ at
thereffirel event @OUWlamr be pc@ﬁ;‘ésmd)y forAh¢ tebergh ap evithaheinaditional DRC

d&mq$%?%' ¢S processing in thi's | oudness donain al ready
s several advantages over nore traditiona

dyhadiscesspd oarbisss iong mayhesetthe Specifitelondiyesh spéatriniiassociated with
the erhgﬁxygﬁ g&ggr ;gggcl?eltthr thlélasp%rggseg o e\t/e% }ietect%]r} SAtcjJ ffgr%put:é ol

signal D[¢], similar to the one in Equations 10a and b may be computed from the specific

loudness N[b,t], defined in Equation 2, as follows:

D[t]= ;INNORM (5,1 = N yopy [, 2 — l]l

(14a)

where
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Consi der the audi o segnment containing piano chords as

depicted in 27a and the associ ated DRC shown in
woiguries2iCb and c¢c. One coul d perform a sim | apcDRS200m008313

t he | oudness domain, and in this case, when the

| oudness of the final piano chord' s decay is boosted,

the boost woul d be | ess apparent because the spectral

bal ance of the decaying note woul d be maintained as

the boost is applied. HowevEy, a better solution is to

not boost the decay at all, and therefore one may
adyant ageg the sane principle of controlling
attggwﬂang nq?dé&éﬁﬂines with auditory events in the

| oudness donmali n as was previously described for the
t (&d4bX i onal DRC. The | oudness domai n dynam cs
processi ng systemthat is now descri bed consi sts of
ACGC fol l owed by DRC. The goal of this combination is
Here it tBKigah bf Esz: AP §@rsssaﬁ1€$&nb%§nmrsqzsbmlqio\fmtahﬁ‘aﬁon,
same perceived | oudness ile still maintalning at
althouglasiie might eafpléyother hernmdizatom farts s dfpn axartple, theQueRgd bf
depicts a suitable set of AGC and DRC curves for this
|V [baéf grrosa ficgpencydards. niftthe didferenegt Deh ¢xegpdp atthrsshald 1, , then an
curves.is.represented.in units of sone singce .
event 3y SRR 19 BavFRLBIHiE . ditfrioy gwérptﬁﬁrr he prpggssed in the
same Ay s‘BBWﬁQnSEc{daﬁgﬁs i Dalti {98 Q‘ﬁarﬁUtan{ooﬁV?\'réﬁt &b cﬁrsiégx%l A[t]
sofre target Tevel, and, as ntioned earlier oes SO0
used o ¢comtroll g attalcly apd oeledsenimezonst ants. One may t hi nk of

t he, Al s..maki ng the l.ong-termloudness of th ud
cqiaf A ERER dep e B gk bE FerEslasia PR Bt takes
as its ligpud RAscasByof Ibudiesahed gegpnatks 6 detited anpuridudduss:
target. Therefore, one may enploy faster acting DRC to
limt these fluctuations to sone range deened
aquggq%%&agor the particular application. Figure 11
shows such a DRC curve where the AGC target falls
wi(@ha)n the "null band" of the DRC, the portion of the
curve that calls for no nodification. Wth this
conbi nati on of curves, the AGC places the |ong-term
The DRCdEESmMAY beREnRattl Rpyésthed: t he nul | - band of the DRC
curve so that mnimal fast-acting DRC nodifications
need be applied. If the shortterm | oudness stil
ngquq%eﬁbputside of the null-band, the DRC then acts
to nove thé | oudness of the audio towards this
n ibbpand. As a final general note, one nmay apply the
sl ow acting AGC such that all bands of the | oudness
nodel receive the same anmount of | oudness
For thenAlGiG, ¢hé inpit 1oubigéss by a iidasireiofithgaddie’ sNesE firivflBudness. One
spectral bal ance, and one may apply the fast actin i
may QP SHcThaRIRERITE A CTAONENS theoiRpipareisdoRdesss £ b desined in

