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Description Cal cul ating and Adjusting the Perceived
Loudness and/or the Perceived Spectral Bal ance of an
wauadiew4Siognal Priority Caim This application eC&iUSB005/038579

priority of United States Ptovisional Patent

Applications S. N 60/622,458, filed Cctober 26, 2004

and S.N. 60/638,607, fil pphg ﬂ?pr 21, 2004.

Technical Field The invention'relates to audi o signal
processing. More particularly, the invention relates

to the nmeasurenent and control of the perceived sound

| cadneain@add i dikenpahe Poredivadecotidnesalaadéer tie Berceived
audi o signal. The invention is useful, for exanple, in

one or nore of: |BpdaesisBatapensidan ryudi Sagnalont r ol

automatic gain control, dynam c range control

(including, for exanple, limters, conpressors,

expanders, etc.), dynam c_ equalization, and

cogpensati ng for backgrl)’ﬂmlﬂ’ocg@m nterference in an

audi o pl ayback, envi ronment, The i nveption incl udes t

o VL RIS ablon ClpisHs el ok UG <LSiIGs droyi tgrahBatent

and appar at.us. 2373}1; u t There_h bee
A bl SoNaB0B 5 oBlePloteti Fan 2HDe Rl SR B/ 638607,

uring | qud . Fletcher and Munson determned in

ﬁ%@ he?%geﬁgﬁmgaﬁéari ng is less sensitive at | ow and

i gh frequencies than dd| . voi ce)

frequencies. They al soa#‘eoél?r{gﬂflﬁgég%e rel ati ve change

A iﬁx'féik%cy% g@ﬁg&ﬁgﬁ%@ég%@?ﬁ‘b‘%eﬁh .gg/lgﬁé‘gﬁrticularly,

i ncreased. consi s

thg‘;ifi{/é‘ﬂ?ﬂ?% GelaAEPL fﬂeeﬁ"reagﬁfe%eﬁf‘&'n@ ceRdINGE tipefceived sound

ters designed to roughly mimc the frequency
lohBRBNEEI R theerbdivad sheviralbdlanceapflahighliswigdal. The

'evel s. Even t hough such devi ces provided a neasurenent
in9tntiba ik wsefids $ooéxample, in one or more of: loudness-compensating
volume control, automatic gain control, dynamic range control (including,
for example, limiters, compressors, expanders, etc.), dynamic equalization,
and compensating for background noise interference in an audio playback
environment. The invention includes not only methods but also
corresponding computer programs and apparatus.

Background Arz
There have been many attempts to develop a satisfactory objective
method of measuring loudness. Fletcher and Munson determined in 1933
that human hearing is less sensitive at low and high frequencies than at
middle (or voice) frequencies. They also found that the relative change in
sensitivity decreased as the level of the sound increased. An early loudness
meter consisted of a microphone, amplifier, meter and a combination of

filters designed to roughly mimic the frequency response of hearing at low,

medium and high sound levels.



10

15

20

25

. mbarhtanetof thedhaer ear, referred to as the excitation, is simu

a single, constant |evel, isolated tone, neasurenents
of nore conplex sounds did not match the subjective
wo opsessbeons of | oudness very well. Sound | evePCTESEINS/038579
of this type have been stamtardized but are only used
for specific tasks, such as the nonitoring and control

g{ eE&%ﬁst%&)@hﬁg:ﬁtg%&&eé@@gg'a%/ ‘ﬁljéc%\)\gé&lﬁfnéﬂ @g{eclﬁggness of

a sl"i'ﬂoglgwaﬁ%nit fedlaVRbPREAGoRe MRicAshRGhEfs 6F fiRde coaipleke
p p

heEss perception process. Stevens published a

so{@lﬁg ggﬂd hok n%atteh"tﬁ‘@lsﬁvldje@ﬁiv@rin@;sretsmnbqﬁdaaaaesg vEonwietlx

I'n the Journal” of the ‘Acoustical Society of

SobiErle§al ibtdBH6f thi typrhake beptstamindizudsbut are only used for
Psychol ogi cal and Met hodi cal Basis of Loudness"

spaéiticciagk NsiidoasthecmonitotBfgand cone®d ofindusirial noise.
published a graphical procedure for |oudness
cal fulthticanly b350mAwnkes aner Stevensi amongrathers extended the

h I f . Th i
ol Sherinod M oa Cpueeping advrs FPANTCEAETof the
Bot h nmet hods involve simlar s . JFirst, e
loudmnfs\mfﬁﬁpt}oﬁim_@%%utST@Ner; Pé‘?@i@é?dé‘l W@‘Q@E"%ﬁ%‘? | ar
membr ane of, .t , f R
“C@Euhaguqnoaé thezfgﬁ&&%s&t %iéésﬁ@fgiéﬁﬁ%ei tn HBadPiraalofibs
a ban nd- pass t ' - YV :
AGousiiseh goggé‘@p AT bt B Y6ond ZoieReb BbERhEA pis
wwscal e ac - f 2 ' i ioa 1
FREh Sl oSt PALBYICH 50 B FRRISEpheeiR AR ica in
a .
193 BPTD507 FEIR B Bhelie gt BRtalsgoeciid iToudness
cagaﬂg{ibgn as %}réﬂ Lbi keddrab ?ﬁﬁilﬂf diticles sHeftly adteas THeeStevens and
andw df h~ of one such filter. Measured in units of

Zx][dﬁ]éte%,mbﬂﬁxfsr Wete dapanetiivedtak IS0 5B2spadndi todyB

_ ers increases with increasing center frequency. It
(réspeckieied) pr Botls efethotl intedliveesimilsrspems. f r equency scal e

such that the critical-band width for all auditory
fil tRirst, thasimevaryinghdistriautien of cabrgy slangthebasilar
Such a warped scale is referred to as the criti C??!ltedby
passing the audio through a bank of band-pass auditory filters with center
frequencies spaced uniformly on a critical band rate scale. Each auditory
filter is designed to simulate the frequency response at a particular location
along the basilar membrane of the inner ear, with the filter’s center
frequency corresponding to this location. A critical-band width is defined as
the bandwidth of one such filter. Measured in units of Hertz, the critical-
band width of these auditory filters increases with increasing center
frequency. It is therefore useful to define a warped frequency scale such that
the critical-band width for all auditory filters measured in this warped scale
is constant. Such a warped scale is referred to as the critical band rate scale
and is very useful in understanding and simulating a wide range of

psychoacoustic phenomena. See, for example, Psychoacoustics — Facts and
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and is very useful in understanding and sinulating a

w de range of psychoacoustic phenonena. See, for
wex@aphmpo Psychoacoustics - Facts andModel s byPEI/US2005/038579

Zw cker and H. Fasti, Sprinmger-Verlag, Berlin, 1990.

The nmet hods of Stevens and Zw cker utilize a critical

MBAPR B AkRKEr hREST PAsil OSpAink&e VRS Tde, Bé&l®, 1090. The
V\EI ch ﬁ ﬁﬁﬁl g

the critical-band w const ant bel ow 500 Hz

méMSds T SRVeRs ahaewkA&rhiziliAds eritieat bahy ralbsuate sefdrred to
G asberg defined a critical band rate scale, which

astthe Bakreshlé Ha vwaildhvaleeniti Bdcbandwidth BacostantbglBRBF00 Hz
scale (B. C°J . More, B. dasberg, T. Baer, "A Model

antlonctémseBraddiveti0hHof Niureshotuidy, Mmodnessl Glasberg defined a
Partial Loudness," Journal of the Audi o Engineering

il e i Rl
Bandbicidth, (HRIB) scalad i G avigosennGlAShead: i KactiA Model for
bt cman Ty LTSNS, L2 dEChenTe et S0t o
héxbidia s asincer aenirDh o dom e 5aiT T897; bh F25240).
Tigherdesichtadaniic ekphlitals Ll AichERFblsp naskers, Moore
o YR el O A LEPMEDAp decrees
bésggg{fg&éﬁzp cliftchsi loheeBs 8% fer®hti G antd didth

sue sca I scussed above.

l‘eE{zﬁﬁkl&SnSfﬁﬁ. time-varying "total |oudness" is conputed
y 1 ntegrating specific |oudness across frequency.

Wierp e wihg ¢hé opRAStHOA ofdxicimtied ikraonvr-lirear conymessive
of auditory filters distributed unifornly along a .
fusictioncthiat E&ﬁdr_a!t@s & qeeatity refaresd tooasHegsacifayobéness”. Specific
conputed by sinply summing the specific |oudness from
loadabss id 4 encasuoriofipescepyaboudmessasd function ef Hequency and
_phon. The | oudness of a given sound in phon is the
timewant mraysbenecaseved in spits affperceptual lewdresspar ik irequency
subj ect.ive ] oudness equal to th f th C g
algag{mﬁﬂtwabba@q ratgescals, sushas th%tBe?rk or BRE %lee discussed
above. Finally, the time-varying “total loudness” is computed by integrating
specific loudness across frequency. When specific loudness is estimated
from a finite set of auditory filters distributed uniformly along a critical band
rate scale, total loudness may be computed by simply summing the specific
loudness from each filter.

Loudness may be measured in units of phon. The loudness of a given
sound in phon is the sound pressure level (SPL) of a 1 kHz tone having a
subjective loudness equal to that of the sound. Conventionally, the reference
0 dB for SPL is a root mean square pressure of 2 x 107 Pascal, and this is
also therefore the reference 0 phon. Using this definition in comparing the
loudness of tones at frequencies other than 1 kHz with the loudness at 1 kHz,

a contour of equal loudness can be determined for a given phon level.
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O dB for SPL is a root nean square pressure of 2 x 10

5 Pascal, and this is also therefore the reference 0
WwW@b@a/041680 ng this definition in conparing the POLURESS038579

of tones at frequencies other than 1 kHz with the

| oudness at 1 kHz, a contour of equal |oudness can be

Figgﬁagﬁ F}sgﬁgﬁgé;iuaq lgpﬁﬁgsspan%?o}g%’ fr ﬁé&ﬂéﬁ%ﬂ% b%’f\%g% 2|Q|Z Hz and

contours Fequenciles between

2O IRl B ydncvonadi o

thRA8BId bBREZe} ARd 120 phiAIBODRES 10SNUEYR! Acquatics - Normal

_ ness | evel contours"). The phon neasurenent takes
equal b nevélneontauys'g ”El&nFlh@ﬂl wi¢asuréntentrtak dsdatd agcount
with frequency, but the results do not allow the
thesaegisgesnsitivity efiteiman heasnpjwithi fvequenah st ge sesults do
sounds at varying | evels because there is no attenpt
ndtal ko the assessmemnd afdhe Irelasiae Supj oFti Yo EoRinsaees @? sounds at
| oudness with SPL, that is, for the fact_ that the. .
vasping leyeds becansedhest isne atieapt tedi%%%tsf%hﬁe §P§gll%%aﬂty of

neasured in ynits of "sone". .There,is.a qgne- .
thegpiHp idowdBessmarh ST+ shatia Guribeart Bt 48 $phcing of the

indicated in FIG 11. One sone is defined as the
COnéQUrfe¥ariey a 40 dB (SPL) 1lkHz pure sine wave and is

e e,
ooy Bt BEE e PROTS T An (3058 1Bits, a§ HiEichied in FIG, 1.
Obg%ﬁﬂ??? glﬁﬁ\é%hsas' fﬁe%ﬂﬁp@s gPs a0 dBQSmEL) Y%Héi)ﬁ%‘sﬁﬁewave

speci fic Toudness as a nedsure o

arflf{sc&ﬁi%ierfft I‘i’dgdll P BoRS The wiigd bPBoRE até saclersat arwofold

ne, ~ specl dness may be neasured in units of

inSPOR AR sodi dortéfIuiRTsCH a dbuBlingldparseivgdiibadBesk For
scal e, specific l'oudness has unigdtagrpof sone per Bark

exfifipld, Keydigeisvhateiisidngs twizeERBoadadse? sohe. dfiuss eapeessing
sone per ERB. As nentioned above, the sensitivity of )
lotldmchs bevel e an svae iemaetinfomnative.eGrivan thadefingien ofgpecific
fact well docunented in the psychoacoustics
louidness asaane@geadt pmepamlllt)@&il@sst%a&t funetignf fremency and
spectrumor tinbre of a . . . '
time, specific loudness may be measured in units of sone per unit frequency.

Thus, when using the Bark scale, specific loudness has units of sone per
Bark and likewise when using the ERB scale, the units are sone per ERB.
As mentioned above, the sensitivity of the human ear varies with both
frequency and level, a fact well documented in the psychoacoustics
literature. One of the results is that the perceived spectrum or timbre of a
given sound varies with the acoustic level at which the sound is heard. For
example, for a sound containing low, middle and high frequencies, the
perceived relative proportions of such frequency components change with
the overall loudness of the sound; when it is quiet the low and high
frequency components sound quieter relative to the middle frequencies than

they sound when it is loud. This phenomenon is well known and has been
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gi ven sound varies wth the acoustic |evel at which
the sound is heard. For exanple, for a sound

waeoeobaiteong | ow, m ddl e and high frequenci es, PEEUS2005/038579
percei ved rel ative proporti®ons of such frequency
conmponents change with the overall |oudness of the

e
loﬁ;l) FRTLFO 16 *é%]lﬂﬂﬁé’ coAHBY tHﬁ’[geg)ﬂlIesi Iow-aiill sdiniesimes also

enomenon i s we nown and h beenm tigated in

hi H%de@l@&%@t% W R istraed dahre dThosdvheslower
%ontr ['s. A | oudness control is a vol une coﬁ’trol t hat

seappivigsof i canat thenfeedueyadsivemieghis tompeamsatedby sn
as the volunme is turned down. Thus, the | ower

artifickil thooist pf tfiogehfreqmenaiest Huchr contsalsyare xonapisselyspassive;
conpensated by an artificial boost, of tffose )

thg rdegmm; esmpsushtioorappdied 1arcfnwiinneobihe ssiinewd thepeolume
egree of conpensation applied i f [

comg gonns ST IR ot ey hBEcH of % onten

user-operated control, not as a function of the
ofdhgawgto §rgnq(i% audi o signals. In practice, changes in

B RO GRS o Do Rty P & prare! tfanCt ditidhe low.
mfifib bRz Bednndel RbepR T JiLTighe, 18 pHECAas i it howal
spféﬁgr}lﬁﬂggﬁ@#gp%%ﬁ%r{]ﬁ'is hA84 38 beAould& AT oiéeller the

er o € audi ence woul hear 1 n a concert

-t h
ikinal T SHpACRy AR s e bty

m%:ﬁgoé}‘b?tﬁcia%dﬁ&%@@}dﬁﬁé hiar B aasrieer half thededanteacross the

percei ved bal ance across the spectrum changes in

SRRErUTBRRSS b Qorteutdvhegeades oacitbstimisgiayingalvaidigror quietly.

manner for qui et passages. A conventional passive
Iflthednesis is oaproductdes) d8k qaiepdty foi xamphe, the perceived balance

conpensations as a function of the nusic. In X
adroke treaspentaimRatamges Appinecaanoar Kot loudpassagos aod changes in

16964, filed May_ 27, 2004, published Defcenb,er 23, 2004
arssthier poomet fo1 guietapassages. eAdgeorventionsl passye, loydpgss control

ot her things, a systemfor neasuri and .
does not applygdlfferen%/ compensations as a funcfion of the music.

In International Patent Application No. PCT/US2004/016964, filed

May 27, 2004, published December 23, 2004 as WO 2004/111994 A2,
Seefeldt et al disclose, among other things, a system for measuring and
adjusting the perceived loudness of an audio signal. Said PCT application, .
which designates the United States, is hereby incorporated by reference in its
entirety. In said application, a psychoacoustic model calculates the loudness
of an audio signal in perceptual units. In addition, the application introduces
techniques for computing a wideband multiplicative gain, which, when
applied to the audio, results in the loudness of the gain-modified audio being

substantially the same as a reference loudness. Application of such
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adj usting the perceived | oudness of an audio signal.
Sai d PCT application, which designates the United
WEL@h$7600 S her eby i ncorporated by reference i PCT/S2005/038579

entirety. In said application, a psychoacoustic node
cal cul ates the | oudness of an audio signal in

] - | ha , ,
L e e o
tiplicative gain, which, when applied to the audio,

results in the | oudness of the gain-nodified audio

bei ng subst anti al |Di§a%tﬁ@l@‘ﬂﬁe Bvadfttorence | oudness.
Application of suchw deband gai n, however, changes the

per qiotrcaspret ! thelinkahton protiddsefomdtrivinDisfirosatien asable
the Invention In one aspect, the invention provides
fof eontielling tige spécifivaioudnessabhn audhio signal &yl neglityisg the
speci fic Toudness of an audio signal by npdifyi he
aualid isigrsil gnardentorethicet therdiiigrenes beaeareits ﬁE@C’{}%t ess
its specific | oudness and t ar get sgeci fic | oud@gess.

I it T ) ot e
londpessrasna denefien of rféecw@@yfqrs{j fihn b Rrasticah amiplgmentagions,
e e o TS R SRR R B B B
ot B BEAh O BBk ore A SRR g
oL RS oy o T A B kit S e
oGRS SoahRE I e plofee v o

d&Rebkelielbgudness of the audio signal and the target
specitic |loudness, the nodifying may nodify the audio

si grBécaReapeeifit ilondedssfis aquensyre éf péroceptualdoudmess of an
cases the target specific |oudness may be

atdiossigalars @finetioh biféregueiney sirghtimd, s erdeniy rashice the
steady-state time-invariant signal, typically, the
difetehge bgtwesn the speaificflpudnessaatitle gwgt@aﬂlgael and the target
specific loudness, the modifying may modify the audio signal as a function
of frequency. Although in some cases the target specific loudness may be
time-invariant and the audio signal itself may be a steady-state time-invariant
signal, typically, the modifying may also modify the audio signal as a
function of time.

Aspects of the present invention may also be employed to compensate
for background noise interfering in an audio playback environment. When
audio is heard in the presence of background noise, the noise may partially
or completely mask the audio in a manner dependent on both the level and
spectrum of the audio and the level and spectrum of the noise. The result is'
an alteration in the perceived spectrum of the audio. In accordance with

psychoacoustic studies (see, for example, Moore, Glasberg, and Baer, “A

Model for the Prediction of Thresholds, Loudness, and Partial Loudness,” J.
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function of time. Aspects of the present invention may
al so be enployed to conpensate for background noise
WO pdoe/iné ng in an audi o pl ayback environnent . PaEs2005/038579
audio is heard in the presence of background noise,
the noise may partially or conpletely mask the audio
i 1 r € n 4 i
Auglo Bl 3% VLRSS, VAPPSR e pelipgent Fyavtial

sp%@ﬁcrlsﬁﬂhglségsofﬂl@éﬁcﬁb?si R pétcbhriab tswdossbRprRAudioin the

tQhe aal(J dn accordance wth psychoacoustic
réseHee ?&%n igteafmimy sdbod 8igr@l asivdr gs thendoRaer ,
P ¢°s‘g I\/DS’ZI for tr?gyPredi ctriﬁgon of Thgr eshol ds%,m Loudness,
andTRak! iphnbfugnspsct, tHe Mnkdidingrovddes fooderizhg No.
4, April 1997), one nay define the "partial specific .
inforndtiessisabletfoe canttolimg thepaptealepecific loudnassf ast audio
the audio in the presence of a secondary interfering
thﬁd{lﬁ%rence

S e e T
betwieen istpastialispetisicrlondpess ave @ ﬁa&fttﬁ@eﬁbf?g loydness. Doing so
A, S AN S oA A
anilsuBE sk G PR ThG Sh e RPER eRE Rl 58T SRS Vel into
ocklo REICRREM MR R0 g el pghetfand the
T g e U AR I

Nt qf LA ééﬂfgfg,ls t 1nivEﬁﬁbflbqﬂoﬂ'i@ésofoﬁ*%n@ﬁﬂﬁﬁgtht:hfpeciﬁc

i nvention prowvi or controlling the specific

lo{sllgisgéaéleéisaﬂfauggb @%@ ggﬂuﬁﬁdhfﬁiﬂ% nhdiafitiogighakimedder to reduce

al in order ce the difference between its
the ReFbfdricd Bednagsitasped ficdoudnespend hitargaspeestic lomdness.

anot her aspect, the invention provides for controllin
t he Jpaddthbr apeestf the invedtiessprofvides Gurdiontsolging tthwpaI%al
nmodi fying the audio signal in order to reduce the .

spdicifielanressaifreraudiossigaat baimedidying the sidiecsignahin grder to
target specific |oudness. ) .

reduce the difference between its partial specific loudness and a target

specific loudness.