Equafin 3 2ng relatively long time constants (on the order of several seconds). It has

been shown that in judging an audio segment’s long term loudness, humans weight the
louder portions more heavily than the softer, and one may use a faster attack than release
in the smoothing to simulate this effect. With the incorporation of event control for both
the attack and release, the long-term loudness used for determining the AGC modification

may therefore be computed according to:

L yclt] = & y6c[HI 1oc [t =1+ (1 — & 46 [tD L] 2]
(16a)
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across bands in order alleviate cross-spectral punping
that m ght otherwi se result fromfast acting
woaonAzndependent | oudness nodification. Audit ®Cy/US2007/008313
events may be utilized to control the attack and
rel ease of both the AGC and DRC. In the case of AGC,
both the attack and release tines are large in
conmparison to the tenporal resolution of event
perception, -and therefore eggnt control may be
advant ageously enployed in both cases. Wth the DRC,
the attack is relatively short, and therefore event
whereontrol may be needed only for the release as with the
traditional_DRC descrj bed above. As discussed earlier,
o_nghgc?[ gid[t]ﬂacﬁpfieﬁéi—wﬂt udﬁﬂ%fS&éCEihm associ at?d
Wi phaye o] <for pur poses o
event det e[g{P}ilgﬁ‘f‘c'“mg‘iugf ?@”ggﬂgﬁﬁﬂc%[ﬂ , simlar to
t h@ébhe in Equations 10a and b may be conputed from
the specific |loudness N\b, t], defined in Equation 2,
as follows: (14a) whereN b,t] mk{NDb,t]} (14b) Here

In adtftidn(rexé PP Dimgutd an adsbciatdda86g-térarsRome 18aMkEs Bpdchrum that
r.normalization,__although one m ght enpl oy

.,used fo

Wlnlﬁ{eﬁgfz“ﬁﬁqf%migﬁl%‘r‘?@%g 's; for exanple, the average
of |JV[Z> *]| across frequency bands. If the
difference Djt] exceeds a threshold Drin , then an
ev&hisclibst]lcofisidaNed: Po hBve(l oot EBAVIBTMe di fference
siag may then be processed in the sane way shown in
Eq f1ons 11 and 12 to generate a snooth event contr ol
signal A\t\ used to control the attack and rel ease
times. ' The AGC curve depicted . in Figure 11 may be

In practise Qug M agchpose the fReqtbinearstiicients suchthpt the pitak tige is

apprdiBaatl @ nalff thRWHAESSIRA8 aaRarat %gﬁteﬁﬁﬁbﬁcﬁ@s%%%e, one may

| oudness: (15a) The DRC curve may be simlarly
then prppuledhe qpdnpgs modification scaling associated with the AGC as the ratio of

the output loudness to input loudness:

Fioc {LAGC[t]}

| SAGC[t] = I (1]
AGC

17)

The DRC modification may now be computed from the loudness after the
application of the AGC scaling. Rather than smooth a measure of the loudness prior to
the application of the DRC curve, one may alternatively apply the DRC curve to the
instantaneous loudness and then subsequently smooth the resulting modification. This is
similar to the technique described earlier for smoothing the gain of the traditional DRC.
In addition, the DRC may be applied in a multi-band fashion, meaning that the DRC
modification is a function of the specific loudness N[b,t] in each band b, rather than the
overall loudness L[¢]. However, in order to maintain the average spectral balance of the
original audio, one may apply DRC to each band such that the resulting modifications
have the sarhe average effect as would result from applying DRC to the overall loudness.
This may be achieved by scaling each band by the ratio of the long-term overall loudness

(after the application of the AGC scaling) to the long-term specific loudnéss, and using
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(15b) . For the AGC, the input |oudness is a neasure

of the audio's long-term | oudness. One may conpute
weucadt/1a7areasur e by snoot hi ng the i nstant aneouspPCoWSH®3H08313

L\t] , defined in Equation 3, using relatively |ong

time constants (on the order of several seconds). It

has been shown that in judging an audio segnent's | ong

term | oudness, hunmans wei ght the | ouder portions nore

heavily than the softer, ah25ene may use a faster

. han rel ease 10.the snoqt.hin 0 .simulate this .
this Va3 SNl BHE G PloritBh T BTl R ResT S by e inverse
of saildottio tdpraafutadie @nputrspe¢ifis doudnkss. | Ting; therDR Cadangsi each band
m used for determning the AGC nodification may
ay p5empRied afeoTdfedti ed according to: AGC = a
ACC t]LACCt -1] + (I - a ACAt])L[t] (16a)where AGCV
[Aft]a ACCrelease + (I - [f]) Z[r] <c -1] (16b) In
addi ti on, oné\f,;aagb,dong,ut &a.ac[at}s[s,,@gnth}\flg ong-term
specific | qgudness SR Pm?rnt}ﬁﬂ* Tl t4r be used for
t h&paalib:tt] = : [b,t - ]+(1(18)
- a ACC[f N b,t] (16c) bp lactice one may choose the
snoot hing coefficients such that the attack tinme is
approximately half that of the release. Gven the
The 4@%94%1?3‘9 Byoditicadonpanay, then berenthiged tocfarm @rfpial boudness scaling
per baydness nodi fication scaling associated with the AGC
as the ratio of the output |oudness to input |oudness:
Cm- AGCi A S) -1ACCL*J (17) The DRC nodification
may n e oCOo ed, fromthe | oudness after the
ap%T"i’E%vff_oﬁgfﬂTH?{H@q%& scal ing. Rather than snooth a (19)
nmeasure of the | oudness prior to the application of

., the DRC curve, one may alternatively apply the DRC )
This tofgl\peaking mgy then be smoothed across time independently for each band with a

fast attack and slow release and event control applied to the release only. Ideally
smoothing is performed on the logarithm of the scaling analogous to the gains of the
traditional DRC being smoothed in their decibel representation, though this is not
essential. To ensure that the smoothed total scaling moves in sync with the specific
loudness in each band, attack and release modes may by determined through the

simultaneous smoothing of specific loudness itself:
Sror[B, 1] = exp(aror [b, 1108(S0r [5, £ = 11)+ (1 = @y [6, 1) log(Syor [B, £1)) (20a)

NIb,t]= Qyor[b, tIN[b,t =11+ (1 — @1pr [B, ) NIb, £]
(20b)

where

Xror(b,t]= @ 107auack _ Nib,1]> y [b,r—-1]
A1 rorsetease + (1 - A[t]) NIb,t1< Nib,t 1]

(20¢)
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i nst ant aneous | oudness and then subsequently snooth

the resulting nodification. This is simlar to the
woeaiizgue descri bed earlier for snoothing therpgaius2mf/008313

the traditional DRC. In addition, the DRC may be

applied in a multi-band fashi on, nmeaning that the DRC

nodi fication is a function of the specific |oudness

N[b,t] in each band b, rather than the overal

| oudness L[t] . However, i42@+rder to nmaintain the

aver gge spectral bal ance of the original audio, one )

A PSP B <Pl Ao sretin s tased 68 it g ined scating
applietidi the ofigimanspdvifieloutifessane aver age effect as woul d

result fromapplying DRC to the overall |oudness. This

may be achi eved by scaling each band by the ratio of

th <t er rall 1 oudness (after the application

ofﬁ%‘lgp%&?ég’]éwl%g@ to the long-term specific

| qpdpess, and usingthis value as the argunment to the

DRC function. The result is then rescaled by the
inverse of said ratio to produce the output specific

nd 1St T SRR G R

specifimloudhess dymattontbienedett o form a total | oudness scaling
per band: STOT [b,f\ =SACCt]Smc [b,t-\ (19) This
total scaling may then be snoot hed across tine

| NAYERD _ey%?zbj peach band with a fast attack and
S|OMI?£?ea eyangﬂeV nt control applied to the rel ease

orf23) ldeally smoothing is perfornmed on the logarithm
of the scaling anal ogous to the gains of the
tradi ti onal DRC being snoothed in their decibe
The gaitRRHEbE applivd, totdaciBihd & the fistefthk @86@ 1 tddhputd the excitation,

ensure that the snoothed total scal ing noves in sync
and thg mpdified audiqmpy Ehenchsroemied by ipRrtng e titerbank tapmpduce a

modifiél Basalomde audRYighal.det erm ned through the
si mul t aneous snoothi ng of specific |oudness itself:

Stot [b, t]=exp(aror [b, t]\og(stot [b, t - 1])+ (1 -

a tot [b, t]) |og{GhdbhRi pbldnersr2Ba)a-dl 0. T\ a rot
[ b, t N&b,t_-\] +(I-a tot [b,t])N b, t] (20b) where
( 2’6&%&2 heedipgsgion ahaye b@wé@gwdam the gentrelpfoA GCornd DRC attack

and ré18448 PaRindER8Ha QRaitd1§ sSHRUNABAIsSHhE Blio being processed, other
important parzimeters may also benefit from being controlled via the ASA results. For
example, the event control signal A[#] from Equation 12 may be used to vary the value of
the DRC ratio parameter that is used to dynamically adjust the gain of the audio. The
Ratio parameter, similarly to the attack and release time parameters, may contribute

significantly to the perceptual artifacts introduced by dynamic gain adjustments.

Implementation ’

The invention may be implemented in hardware or software, or a combination of
both (e.g., programmable logic arrays). Unless otherwise specified, the algorithms
included as part of the invention are not inherently related to any particular computer or
other apparatus. In particular, various general-purpose machines may be used with
programs written in accordance with the teachings herein, or it may be more convenient

to construct more specialized apparatus (e.g., integrated circuits) to perform the required
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applied to the original specific |oudness N b,t] =

Stor [b,t]N b,t] (21) and then solve for gains b, t~\
woOhed7/mefesn applied to the original excitation PesmiSEoo7/08313

a specific loudness equal to the target: N b,t] = {G

2[b,t]E[b,t)} (22) The gains nmay be applied to each

band of the filterbank used to conpute the excitation,

and the nodified audio may then be generated by

inverting the fil terbank tmproduce a nDdi fied tine

udi it.io Pa gle]
methofl e T fe T ¥8Rsn ialhecRIg e Rl EBR S PR Ehmyts
prograﬁis &Cutingl ohickie af hlﬁﬁk pﬁfgd?ﬁmhbhaﬁnnﬂit?mm each compnsmg at
itory scene analysis of the a ein ocesse
least o e se ot T R AU PES PRPra e e E bl g Yalpee
memo€P Bihd/6t §tBFhgél @erha&sﬁsﬁeﬁﬁwb tigput E@{nce&i’f@i‘teand ﬁﬂeﬁv 8fié output
cont rol_si gnal t] from Equation 12

device Qi RPri- HBrOREIY éoé‘F i appliphee PRpt detp 0 AR ﬂt%ﬁgfmwslﬁféwbed
hereint dDEARIE Bhiphit ﬁﬂ‘bﬂﬁattlohh THe b infoRBaBdsliappFibE td6id & more

paranmeter, simlarly to the attack and rel ease tine
outpufdgvirst isrlenowmgashiont ri bute significantly to the

o ROt hroBidh bR MRAHGTh b AXDRT chaicl lnguage
(incluilimg| reashine dssembizy ehvidigle layel proteduale logwalaomtntﬂt waienisd
I
vropr el Rugudts) (oL BHATRR il £ b ftt Siiben, 1B 285 Sonethe
languade ihive be aventpiled omiﬂeqmtted halmgn&gtt 'y reI ated to any
DRt R R el e AR SRR S5 BRI Froraee
medlamramvam(e\gr [ sbhemtamm:ﬁmy dﬂnmdxawof hmaghetlct eagpticamedia)
readatJE B o o e o e PSS b Tt e S
operafd®y fHeldnigifed WHeH f1RGERAFOM SiatR HevibbisSrealilty thevempiRnsystem
i mpl emented in one or_nopre computer pro

to per@a@bfgr?mﬁ@c%iﬂreér@sm besiiEcipr GUF ARVRREIVE SHURPIEY ey be eppsidered

to be ﬁﬁﬁgmeﬂﬂgﬁrds% M Riter RASIb1 O QBrd2t WSS cmﬁigdr&iiﬁﬂith(h%mputer
data storage system (including volatile and
prograpwhesedhe Florage medium so configured causes a computer system to operate in

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

A number of embodiments of the invention have been described. Nevertheless, it
will be understood that various modifications may be made without departing from the
spirit and scope of the invention. For example, some of the steps described herein may be
order independent, and thus may be performed in an order different from that described.