When the target specific loudness is not a function of the audio signal,
it may be a stored or received target specific loudness. When the target
specific loudness is not a function of the audio signal, the modifying or the
deriving may explicitly or implicitly calculate specific loudness or partial
specific loudness. Examples of implicit calculation include, a lookup table
or a “closed-form” mathematical expression, in which specific loudness
and/or partial specific loudness is inherently determined (the term closed-
form is meant to describe a mathematical expression which can be
represented exactly using a finite number of standard mathematical
operations and functions, such as exponentiation and cosine). Also when the

target specific loudness is not a function of the audio signal, the target
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When the target specific |oudness is not a function of
the audio signal, it my be a stored or received

wo aroges7especi fi c | oudness. When the target spertT/I82005/038579
| oudness is not a function ®f the audio signal, the
nDdlinng or the deriving may explicitly or inmplicitly
g C [ S r ' ; L :

spefiflicituRlres iy bebdif HHREF An rBRIGACY IRREFARL Pr it may be

onlﬂé?ﬂﬁé‘ﬁnﬁléﬂhﬁt.or a "closed-fornt mathemati cal

Xpression, 1n which specific |oudness and/or parti al

SPef iyt GrictHENgsect shiertheeatibhyprdei desifoegrocdssin di
cl osgélf ocarm i's er%{é\er(ft to descri b?ra mat hematgir(gal Eamandio

sigil epRo@ssiny e sadiosigneboeaentadiexaf thy audinsigaal in
fini'te nunber of standard mat hemati cal operations and -
acchrimideowsth snie br asorexpocessésaatbanenar nastierpnocess-sontrolling
when the target specific |oudness is not a function of
par%ﬂmeﬁm_ctbqomdglga:c a target speciic dpednis s Advapegh thejangst
oth tine- and frequency-invarj ant .t may be on
specifieloudnrgssanay bentnyl@rlr%/@aaﬁ)é r(“ggﬁféc?’ 5 thtqq@l‘éﬁt/ %@ﬁqlﬁﬁ

1ou§£§§%&&§z£§$gﬁé§§&fﬁ%’i%e§m&%€ o | %g%m%flg{lgﬁaﬁ%qqgf the
audif 6t Biouenihirad-paRteft FEIGERs I el fioRuMifant
RSSO SR P SR SERE R v s
et U Pt SPETHcIREARERLOETRAEl oy fnd ATk Byl when
e N el

It io%é! 3LYid %Bdww‘%%ﬁtzﬁ?ﬁi‘ﬂctlbﬁdﬁ@dsg Bt asepeesémtation of a target

ess to be fre and tinme-varying when it is

spe@ifie N6hdAsOiak e Asdived tiwimla traiendssion anteprotacgedtfrom a
specific | oudnéss or a representation of a target

stofideeidedéutmudness may be received froma transm ssion
or reproduced froma storage nedium The

r epFhe eepresentatidn af adarget speeifid loudnesmamy hapngeor more
one or nore

scale factors that scale the audio signal or measure of the audio signal.

The target specific loudness of any of th.e above aspects of the
invention may be a function of the audio signal or measure of the audio
signal. One suitable measure of the audio signal is the specific loudness of
the audio signal. The function of the audio signal or measure of the audio
signal may be a scaling of the audio signal or measure of the audio signal.
For example, the scaling may be one or a combination of scalings:

(a) a time- and frequency-varying scale factor Z [b,7] scaling of the
specific loudness as in the relationship

N[b,t] = E[b,tIN[&,1];
(b) a time-varying, frequency-invariant scale factor ®@[¢] scaling of the

specific loudness as in the relationship
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scal e factors that scale the audio signal or neasure

of the audio signal. The target specific |oudness of
w@aryeoi7ebo i e above aspects of the invention napCheSH05/038579

function of the audio signat or neasure of the audio

signal. One suitable neasure of the audio signal is

the specific | oudne ]gngh?[tgwl oaISI gnal . The

functl on of the audl sure of the audio
of e tﬁﬁ%ﬂﬁ%ﬂsﬁéﬁ%@ﬂ% Ry SR SRR, offy SEARHEf the
b
spe@&ﬁ:q@aﬁv%%giﬁﬁﬁé BB o "l b\ 0] Scaling of the
?Eem fic | oudne;ss{@gsb Z?‘t‘ﬁﬁbwwt’f?‘g%ﬁ' p NNb, t ] =X

tIN[Z, t ]
g e A S R R AT % oukf of he
t

spe&é%“&wh %ﬁf@fl@ @uﬁlh%'eﬂa“ﬁ 33 BRkelaloRHA ) uaness

as in the relationshi b] N[ b, t ; d

]Sd) a time-invariant ﬁ#’\l’égue‘ﬁj&;b Va]rl Ea\nt s]cal ean
i i B oS G R GORS, U6 R i
oudgis 415 bl R TR o
ft is a neasure of frequency, and is a neasure of tine.
0 }rﬂet he case (a) of a tine- and frequency- vary| ng scal e

by 18 Wi G438 (57 B pdBnPE il IS TSk sLAR FagtbrPaie
scaﬁﬁ%%@@?usa ﬂﬂﬁ’?@d gf letaié?lr?iriang é}sé 9535 gf%lg&li’eacrﬁlu'lﬁgand

aS a dynam C contr

oo 30 e SPABISPO8386 1 o L4t s my
be usable as a dynamic range control. Further details of employing aspects
of the invention as a dynamic range control are set forth below.

Also in the case (a) of a time- and frequency-varying scale factor, the
specific loudness may scaled by the ratio of a measure of a desired spectral
shape to the measure of a spectral shape of the audio signal. Such a scaling
may be employed to transform the perceived spectrum of the audio signal
from a time-varying perceived spectrum to a substantially time-invariant
perceived spectrum. When the specific loudness is scaled by the ratio of a
measure of a desired spectral shape to the measure of a spectral shape of the
audio signal, such a scaling may be usable as a dynamic equalizer. Further
details of employing aspects of the invention as a dynamic equalizer are set
forth below.

In the case (b) of a time-varying, frequency-invariant scale factor, the

scaling may be determined at least in part by a ratio of a desired wideband

loudness and the wideband loudness of the audio signal. Such a scaling may
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Also in the case (a) of a tinme- and frequency-varying
scal e factor, the specific |oudness may scal ed by the

WO 2106047600 a measure of a desired spectral shapeCT/0S1008038579
nmeasure of a spectral shapdoof the audio signal. Such
a scaling my be enployed to transformthe perceived

be EBRE ralér%(;?ﬁuf&ﬁaﬁ% 'eﬁn%’o@ﬁ@ﬂ I Bainid FlTREAENMItRSl, Further

percelved spectrum®o a substanti al | y time-Invari ant

r | t . . H . . .
detdiRy © g‘fﬁgﬂltcﬁgﬁg dsp@ctyBethd fifrehbiogl 49 &n havsinasie dasn control or

sca atio of a neasure of a desired spectral

a dyEh@REc rAngbeomasiure set ferthetowal shape of the audio
signal, sltch a scaling nay be usable as a dynamc

eqlinl¢asy ()R tifier atel fiehuendy-vapying supladpeiorsoneasnd) (a
_invention as a dynam c equalizer are set forth bel ow
timévaryrengasequiencytiny ariamé svaleyiantar) f thecseate Jactay arayahe a

scale factor, the scaling may bhe determ ned at |east
funcurx]omo’gt}?/aﬁdmugma&manawre@dT the aedig§18ldness and

t he wi deband | oudness of the audio signal. Such a

scinihgtintlymeass (o of adimerinvaiaat fEeqieneyYc¥aviRg sgale factor

e control ., F her details. of e

or B 500k Ao Bl S B e
ol A RECaL A0 SORL R LS L BSh et
rac 35S be bR USRI fGPgaR [ var Lt ol

2 5h 5 TLOPRF GcTET 4R (8] (HBSARuct ARSl otk Pincion of

the?tﬁﬁic? §igﬁ5%r Med e e @li®kighdli me-i nvariant,
requency

-1nvariant, scale factor, the nodifying or

t hgndghi o g e Wribag hspectsofthe tnvdietice abd thaotaoiations
the scale factor nay be received froman external

thefd! €he Ih@difﬁ}iiﬁ%;r defivies e ffrofuaing iy, varoustylexplicitly or
factor may not be a function of the audio signal or

impieadyr eabfulatee(Isberificdoatnessn and&orc(fZ)tpm'tlagSﬁ)wﬁc loudness,
aspects of the invention and the variations thereof,

and/oe (3 dhe yarget specific hoydagssplomplicih galayations maysinyolve, for
explicitly or . .

example, a lookup table or a closed-form mathematical expression.

Modification parameters may be temporally smoothed. Modification
parameters may be, for example, (1) a plurality of amplitude scaling factors
relating to frequency bands of the audio signal or (2) a plurality of filter
coefficients for controlling one or more filters, such as a multitapped FIR
filter or a multipole IIR filter. The scaling factors or filter coefficients (and
the filters to which they are applied) may be time-varying.

In calculating the function of the specific loudness of the audio signal
that defines the target specific loudness or the inverse of that function, the
process or processes performing such calculations operates in what may be
characterized as the perceptual (psychoacoustic) loudness domain — the input
and output of the calculation are specific loudnesses. In contrast, in applying

amplitude scaling factors to frequency bands of the audio signal or applying



10

15

20

25

inplicitly calculate (1) specific |oudness, and/or (2)
partial specific |oudness, and/or (3 ) the target
W@ p@eioiiceo | oudness. Inplicit cal cul ati ons nay PEWOB20635/038579
for exanple, a |ookup tabldlor a closed-form
mat II;ema\t [ gﬁ expression. Modification paraneters may
1 h gym%m higCat HRNawdiIoATBASY, Sthea
fi teggo f@@gexa%ﬁlggﬁ ) a %F{?}r@all ﬁf@fof anpl it udg stcal iyng
modifichAba &Ja‘i"%ﬁ‘é'téi‘é dpeafd Rrmedely Brnasdiof sighal eutkide the
signal or (2) a plurality of filter coefficients for
perc‘é?'ﬂﬁzil_q:ﬂsyﬂﬁoms@ic) fouénédsl demnain susthasnay elchargaierized
FIR fiTtér or a multipole HR filter. The scaling
as th@elevtscal sighhl domadef Altiergtsniadificationsto the saudjo signal
whi ch they are applied) may be time-varying. In
mayché cnade tthe mediousignibin die elretrigad signal denanassueh

the audi o signal that defi| the .t t ifi .
chahgesfitethe Jecttialisgedlstomain Ak deTined e S&%ﬁ“eumlzfl}tcb%%gl the

O r processes perfqQrm such cal cul atj L0q:
e
. ychoacouystic) ,l oudness domai n .- the i p :
signaiases arect R loudeerero PR pues 1 e B8k snepific
ontrast, in applying anplitude scaling factors to
ReFuency bands of the audio signal or applyingfilter

< ?% 'fi%{r&%%f Hiogdriﬁcg@?ihﬁr%@t&sfﬁbﬁ?&él%ﬂle?c{oﬁshfn f’t‘laié }1 gudness

paraneters operate to noal

donlf, 358 So3) oSt BRARpHES 18RHRSR Al porceived spectral
t hfcilificheoal paanmiter: re deri

R R
in the eg]&ftri%apsgn_al dBahaihn Thheldetiest thecase of gimksildarmiembrane

such changes in the electrical signal domain are
sim@%ﬁﬂ%@s&él@m@sﬁw faliedomki or ith eqperatept imperforming loudness

(psychoacoustic) |oudness domain such that the .
domaih ¢aledlaictisanaypravideas naorspdetailied qailefdhrgperceived

approxi mates the desired target specific |oudness. BX
spediuiny lrdmga nnarrgngamamﬁs Pastalestver modi Herdan aaram JLs i1 ghe

e | oudness domain, greater control over perceptual

eled:tdimﬂwé@lidrd@n@@mei ved spectral bal ance ma)e be P

achi eved than if .such nodificat] .
derlEaehyof the modifying, denvmé,ca% 8Pocfu%r1rafge rﬁ% be"dependent on

lou

one or more of a measure of an interfering audio signal, a target specific
loudness, an estimate of the specific loudness of the unmodified audio signal
derived from the specific loudness or partial specific loudness of the
modified audio signal, the specific loudness of the unmodified audio signal,
and an approximation to the target specific loudness derived from the
specific loudness or partial specific loudness of the modified audio signal.
The modifying or deriving may derive modification parameters at
least in part from one or more of a measure of an interfering audio signal, a
target specific loudness, an estimate of the specific loudness of the
unmodified audio signal derived from the specific loudness ox partial

specific loudness of the modified audio signal, the specific loudness of the
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in the electrical signal domain. In addition, the use
of a basila.r-nmenbrane sinulating psychoacoustic
wo Rdobestsenk or its equivalent in perfoarm ng |POINERS5/038579
domai n cal cul ati ons may prad%ide a nore detail ed
control of trie perceived spectrumthan in

unniiABI SRR Sid D! afl®ah poiBRihhieh 19 he AR ES 0

il st gnal of the nodi fying,
loudi’rrll;%:sg ‘ﬂg?ﬁﬂedaf?gnpflﬁd%t%édﬂﬂc NBYd R saaPsndrnispesifienivadness of

a neasure an interfering audio signal, a

the ﬁtr@{cgﬁbd%g%fsighdlpudness, an estimate of the specific
ou

ness of the unnodified audio signal derived from |
t hRfsResartical didyvidihesnodifyieg or derbirgimay dedveresedidication
the nodified audio signal, the specific |oudness of
pardrheteusapthakt adpartdironsi gnal , and an approxi mation to
the target specific |oudness derived fromthe specific
| ogtness ofr partial specific | oudness of the nodified

audi o signal. The nodifyipg or deriying nmay derive
modi fi cati onaﬁafgiifeﬂp@ﬁﬁ%Foquﬁﬁa A part from one or

nore of a neasure of an.interfegi udi o st gn .
target speci ﬁp&&tm%ﬁ%@beéﬁ%g‘fl? ﬂ‘g?@woq‘ls qfﬁbg'}ﬁ@}@@ed

| oudness q.f the.unnodifi.ed [ ' [ :

t he spe@?lalcbsﬁ%\?&lﬁggeswsg fm%ﬁgls%ggﬁﬁgﬁ%(ﬂf%gﬁﬁgggéo dified
the nodi fied audio signal, the specific |oudness of
theunno@iufif%amgﬁ %&il gnal, and an approxi mation to

thz ﬁ}g@g% specific | oudness derived fromthe specific

l o % r partial specific |oudness of the nodified

audi o si gnal ﬂagtgpscﬂﬁf %j;u‘a&ﬁ'e@ﬁ by thé haniedliffed awglies signal, and

deriving may rtve nodification paraneters at | east

in part fromgylinoegightisnttaretasgacpecifit vutieess derived

and an estimte the specific |oudness of the

unnodi f ifegimaihdi et fipddudrassiofatieimodifidd andiecsiigral,
| oudness of the nodified audio signal, and
or, when an interfering audio signal is to be taken into account, the
modifying or deriving may derive modification parameters at least in part
from
(1) a measure of an interfering audio signal,
(2) one of
a target specific loudness, and
an estimate of the specific loudness of the unmodified
audio signal derived from the partial specific loudness of the
modified audio signal, and
(3) one of
the specific loudness of the unmodified audi o signal, and
an approximation to the target specific loudness derived
from the partial specific loudness of the modified audio signal.

A feed-forward arrangement may be employed in which the specific

loudness is derived from the audio signal and wherein the target specific



10

15

20

25

(2) one of the specific |oudness of the unnodified
audi o signal, and an approximation to the target

W@ p@eioiicso | oudaess derived fromthe specific |POINERS5/038579
of the nodified audi o signdaB, or, when an interfering
audio signal is to be taken into account, the

loudREs! 1¥'r@861%fid1?6fn" Sufé%yeﬂéfﬂ%ﬁo'f%irﬁéﬂﬁdi @"from a storing

paraneters a east 1 n part a measure of an

wh%rg E}gé;lfggfdlﬂﬂng@ @eﬁ‘v@@%cld(ﬁ‘)s POfingfa farger gric Mietodduess.

an estimate of the specific loudness of

AltéhrtiveRd hibadafedd ofosvardifeettvdckedrrangemehe mpaytbal
speC|f|c | oudness of the nodified audio signal, and

empRyedria whidthan appeotinmticoutindsstarpet speaifindaiidnass is
audi o signal, and an approximation to the target

derspecfront theombtSeddmdiv sxgrralcamdtwéep@ntthﬁltarﬁﬁwq?@ﬁc

| oudness of the nodified audio SI gnal . A feed
loudnesmigaweeiy ey orea @ﬁpmsy@@tema vl & mﬁt:,h%% ﬁf@m a storing

Ioudness is derived fro di d
wheméhe Bty iogcen §eaY aRe MG IPERE 4 BT et St dedpudness.

0B A G s o
oofEi ATk LR s sy oo
ool GG Pl e

meé&fretc?fr u?ﬁﬁ %ll%e et‘n%tfv%c Qi feed-forwand sadhgement

erna roma storing when the

22%0@@&@6 i RHivh FﬂEe bﬁ@dlﬁ@%uﬂh@ss aadahé en@ast specific

oudness. The nodi fying or deriving may
loukiﬁébspﬂﬁi aaeved framnmahprodas sesal otheodéravatiogof the target

explicitly or inplicitly, the target specific
spacPfid hesdnessremployings fuction of the audio signal or measure of the
audio signal. In another alternative, a hybrid feed-forward/feedback
arrangement may be employed in which an approximation to the target
specific loudness is derived from the modified audio signal and the target
specific loudness is derived from the audio signal, the derivation of the target
specific loudness employing a function of the audio signal or measure of the
audio signal.