It should be understood that implementation of other variations and modifications
of the invention and its various aspects will be apparent to those skilled in the art, and that
the invention is not limited by these specific embodiments described. It is therefore
contemplated to cover by the present invention any and all modifications, variations, or
equivalents that fall within the true spirit and scope of the basic underlying principles

disclosed and claimed herein.

Incorporation by Reference
The following patents, patent applications and publications are hereby

incorporated by reference, each in their entirety.
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menory and/ or storage el enents), at |east one input
device or port, and at |east one output device or
weoaod7/12Rnegr am code is applied to input data tecpast@mrovs3is

the functions described herein and generate out put

i nformati on. The output information is applied to one

or nore output devices, in known fashion. Each such
program may be inplenented in any desired conputer

| anguage (i ncluding nachihezsassenbly, or high |evel

procedural, | ogical ect _oriented progranmm ng
| anguages) to comrﬁr‘ffll?a]?g‘%ﬁ“l"ﬁpéo“@m%ter system In

AudiaByighre€s Riefideh@ 866 edﬁ@d/bp%ahm Mot iikth, 2™ edition. Limiters
nterprete age. Each _such conputer programis

and Comebiogs, Alap T0BaR s 1497300, Foms BaepoR set Barchsonshsad

ProfeSSioft \PubBishidgll «d.S@Wobd state menory or nedia, or
magnetic or opti cal _nedia) readable by a general or

speci al pur poseDpicstngpmfaYpiasdoriiore Evertsr confi guri ng
ang, sopateat A@@hwﬁm@w li'b)%w@%‘?”“ﬁisg? (?r\]ﬁaﬁ{t? g?r@a §5nd Pitch-

device Is read by the computer’

Scalipg ot AgdiccSiggalst of Boeit ﬁeeﬂ@nhCronkem pidished/ bxrwm, aad4ayUS

20041596&£G0Nsi dered to be inplenented as a
conmput er -r eadabl e storage nmedium configured with a

c diguPetenp Apghieation b bl 04478 3§Bo‘ngﬁ10ﬂEfdr Tims dligning Audio
m t Q, t
sign 9090 TOU2E0R AP REaRUSI BT, AOFERLS. e
pubhshﬂddmil)oﬁg, Mmslmdomomm 59Aanunber of enbodi nent s of

t ' J Ne t hel, , |t
w55 DR aBPurRl SREToBTE . SrsmentBacians Shilvato
Audnmyi va'uk’h ofiBrétea Crodkgitf plﬂﬂishb@A%@hétlZG 2004 8€082004/0165730
AL é %égtl on. For exa sonme of the steps
sheci $fdfe REFSEPHnYERH remiera W pdstert ﬁt‘d“‘é_‘B{cF"Fﬁﬁﬁén addition

to thd¥8)idefosp@8 lih S4iA% phéhti%ﬁ Rgeek fferent fromthat
descrl bed. 1t s be understood that inplenentation

ofUst Hé'ientxépphﬁtmss B 40/438:3P7 ¢ e omparing Audie® Wsipsnt i on
Charéfb?éi‘ldaEﬁné’ B%éé?i@n A%Hﬁgﬁg?\mﬁﬂ” Bk @r@r'&kétpettah ﬂﬁ?)llshed

in the art the i nvention
Septmhwﬂeéo%a&H§§@0§6€€224(}:Aénbodl ment s descrl bed It is

AR ASh AL e e A BBEERLS N R
05/24830ifiled Bxlyd 3t RGOS featltled/\ﬂ‘Mhﬂmdtﬁ)ermeg iAdio Srgi:alsddﬂﬂg
s 08 ORGSR B S5 B 258 2005 0w
2006/026161.