The modifying or deriving may include one or more pxrocesses for
obtaining, explicitly or implicitly, an estimate of the specific loudness of the
unmodified audio signal in response to the modified audio signal, one or
ones of which calculates, explicitly or implicitly, the inverse of a function of
the audio signal or measure of the audio signal. In one alternative, a
feedback arrangement is employed in which an estimate of the specific
loudness of the unmodified audio signal and an approximation to the target

specific loudness are derived from the modified audio signal , the estimate of

the specific loudness being calculated using the inverse of a function of the
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whi ch cal cul ates, explicitly or inplicitly, a function
of the audio signal or neasure of the audio signal. In
won@calteer nati ve, a feed-forward arrangenent nBgT/D82005/038579
enpl oyed in which the specii#ic | oudness and the target
speci fic | oudness are derived fromthe audio signal,
bY A& e¢h hinoth@udessative, a hybrid
aud%d;rpﬁgggll[ %}éﬁgé#%ﬁhﬁgtquﬁggpa{(ﬁifgﬁgi ghsﬁhgﬁm UE‘c?rht@measur e o?/
- Wi AR cRiHthigre edaird whicla thetwpedific
feeq ge - or/f\/q\?aerag%?gea%%% arrangélirifbtélrﬁ%]r may be enpl o?gd in
loud¥tisshs deriarer Rsireid andibaighsl drd des estraat &iaf theusprefic
I's derived fromthe nodified audio signal a.nd the ,
loudiésgaif thpanirhodified dudiwssigraliy dewded %mmﬂﬁm mafigied audio
signal, the derivation of the target specific_|oudness
sigreiptheydergy ationndtthe esomathbetngicalcuilafad usshgnbesinverss of
the audio signal., The nodifying or derivyin mag
said furlatte ofitheaudisr sgprbeeneasurepl g auq\ﬁlaon %,lgn ]

explicitly or inplicitly, an estimate, of the specific

| oMadiftcaiion paramasas maé’dg%@ep editgrihe ai“ﬁ‘@e%‘&é‘ﬁl to fgoduce
t he %)di fied. au?i o signal, one or ones of which

a megiided avdio si8Ali citly or inplicitly, the inverse of a

o1 ghaother Aspieof 15 RuEhtR s iR pf b d SetftraL and/or
oo f LB D AN RAE R B PR e, an
enc?@?f g 'gH?égﬁn{g %fgd tr:rio% é AE8SdeSPrakESEino UER e TXadisle, there

Ive I'ed audio signal, the estimte

t iinfol iR evisizhatkeahedi Bginggot Herivin
ma?%&e%}g%ﬁ%{?&?gf/%%%ﬁgg%thethﬁea%i10 si gnal 1o’?ﬁmalgg%ure of 8

ma#z gtk ¢ sPhi@ ARk rebpivanat tere ahd elswtépreduscattie addio signal
eed-forwar d/ f eedback arrangenent is enployed in which

and sighen@yirthodificatioe parameides dv €2) artarget spewiticdovidgess or a
and the estimate of the specific | oudness of the )
reprevendatioreof aumigetssppoific landiassy clternsiiviehy, bers may be, in
audi o signal, the derivation of the esti ngtle bei rh% s
effect] onlyaar engsidat or kacodingr igewhick Hiqrerly fHIYN SranSgpaltiing or
audi o_si gnal, or neasuye of the audio signal.
stongi afi hatausho rﬁégmﬂeﬁfé{ é)@gdgﬁcw PatAlgipison () @ tatget
spesclif%g ?(l)ucsr(l)es%rgrdfje%?esentation of target specific loudness. Alternatively,
as mentioned above, there may be, in effect, only a deco der or decoding in
which there is a reception and reproduction of the audio signal and (1)
modification parameters or (2) a target specific loudness or representation of
target specific loudness.
Description of the Drawings
FIG. 1 is a functional block diagram illustrating am example of a feed-
forward implementation according to aspects of the invention.
FIG. 2 is a functional block diagram illustrating an example of a

feedback implementation according to aspects of the invention.
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a rmodi fied audio signal. Another aspect of the

invention is that there may b e a tenporal and/or
wapabioadcosepar at i on of processes or devices soPCHEE2005/038579

there is, in effect, an enddder or encoding and also a

decoder or decoding. Fot exanple, there nay be an

eneRdl 396 deRAiRMat SO Idbrihi AlusdhifDah bxbaphe of a

eriving may elther transmt and receive or store and

hybﬁ%lﬁ@gﬂ%?%?&ﬁeéﬂﬁa&@ﬁhﬁleﬁhmﬁo@mbcﬁirﬁhfg to{ Aspects of the

Ication paraneters or (2) a target specific
invditiiness or a representation of a target specific
oudness. Alternatively, there may be, in effect, onl '
an FeGc ddiera functivred biock diagranhiliustrading ariexmenpie of anothe
transmtting or storing of the audio signal and (1)
hybrigdfetdefurivendfedhatle mplomendation aeepsding i aspects of the
~ loudness or representation of target specific
Invémtiminess. Al ternatively, as nmentioned above, there may

be, i ff ’ . . . ) .
LG Sciscn Peketpnd) blarla g AT Er 8 thd iFpin which

o B Sl i
L e
o GBI USROS p ARG I e r 38apte o d e
terﬂgk»k%ﬁsz of s rBaRy ARG devioq BEERAGES: TP T3 o' L

ungig <¢g§ *{‘Pﬁ&ﬁoﬂ%lﬂfﬂgglg‘gib H5h [ BLbRSHAS thE avBheesfinavhich

hybrid ed-Torwar ack 1 npl ementafion according

thetJ BB asdid ﬁgnhpaflﬁ!‘hitafget Ripecific lcudndss et repraisentation

ock diagramil l'ustrati ng an exanpl e of anot her

thefodTrdsdidteasinead varamyf eesbiithe fogal-fomvard, feedtzacky anddybrid

to aspects of the invention FIG 5 is a functional
feelfoewadd fgedradk hrrsngerments miay basiosed ion trgnsemitted for use,
for example, in a temporally or spatially separated device or process.

FIG. 7 is a schematic functional block diagram or schematic flow
chart showing an overview of an aspect of the present invention.

FIG. 8 is an idealized characteristic response of a linear filter P(z)
suitable as a transmission filter in an embodiment of the present invention in
which the vertical axis is attenuation in decibels (dB) and thee horizontal axis
is a logarithmic base 10 frequency in Hertz (Hz).

FIG. 9 shows the relationship between the ERB frequency scale
(vertical axis) and frequency in Hertz (horizontal axis).

FIG. 10 shows a set idealized auditory filter character-istic responses

that approximate critical banding on the ERB scale. The horizontal scale is

frequency in Hertz and the vertical scale is level in decibels.
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the unnodi fied audi o signal and the nodification
paraneters as determ ned by any one of the

wo ewdoiwomar d, feedback, and hybrid feed-f or wapdr/us2005/038579
f eedback arrangenents may bBeé stored or transmtted for
use, for exanple, in a tenporally or spatially
SRR TRIIRVL i BuAllIBRERRss Ebftouts 0F 18C T4 OTHRY
bl oc iagramillustrating the manner in which the

hori%é‘ﬁ‘i‘%i@'isEhFéjisaﬁéhﬁeﬁéygﬁﬁHe@f%j(léghﬁﬂﬁﬁ!ic paeeili0 schle)dmesthe

r representatron t'hereof as determ ned by any one of

Vem}c'&? sE8ROrf T Presberdivaekin dedibetbri d feed-forward

eedback arrangenments may be stored or transmtted for

uSBIGE an shanpllee einaldlouemess abhiours SO 22§ normalized by
separated device or process. FIG 7 is a schematig

the transmissiah filtecR(ali ddieahotizostdlseald is freqwesigyrin Hertz
showi ng an overview of an aspect of fhe present .

(logaritlemic base R0Gcage) andithe yeri¢al sgakenisr pgepgure level in
response of a linear filter P(z) suitable as a

decibelasni ssion filter in an enbodi ment of the present :

8L St A S A
for SRS ARALGR 25 R B0 EbRlc SoBBRYE T8 poigontal
scalf s HR R EMFDRL YRGS A1¢ DU Bhiretheci S (aB)

B AT LIPSt R ARBRS: YR 1 sk

respelEYSENCHE bR oififid| 88flal hewigeEbdkPbaRralificd 8ighall and a

eci b t'he equal | oudness contours of

mulki]%gnazggiﬂﬁﬁ)diﬁ%ﬂ?s@@ﬁﬂl Pheherintalewatniyy BRB-eatds and the
ogarTthmc base 170 scale) and the vertical scale is

verts@ntabs ¢ spécificcloatiness (senfERB). FI G 12 shows the
equal | oudness contours of |SO 226 normalized by the
t r @IEHI b iwar idéadized(cart Thewhngi zigfr als a Fanetion of L[] for
frequency in Hertz (logarithmc base 10 scale) and the
typi¢al WGE. Thallorizomalschlpiedsg (€119 \weld the wectibal scale is

log(L,[1]).

FIG. 14b is an idealized chart showing: L [#] as a function of L[] for
typical DRC. The horizontal scale is log (L,[7]) and the vertical scale is log
(L,[21).

FIG. 15 is an idealized chart showing a typical band-smoothing
function for multiband DRC. The horizontal scale is band number and the
vertical scale is the gain output for the band b.

FIG. 16 is a schematic functional block diagram or schematic flow
chart showing an overview of an aspect of the present invention.

FIG.17 is a schematic functional block diagram or schematic flow

chart similar to FIG. 1 that also includes compensation for noise in a

playback environment.



10

15

20

25

FIG 13a is an idealized chart show ng wi deband and
mul ti band gai ns for | oudness scaling of 0.25 on a

waegapaicodf femal e speech. The horizontal scal BCT/ESHRB038579
bands and the vertical scall2 is relative gain in

deci bels (dB). FIG 13b is an idealized chart show ng

the speci szé‘sé'zgu For CHYPRL 0/ Theolnvén®on i nal
signal, a w deband gai n-nodi fTed signal, and a

nukiGRandhesgh aodicw ednsiiengl biddle diegiarns idistsatn @
is ERB bands and the vertical scale is specific

posdiBledfeedstdreniia/ F¥dbackl énd thao iversionsdefhibed febds t
showing: L [t] as a function of L [t] for typical AGC
forwiire/feedback imiplsmehtaticn ergmiblestdccoading feaspeats of4he
. scale is log(XoM. FIG 14b is an idealized chart
invesimsi.ng: L [t] as a function of Lt[t] for typical DRC

gt
Ll band: st Luneyon for) g and, B T,
dovissrib haviti o A sienal ) GepaBlg et moartbahi o g,
resgg P BROHRREO B e 2 SR L Ra{H R ER brocess
or dgiva QI? K’C{?if?&éﬁﬁg %gg@é%ﬁ’% T’??ﬁh&%@’*)%aﬂa‘?)l? 'o@@giiﬁfitﬁﬁg such

ation for norse’in-a play

mo S g, PR MPCI AL D Rt o, AP e
for\kféll%ogf)gy %ﬁ@ggflg @fngeﬁﬁs&cﬁ SHWREFIG S eobhekanmies inuy be a

Ver d forward/feedback

devidPbLPRMALItRA ©oAMRES heasdidisignaly fas pratrplef its hmplitude,
I nvention. Referring to the exanple of a feed-forward

in ot REgheEY- ahdFbEtinis-vany aydinarsignial a¢cordapte exith sodification
paths: (1) a signal path having a process or

parameters M received from the Generate Modification Parameters 4 (or
from counterpart processes or devices 4°, 4> and 4”** in each of the FIGS. 2-
4 examples, respectively). The Generate Modification Parameters 4 and its
counterparts in FIGS. 2-4 each operate at least partly in the perceptual
loudness domain. The Modify Audio Signal 2 operates in the electrical
signal domain and produces a modified audio signal in each of the FIG. 14
examples. Also in each of the FIG. 1-4 examples, the Modify Audio Signal
2 and the Generate Modification Parameters 4 (or its counterparts) modify
the audio signal to reduce the difference between its specific loudness and a
target specific loudness.

In the FIG. 1 feed-forward example, process or device 4 may include
several processes and/or devices: a “Calculate Target Specific Loudness”
process or device 6 that calculates a target specific loudness in response to

the audio signal or a measure of the audio signal such as the specific

loudness of the audio signal, a “Calculate Specific Loudness” process or
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device 2 ("Mdify Audio Signal") capable of nodifying
the audio in response to nodification paraneters, and
W@ 2)o6a4somt rol  path having a process or devi CeP@I/US2005/038579
("Generate Mdification Pandneters"”) capable of
generating such nodification parameters. The Mdify A
' Feh habin response
devidd 8L Ry Ae TnE RS CHIR bR o "o
to th? 2RO &F 1I‘P£1 H LEESSULE R thedulliesigna sawdhoasitgeakitation,
or exan% e, its anplitude, in a frequency- and/or

and & FUBA¥aTE ModaTRelor Pasaneretsnpeosdsshomdeivide dbitbat
paraneters Mreceived fromthe Generate Mdification

calciiat@ienodiicatioh pamnmtetsdntaspopse deshespscilde loedress
4', 4" and 4" in each of the FIGS. 2- 4 exanples,
and tiespegtt vetoific IGhdneeneThed atouiate deatget Specitstlepydness 6
and its counterparts in FIGS 2-4 each.operate a t .
may %ﬁ?rman}jd gt moreHungtions ptiacarb edwddchdnay El_avgh‘@nctlon
ify Audio Signal 2 operates in the .el ectrjcal .
parasieierd. Homgxamgie, ¥abay lﬁa%@iefﬁp&@l?lfdf%ldé}eéﬁ Af thg audio

. h of the FIG 1-4 | es. J .

signa @d hen @%g}ep s OrRO REAREYONA G 16 tgrarowdk i get
Gener at.e Modif i laon P . [ “

specEBRdoapary T hi e BB SlicdHS e SiEL  2g 2 ielect

Fan e O SR A G aRBRE S, U B AR e o

exanpl e,

nst T bERE AR AR b B o Sy B e A iDe.

ness

loudles§ riidy Ye nﬂﬁ)‘é/g%%c}] ggi‘@forﬁ@ g%d&@%_radéﬁi’cﬂze@sh@m@i fic

ok o : ; toht udi o signal or a measure
) o . deice 10uantsdedi
Sc}let%;wlee1 laﬁlé?o s?g%ﬁé??éalﬁgl E:cﬁ?g(%deégssggci filcC Loudness™ nor

assoi AeAsw ity teviesedité MbdifidativraPemmbtespécof by a source
| oudness of the audio signal in response t o the audio

exterhaed tlee oﬁelt‘aélgPWc&ssfortdm/iem Ghowi gadiesnsaticallyasithe
excitation, and a "Cal cul ate Modification Parangters"

“Experoads snput wepovess 0r dexice 20k ullhnestlpenadificatien parpmeters
paranmeters in response to the specific Itg‘léirlgss and

are based at st sppartf o calavdadess imHe pareer syglgacoustic)
loudsrli)gscsI cfkl)r(r:lali_r(l) l(szeneg'f le6ast the specific loudness and, in some cases, the
target specific loudness calculations).

The calculations performed by processes or devices 6, 8 and 10 (and
by processes or devices 12, 14, 10’ in the FIG. 2 example, 6, 14, 10°" in the
FIG. 3 example, and 8, 12, 10> in the FIG. 4 example) may be performed
explicitly and/or implicitly. Examples of implicit performance include (lj a
lookup table whose entries are based in whole or 1n part on specific loudness
and/or target specific loudness and/or modification parameter calculations,
and (2) a closed-form mathematical expression that is inherently based in

whole or in part on specific loudness and/or target specific loudness and/or

modification parameters.
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may performone or nore functions "F', each of which

may have function paraneters. For exanple, it may
waeaoecohmbde t he specific | oudness of the audi o BCTNS1005/038579

and then apply one or norelpunctions F to it to

provide a target specific |oudness. This is indicated

;&2@{@1&@@)& %1'&@1:@1@0% é?eéss%s"cﬁ‘edl@\%eﬂﬁr)%tdﬂ?ﬁl@)ofﬁh@fdeG.

ar anet er Input to process or device
1 exaﬁhplér@haaﬁe ?fro@@é,ség ora] evicekeld, b, ARy ieetherFIith.o2 esantp e, 6,
the target specific |oudness may be provided by a
14, 18Uk thg PP CEesanipleeande’,(Eholer s ihehafilGad gxampte) are
"Stored" input to process or device 10) included in or
showassvheingdtially aid tescifeedras seprdtd,ithis isoforparposeso§
4, or by a source external to the overall process or
explatevioneorflyh dinwitlche naderstaod thattanes exaldoidhess ppegesses or
_process or device 10), Thus, the nodification ..
devigsamagthercombineashived S 2lCREICESE PHEVIEH & Qosbinedons

. in the perceptual (psychpacoustic) |oudness domain
variopslyeln nmltlplnﬁamoquss%&fwleeﬁf-o%ﬁ@& ; 1 figgifgngement

ses,. the target specific | oudness cal cul ati T
of FIEEREBbIa.arisoseramy o gt s GG PR b 710 . the
and 10 (.and by pr SS ' , T
procger de Rt A gaRes Bl Gl Bardfeckl doks g 1 ichBonse
8, 12 PR AT | . .
to R Pl R R AlgPReRR AL specific
f i ) '
oud 5 SISO Pk e URoRpel phbeuapeamitdes
i bfié fictedidhesabf die andi
modLEAEh hAsteEIsh LY e afiacpodihtosof i aadio
signdIBt hemati cal expression that is inherently based in
whol e or in part on specific |oudness and/or target )
spes hhisgpeatusihdespiesenoinventiibncat thmexample of FIG. 1 and in
paranmeters. Al though the cal cul ati on processes or )
othedexampdestof @nbodiments oftheAhegentioaxzergin thadargaispecitic
processes or devices 12, 14, 10' in the FIG 2
loudressnNEs, §) niay bealéul athd it Saling deerppesifigriogdses 2,
10'" in the FIG 4 exanple) are shown schematically
( N[pand withcsridednrresephingt Eactons.s Tie saalingmayses adime- and

frequency-varying scale factor = [b,£] scaling of the specific loudness as in
the relationship
N[&,t]= B[b,tIN[b,t],
a time-varying, frequency-invariant scale factor ®@[7] scaling of the specific
loudness as in the relationship
N[b,t]= ®[t]N[b,?],
a time-invariant, frequency-varying scale factor @[b] scaling of the specific
loudness as in the relationship
N[b,t]=®[b]IN[b,t],0r
a scale factor « scaling of the specific loudness of the audio signal as in. the

relationship
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expl anation only. It will be understood that ones or

all of these processes or devices may be combined in a
waevglerepr ocess or device or conbined vari ousl BCT/IS2005/038579

mul ti pl e processes or deviees. For exanple, in the

arrangenent of FIG 9 below, a feed-forward topol ogy

as in the exanple of Fﬁﬁgrti ;&%ggcess or device
i'dn par

that cal culates nodifi'c _ _ fs does so in
wherbEREDBighi R SRURRARS P LS hBAER, BEIsy o hcasur
oftiﬁg%@ctgﬁmkﬁ’nﬁﬁﬁ?ge%ﬁiﬁie%&ﬁgﬁgglﬂa ta]§Rbe Wnad Ry ed,

ion paraneters inpticit cul ates specific

usinébﬁﬂﬂﬂﬁ’ﬁesirﬁftaﬂ&% Ba ?hﬁicﬁ.ﬂﬁf’ dcalidg andATR@Ehbafatiors of

resent rnvention, in the exanple of FIG 1 and in

parti@ilae !@cﬁ*ﬁ%ﬁ?' Bsasiiplesiodduoknultiple sbealingyerd given below. In
herein, the target specific |oudness (N b,t] ) may be
someeisus| as edplyned fuithgr bolve pebe scalinguaphe ¢ fapeiion gf the
) with one or nore scaling factors. The scaling may be.
audia sigrad or aneadurepfatheyaudio i gyakc ln otheceasesxalse ag explained
scaling of the specific |loudness . as in the .
furtheebatdwnwhiep thetscaling ix nps a tﬁpmg’gpntoi]n a measure of the audio

. time-varying, frequency-invariant scale factor_F[t
signalo o s e bealtr 8idoalned o oDt Fof tkample, a
relationship N]Jb, t ] = N[b, t . a
user cpptd peloel oaappiy aéﬁ%ﬁ%‘}‘f %%wgacx-da}'éﬁﬁ%?%arleé‘flﬁﬁ"f aora
. scaling of the specif.ic |oudness as_in ttlme
tlmerlawaﬂaahiﬁqupealc‘éfcaﬁ@'mgc%fe gggk% éhgzj ¥l specific
| oudness of the au_(%,i o, signal as i,n the rel ati onshiPN
[ bl hs, the tavge speeitic lougheps IElab’sb%eﬁEé%ﬁ?rP@ d§fone or more

FanclbSIERF Y i sighF R ERSMSE ndMiy GRoL R pBinc
oudf B Bk SRR Tt BICB AR ARG aghores ©f @
N[b,t]= F(N[b,t]) .
Provided that the function or functions F is invertible, the specific loudness
( N[b, ] of the unmodified audio signal may be calculated as the inverse
function or functions F~! of the target specific loudness (V[b,1]):
N[b,t]= F "\ (N[b,1]) .

As will be seen below, the inverse function or functions F~ !is calculated in
the feedback and hybrid feed-forward/ feedback examples of FIGS. 2 and 4.

A “Select Function(s) and Function Parameter(s)” input for Calculate
Target Specific Loudness 6 is shown to indicate that the device or process 6
may calculate the target specific loudn.ess by applying one or more functions
in accordance with one or more function parameters. For example, the
Calculate Target Specific Loudness 8 1ay calculate the function or functions
“F> of the specific loudness of the audio signal in order to define the target

specific loudness. For example, the “Select Function(s) and Function



10

15

20

25

particular scalings. Exanples of such multiple
scalings are given below In sone cases, as expl ai ned
Wo eotblersobel ow, the scaling may be a function BET/URE05/038579
audi o signal or neasure of 20the audio signal. In other
cases, also as explained further bel ow, when the
” ] o S8 doPndre i¢utarduntfiongutiae fall into
Paf@ﬁ%ﬁﬁg #ﬁ%ﬂgcaa& %éégrmy&ge ot(ﬁer seﬁderterrri ned or
one DYRRbIEGS ﬂf@absef@'@b@s oPsciglz, G0uhg veich eak cirmapel furection
time- and frequency- invariant scale factor a or a

pardrh8r, RN ANbondthRBURNEY soleYhowrsy peraiivng oo tigkbfunctions.
scaling. Thus, the target specific |oudness may be
ex Ihesatingsfaensrsassoviated with asoaliRgohay servual @
signal or neasure of the audio signal (the specific )
repregentacon deihegtaoget spexsiit lendmessunesmuchiasethgdarget specific
signal): Nb,t) = F(N[b,t]) . Provided that the e 4.
loudnesstrhay bercdraputédas amcaking midheispesifia Rgniﬂgég,- gsdndicated

o a1 T a8 510t PO e

0 e t ifi : -

the oglom ;?bfi‘_é @ﬁfﬁhségé Srscats Bactormatd hieitaflopls speh hat
or n ' ) .

the Rplguldl o06 SPoFUas Tisth an Tarde AmGi¢ RERRESs 20t inherent

in tﬁf. f)ﬁl'éSel ect Function(s) and Function Paraneter(s)"”
% for Cal culate Target Specific Loudness 6 is

> gﬁyﬁpgfegi %ﬂgf@gﬁgg$ﬁiogg?ﬁgﬁg&: £ gl(ﬂ%%d%?ﬁleﬁﬁtﬁefﬁfdtical

. . dness by appl yi ng one
exp?%%%?ri'i,g%xf S0k AREr tELIREERS, dRB G ethiibn @TeheGenvra te

ti‘on paraneters. For exanple, the Cal cul ate Target
MoflPﬁ&étidt? PheMARESS @ﬁiﬁb’it@ abghit artgm@césmtdrtde\dfces 4°,4”
unctions “T " of the specific loudness of the audio
andSi19ngh ehoh @fdhe RIGSIel-dnexadmpleshigsucts eatithe calculations are
| oudness. For exanple, the "Select Function(s) and
basEdriatthepeacepenk (Ps)chdanpusticeipusikiess doorean gy erckough
particular functions that fall into one qr nore of the
speabfiy boudipess anfd target spECife é@gdmssqusﬁ%‘n@?ﬁ 1catly

calélglggé&.g%itgg'gggﬂe@n éfézﬁ@?égégk?féﬁgﬁegé} of 'thersécfsl 8 notional,
implicit specific loudness. Similarly, either there is an explicit target
specific loudness or there is a notional, implicit target specific loudness. In
any case, the calculation of modification parameters seeks to generate
modification parameters that modify the audio signal to reduce the difference
between specific loudness and a target specific loudness.

In a playback environment having a secondary interfering audio
signal, such as noise, the Calculate Modification Parameters 10 (and its
counterpart processes or devices 10°, 10°* and 10’ in each of the FIGS. 2-4
examples, respectively) may also receive as an optional input a Imeasure of
such a secondary interfering audio signal or the secondary interfering signal-
itself as one of its inputs. Such an optional input is shown in FIG. 1 (and in

FIGS. 2-4) with a dashed lead line. The measure of a secondary interfering
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The scaling factors associated wth a scaling may
serve as a representation of the target specific
wo owdi0er80 | nasmuch as the target specific | oudPERESI00Y038579
be conputed as a scaling of22the specific |oudness, a s
i ndi cated above. Thus, in the FIG 9 exanple,

signgg)f/ﬁ:zb}éﬂlg ggﬁ%@\f‘é}?&g S 5% ek akadle bIF IR AKURIdsehilged

y scale tactors and excitations, such

below.aT%@%%%ﬁbif%ﬁnéﬁsﬁ@@ thiedntsrfisties signd dravhgesignal .

speci ness are inherent in the table. Whether

itselfTR! BBihBR sSuheaktiat thdlhterferitiosignal tv sopmatetyayackable for
expression, or some other technique, the operation of

proddssingrerthieeC Mutildteddod tficRivm Paramstets paodess ¢r devices 10
counterpart processes or devices 4', 4" and 4'" in. .

in F&GCH (mid ftsecaursrpart praoesses ot ylevicesdd), 1Hat angd 0 in each
cal cul ations are based in the perceptual

oftlFepEgGlSo é’eéljﬁtamplelsowﬁégﬁV@bﬁé}mT@%% suiabbhceplgyed such

oudness and target specific.loud b

prO@qsmr?iemye éaw&rgl&ﬁtﬁ‘olt%oal%éﬁloﬁ Mﬁ?@%ﬁhg‘%‘ﬁﬁ?ﬂ‘{:

inteSheEie pned Semcase ot e epHine TRl BRBb iU heading

o explicit target,specific |oudne h [ .

NRRiabobi3 o S BHALETPIC e &g jon o
case, the.calc ' f i £ j :

par Giasef BHBE MR R iR AT R G g

sigr s ABLR o R e B T ek

ParShet&QNTRNY ohavi) 2 $REQMIEY al“TAChRiEé Ap@ediMation of
signal’, stich ds noisé, the Calculate Mdification

Spegﬁﬁé‘mtﬁirﬁes%%fg@ﬁﬂl%diﬁed uindiey psvoiceps ordesie b2 and/or a

evices 10', 10" and 10'" in each of the FIGS. 2-4

“CAealp approgsnetionvef Targes Specific Tanrinessapracess ox device
optional ‘i nput a measure of such a secondary

14 imoetereoi fagilitats thescajoalation ofipagialepeaiiic londnassdpyighat
signal itself as one of its inputs. Such an optional,

functipntori devihewdnithe HIG. lifeednfprivard) exgmpleq pagiiglspecific
dashed | ead |ine. The neasure of .a secqondar .

loudnessr isarotreyepligisly Welg/ull@teﬁf réﬁ@ >€£@1pﬂfﬁt% E\Rgaﬁca&of} P qrgmeters
exanpl e of F{G 7, descrjbed .. .

10 of FIG. 1 calculafes thé appropriate modification parameters to make the

partial specific loudness of the modified audio approximate the target

specific loudness. This is explained further below under the heading “Noise

Compensation.” mentioned above.

As mentioned above, in each of the FIG. 1-4 examples, the
modification parameters M, when applied to the audio signal by the Audio
Signal Modifier 2, reduce the difference between the specific loudmness or the
partial specific loudness of the resulting modified audio and the taxget
specific loudness. Ideally, the specific loudness of the modified audio signal
closely approximates or is the same as the target specific loudness. The
modification parameters M may, for example, take the form of time-varying

gain factors applied to the frequency bands derived from a filterbank or to
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bel ow. The application of a measure of the interfering
signal or the signal . itself (it being assuned that
wo b@ciosteer f ering signal is separately avail abl BCT/082005/038579
processing) to the Cal cul a®@ Mdification Paraneters
process or dervices 10 in FIG I (and its counterpart
. | . ' " - )’ "o
the oBPEFIIS Y HAKLEAS AR flter ARCOrdHely, InIPBEMEEICNe-4

exam‘#o‘f’é(}lf, P\IQHHPSI Audiors 9 BlayI8¥ikHléMehpEHs, Acf example, a

_ catron parameters that take the interfering
pluraﬁﬁ;ﬂ Bahnmplidecsesels, asachxppaiatien fnud fleepuchelydvand)dara time—
t He headi ng " Noi se npensation.™ In the exanpl es of
varyiip @ter2(edg., bhadeitsphed RIR Hiteparta mulspels HRcfilter).
| oudness assunes that a suitable nmeasure of an
i Bleee aadi elgewhaerel in thisdpchsemotheowse of the pame reference
respective Calculate Mdification Paraneters 10', 10",
numeral telicatesihatithe deyiee oTaroaess Bax s wbs’fﬁmlaﬁy delentical to
Speci fic Loudness_of Unnodified Audi 0" . proc

anotlw@\m'gzghggs bearimg te saneeiRiengs Wr@&{ : eggnc%;mé@lerals
bearinage e S R RO S chclgy L e g8 P prbess i
sty L Sl Db SRR, Sy 52 o BB S
oL GBS BERA IR LA PRI SARIER trreor
TSR TS5 S Sl Rt e of
e RN FARSTR ofP10, 1 pBymonamsclunte o such am

ment i one

- exangge\iﬁ W RR A QRS sBRIRN €5 aldb 8pphedto bwlddify Audio Signal

anples, the nodification paraneters M when applied

procés di@eviediirs posighabyath.i @hdusiozess gndevided? falsy reteives
reduce the difference between the specific |oud-ness

the nesdifivatioay parainspesiVi fronwadrexsolgfathie whiall aienerate
nodi fi ed audi o and the target specific |oudness.

ModlﬁmidryParztmetmr&pmagsswd?@sige & inmefaedback sarangaraent
recei?ag gglitsgi:m%ﬂtﬁ@alﬁggﬁﬁlggguﬁmﬁggl %rgr% ?haengutapsﬁttorﬁhe Modify
Audio Signal 2. Thus, in the FIG. 2 example, the modified audio rather than
the unmodified audio is applied to a control path. The Modify Audio Signal
process or device 2 and the Generate Modification Parameters process or
device 4’ modify the audio signal to reduce the difference between its
specific loudness and a target specific loudness. The process or device 4°
may include several functions and or devices: a “Calculate Approximation
of Specific Loudness of Unmodified Audio” process or device 12, a
“Calculate Approximation of Target Specific Loudness” process or device
14, and a “Calculate Modification Parameters” process or device 10” that
calculates the modification parameters.

With the constraint that the function or functions F is invertible, the

process or device 12 estimates the specific loudness of the unmodified audio
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nodi fication paraneters M may, for exanple, take the
formof time-varying gain factors applied to the

wo e@goersey bands derived froma filterbank or POI/NS2005/038579
coefficients of a tinme-varying filter. Accordingly, in
all of the FIG 1-4 exanples, Mdify Audio Signal 2

si gnagﬁn%l éliﬁal}ggﬁ’% gg?fﬁxféils@?urhéﬂbneﬁ’d Blthe speelfic abhliesyfor partial

ers, each operating in a frequency band,

speciﬁ'&: 1ButhEBY 8 Yh@ehddilfe8raxt8id@sigriall 'The devarpedpfddass 12
ilter or a nultipole HR filter). Here and el sewhere

may talchilite adovEess fuddinuse’ ofs tbscrilaed abeter ehiuis is indicated
nuneral indicates that the device or process nay be

scheraatisaintin&¥1G. 2 deatiSedtct dnuarschennctiontshdr s apddrunggion(s)
the same reference nuneral. Reference nunerals bearjng,

Parameterés)fiinpat $o peoegss orkbevice hdi ddreSCalatlatenAppsoxuration
or process is simlar to in structure g r function but

of Targgt Bpecifimbondoass okt eperatehey C@fc@aﬁegstfii@e%%@ct he

oudnmracp ok o e o 1 R PR P08l Such
speciifalpuacas oFarial sepikie FoRTssas a8 e gupireot e,
targef st oM s e B O3 b pBb e FARIAGS dfthe
unmBifta J0RoRHERE ang I B NP EnRLRR OFAR] MiBef Sfecific,
1oud@es§iee[n}%g?s;e§e§@ gtg{ CoatdIR RAGATRES!Sn PRaRkteR 1010 d€rive

arrangenent recelves as Its I nput t he

e

Mod[lgfdAhHﬁsi SapAAI02 ridhet theadiffétence bapvictheatieapeicific loudness
applied to"a control path. The Mdify Audio Signal

or thepaetabsecifieviondnassofit hbenGdiftednadiddignal anidothe target

Paraneters process or device 4' nodify the a dio
specHighmidrtessr elsaeerttionedi A bewven tlmeaﬁvemm%ﬁcatl@nsnﬁé@m’[@ sM

| oudness and a target specific | oudness. The, process
may pfordexansples takehe %mmf HEevaryingrgams r@pjm{ rthe

frequayrbasdof atHBIRRKAT NRaFOe FIGBLer arnasoy ding filier. In
Calc%ﬂ%lg g\i@%&ﬁc%&g Z’grglﬁlteite%g ?6”T8{a% ica RED it s Y YRE Fedback
loop may introduce a delay between the computation and application of the
modification parameters M.

 As mentioned above, in a playback environment having a secondary
interfering audio signal, such as noise, the Calculate Modification
Parameters 10, * the Calculate Approximation of Specific Loudness of
Unmodified Audio 12, and the Calculate Approximation of Target Specific
Loudness 14 may each also receive as an optional input a measure of such a
secondary interfering audio signal or the secondary interfering signal itself as
one of its inputs and process or device 12 and process or device 14 may each

calculate the partial specific loudness of the modified audio signal. Such

optional inputs are shown in FIG. 2 using dashed lead lines.
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14, and a "Cal cul ate Modification Paraneters" process
or device 10" that calculates the nodification

woaraieiser s. Wth the constraint that the funck€DUSINNS/038579
functions F is invertible, 26he process or device 12
estimates the specific | oudness of the unnodified

est | m ci J. ! |
R R S L T P S S e

examggf%ic%f 8chaud 0@ 1 d@dntiol arédssibler PGS esantiA shgw two

ate an inverse function .F 1 , as descri bed

examPRAVSE sUth Smipterhpiztiimd BehedlGS3 yndr Bx@nplensisdn the
Sel ect Inverse Function(s) F 1 and Functi onﬁ_) .
FIGSParaneasxasiple, dpuaudio sipnasis abso dpplied toza Mudify Audio
_ "Cal cul ate Approximation of Target Specific Loydness”
Signalropessabedevicechin alsaghaly pabie peGenetateM@dél ateon
partial specific |oudness of the nodified audio
Parameétemal 45 K 16pdcand 41’ dnd kd6s Oringsspeative seafmol paths each

loudness is an_approxi,mati f it t ifi
roceivobofs d5¢ UPNOGBRRAId ERE AN DespORiFe i el In

both Bhe FRS. Hebd dpaesierchebindle Sed RigRR] 2 Hhi b rate
ModiFereberaRelsss dheraiFon AR EHet VA SRS H8 apio sienal
to rediit siESbalt el e eyl Blggs e s vbre
imp1igfupfn PAEELbEEE: PRERP S vilen TaY Wl bE it 0

E Elg ?ﬁe e 4 ?ﬁéﬂn@‘ﬂe H‘h’é@@h‘é&éte'\MBiMﬁcfgﬁbneF%M@Lerst pRRCESS

ormof” t1nme-varying gains applied to the

or defv‘i@é“-‘reﬁ‘}%y haditde Qbvardlifhihethankand of ievices:f h Cdotntef
a tinme-varying filter. In Calculate Mdification

TuaBSAREN Sl ey i | oo
Apprihiativi of TafgetSpedificL cadness fd; assnéhs WIG.A feedback
menti oned above, in a playback environgent having a
b
As imfipe B¥Grdt example, Spdbe feedrfrgvardpetion of ﬁli(ﬁlly%%f féed-
forward/feedback example, the Calculate Target Specific Loudness 6 may
perform one or more functions “F”’, each of which may have function
parameters. This is indicated schematically in FIG. 3 as a “Select
Function(s) F and Function(s) Parameter(s)” input to process or device 6. In
the feedback portion of this hybrid feed-forward/feedback example, the
modified audio signal is applied to a Calculate Approximation of Target
Specific Loudness 14, as in the FIG. 2 feedback example. Process or device
14 operates in the FIG. 3 example as it does in the FIG. 2 example by
calculating the specific loudness or partial specific loudness of the modified
audio signal. Such specific loudness or partial specific loudness is an
approximation of the target specific loudness. The target specific loudness

(from process or device 6) and the approximation of the target specific
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Unnodi fi ed Audio 12, and the Cal cul ate Approxi mation

of Target Specific Loudness 14 may each also receive
wa@sooan47spd i onal input a neasure of such a secoPdBU$2005/038579

interfering audio signal oréthe secondary interfering

signal itself as one of its inputs and process or

devij I | | at

toudf éf‘i?ﬂigf&%s%e??%?‘f%Eéﬂéiéf@ﬂ‘?%’é@ﬁho‘ﬁﬁ?ﬂ“%‘%@éﬁi e
i1qnaky | i : :

R
applictP iy éi‘(?dié/ di eesibeg khé Mabeéifs MadicoBigne Pireducs the

aspects of the invention are possible. FIGS. 3 and 4
diffezbRve bapvesRie gsedficdoatnespoEtienuatiodifiediandio signal and

FIGS. 3 and 4 exanples, as inthe FIGS. 1 and 2

the taxgstRipecifidtowdriiss. shgmantiones asbowpphesemadificatigns y
Audi o Si gnal process or device 2 in_a signal, path, but

paraﬁﬂtersalvénmd ifor eaample Pakatbe dpEmomMGTVATYENE LalRg) applied

4 in FIG 4) in respective contr at hs each .
to theetequentypbandhef arfmbertrankdor, iquflggﬁé}ts @ Upe-varying
nodi fi ed_ audi o signal .