International Application under the Patent Cooperation Treaty S.N. PCT/US
2004/016964, filed May 27, 2004, entitled “Method, Apparatus and Computer Program
for Calculating and Adjusting the Perceived Loudness of an Audio Signal” of Alan
Jeffrey Seefeldt et al, published December 23, 2004 as WO 2004/111994 A2.

International application under the Patent Cooperation Treaty S.N.
PCT/US2005/038579, filed October 25, 2005, entitled “Calculating and Adjusting the
Perceived Loudness and/or the Perceived Spectral Balance of an Audio Signal” by Alan
Jeffrey Seefeldt and published as International Publication Number WO 2006/047600.

“A Method for Characterizing and Identifying Audio Based on Auditory Scene
Analysis,” by Brett Crockett and Michael Smithers, Audio Engineering Society
Convention Paper 6416, 118® Convention, Barcelona, May 28-31, 2005.
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The foll ow ng patents, patent applications and

publicati ons are hereby incorporated by reference,
weacdr/izr28heir entirety. Audi o Dynam cs Processpag/uAxmd7008313

Engi neer's Reference Book, edited by M chael

Tal bot-Smth, 2nd edition. Limters and Conpressors,

Al an Tutton, 2-1492-165. Focal Press, Reed Educati onal

and -Pr of essi onal Publishing, Ltd., 1999. Detecting and

Using Auditory Events U. S. -Patent Application S. N

0L4.74,387.. “High al it i me-Scal.j.n Pi t ¢ch-
%ﬁ%ﬁ‘%@‘ﬁ%%ﬁﬁgx g?aqE ﬂdﬂﬂr@ﬂgm fuditory
Scen Ablalysizetby) Baewt 2fockefDAuan ?&ﬁ@?oﬁ{/entiénﬁ’aper 5948,
N ift q& Ag%hgf tion SN 10/ 4 8 398 od for Tine
cw ‘th g *Si gnal s Using Characterizations Based
o ANEvwt Objeckive Mé&asuff offtefddivdd I Sddpeksy f/ Rfan‘?geefeldt et al, Audio -
Englgubllshed July 29, 2004 as US 2004/0148

ConverfipnPager Q@)?@Lﬂan%@wwose @mher 38 2&9&» 0
Si Hﬂﬁ&ﬁ)olk PSEH
publ,i shed Au ust %@éxﬁg%zngﬁwﬁgAﬁgé4rkﬂ Sfé%Q%FQ&BYCHenhd
Ballons 28 ediiasy. Ph@arpwé,sé’ei%ﬂn\@ml Brespanimprntzo fiRytterworth-
HeinélRhGEtigggdi tory events in addition to those disclosed
in said application of Crockett. U S. Patent
Apfadie dirniginees sRefarende/Bo A9 editédoyrveichaed TAlbot-Sniigi, 2 edition,

s G4 g AR B M Bk 5 bl e

Reed Zatpatidriad 204 Padvfesdiotag Poblisting|Ltdppbdeat i on under the
Pat ent Cooperation Treaty S.N. PCT/US 05/24630 filed
July 13, 2005, entitled "Method for Conbi ni ng Audi o
Signals Using Auditory Scene Analysis,"” of M chae
John Smithers, published March 9, 2006 asWO
2006/ 026161. International Application under the
Pat ent Cooperation Treaty S.N. PCT/US 2004/ 016964,
filed May 27, 2004, entitled "Method, Apparatus and
Conput er Program for Calculating and Adjusting the
Per cei ved Loudness of an Audio Signal" of Alan Jeffrey
Seefeldt et al, published Decenber 23, 2004 as WO
2004/ 1 11994 A2.
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I nternational application under the Patent Cooperation
Treaty S.N. PCT/US2005/ 038579, filed October 25, 2005,
wenvti7iikad3 " Cal cul ati ng and Adj usting the PercePeeas2007/008313