S
veovin te S gpg b 3ol berneU ARG fihhorers M
As mptigned by bR B TRant Rt feVile AeLORILS

el bl i DRI o o

Parifg&geg? qgg cfd fhe CUNELTRS ngﬁhaﬁéﬁidi@arg%t SHecifiat e

i'C Loudness s inthe FIG 1 exanple, a

hat i j f r PR h
Lo BT sy gt o sic

secorgfdrgz%@éﬁeﬂi@g infid6@ ki caml Rarthestessdanyr intefering signalcitself as

10"."As in the FIG exanple, in the feed-forward

oneRATitd fipuak ahtipgobysy oddberet Fomayr dilcatatbdbe paxiahsnecific
the Calcul ate Target Specific Loudness 6 may perform,

loudwsssasf thereotlified andio Sighal eddie aitiaialdnprts ateshown. in
function parameters. This is indicated schematically

FIG. 3 wiag dasheddeaddinest Function(s) F and Function(s)

Paranmeter(s)" Jinput, tqQ process or '
The Calculate Mo%lﬁcatm?l Parameters 1 v/

n%gy 6e'rnrl)lrc])y an error
detecting device or function, such that differences between its target specific
loudness and target specification loudness approximation inputs adjust the
Modification Parameters so as to reduce the differences between the
approximation of the target specific loudness and the “actual” target specific
loudness. Such adjustments reduce the differences between the speci fic
loudness of the unmodified audio signal, and the target specific loudness,
which may be implicit. Thus, the modification paraméters M may be
updated based on an error between the target specific loudness, computed in

the feed-forward path from the specific loudness of the original audio using

the function F, and the target specific loudness approximation computed in
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t he feedback portion of this hybrid
feed-forward/ feedback exanple, the nodified audio

wae@aal7eds applied to a Cal cul ate Approxi mati oPCDUS2005/038579
Target Specific Loudness 147 as in the FIG 2 feedback
exanpl e. Process or device 14 operates in the FIG 3

the fe‘g(gl?%% g?tﬁlz gr%rﬁldé’ﬁé:iﬁ% benEsCor parkdAngpleifivy loudnes s of the

e 'specific I oudness or partial specific

modiﬁiéﬁ'gﬁaﬁﬁ of the nodified audio signal. Such specific
oudness or partial specific |loudness is an

RPIHRFIGR! kl%b_(alhlpﬂél,%ﬁ attemtatbpeeficd-forvardiesdbadhecxample
target specific [oudness (from process or_device 6)

is shoant Ties alteraativetditfersfrathahe axgeplepecF FG o dudhas she

' (fromprocess or device 14) are applied to the

invergeafimdtatreo Mtfuintctioasi 5n ipgatowbatedsniilre ﬁ%@dﬁ@@k path rather

S P e
e
devicpd anedaps agye e F ant GRdeREss replice Specifc
Loudpes & it e FCE "L B8R B R Er R BT ©
ool ST SRSy BT e, oo e Fic

2 fee@g%l% 8%11&1%853@? d&?éﬁ{ak@ Mo QT RN PhRIGetdrs 29 >, The

one In a playback environnent having a

Calc@féc’gﬂ@éiﬁck/g}dﬂdﬁéés@, AU DeFIRal fesddbrwardexmaplde

ate Ication Paraneters 10" and the
providasCad ah enpRptexherCalenlat Matgftatipe datameterndiss, the

may each al'so receive as an optional input a _nmeasure
specific lpudhess Ttbroanmddifiedfamdiogignali Asiyilae Fi. 2héeedback
secondary |nterfer|t?mgiil signal itself as one of, its

exampleuivithathes ponstramtathati g Cenditomay funcidonafesipgertible, the

partial specific |oudness of th dified di .
procesisgradevitbel 2 pstionatesithp LSPQCiéiCele%EngSS: th%&n'ngo%ﬁﬁé audio
~ dashed lead lines. The Calcul ate I\{lodifi cation .
signabdnaapplyin giidie nsiersebiaciion er i ed%l?eééﬁpr]@ué’é‘?ﬁsc orgartial

speci&'fs:gg&d?gés ngc tq'xet Pn%digefdf aﬁ{cﬁgcs?gngl(?t)Qaeg]eliact:tslrfv%?sgeet
Function(s) and Inverse Function(s) Parameter(s)” input for Calculate
Approximation of Specific Loudness of Unmodified Audio 12 is shown to
indicate that the device or process 12 may calculate an inverse function F L
as described above. This is indicated schematically in FIG. 4 as a “Select
Inverse Function(s) F~' and Function(s) Parameter(s)” input to process or
device 12. Thus, process or device 12 provides as another input tO the
Calculate Modification Parameters 10>”” an approximation to the specific
loudness of the unmodified audio signal.

As in the examples of FIGS. 1-3, the Calculate Modification
Parameters 10>’° derives modification parameters M, which, if applied to the

audio signal by the Modify Audio Signal 2, reduce the difference between
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| oudness and target specification |oudness
approxi mation inputs adjust the Mdification

w®anoaieler s so as to reduce the differences bep@Bes20051E38579
approxi mation of the target8specific |oudness and the
"actual" target specific |oudness. Such adjustnents

the sﬂoefieﬂﬁﬁ ?oﬁﬂ%egé Jﬁh@ﬁﬁﬁﬁobﬁid@ﬁﬁdi&aﬁgﬁﬁwhﬂ ithd udeespecific

he unnodi fied audio signal, and the target
loudn®RECwhich!i9uiisIssit inthisrexamnyplee Asphenfibned alsove,the
nodi fication paraneters M may be updated based on an )
modifickabn hrirereterh d/taageforspennple; thiedne fsrncofpunewarying
~in the feed-forward path fromthe specific |oudness of
gainstapplivd @ nhe freqlienaysbands b affilterbiank or ther@oehacients of a
t ar get

s Rttty S 2B S, L8 SO £ i
introdskGarp el asPGSI G SETPEETA AR AP BaHA: R ERnpl ¢
oS et S RS S AT FORPL
e BT bRl SRR ABR, N b, e
ColeGEEN ARG BT i ) 0 ot LTIk PRy Brssin o
SpecIELHIRRRUTIEIN] PAFHL TR PRERD eNiSeaEl o Sl as

onieHPIEAR LG g eskeakdan e Song fad gt e

secom*g/nh%rﬁ% sfealdl utsel Padvbe fifdes inputPand prteress i@ device
. The Cal cul at e Speci fic Loudness E?,mlas inm?he FIG 1

12 mhgash&dlaneritieqxaial spepifvioteesanfdhe impdified avdio signal.

Cal cul ate Modification Paraneters 10" " , the specific
The bptidnalsinpitstdre showdiif iIFIG. abdsingsdaghad lead lineshe

Pl 2ojooiback eramlel wih the eansiraint thet the
dete&?t\t% égvilé@ %;thnng‘t[ig%g Esggh %aﬁ%férphggg Egtsﬁqﬁ% rigggpeciﬁc
loudbe o estan ot B oSk oSS bbb Dputs tht
adju;tst%le Ctodi%’c%rtlsoen Parameters so as to reduce the differences between
the approximation of the specific loudness and the “actual™ specific
Joudness. Because the approximation of the specific loudness is derived
from the speci fic loudness or partial specific loudness of the modified audio,
which can be viewed as an approximation of the target specific loudness,
such adjustments reduce the differences between the speci fic loudness of the
modified audio signal and the target specific loudness, which is inherent in
the function ox functions F~'. Thus, the modification pararmeters M may be
updated based on an error between the specific loudness, computed in the
feed-forward path from the original audio, and the specific loudness
approximation computed, using the inverse function or functions £ ! in the

feedback path. from specific loudness or partial specific loudness of the
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Function(s) and Inverse Function(s) Paraneter(s)"
i nput for Calculate Approximation o f Specific
waowdoersso of Unnodi fied Audio 12 is sliown to POTUSEN®E038579
that the device or process222 nay cal culate an inverse
fuactl on F 1, as described above. This is indicated
. ‘I.C ! LI : v
modifENRIRERT T (I, RegbaPR RhyBiiiical piamemtatons 5oy

introB6 QS 8 TRIAF bW i ugduts ardl apsHsation d€vhe enddification
provi des "as another input to the Calcul ate

paraﬁ{@g:irlgj cation Parameters 10" ' an approximation to the
speci fic | oudness of the unnodified audi o signal.

As
i A\ ltheugixthelrapdificati@S patadietensaViCal thel exampl es of FIGS. 1-4
Modi fication Paranmeters 10'" derives nodification
whempapplied ¢s a MlodilycAndid Sagnali prooess oheexies 2 reidyeg they
___the Mdify Audio Signal 2, reduce the differenc
diffetmtosdeotyieens poe speeiliolandngss ¢t t&lﬁeaumﬁrs&rfal@dngaaﬁaarget

signal and fhe target ific | qud , i. [ . .
specififplaudness. i ® BracUsarpRBoNBeRE HoRRRCaMtNE Ribdification
nodi fi cation paraneters Mmay, for exanple, tak e
paraReiar arouaedbar anense thhe sameaudl TRof iy Sanpe
. ands of .a flterbank or the coefficients of a
1dentt1'fﬂet-0mi9@?ri'l ter. In practical enbodinments, the

coRoGEh iR BEAL BRI 4P RcR AHeRRsGIR invendion,

calc@ﬁglsﬁ?@nfﬁ[ég t ec‘}iicrfﬁiﬂdn%g%g%ﬁe\a%dib @%@zﬂ'cﬁ‘%ﬁé%odiﬁed audio

aving a secondary inter I ng audi o

si gn%i ﬂﬁﬁgdgragﬁégsﬁﬁgﬁg&?ﬁ%o{ég&lﬁﬁ lek ke fofel ih isapdi I@Rernational

ar a [ cul ate Approxi mati on of

Pate@géﬂicaﬁbﬁuN@%qf/utsmwopé%mepuwughcd 42 WHY each

al s0O"receive as an opti onal input a neasure of such a

200498 ¢ DOGATAL i O¥lesrietn ithe calatilating geidctarfrotea geoopdaf ywo or
interfering signal itself as one of its inputs and

mor@spedisic londdssssamotiz] fayctians; s er alconpbinatigm of two or

specific | oudness of the nodified audio_signal.. The .
mor«ln pf il ap&;]dlﬁi:ﬁ;l {eudnessmoge! ifﬁnqlmlsﬂh@sﬁeﬂ@t%ﬁﬁdwﬂ% 18

i nes, The Cal cul ate Mdification Paraneters, 10"
conteathecd py dhe sessume ok chaFasteEstics OF the Feut Bl signal. The

desctrirf;%itonount ggégri]ﬁgiggér\l/\gs%nl M of %&%f' lf,ibcelow, describes such an
arrangement.

In accordance with further aspects of the invention, the unmodified
audio signal and either (1) the modification parameters or (2) the target
specific loudness or a representation of the target specific lotdness (e.g.,
scale factors usable in calculating, explicitly or implicitly, target specific
loudness) may be stored or transmitted for use, for example, in a temporally
and/or spatially separated device or process. The modification parameters,
target specific loudness, or representation of the target specific loudness may
be determined in any suitable way, as, for example, in one of the feed-
forward, feedback, and hybrid feed-forward feedback arrangement examples

of FIGS. 1-4, as described above. In practice, a feed-forward arrangement,
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| oudness and specific | oudness approximation inputs
produce outputs that adjust the Mdification
w®anaielser s so as to reduce the differences bep@Ees20051E38579
appr oxi mation of the speciBbc | oudness and the
actual " specific |oudness. Because the approxi mation
o hhleC NesR ik 1R8kt ¥Sshplé0ahl Mastergdhhbmuch
such goﬂh@%sg&gﬁélaer?#gr@épégﬁ ffhl%c%I%gtudﬁegg of flhe nodi fi ed
as it at%‘iiﬂéjc{‘al‘@&ﬁtﬂifcﬁﬁ”l?&% b8 RS nasdi@edonrdiosighal. oAxotxhaimple of
arget specific Ioudness, such adjustnents reduce the

transrﬁﬁtféﬁlg(% GeSrifgttheathrhbdifiaeaulic ahd b ascdiffcatiren parameters
nodi i ed audi 0 signal and the target specific

is shovhl BTG, Bhindtilé aniexberpletof thetthansmittingor oring the
functions F 1 . Thus, the nodification paraneters. M
unmodifiebavudideard thesageo spaci fir lardress wearepreseptation ef the
| oudness, conputed in the feed-forward path fromthe
targeospagifial laudhass iarshomrein FéCi 6. c | oudness

e L
tempigmi}ygaﬁrel?égf i{sga’gﬁ nzfsggg?%tg rlﬂ;g fpp’ﬂcaﬁg&q%fctg'eqﬁgaﬁic'aﬁ?)n
ol 53 55 B R e
g R BT BRI 05 bt
o T A G50Ey SR e aion o
e T

loudhésshfr feehbffisR OF it UBoth $ f etmenés imlakeipossibl
ou I{lo each thgr. ,lAlthOlljgh not%cglﬁﬁgg essentigl |tp(§m we

simpfS RRFLco 8 pldid Rkesericeptivarirrangernahtillatavordsfthehe
specific l'oudness of the audio signal or the nodifi.ed
com@l'ésﬁtz T gonleratygaby anodidratisin parapheiprs et RhggIaratiag the
forth in said International Patent Application No..
targe\‘fh@iﬁbﬂci% aendnesesA lthough 86 .o typeanangement g§ sigpler than
erein the calculating selects, froma gr ,
a FIGr 6 type arrangement, the FIG. 6 arrangement hasgth%ude\%nEa\lAé)e that the

information required to be stored or transmitted may be much less,
particularly when a representation of the target specific loudness, such as one
or more scale factors are stored or transmitted. Such a reduction in
information storage or transmission may be particularly useful in low-bit-
rate audio en-vironments.

Accordingly, further aspects of the present invention are the provision
of a device or process (1) that receives or plays back, from a store or transmit
device or process, modification parameters M and applies theim to an audio
signal that is also received or (2) that receives or plays back, from a store or
transmit device or process, a target specific loudness or representation of a
target specific loudness, generates modification parameters M. by applying

the target specific loudness or representation thereof to the audio signal that
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nmore specific |oudness nodel functions, one or a
conbi nation of two or nore of the specific |oudness
wonael4feomct i ons, the selection o f which is ceet/ustoess79
by the neasure of charactesistics of the input audio
signal. The description of Specific Loudness 104 of
is aléd féceéve@ﬁb?% ﬁﬁéﬁdr@%?tﬁé @ ded siraARaehent itslspecific
accordance wth further aspects of the invention, the
loudHeED dizhic@tnaydbe deliveaiframndhei duttio signal),fend applies the
nodification paranmeters or (2) the target specific
modi REstes pasameters dirteshorateivedafudibsigralg dushetgvices or
| oudness (e.g., scale factors usable in calculating,. .
procesgysi 1eial/ be ohaiactdrizrid ay decadiger progessesi o degadsss)while the
may be stored or transmtted for use, for exanple, in
deviaes ompooatdsgs anquised sparoducs thepiared 64 t%ﬁ@énﬁﬁg
~ _process. The npdification paraneters, target spegific
informatnsgsaydre e@'a@t@aﬂedta%gn%ﬁg@rpﬁﬁw pSBB‘PfCiEfS- Such

arrapg@_engczggnggegga?&airggga S{E)eﬁfc{cﬁlr%ﬁggﬂhg@ﬂamio%réﬁuimd by
the fesaecve ooty BREESRE of HECadis; RUUCIERIBE plogessors of
B
s I SR L p

or Iﬁbgiezi:z{@ ebhef M Rfichtion, avdhaherstantiletodi GG, 5, the

speciti oudness or a representation of the ' target
unnfBel disudseslsardtirhewdificafioGpaamateradvapgedeoed by, for
such as in the exanple of FIG 5 may be used to
exaﬁx?l'@m atddifwationrparpatdtet bynampimgproceheongenaatonsich as
of the nodification paranmeters to the audio_sigpal
Gerferae VhalifieatioatRasamstersud bf k6. 1li, daafdi paladet 6f F1Ga 3 or
,,nparran ement such as in the exanple of FIG 6 rm¥ b .
4"l G o4 ey readnplicghi@y any spiebla storage,ar HanPBISsIqh aeVICe
generation and applicaf.i

or faarae (DI e ST Enel Gt T hocathat vies ERE fegdrogward

example of FIG. 1 as an encoding process or an encoder, the Modify Audio

Signal 2 would not be required to generate the modified audio and could be
omitted if there is no requirement to provide the modified audio at the
temporal or spatial location of the encoder or encoding process. The Store or
Transmit 16 may include, for example, any suitable magnetic, optical or
solid-state storage and playback devices or any suitable wired or wireless
transmission and reception devices, the choice thereof not being critical to
the invention. The played-back or received modification parameters may
then be applied to a Modify Audio Signal 2, of the type employed in the
examples of FIGS 1-4, in order to modify the played-back or received audio
signal so that its specific loudness approximates the target specific loudness

of or inherent in the arrangement in which the modification parameters were
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| oudness or representation of it. Both types of

arrangenents make possible a sinple |ow cost playback
wW@rooceempt i on arrangement that avoids the conpPE€rRUS3009638579

generating the nodificati od2paraneters or of

generating the target specific |oudness. Although a

derived> I%etﬁl%ﬂiﬁﬁtgd\g?gﬁ%eg%@ gﬁé y k&tolddesr Brdrisgnitfed pany of

arrangenent, nment has the advant age

Varicgllisa{vahglig? Féc]xf é’iaﬁﬁgie‘? "éhéﬁ qithy 0@ steredeostransthitted as metadata
ransmtted may be nuch |l ess, particularly when a
accon@PapiRip! thd zﬁﬁli@fsi%ﬂﬂ@l tlewetiaysbesent in $epairas pathsiof
as one or nore scale factors are stored or
charidedgsiieytiedy Hustbganogripdtically encodédimthe andiootheyemay be
or transm ssion may be particularly useful in )
multiplexteid; eat.c Thedise ehthermodificatiomparametagpyto madikethe

aspects of th t i [ i Si
sudia Hentbmay be ppbossband) 1 apHONHCIGEY 6BV SERCRDIe, for
roma store or tr 1t devi . . .
exampbﬁ,flTBC &tr:ls@ﬁ- bar Pl mé%b?ﬁﬁ‘éﬁmééi%ﬁéﬁmr%# apptigd to
signal, that .is al i ved 2 '
the pidipesigaskimighbrdics Bea ramierSiae S hll, S05) YiEnd
ocess, target speci;fic |l j
Whihe o Siasde e SR bRl S R Al AR felRetable
b parameters by applying the target specific |oudness or
Y & @ esentati on thereof to the audio signal thatis also

regei i i
U R o e gl e
s ! o . .
annRRIAAE der AhIHR ect eGPt oraepeemmadon of

the Rirggﬁ &S N ulncsd aiAEbe apptiddas adscadtatgl psiorage es

or “decoders; while thé devices or processes required
trankMipgioAudeith or fhactdnqf StomnsmT tansii MY bo makr gte oase of

.be characterized as encodi ng processes or encoders.

usinfus Heeddfodivagd ponfigesatson; suncasithesexaaplh efel Ko i anan

of the FIGS. 1-4 arrangenment exanples that .are .usable
encgdln:gd promssidren eneodan neitherqialealasy Mﬁdl%%ﬁ@&aﬁ%f@meters

ecodi ng processes or decaders. .Such d i n

10 tprpt@(r?ms@ss Oiﬁ{deﬁw 8 Mﬁghfgfegaék% i%l%fﬁdgf%fpg&éf%??% ar

Wi vi rtua t . .
device would be req%ifalegiyan(}f %guﬁi b6 omitted it there is no requirement to
provide either the modification parameters or the modified audio at the
temporal or spatial location of the encoder or encoding process. As in the
case of the FIG. 5 example, the Store or Transmit 16 may include, for
example, any suitable magnetic, optical or solid-state storage and playback
devices or any suitable wired or wireless transmission and reception devices,
the choice thereof not being critical to the invention. The played-back or
received target specific loudness or representation of the target specific
loudness may then be applied, along with the unmodified audio, to a
Calculate Modification Parameters 10, of the type employed in the example
of FIG. 1, or to a Calculate Modification Parameters 10°’, of the type

employed in the example of FIG. 3, in order to provide modification
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devi ce that processes and/or reproduces sound. In one
aspect of the invention, as in the exanple of FIG 5,

wo b@eiommsoai f i ed audi o signal and the nodi fi cat POMUS2005/038579
paraneters M produced by, 8&r exanple, a nodification
par anet er generating process or generator such as

: Lt . et | '
s AT T Lo AR 0t
typel AmPlYy&lin @ exahplagsf PIGS bas ihssdentalmddiéy ahe played-
ypefun t[%(,)n (" Stor}é 1tgfriﬂTr ansrn't"?m?& In the casgyof e paye

baclusk Recdifedfertiofsppnalrsd taaitslspeotfiFl@dresaappmoximates the
encodi ng process or an encoder, the Mdify Audio
targ&i gyedifié loudhdssiof obénhergnt irethe ergegement in wehich the
nodi fied audio and could be omtted if there is n
modifigatioarparantaters were detived nablithowgh sheifargst Sp%lﬁc loudness

tenporal or spatial |ocation of the encqder or .
or represeitagion trereef MEEbemAst readity bganed 18 appgrcoding

i ncl ude, : . ot i
proassmiscxku BNyl ST 88 PO S s
o o ek et of S IS EL B st s

i nven : . .eCej ifi i
or SRRk el BRCRE B8R LA g encoder

| i .
or G §18 Zupha iR e Gha SRR S clem
| i i fiqs .
progfilh8eF @iakes (108 % 1081 ihpHiBesSy deyice 12 of FIG.
4). 'Ifl{éefa‘%gét ésﬁbéiﬁ% BhIRRECOEN reSe¥ation thbeestodhyibatstored or
paraneters werederived. Thé)nodlflcatlon par aneters

tr tfed inl ML B Varid@n§aV . t Br eRamipleoft nvay bessowag or
angg?i exanpl e}e they may g% stored %{rplt r ansﬁlyt ted asgi
trandBiiaedl & artadaandcompinying dhe asidgmalgnal fiemapyboeent in

sent in separate paths or channels, they may be .
sepstatgpadey epbhanhels, érmaylde staganegeaphiically pagoduegl imethe

(rul ti pl exed, etc. The use of the nodification
audua,(rjmm?eb@ multipkeixied, etee Boeiuse Qfdihﬁlmﬂéa{%l%tpaéﬁmeters

and, if optional, their use may be selectable, for
derimeshiipg thy storgdar. tramymiieshtsrget $HF‘&1J%EW RS Oh

arameters if ljed to t| ' [ ' .

reptasenigiiae edgs b A aEpel iy ghiohional ad, {FEptRShal,
their use may be selectable, for example, by a user. For example, the
modification parameters if applied to the audio signal might reduce the
dynamic range of the audio signal. Whether or not to employ such dynamic
range reduction could be selectable by a user.

When implementing the disclosed invention as a digital system, a
feed-forward configuration is the most practical, and examples of such
configurations are therefore described below in detail, it being understood
that the scope of the invention is not so limited.

Throughout this document, terms such as “filter” or “filterbank™ are
used herein to include essentially any form of recursive and non-recursive

filtering such as IIR filters or transforms, and “filtered” information is the
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Whet her or not to enpl oy such dynam c range reduction
coul d be selectable by a user. In another aspect of
WO b@eciomeent i on, as in the exanple of FIG 6, tP€T/US2005/038579
unnodi fi ed audi o signal and4the target specific
| oudness or representation of the target specific
| J
resul{ §§?@ﬁﬁg§%ﬁc§ﬁﬁ?&%. ;Eil?BBdﬁﬁénfs%éﬁHb%dséélb%@mploy

vice o unction ("Store or Transmt™)

filterB8hss ffiplchfeii ae byl tritfsfoan. f eed f of var d
configuration, suCh as the exanple of FIG 1, as an

eFe@d 7 HERC eFsater detait o6darexomplang enebddineettan an
Modi fi cation Paranmeters 10 type process or device nor
aspec d¥hHe finvéudobn Snpualied inypfeedr fwssd arratgaroentwodiudio first
be required and could be omtted if there is no |
passesehmugmentanal ysiofilwebank Fenction orslevice AiAvalysis
paraneters or_ the nodified audio at the tenpora

vl Siedsaniplive st & s
bandy(herie 106 nEhpwsENERIC PRDURaRTEANaEsTs Hiftgthank 100,
each QAR E PR new Teahengy et icR e ifur PPt B gy the
varicRTunginht 6L IEicro ot 1A STRPLSs KIRRERcPhicELBths the
band}{i§ & i Shi RN {inaB A SR fbed BRIRIHUIGH) O TR

resp sgi'}giﬂ”fetﬁltép %g%gﬁ%(fl K)\ﬁ%%ﬁglfl ‘fﬁi&ét@g@fﬁﬁyirﬁﬂ% Analysis

cat'ion raneters type enpl oyed in

FilteHimKeNFOR &elz%i gr’fé(]?to 3imflatbQha reghenieadtan E’Qﬁidﬂlaﬁldmion of
; e

ar anet er s of the type enployed in t exanpl e of

the bakfar membradics & the ipnevesle Thdidutpat o Desper fibkerdnshe/
that may then be applied to Moudify Audio Signal 2, of
Analiys Fijteebanip| 1@ thexb pabseshdora #ranshissi@sfilter,or thansmissiom
order to nodify the playedback or recejved audio .
filtersfumotions(@ TramtsmissicapBeltén”y 10dudhaé sinulatesheriilssing effect
target specific |oudness of or inherent, i

of thggf??w q;g? l?u;ht@ ﬁhﬂ{n&hrmﬁ pugertashmidd : hlgrlsf iy dhe
loudneprain tidish Waterede FEHHESGagE OB O TLERSauidhbe
applfaergl Iger?gro&i) the analysis filterbank, but because the analysis filterbank
outputs are used to synthesize the modified audio it is advantageous to apply”
the transmission filter after the filterbank. The outputs of Transmission
Filter 101 next pass into an excitation function or device (“Excitation”) 102,
the outputs of which. simulate the distribution of energy along the basilar
membrane. The excitation energy values may be smoothed across time by a
smoothing function or device (“Smoothing™) 103. The time constants of the
smoothing function are set in accordance with the requirements of a desired
application. The smoothed excitation signals are subsequently converted
into specific loudness in specific loudness function or device (“Specific
Loudness (SL)”) 10<4. Specific loudness is represented in units of sone per

unit frequency. The specific loudness component associated with each bandk
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process or encoder of the FIG 1 exanple type, the

target specific |oudness or representation thereof or
W@rooappTeoxi mati on to the target specific | oudnECEUSI005/038579

representation thereof may3be obtained in an encodi ng

process or encoder of the FIG 2 through 4 exanple

is pasg&? ﬁﬁo(ﬁ)%%ﬁﬁé'lgﬁgggébsm%ﬂ i ealtio AlRdidmh oP devess ESIor

evi ces 3 and in process or device

Modﬁ%aﬂf)n? £054)SL MSdH?dﬁﬁin IR tdlied dsoigsl gt hre original
representation thereof may be stored or transmitted in

specifitYo@dndd! 4l shayatputon dexsired or ‘itargety specHiol@dimess,
transmtted as netadata acconpanying the audi o si gnal

which,laceBydipg toemt aspectapithatpegxety snmenhmamsepﬁcfera mey

be st eganogr aphi cal | y encoded in the audio, n?
function of fHeeomdinadtspecifie lasnoss (e thscnextdeadi Hg b ow,

ent1t1f§i%§§%%§n§§%€fgu%%siEfI E% %ﬁi@%ﬁbﬁéa@?ﬁn ébﬁdampperate
1ndep§2rdcré1;(g§@ ﬁ#ﬁ: Eénga E"e?}eé%lr@aw %’Flsgﬁgﬁfﬁjfeé'deﬁ aexage‘epetween
o GRS AT BT b
oS Y 0, T
1nput§;‘;rlget Sho ghg(g ggﬁﬁggbﬁ @%bg‘bﬁg{q o) gé gt‘oogﬂ|Ex01tat10n

102 LGabe dsgiggrl %&fss%oﬁﬂ HeCSIDMBHIﬁéat%ﬁ 1@5¢ a gain

er efor ow I n et ail, bei ng,

solvq‘l”fgﬁ%ﬁéﬂ%‘il &éﬁ&ﬁ&*@&lﬁ? S8R/ ) 1@6 ld@t/émﬁllr@@ the gaih that needs

Throughout this docunent, terns such as
to be d;)?lfeﬁrto &lch bahd efkhe bitpne ofithe Awealsisis Filtérbankde)0 in

ntially any form of recursive and non-recursive
ordef td ﬁr@ﬂsf@gnsﬂlﬁﬁmshﬁd specefic oudnessshto Hee tanget specific

ltered" information is theresult of applying such
loudxﬁd:dst éflse Gaih@&blventsaydes tmi plemn gatedvinevgrioys ways. For

filterbanks inplenented by transforns. FIG 7 depi.ct
exampleather Gdit Solseronagring lady ye@#w&dpmgqss @pcgras in the
man;;rfc:ﬂ?t%l@%iéchggé&{rg g;ﬂd?ﬁﬁgrnggt%ggl Qte%t f&s dhcatlon rI\?lo
PCT/US2004/016964, published as WO 2004/111964 A2, or, alternatively, a
table lookup. Although the gains per band generated by the Gain Solver 106
may be smoothed further over time by optional smoothing function or device
(“Smoothing™) 107 in order to minimize perceptual artifacts, it is preferred
that temporal smoothing be applied el sewhere in the overall process or
device, as described elsewhere. Finally, the gains are applied to respective
bands of the Analysis Filterbank 100 through a respective multiplicative
combining function or combiner 108, and the processed or “modified” audio
is synthesized from the gain-modified bands in a synthesis filterbank
function or device (“Synthesis Filterbank) 110. In addition, the outputs from
the analysis filterbank may be delayed by a delay function or device

(“Delay”) 109 prior to application of the gains in order to compensate for
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passes through an analysis filterbank function or

device ("Analysis Filterbank") 100, which splits the
wae@so4mdgnal into a plurality of frequency baPdBUS2005/038579

(hence, FIG 5 shows mnmultipbe outputs from Anal ysis

Filterbank 100, each output representing a frequency

! t h . ;
any lz?[gfnlg}r 200560t bRt é@é{%’dlﬁ%dﬂﬁﬁ%%d Alt‘é@ﬁh@ﬂélg, instead of

i'ons or devic to an synthesis filterbank,

' HEef ngpplying esnbinoddivatisiand fiviqueacy basads,
calcuygisxg‘g%e fdaﬁ%%lﬁ:g? %@Po%g%ie response of tE?qfi I t}e,_r
the Gass Selwd 04 hinyeealcdlaes Giéres\cdedfidients thet domdtglsa ime—
Fi |l terbank 100 i's designed to sinulate the response at
varyifg fitdr, suthrsl oeatitiapped KR fitesidra mdtibola R filtee For
inner ear. The output of each filter in the Anal y_?)ié
simplcity én eaplosition, rspegasfdbeiinventionraa shaddy sieseribegas

or transmssion. filter function ("Transm ssio
empleyinggain fagtorsapp Bedipdirequeney bﬁng%rlit i?@l%g pddersspod that

the transm ssion o f audi o, through .the outer and. .
filter gogBicieass angitTBAT YArNBE BUGHLSRIGHSE he ShReTabin pragtical

be neasured, the transmi ssion filter could be applied
emboipnts.o the analysis filterbank, but because the

TR R ATTE RRAE: pectiac
i o R AL e aTaenctsy
s GRS B8 B S 0 B e

som Vaﬁﬂgghgﬁ%y@@g&i% O}t’sfﬁgigriérh%suﬁ’i@i gt ithakbgiestekpy] has been

across tinme by a. snoot hing

() i i " i " T -
epor SRR SRS RISt dn Fsbtiven by
accordance w [:TE it he rjqui renments of a desired

appus gat 10dog, TR sfbeklhed excitation signals are
subsequent |y bmverted into specific | oudness in

is cqueLiarUsSSqUEA] Piestoue IYELM AB REHBES e BuleplCheieed
audiiueihbye BemphaHeIRss ol adaatuRhe aadd SR 1h 2Sxuged to
be mopBhIB foSmEC] 5106 XBo BT Cat i on 105 ¢ akes as

| t&neitl%ijst Fﬂpeerbgﬁi(gw@! Transmission Filter 101, Excitation 102,
Specific Loudness 104, Specific Loudness Modification 105, Gain Solver
106, and Synthesis Filterbank 110 may be described in greater detail as
follows.

Analysis Filterbank 100
The audio input signal is applied to an analysis filterbank or filterbank

function (“Analysis Filterbank™) 100. Each filter in Analysis Filterbank: 100
is designed to simulate the frequency response at a particular location along
the basilar membrane in the inner ear. The Filterbank 100 may include a set
of linear filters whose bandwidth and spacing are constant on the Equivalent

Rectangular Bandwidth (ERB) frequency scale, as defined by Moore,
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speci fic | oudness and then outputs a desired or

"target" specific | oudness, which, according to an
wasweot76od t he present invention, is preferabl pCHUS2005/038579

function of the original spécific |oudness (see the

next headi ng below, entitled "Target Specific

y e et |
b (10T M 0P sl o
Pred&ﬁ%@f’ JFPERASAGRIL EloWRRR 8! ardPagidlansisdhdss)’t saparcy

hing as suggested by the crossconnecting lines in

Fl ﬁlth@uﬁlﬁﬁ{éeERBﬁeqnehb? sdekd mede elidsety maiekicn huasan
its Inputs the snoothed excitation frequency band

perceptibanaid shéwerinfprovedperforbi@ncenia pivelucang ebjeged fic
| oudness fromthe SL Mddification 105 a gain solver

loudineRs heasuorensiens tat (ha@mbnsudeoiéve Joudsssaesulis.ibe Bagk
gain that needs to be applied to each band of the

frequenpyiscale ay bmamplogedwitl redunedioer forMapger to

transformthe nmeasured specifje l.qudness i he, .
t aFgen eqmer fiegUEBEYIA &8 ilerf?h mlaﬁsef%l@ ]?Lj.%% %%nd in hertz
i mpl enment ed &@gl vari ous ways. For exanple, the Gain

mayJae wepredlmatedidfde an iterative process such as in the

manner of that ‘3cj/,i z%)osegoi n said International Patent 1)
o e o renD, (0504, publ Lohed o8 ©
gofgggbﬁgg ﬁi@wgfweﬁ%%w%@&l% f’?ﬂ%d &gtfhat at any

PN B B IR R oty BB ¥ s w e

el I, TS TG g6 P ey i

hertiglnt te%ﬁse ﬁ‘é% g}ré%ﬁn&gfeﬁ%%(le@ gsalgﬁtsﬂilgﬁ bZEBfé?%gﬁPg% reciprocal of

Eqr{ gspect i ve bands of the Analysis Filterbank 100
"hrough a respective multiplicative conbining function

s Gyt e TR G : ““flgggfniije o 1 Spenlhdsry fog A R22)
er ba unctl

synthesis filt on” or device ("Synthesis

Fil it h% !ﬁ[t:ﬁ]]f k

an f@‘g?@@ﬁ]@f@aﬁ@%g It%éé gelsgyedﬁ E‘_\S}pa deltgsrllf%lr??tciagr? bac
to tRE 1%k $Fequency scale by solving Eqn. 2a for f:

ERBToHz(e) = f = %()gglo(elzm-l) , (Zb)

where e is in units of the ERB scale. FIG. 9 shows the relationship between
the ERB scale and freQuency in hertz.

The Analysis Filterbank 100 may include B auditory filters, referred to
as bands, at center frequencies £.[1]...f,[B]spaced uniformly along the ERB
scale. More specifically,

JI1= fon (32)

f.[b]= f.[b—1]+ ERBToHz(HzToERB(f,[b-1)+A) ~ b=2..B (3b)

fc[B]<fmax9 (30)
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("Delay") 109 prior to application of the gains in

order to conpensate forany latency associated with the
w@aioa/0¢snput at i on. Alternatively, instead of PCT/US2005/038579

cal cul ating gains for use 3% applying gain

nodi fications in frequency bands, the Gain Sol vers 106

Where?Rylsct"I’ll &Eé’frg E; fdfcthé %ﬁa V@%t FARHAAK 180, and

mevarying as a multitapped FIRfilfer

whereé e:}:ﬁg%ﬁﬁ%‘! £l pake thé aegi&ﬁ%ml'ﬁﬂimsdﬂ@hiaidlﬁmmmenter

; aspects of the invention are mainly

frequffq}ecggégﬁgﬁ%zlr@ﬁryl ‘(?hg z%"cﬁo gé][:tSAtloég dé’rﬁﬁgtlﬁfﬁlgtl?(tg account the
ﬁeq“&ﬁfg f;r%? e WHicH (e Mafenrchy 1 SERNE VRO gy et
SHR2dha®

£6,06695 1 'WitH stéteparahetersyforexaeanle; med
S in the d?@?"t al “domai n. Accordllr:gl 2 tdg%yfaudl 0 |I?1pfjt

i GHRbRREr S b b Sty fmns e <L)

HE'Ih ?ﬁé‘*ﬁ@gﬁeﬁ@ respéndeSofoesdhi@aditoat filtee may be

sequenc been appropriately scaled so that
charaéfé%z’e'ﬂlgow%u@ded e’ponentiat finedtiorgi asesugpesRdshp Moore and
=10l o 2[X|| is equal to the sound pressure |evel
Glasbegd Sp’ﬁcﬂﬂdaftl'y tthe maghituds rbspomseanita filterewithyceater
human 1istener. In addition, the audio signal is

frequﬁﬁ@}aryegb]t mdebewwphutedasior sinplicity of exposition.
Anal ysis Filterbank 100, Transm ssion Filter 101,

éf§L:l QI’JH} -8peci fic Loudness 104, Specific (4a)
Loddness Modification 105, Gain Sol ver 106, and

whereynt hesi s Fllterbank 110 may be described in greater
detail as follows. Analysis Filterbank 100 The audio

|npu is applied to an analysis filterbank or
figl #%—b%%uncti on ("Analysis Filterbank") 100. EacK4 D)
filterfilflanalysis Filterbank: 100 is designed to

simul ate the frequency response at a particul ar

| ocat i 8. Hrong t he basilar nmenbrane in the inner ear (4-¢)

THe FRBEFpepk 100 may include a set

The magnitude responses of such B auditory filters, which approximate
critical banding on the ERB scale, are shown in FIG. 10.

The filtering operations of Analysis Filterbank 100 may be adequately
approximated using a finite length Discrete Fourier Transform, commonly
referred to as the Short-Time Discrete Fourier Transform (STDFT), because
an implementation running the filters at the sampling rate of the audio si gnal,
referred to as a full-rate implementation, is believed to provide more
temporal resolution than is necessary for accurate loudness measurements.
By using the STDFT instead of a full-rate implementation, an improvem.ent
in efficiency and reduction in computational complexity may be achieved.