Loudness and/or the Perceived Spectral Bal ance of an

Audi o Signal" by Alan Jeffrey Seefeldt and published

as International Publication Nunber WO 2006/ 047600. "A

Met hod for Characterizing and Identifying Audi o Based

on Auditory Scene Anal ysiss30by Brett Crockett and

M chael Sm thers, Audio Engi heering Society Convention

Paper 64 |d, 118th Conventi'¥f*S Barcel ona, May 28-31,

2005An Hbgid fuedsking dybthbd ah#hivhla prbsEsSCRLEREs @ thput channel

Pitch-Shifting using Auditory Scene Analysis," by i i
and gpperptes gn QUi %p% 3@ Engrngesd biganpying ghinmpdifications
to theHap@ chaflfdl, cHRprisiagk, Cctober 2003. "A New Obj ective

Measure of Perceived Loudness" by Al an Seefeldt et al,

Auststestipg ghanrgsasiin gigtek charactistige withgasiegpter tige 36 themdio input
chanfei,@anci sco, Cctober 28, 2004. Handbookfor Sound

Engi neers, The New Audi o Cycl opedia, edited by Gen M

Bafl¢endifyinzrag auditoiyoevenDyoundaties clg®@eshlsigia chhrabredsscsamith

i nt . of . But th- i nnR., 1 . di o .
cpolf AL s P ARG s RSN A58 U comsorve
(

boundamley ebngititeh an 2nditedi ¢vieonin thechdnpel, 2n® ("Limters and
Cao rs" by Al Tutton . 2.149-2. 165, Focal .
SR LERRR Y op Rinls dihod st bR ppRictds SRTI T metig ein
modifitation h&G6d @ kast garfly idvespotie 0o pidieeg evargs aRd/ 00 the degree of
whi ch a,processor receives an input. channel and, .
changgin SfarAL Bhatictali i SSoRiatRE i FUggey Yt buigpries
appl yi ng dynam c gain nodifications to the input
chanpel ,.c ri sing detecting changes in signal )
_c:?ar‘g@ef‘éP?@ B %&\Bﬁg ot Jeehére % R E¥REY A ipegment of audio
that tédiRU4b be perRPled dsdepirafe)dnadlidmcaudi tory event
boundari es changes in signal characteristics with

respect to time in said input channel, wherein an
augdi £ nSQROERLcRENYRE LSRG il E vﬁ’l‘éf@ﬂ il agﬁlglracteristics

) constitutes an auditory event in the channel?
mcludthespedtrad cantenbef hemsdiof one or nore paraneters of
t he audi o dynam c gain nodification nethod at | east
partly in response to auditory events and/or the
defgrsenegghod according to claim 1 or claim 2 wherein said signal characteristics

include the perceptual loudness of the audio.

5. A method according to any one of claims 1-4 wherein all or some of said one
or more parameters are generated at least partly in response to the presence or absence of

one or more auditory events.

6. A method according to any one of claims 1-4 wherein said identifying
identifies as an auditory event boundary a change in signal characteristics with respect to

time that exceeds a threshold.

7. A method according to any one of claims 1-4 wherein said auditory event
boundary may be modified by a function to create a control signal that is used to modify

the audio dynamic gain modification parameters.
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change in signal characteristics associated with said

auditory event boundaries. 2. A nethod according to
wohkei7min2sher ei n an auditory event is a segnmenPCofUS2007/008313

audi o that tends to be perceived as separate and

distinct. 3. A nethod according to claiml or claim?2

wherein said signal characteristics include the

spectral content of the audio. 4. A nethod according

toclaim1 or claim2 where8h-said signa

characteristics include the perceptual |oudness of the

audio. 5. A nethod according to any one of clainms 1-4

whter Aimethbd acoordimgeao ahy 9ae df olra&nml-mh&eﬁﬁdlﬂﬁﬁﬁcﬁﬁéoﬁia@d one

ted at | t on e to the presence
or ma1E Baficiirs By et 3l nathy FORPRvE T & COBINHOAGRGHTE Of