The STDFT of input audio signal x[#] is defined as:

2k

X[k,f]= Afw[n]x[n +tTle 'V, (5a)
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of linear filters whose bandw dth and spacing are
constant on the Equival ent Rectangul ar Bandw dt h ( EKB)

wo e@goersey scal e, as defined by Moore, d asber gpenusSBas038579
(B. C. J . More, B. dasbeptg, T. Baer, "A Mdel for
the Prediction of Thresholds, Loudness, and Parti al

wheré;rglfg?ﬁf gp%ﬂﬁ%aﬁ}]de% t;hQWRE Hihe HERE flﬁ@@wwqymabw size, T

es “hunman perceptl on and shows

is the H@g&%@daﬂ&w A RN Peﬂ%}hPNQﬂﬁﬁdw neRhedizedesd thadness

e lér eLTefnts that mat subj ective | oudness results,
ar requency scale nay be enployed with reduced
per #Wdpderice. For a center frequency/in hertz, the (5b)

widt h of one ERB band in liertz nmay be approxi mated

a]STIOg;E Fiaé]t‘]tbem&ﬁééﬁq ? grg ’[115 8?213183 %ﬂs%etgrlﬁlﬁlﬁ% gb ljscsentm% the
time Bk ¥F ﬁ‘%: ?ZD%:‘TF%%BQEOW RS9 meabire dMEnfOlT fRReNds.NEach

rped scale 1s equal to one. The

1ncrex{n‘éﬁ‘f tlh‘?'}ﬁfg{%’sgﬁ@uen c@’@ﬁ‘ T E@rﬁp‘lé@@l@fngf firasignalx[i]. hertz

scale is obtained by integrating

Subsécp;erg%fereﬁeed t@fthé%dei ¢ ddeTakRB(iE defifition. While different
1.410gl'n(4.37//1000 +l') (2a) J 24.7(4.37/71000 +

pararﬂéte%%e’[tin%SSarﬁi soindekuhdpesanpy desusdedependingippondhe
fromthe ERB scale back to the linear frequency scal e

detall@bﬁﬁh\l\gldﬁ@elﬁmoﬁafdrofj ABERBIEHz¢l)osing ¥= 208} PE=1024,
ere eisinunits of the ERB scale. FIG 9

and Wﬂ‘% Wi beed Pltaﬁ’ﬁﬁigr wihdbweprotides BREaduzpiate hakdince of time
requency in hertz he Analysis Filterbank 100 may

and flalertsy Bselididnr yThe [SEDFT deﬁcmbedj abovemapmhaanare

center frequencies f c’\%nl’ spaced uni formy
efﬁc1(&h0 ?glﬁgl’ehémtsl‘}mmler ems§<pi§n|( / ¢c[1] / min

Instead of the STDFT, the Modified Discrete Cosine Transform

(MDCT) may be utilized to implement the analysis filterbank. Thhe MDCT
is a transform commonly used in perceptual audio coders, such as Dolby
AC-3. If the disclosed system is implemented with such perceptually coded
audio, the disclosed loudness measurement and modification may be more
efficiently implemented by processing the existing MDCT coefficients of the
coded audio, thereby eliminating the need to perform the analysis filterbank

transform. The MDCT of the input audio signal x[#] is given by:

X[k,t]= Jf‘j winlx[r2 + T cos((2m / N)(k +1/2)(n + 1)),

n=0

(NI +1

where n, = 5

(6)

Generally, the hopsize 7 is chosen to be exactly one-half the transform
length N so that petfect reconstruction of the signal x[n] is possible.
Transmission Filter 101
The outputs of Analysis Filterbank 100 are applied to a transmission

filter or transmission filter function (“Transmission Filter”) 101 wwhich filters
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f c [b] =f c[b-I] +ERBTOHz( HzTOERB(f c[b- ]) +A) b
=2...B (3b) /.[*] </",, (3Cwhere Dis the desired ERB
wa paeiongoof the Anal ysis Filterbank 100, and WneT/@S2005038579

and f are the desired m ni #im and naxi num cent er

frequencies, respectively. One may choose D=1, and

each ggﬂ% 09 the tff?te@"ffé%ﬂi‘%n bBgoIdSGEaPRN th@;tgeﬁlsQﬁﬁfsio\f‘N)%ddi@

near is sensitive, one nmay set rain = 50 z and

throubh TR cutePartPiiddiéah FICH Rdepives 6he suitableanghind
Ougppl [ gauti o% of Eqnse. 3a-c yiel dsﬁé&- 40 S}Jlludi tory ©

frequbhty e6sponkB o fMelge ttandeniksienuiittey, P63 paness tie sadfible
auditory filter may be characterized by a rounded
frequenppnengé.aTheurespanse Bumtigbekiwd kilavaodeabove 1 kHz,

d asberg. Specifical Ig, t he magni tude response of_ a
follows theinvérnst ofethethresbgldeat heariopzas) spagjfied i the k226

as: Hb(f) =(1 +pg)e-p8 (4 a,) where f-f Db = (4TD) f
standard, wi t)he(thtg:Sﬁhzﬂ negnaligad tp élé%t}’o&t] %%ﬂ?-é )

auditory filters, whi CE a&gtoxi te critical banding

on the ERB scale, are I9MIBEG 10. The filteri ng

STt RS R B RS B 0}t
of R s Tl B0 Bl B TR Al
ricft G0 TL SR e O bbb PO S peed
ois 3 Ry Ol e e pretla ik pctation

The Wf’ﬁ@?&%ﬁﬁ'm@k R dabR HTEFh AiRilgsid Mitefhbank 100 may

ation, an Inprovenent in efficiency

be a Cgixferggg&i OB« dit AR5 Fuaictional 02 enrhugsh inaltiplicatd on of filter
responses in the frequency domain with the power spectrum of thee input

signal:
E[b,t]=%Z—IH,,[MIZIP[k]lz|X[k,r]|2, @)
k=0

where b is the band number, ¢ is the block number, and H,[k] and P[k] are
the frequency responses of the auditory filter and transmission filter,
respectively, sampled at a frequency corresponding to STDFT ox MDCT bin

index k. It should be noted that forms for the magnitude response of the

auditory filters other than that specified in Eqns. 4a-c may be used in Eqn. 7

to achieve similar results. For example, said International Application No.
PCT/US2004/016964, published as WO 2004/111964 A2, describes two
alternatives: an auditory filter characterized by a 12™ order IR transfer
function, and a low-cost “brick-wall” band pass approximation.

In summary, the output of Excitation Function 102 is a frequency
domain representation of energy E in respective ERB bands b per time

period ¢.
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The STDFT of input audio signal x[n] is defined

as:where k is the frequency index, t is the tinme bl ock
WO pabex476D) i s the DFT size, T is the hop size, POTUB{N03/038579

is alength N w ndow normaMized so that 2 | (5b) H=O

Note that the variable t in Eqn. 5a is a discrete

i ndex repres%gglgé;ggg,ﬁrﬁgg%lggwimfg"9Iyq)3STDFT as

opposed to a nmeasure 0O n seconds. Each

| poE %ﬁﬁ)ﬂ({nﬂ?{bﬁlidﬁﬂf@@ﬂé}& disbiusedf inVeaeion, as delsoribadbelow,

si gna Subsequent references to the index t

it ma@%if&ﬂlé g@efinidthahe ebitatiodi Efigreptiopto #edransformation
ettings and wi ndow shapes may be used dependi ng upon

hkssOfFé ' i ivel
to sp%ﬂéﬁggl?ggh%g ;%%;Ek@@%f%%@?théﬁ rrﬂgzﬁ)mfﬂ?hﬁi gecurswe y
in Sni6iHing fivheeion PO dodesdiap tadbeueumtital:ance of tine

and frequency resolution. The STDFT descri bed above

ntgé?b§=n@E§bgq#i(cLeQ)E[wsﬂng the Fast Fourier Transfori®)
(FFT). Instead of the STDFT, the Mbdified Discrete

wherE38E Mnd e8P anMe AMITAchBand® arel delectddtin acopirdance with
the analysis filterbank. Trie MDCT is a transform

the dggiplg@ %h@_ig;a%ﬁﬁ.p IR ‘i‘fas%déeb {R& irfe CoASants AisghbRS

I scl osed systemis inplenented

dvaitddiosNRNCResERRDURN bros@timhateth the itegtation tGsme of h
a Va%éggr?es@h%eassurenent ba%ltgll(%ﬂrmdiafi cati%n m%y be nore oF uman

loudﬁvﬁgﬁ&%ﬂi(ﬁn wittemebdred bbyWatsore and Gengel pexfarineg

CT coefficients of the coded audio, thereby

expefimeitalehngnisthetimeethat chisentegratiometimeaisysithin the range of
filterbank transform The MDCT of the input audi.o

150-$7§mas aklo Freqyiensneoil2 N200XH3) and 40-6Nh§ »f Sr‘ﬂgh

freql;rén-[:]igs? ? lgrl%s/s.%;sgx%a)n%nRg?f%)f déi%ei,'\"s@afﬁu&’&%r? and

Signal Frequency in Relation to Auditory Sensitivity” Journal of the

Acoustical Society> of America, Vol. 46, No. 4 (Part 2), 1969, pp. 989-997).
Specific Loudness 104

In the speci fic loudness converter or conversion function (“Specific
Loudness”) 104, each frequency band of the excitation is converted into a
component value of the specific loudness, which is measured in sone per
ERB.

Initially, in computing specific loudness, the excitation level in each
band of E[b,s] may be transformed to an equivalent excitation level at 1 kHz
as specified by the equal loudness contours of ISO 226 (FIG. 11) normalized
by the transmission filter P(z) (FIG. 12):

Eyulb1) = Ty (E10,11, £,15D) - ©9)
where 7, (E,f) is a function that generates the level at 1 kH=z, which is

equally loud to level E at frequency f. In practice, T, (E, f) 1s implemented

as an interpolation of a look-up table of the equal loudness contours,
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Generally, the hopsize T is chosen to be exactly
one-half the transformlength N so that perfect

wo emonsisouct i on of the signal x[n] is possibl ePCT/US2005/038579
Transmi ssion Filter 101 The2outputs of Analysis
Filterbank 100 are applied to a transmssion filter or

nmm%]g?éwgk?ﬂa shtigio &U{ﬂ)géf OT][éns:]fbm@i'oﬁsﬂooéqgﬁV'a*l@ht Jevels at

ers‘;%f nd o e filterba

1 kKHZS lﬁiﬂk%eth‘@f 14 § ﬁcsl%'u@lﬁh gs taRudtdor.hr ough t he

l‘thgé m dcﬁ]e ear‘(g 8 deplec% saone sui t abl g
”N%Rt ttlf'fL'e sﬁé&%@l&lﬁﬂe@l@ﬂ@%@hﬁaﬂdﬂmayrmsmmtmd as:
filter, P(J), across the audible frequency range. The

f@%@]ﬂsea ipsr 1N, fByrhad ow(B, 1 WG, [tarld, above 1 kHz, (10)

follows the inverse of the threshold of hearing as

nep) ha d
e A PR e o e

o A RGBS a0 AP I o1 s a0

Ignal s’ short-tine

e L P B0 18 ARV ot g i

i's

e
L e A

as WEYEGM/Pi 1964%2' Hb@rlbés Aradhittigae fol taldvdating 08[s7ey from
approxi mated in Excitation Function 102 through

the s@é’éﬁdl&*lbﬁ?%ésoﬁf fHe Ekdit@ion e SPaRBagescribeb ¢nhrremwdanyl” and
e power spectrum of the input signal:

“w1d§Eﬁ<f ﬁaﬁﬁﬁ)&ég%gvﬁwf detail.s the bl ock nunber, and

P[k] are the frequency responses of the
a%etIPijfrchbhﬁd andwidebmnd spéaificfloudaess valpsc N u6b.y] and
sanpl ed at a frequency corresponding to STDFT or MDCT

Ny, [?'tg d[3p'33é3 KstihdatSd $rdrd the thaisFermbdtexiciationf wsirigthe

response of the auditory filters other than

in Egns. 4a-c may be used in Egn. 7 to
expoggﬁ%lsgﬁgllbﬁho gr results. For exanple, said ;

I nternati opal plicatien . PCT/ US2004/ 016964,
publ i shed é 20Q41p1¢] 1964 A2E deSﬂgi s two

Nyylb,2]= TO\u e ke (11a)
0, otherwise
— ovn
Nyl £]= GWB[(E;%E,):]] _1], By 611> TOun, (11b)
0, otherwise

where 70, is the excitation level at threshold in quiet for a 1 kHz tone.
From the equial loudness contours (FIGS. 11 and 12) 70,,, equals 4.2 dB.

One notes that both of these specific loudness functions are equal to zero
when the excitation is equal to the threshold in quiet. For excitations greater
than the threshold in quiet, both functions grow monotonically with a power
law in accordance with Stevens’ law of intensity sensation. The exponent
for the narrowband function is chosen to be larger than that of the wideband

function, making the narrowband function increase more rapidly than the
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alternatives: an auditory filter characterized by a 12
order IIR transfer function, and a | owcost "brick-

wowlok/41sand pass approxi mation. In sunmmary, thBCDUSINS/038579
of Excitation Function 10248s a frequency domain

representation of energy E in respective ERB bands b
. i t 1 1 n H n
widgEind RS TheispL Ly YR A e R RoA S R e S¥IaS @ for
the ng%%ﬁ%?vg)?aﬁgn&% &f@tfﬂ)ﬁnd‘@é{se%ea std e o ARG etp@imental

prior Olts transformation to

data;cgff%ér 'gg%\hvggaﬁmn QrfoPXGAM Snd 9BRW.hi ng may be

cursively in Snoothing function 103

?g@%@%d Q}lh%\}ﬁ%ﬂl@ge@ﬂthaf[the speciftEllbudnesy sheuld be equal

I, (8) ere the tinme constants | bat each
to sGiaRGhaAralsettead of zeas swhetathmeenuitdtiohesdgshe ébreshold of
application. In npbst cases the tinme constants ma¥ e
heardfly ai8Ratfivdbydadssshould then peopmaseimaatatonicalheto zero as the
integration tinme of human | oudness per ceﬁt I on W Egl r% .
excibation ldecvddses to et .Chgejuspéicatippd thapshe ﬁlgmsi\lﬂo of hearing
denonstrating that this jntegration time is wthin the
is a paoabidisticabrasteld<the powtiat syushd one 1%51.% e&éb%ﬁaf the
. 40-60 nms at lijgh frequencies, (.Chayl S. Wats a
timae pnvl/thab agaimbersp hiicspeaeh b fbrgﬁﬁo%ﬁg%ﬁsep&%(ﬁ E@gﬁ'}ger may
n Relatiqgn,to., Audi tory..Sensitivitys..Jo .
sumpkhd §piug§| thapis BOye gpﬁ)@gﬁfxgﬁ ’an%@/f_ th&:?'l’i@}’g)_ldﬁgl( gﬁfl‘fets. In the
) . 4969,. . 989-997). i fi .
o 581 Ben A e RSBt AR Pt b i
" Spegi fi " 1
profi 966! ABUIIIEI bR ISR IRS el
hot v Wil had dedr gneshokl. ERBe
beh?glgﬁl é{f%%ﬁwgﬁlguﬁhﬁgng B?é(:gfﬁ? gMI oudr%ss, t he
speghfic Ic?fdrfé% lieuetinkd tedschzhrengheh tBE extditation beat or below
ranstor msgl to an equivalent excitation |level at 1 kHz
threshold, then a unique solution for the gain solver does not exist for
excitations at or below threshold. If, on the other hand, specific loudness is
defined to be monotonically increasing for all values of excitation greater
than or equal to zero, as suggested by Moore and G'lasberg, then a unique
solution does exist. Loudness scaling greater than unity will always result in
a gain greater than unity and vice versa. The specific loudness functions in

Eqns. 11a and 11b may be altered to have the desired property according to:

( _ Anp
GNB ElkHz[th] __1 \ E—lkHz[b’t]> ATQ]II{HZ
TQlkHz

= s
b,t .
exp{ Ko (_ lo g(%k_g_[ﬂj +C NBJ }, otherwise
1kHz

NNB[bat]=ﬁ (IIC)
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as specified by the equal |oudness contours of |SO 226
(FIG 11) normalized by the transm ssion filter P(2z)
WO Bo@o4768) : El kHz [b,t) r ikHz (E[b,tIf c[b]),PCRYUS2005/038579

where TlkHz (E f) i s a fudétion that generates the

| evel at 1 kHz, which is equally loud to |l e vel E at

fre.qutency/I In oﬁac[;bi éem TIkHz (E,f) i s inplenented as

an interp tii(of,ofb,d)| ookq{up tabl e of the I
[t dloer] e 330

| oudness ¢dwe ur%nor | Tzgd by the trandi
fljvltﬁ;.F' anstor metf on to équivalent levels at 1 kHz (11d)
sn‘ﬁ)l’{e the f IIo'Eﬂg gpga) fi c 1oudness
cal cul ati gBxpNe {,—lds e—lgg‘éeéﬂjigcqyp dngsethamwésach band
may be cornputled as: 4= alb, t N m|[bj] +(I
-a[b,t])_l\l_[b,l] , (10) where Nm|[b,t~\ and NWB [ Db, t]
whera}lﬁeeégﬁ#aglli S 15%9%;%},1%(1%%&%?‘ tﬂ%\?—%ﬁ)dﬁb AMNag '1&@0@1'[36 (ﬁ?ff,' and

gnal® no F espécti y. The'val ue a[b,

the o, R B4 RsHSh e Rl oyt and
s firgesi TG B> Ron o A e DR e Bt roP 2l 2t i ng

e e R JORER I bR gk IE DRSS APl i
givergedh serh §E Bk She B DouandS AR HIPRE T 1 ray.