~ the dagreooficitgigt tn sigialdterMerttial Afsodiated Wit 84ill a%dit6ry event

identifying identifies as an auditory event boundary a
boundgfitsue in signal characteristics with respect to tine
t hat exceeds a threshold. 7. A nethod according to any
one of clains 1-4 wherein said auditory event boundary
ey fEPFramsEiapted jo perfome thegnethodvekanyeons elotleimy 1 through 8.
signal that is used to nodify the audio dynam c gain
nodi fication paranmeters.8. A nmethod according to any
onkd- oh cemputas prograh sios¢dhoma cowputsonieadeblesmpdiugn dorausing a

compir %o BSASEhE hpahfas 9P BRIAILd at |east partly in

response to a continuing nmeasure of the degree of
change in signal characteristics associated with said

R S L R B e S
compiier t\pedormu ther mpthogs affanys bins efclaimsal theapgh 8r - r eadabl e

medi um for causing a conputer to control the
apparatus.of claim9. 11. A conputer program stored

on12a A onphidEforrdividaly £n RIS bighallififo ARKSIY Bveéhts; QEBIMELKhich
erform.the nethods gof  any one of clains 1through

te“dséo b%?em&“f?&%%&apwe ) %Hnr?é CQHPHSHIS signal into
ausdlduPitihgaie Qi fFereBACiA Pheidlicohchebdwet? s%e?s@&&ﬁfn\é%%cks of

as_ separate and distinct, conprising calculatin
said aydiq %B’éﬂc%’h%"‘% thedifgrense v ahrulased i epmpariog i éfetqnﬁe in

Specd% Rl e between successive time blocks, wherein specific loudness is a measure

of perceptual loudness as a function of frequency and time, and
identifying an auditory event boundary as the boundary between successive time

blocks when the difference in the spectral content between such successive time blocks

exceeds a threshold.

13. A method according to claim 12 wherein said audio signal is represented by a
discrete time sequence x[n] that has been sampled from an audio source at a sampling

frequency f, and the difference is calculated by comparing the difference in specific

loudness N[b,£] across frequency bands b between successive time blocks ¢.

14. A method according to claim 13 wherein the difference in spectral content

between successive time blocks of the audio signal is calculated according to
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said audio signal, wherein the difference is
cal cul ated by conparing the difference in specific
woaurinesrs bet ween successi ve tinme bl ocks, wher eCW/US2007/008313
speci fic |l oudness is a neasure of perceptual |oudness
as a function of frequency and tinme, and identifying
an auditory event boundary as the boundary between
successive tine blocks when the difference in the
spectral content between sudh-successive tine bl ocks
Efm&hre QQ %V 13, A thod according to claim
l@ﬁa is represented by a
dlscrete time sequence x[ri] that has been sanpl ed
wherfr om an audi o source at a sanpling frequency f s and
the difference al cul ated by conparing the
di M,er,fBea = ¢ loudness N b,t] across
freaﬁency bmmgsfﬂlbﬁ ween successive time blocks t.
14. A nmethod -according to claim 13 wherein the
difference in spectral content between successive tine

F§ K ’ﬁ%‘ﬁéﬂﬁf‘?ﬁgﬁ% tgl %u? 13I V%hé:rg)'q tgxl f?erﬂ? T rs%'gagaA content
betwmn $wedessedirge blpcks of thei awdioGsigind ietalculhaed dictrdirgoe i n

spectral content between successive tinme bl ocks of the
audio signal is calculated according to where 16.

10 . herbermt he methods of any one of
clalns ggﬁa%rougﬂ 15. g%% rlq'ﬂonputer program stored
n a conputer-readabl e nedium for causing a conputer
o control the apparatus of claim16. 18. A conputer
prggr ) %toradugm a conputer-readabl e medi um for

Et 0 perforn1the nmet hods of any one
of claims 12 ug

wher

16. Apparatus adapted to perform the methods of any one of claims 12 through
15.

17. A computer program, stored ona computer-readable medium, for causing a

computer to control the apparatus of claim 16.

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

computer to perform the methods of any one of claims 12 through 15.