A Tene T unct i ons: mim t ] = 0. ofherwise wherd 2

TQIlkH: i s the excitation level at threshold in quiet

for a 1 IcHz $iR8fhc Loudness Modification 105

In the specific loudness modification function (“Specific Loudness
Modification") 1035, the target specific loudness, referred to as N[b,¢], may
be calculated from the specific loudness of SL 104 (FIG. 7) in various ways
depending on the desired application of the overall device or process. Asis
described in greater detail below, a target specific loudness may be
calculated using a scale factor « , for example, in the case of a volume
control. See Eqn. 16 below and its associated description. In the case of
automatic gain control (AGC) and dynamic range control (DRC), a target
specific loudness may be calculated using a ratio of desired output loudness
to input loudness. See Eqns. 17 and 18 below and their associated
descriptions. In the case of dynamic equalization, a target specific loudness
may be calculated using a relationship set forth in Eqn. 23 and its associated
description.
Gain So lver 106
In this example, for each band & and every time interval , the Gain

Solver 106 takes as its inputs the smoothed excitation E[b,7] and the target
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From t he equal | oudness contours (FIGS. 11 and 12) TQ
h egiaals 4.2 dB. One notes that both of these

W@ p@eioiicso | oudness functions are equal to zer or@hes2005@38579
excitation is equal to the4shreshold in quiet. For
excitations greater than the threshold in quiet, both

speciﬁeﬂeps}ﬁ%%@gm”ﬁf“éﬁ&%‘?%éeﬁﬁe'g@%& b7 R bty For

o BRSPS EHBEIBELEAABSHER U EARgE

nansfqmwﬁé% e?‘r?%ﬁfa n AR TGS 2R " '
Wfﬁ%”in&?éﬁgbé‘& and Q?eGCLSL,eE“? ot oh experi mental ¢

the G Qo Tiets nds GAP) SUGHANET hat the speci f1 ¢ | oudness
shoul d bee{equal to gome small value instead of zero

w4l retalc (4 8ilBrli- s at the threshol d of hearing. (14ay

Speci fic | oudness should th d { |
The Ghire Spbves 116 AStenpane biFaieBrungad e eHg ng gatts, hich,

il Esgggczo@a;; iR e B e
e 5 S FRCOR ] LBy BT BhaReRn b 6 Gain

soh F3 bl nphfzeaﬁéﬁwzs@fa&;@%% el i O apbied o
the FRATERCLCA AR TErIoR %tf't{%ﬁ Bl Bi ¥l eRiIRPRI odifinghehe

€ galn sol ver, discussed

hye BB dhet cifie loand
audn?@ é:tw lﬁe(Ereshol Lﬁ‘éoﬂth%ghg%ggl afz,? c | o%dneg?pl@s defi ngolleSS

and t‘h% ?%&%"aﬁe&‘fmldd&@&c iTdehllontliesmadificatien dsvsuch that the
res , then a uni que sol Ution for the gai n sol ver

modﬁ%ﬂS ali®lo eigail hiay aspetific loudness that ised oloserapguhsingation of
, on the other hand, specific |oudness is defined to
the t@lﬁgeitﬂspemﬂcdahﬁylesmc Messolytibortodign vidaszayobe 1mplemented
excitation greater than or equal to zero,_ as sug

in a byristyoo £ vaays GFaB’tmwgnpleh sha glosadgiosny macthpawt §Xp1’68810n
exi st. Loudness scalin reater than | Il a w%\‘

for thesnverserof thespeeificat nqsmqmese;ntﬁﬁ v%?@gs cn the
The specific | oudness functions in

gains may be computed directly by re-arranging equation 14a:

Gib, 1] = LP% (14b)

Alternatively, if a closed form solution for ¥™{} does not exist, an itexative
approach may be employed in which for each iteration equation 14a is
evaluated using a current estimate of the gains. The resulting specific
loudness is compared with the desired target and the gains are updated based
on the error. If the gains are updated properly, they will converge to the
desired solution. Another method involves pre-computing the function ¥{}
for a range of excitation values in each band to create a look-up table. From

this look-up table, one obtains an approximation of the inverse function
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Eqns. 1la and 1llb may be altered to have the desired
property according to:where the constant lis greater
WO b@a/oorse) t he exponent h is | ess than one, aneCT/082005/038579
constants K and C are chosdf so that the specific
| oudness function and its first derivative are
e i qLaRbhdi4b. Ksom
¥ {}t%gdE%%ggﬁ%agﬁgﬁggggﬁoﬁéﬁgﬁggpﬂ oghﬁt@gt al ™" Iogdness
. Q. 4 h f A
et e B (e Sl e By bEcchutiearby o
scalin}%(gpﬂfesggé@ﬁbﬁbﬁ&ﬁbggi 195 In the specific |oudness
! f! cation ;functl on ("Specific Loudness
i fica ! , the target ific loudn
Al atd g’nt k{ e target specific |oudness, l4c
refefr]ed“T[o e]s[ O[ﬁ,t] , may be cal culated fromthe ( )

substg@g@%{a%étg&n&pggﬁggf 14%31’&8%65'1% B0 1 1%/ 916l @418n Wtesnative

sired application of the overall

expregﬁl\bincfbroche%a(?ﬁﬁss- As is described in greater detail
elow, a target specific |oudness nmay be cal cul at ed

using a ale T AB[A L2 for exanple, in the case of a
VGl BLE=Cf oL [ ) 16 below and its associ at ed(14d)
((jisé(c::;l pt:jon. I#bithe case of automatic gain control
and dynam c_ range control (DRC),.a t.arge o
We sep#uatrthe gaing m&sb@awn@éﬁdmrﬁfms )ésﬁuﬁﬁhgn?%fttihs cltation
t.0

Ve ek e
éver ?iépw:dr?ti i tng; t h%)?Hﬁ‘_ﬁ’lfgf Rt R Sﬁ’eﬁ@C é‘g@‘?‘&“ as
T AL E IO L A 1R AR
e oG ICE LSRR R TR e
modiffEatioPCp eyt St bith P ERBCH dinpRCf copfplitation of
the sp&GHic Rfdness and target specific loudness may be devised, and this

. invention is intended to cover all such methods.

Synthesis Filterbank 110

As described above, Analysis Filterbank 100 may be implemented
efficiently through use of the Short-time Discrete Fourier Transform
(STDFT) or the Modified Discrete Cosine Transform, and the STDFT or
MDCT may be used similarly to implement Synthesis Filterbank 110.
Specifically, letting X[k,z] represent the STDFT or MDCT of the input
audio, as defined earlier, the STDFT or MDCT of the processed (modified)
audio in Synthesis Filterbannk 110 may be calculated as

X[k,t1="Y. GIb, 118, [k} X[k,t —d], (15)

where S,[k] is the response of the synthesis filter associated with band b, and

d is the delay associated with delay block 109 in FIG. 7. The shape of thes
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N[b,t] v {E[b,t]}, <13) the Gain Solver finds Gb,t]

such that N b,t] {G2[b,t]E[b,t]}. <l1l4a)' The Gin
WElsesm0d06 det ernmine frequency- and time-varpeTys2005/038579

gains, wWiich, when applied7to the original

excitation, result in a specific |oudness that,

synthelE Hilors ébf;ﬁ]egﬁﬂc?é LHARIGR it b3 Be TIpailizd in the

ctice, th Gain Solvers determ ne
analyss G RERE ALk, JoriRY AP BRROR ARTLS VAR, palto e
recony@icien ihahAPsetenty Hot abun 1 aHRkoR ' Fhahoae. 1 = -
The fipRiprpEaScO Ao TeaN ties OF REnREies (R Ui Vigsg Equrier or
o2 et RSt R SaF TR ol ARG, P i

1l4a _may. be inplenented in a variety of ways. For
to On%ﬁ]éﬂiﬁ(gl,nﬁ?e #lcl osed form mat hematical expression for

byy-' 1) oxi sts, Treel e i the computed

T e A
s Gl SR PSP s B9 o i
e G T, e, bR i i
e e
targef%%%iﬁggoy?ﬁ?@ %?VQFEJ‘ odch ‘i’yﬂét‘f@ﬁs Rh8-stefaé hpglitAgons for

a range of excitation values in each

themq@,gfngg, B& @RaLEriBed.00k-up table. Fromthis | ook-up
tabl e,

one obtalns an approxi mati on of the inverse

functi oy dinvaidnR: Ehel Freasendy-lhveriane Ropioned from
equation 14b. As nentioned earlier, the target

speci fic | oudnesSyinplldforn Bpheseattrby a scal i ng of
the specific loudness: N b,t] = X[b,t]Nb,t] (14c),

A standard volume control adjusts the loudness of an audio signal by
applying a wideband gain to the audio. Generally, the gain is coupled to a
knob or slider that is adjusted by a user until the loudness of the audio is at
the desired level. An aspect of the present invention allows for a more
psychoacoustically consistent way of implementing such a control.
According to this aspect of thee invention, rather than having a wideband gain
coupled to the volume contro]l that results in a change of gain by the sarme
amount across all frequency bands, which may cause a change in the
perceived spectrum, a specific loudness scaling factor is associated with the
volume control adjustment instead so that the gain in each of multiple
frequency bands is changed by an amount that takes into account the huaman

hearing model so that, ideally, there is no change in the perceived spectrum.

In the context of this aspect of the invention and an exemplary application
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Substituting equation 13 into 14c and then 14c into

14b yields an alternative expression for the gains: W
wae@chhmsbo t he gains nay b e expressed purely aBCHUS2005/038579

function of the excitation4& b,t] and the specific

| oudness scaling X[ b,t] . Therefore, the gains may be.

rm avg a \! i n: .f R .
A AT ey SR o
i ¢! ] lifectd @ B le, b
st BT EOES] ik ol i o sampl, by

user. WRlchCilh¥-i69aHEHeE” ih sometimiseredérred tatdsdinuldsi. titicher
equi val ent nethods for conputing the nodification

invafahBmeqensi-stationahy & tdieccveispltimetinvariamp)’i ‘pecewise
conput ati on of the specific |oudness and target .

statiom@s,? Fstepowibeet moviny dréamdSarub dsteprwisastotiomasty T daiven
is intended to cover all such nethods. nt hesi

suchFi s¢aetfactor, 20 the targairspeedficalsmdnesammay Scaﬁiquimthe
100 may be inplenmented effjciently through use of trie

measiredt speiciiic t@@i:ﬁ%&sempgtmli@l ngOéhsf orm (STDFT) or the

Modi fi ed Di screte Cosine Transform and the STDFT or
MDYTD, weyoEb.i]lsed sinmilarly to inplement Synthesis (16)

Filterbank 110. Specifically, letti Xk, t

t iBecAmbeTtotal IDANESS Hfasithg @unhgﬁlsggmg% A ik

earlier, the STDFT or MDCT of the processed (nmdified
acros alldyandsnb, $hatabesiesmexdifieatiem RlSDlsﬁaﬁﬁslﬂt?etQ‘E@Ilngwéfléﬁﬁ by a

as X[k, t] = ¢ ,t]Sb[Kk]Jt[k, t-d], (15g b wher e. Sb| k]
factomsof he, bufdpdace sofinghwaythahBEGSETYSY ths SHBS PSTLELEF

with band b and ¢ is_the del iated with d
spechTumlal FopanisaRICE forrhegaspin B1S PR sobt ol A fment.

S R b T 4 lp i
e 508 BT R DS e o
perc}e}w% %@qtﬁb@?@fﬁ%‘)ﬁﬁﬁ?ﬁgd ?Hﬂic?v@?s‘ﬁs%ﬁ%‘bé%@ei@%@ kpb&Gum of

ourter o

“the unmodified audio. FIG. 13a depicts the resulting multiband gains Gb,7]

across the bands “b” at a particular time “#” when « =0.25 for an audio
signal consisting of female speech. For comparison, the wid eband gain
required to scale the original total loudness by 0.25 (the horizontal line), as
in a standard volume control, is also plotted. The multiband gain G[b,?]
increases at low and high frequency bands in comparison to the middle
frequency bands. This is consistent with equal-loudness contours indicating
that the human ear is less sensitive at low and high frequencies.

FIG. 13b depicts the specific loudness for the original audio signal, the
wideband gain-modified signal as modified in accordance wiith a prior art
volume control, and the multiband gain-modified signal as nnodified in
accordance with this aspect of the invention. The specific loudness of the

multiband gain modified signal is that of the original scaled by 0.25. The
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nodi fi ed cosine transform of and overl ap-add
synthesis, as is famliar to one skilled in the art.
wdaargesreBpeci fi c Loudness The behavior of arraPrgEUBIWS038579
enbodyi ng aspects of the inr9ention such as the
exanples of FIGS . 1-7 is dictated mainly by the
I i ; A i
B A T e e R e v

specfial sﬁ?gé ioihabshenicol that 6f thewakbsealfwmabdified signal. In this
cal cul'ating target specific |oudness, several such

case! tHHE AT AR dpIeist dlak cirep ptlatiatisensef lost idweinessiat buoth the
be described. Tinme-lnvariant and Frequenc:ﬁ- I nvari ant
n

low EHAGhedighuireqbieciber WS ispeiceivedhs A dullingaidtheaudio as
_ control adjusts the |oudness of an audio signal by )
its vehphyiisgumed dewema prablemothiah doga dios ocesnaAsh tye mpliband
gain is coupled to a knob or slider that .is adj.usted
modgﬁed sigieal whoise londnessig rﬁ@éﬁfcﬂied h¥ gaias éemgeg{lniﬁ?
esired level. An aspect o f the present invention
percaptualdongdness demalfsychoacousti cal |y consi stent way of

of RdnBEr DS ShStoRdPRa Prashaler el balfi g ctated
withgg thifongl yRBSE AT SIS lEh spFSiY biobiers. PLRR®Perty
of 1hEe A ERHRE S1GERR Fefi b G L SELACORER] L teed in
Equ%ﬂ%gé?{}l%%‘?l%ﬁt{ : é@?ﬁﬁ@s‘ém siggir"?‘l %@ﬂn?%éc{t%ndﬁ&@e}:{@%ﬁes

requency ds i s”changed

morgorﬁpﬁgt\{ 5&?%1 ggﬁ%F $§Vc%lhrﬂéﬁ)r§§&%§‘ﬁlet theedhutdrofiesringg Aoslalresult,

e is no change in the perceived

the SRREHEAMtERALIGn eeqiRed toimphttsthesgene loudnedsatienuation to

| nvention and an exenplary applicationt hereof,
a sof&@@%ﬁﬂt s less thianrehdtmequiradtfor adoudeesigpalt cAdraditional

for c anges in t he setting of a volume control scale
voldraetantfeloimparte at constan, atfenuatioanyagardlegs ofsignal Isingl, and

“tine-invariance" is sometines referred t gl) as "quasi
therefor sofisigmals'become “too soft” with respect to louder signals as the
volume is turned down. In many cases this results in the loss of detail in the
audio. Consider the recording of a castanet in a reverberant room. 1In such a
recording the main “hit” of the castanet is quite loud in comparison to the
reverberant echoes, but it is the reverberant echoes that convey the size of
the room. As the volume is turned down with a traditional volume control,
the reverberant echoes become softer with respect to the main hit and
eventually disappear below the threshold of hearing, leaving a “dry™’
sounding castanet. The loudness based volume control prevents the
disappearance of the softer portions of the recordings by boosting the softer
reverberant portion of the recording relative to the louder main hit so that the
relative loudness between these sections remains constant. In order to
achieve this effect, the multiband gains G[b,¢] must vary over time at a rate

that is commensurate with the human temporal resolution of loudness
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“quasi-stationary,” "piecew se tine-invariant,"”

"pi ecew se stationary," "step-w se tine-invariant,"
wa@ar@e/hsteep- Wi se stationary."” G ven such a scal BCT/a81005/38579

a , the target specific | odtlness may be cal cul ated as

t he measured specific |oudness nultiplied by a :

perce@ﬁgnt ]J%S?:C%ﬁé)% {61%5: m\éljnﬁf)a gfgﬁiﬁ Q?[gyo{] j’i‘érg'(:@glgg@%‘lﬁl ét!ks);eﬂn%tsﬁctmn
of thqb%q}gﬂ bov%ét%?g)é{ gﬁgt %l@ét%&? %‘%‘%h@%nﬁé‘%oh@ttaﬁlts A,in Eqn. 8

t hat res a does so In a wa
dietaigaferaii<[y R 517G éryeghcvfﬁﬁaff@@? PR b. As
AR U AR RS oo

|
e A e s
yield Eﬁé %@@’cﬁﬂﬁé@g A of egs UnRArftigd. dugheuldb& ndtdd that if

e resu ting mul'tiband gains db,t] across

the tlflger cORags: gr Ehog?ﬂ rpsl?’ﬂéﬂtp@{atél itter tvbehsttor-0dBlow),

AR A 6 sign st ng fenale speech. For

then g@f&? q’? E@tl%ﬁBWﬁJﬂliﬁ@tMa@qm idodwcestial thelprocessed
tot I oudness by 0.25 (the horizontal line),

aqudi@s in a standard vol ume control, is also plotted. The

nmul ti band gain G b,t] increases at | ow and high

f r equengyphasidsarinraampbFrequency-Voeiatitdturctiarequency
bands. This is consistent w th equal -1 oudness contours
i ndi cati ng t hatSttteblafanl ed Fguabisefigiensitive at | ow

?5{3ﬁﬁén%?éﬁgq%%%‘ﬂﬁ??@cﬁé%gém%%ﬁ&fa b Hhrerepiial
qualiriaen 40 Ehoohuie. ot ish, CassdhErar Rl RPERLIOLITIeSs iy be
comped \Begeely e aarEripsATADh Pur R L DET AR Rz Fagior
@[b]%sgg{ﬁ‘kfaxe(ﬁj@é&r@%nhg §° 25. ' ThespeciTic | oudness of the

Spect ral shape w th\@spee® Lo N Bt Tor The or i ginal

unnodi fied signal. In this
wherein N[b,:] is the target spemﬁc loudness, N[b,t] is the specific

Joudness of the audio signal, b is a measure of frequency, and # is a measure
of time. In this case, the scaling may vary from band to band. Such an
application may be useful for emphasizing, for example, the portion of the
spectrum dominated by speech frequencies in order to boost intelligibility.
Frequency-Invariant and Time-Variant Functiorz
Suitable for Automatic Gain and Dynamic Range Co nirol

The techniques of automatic gain and dynamic range comtrol (AGC
and DRC) are well known in the audio processing field. In an abstract sense,
both techniques measure the level of an audio signal in some manner and |
then gain-modify the signal by an amount that is a function of the measured

level. For the case of AGC, the signal is gain-modified so that its measured
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case, the specific loudness has, in a relative sense,
| ost | oudness at both the | ow and the high
wo e@goersed es. This is perceived as a dulling oPCT/N82005/038579
audio as its volune is turieéd down, a problemthat
does not occur with the nrultiband nodified signal

level i\gquage% EB;? rl‘*%%ﬁ gEI%c?éH‘l;éf%}él’f& F%(reﬁlaWﬁIﬁBRE? ¢hé Rigi is

ercep ness donmain. Along wth the distortion

gain-xgggi @d@%&pﬁt‘ﬂ%’rﬁfg@éfﬁie Yiahargemassiacddleelvistttarmsformed

itronal volume control ere exists a second
into s&&%%e&rﬁ%me%y ebndpledors snaemdeipt icomakehihehqust
reflected in the |oudness nodel reflected in Equations |
portiohka@fl thedaudi® Joder bnddhedeudipationg mpil céer. abych a system 1s
frequency decreases nore rapidly as signal | evel

describedrlopRalsinson and-Guhdryl (ChanesRobinsan and dsemneth Gundry,

el ectrical attenuation required impart th a
“Dynamid RangeContipltviaMetndata,of ]thTﬁ &O@Nﬁntil%n |02§§1€E§§§»

Prepring ANAS  CmeBIbATAARYs 11090 N Y OB, LA sl
implemagatonsay A6 U PR Sepefly yifigf o timbl il diehiont
of audifyigBal Bl pieh 88 S il Re A Ao SR FR AR Ry Tt
N Y R o
corre]%ﬁ% rt(? tsl)lﬁgéj[ihgré;egf\}};ﬁgz' Qechred [RudiR¥e DrefRNMAud)) Mk aspects

ant echoes that convey the size

ofthe?é%%f%hﬁ iﬁ@@mo@%nfowm Jetcépuang BsleRant GE and DRC

tironal volune control, 'trie reverberant echoes
by drREAEMResRihahodi fibatiqiiPith & enédrrewifl cidnessdased on a
eventualTy di sappear below the threshold of hearing,
psycH®rRvustcanode)." Adsongiany traditamed AGHhe andudies syisteres apply
vol ume control prevents the di sagpear ance of the
the gaiaf medificationnsithfa widebaubgdimghetepybbaeeiring the
softer reverberant portion of the recording relatjve
aforementtenadtivebragspediral) disorthams imthe pracessed %\&éﬁ%ss

bet ween these sections renmains cqnstant...In order.,to .
Aspegisrokihe prasenéineention,n ﬁiaﬁr Pﬁtﬁdﬂbﬂgﬁﬂ@l@ 8 ?ﬁ“‘iﬁhé{‘d gain
to shé’Sé %/he()\slgécitﬁcnﬁ)u%tnegs i E’:lemanner that reduces or minimizes such

distortions.
Both the AGC and DRC applications employing aspects of the present
invention are characterized by a function that transforms or maps an input

wideband loudness L[] into a desired output wideband loudness L],
where the loudness is measured in perceptual loudness units, such as sone.
The input wideband loudness L,[¢] is a function of the input audio signal’s
specific loudness N[b,7]. Although it may be the same as the input audio

signal’s total loudness, it may be a temporally-smoothed version of the audio

signal’s total loudness.
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that is commensurate with the human tenpor al
resol ution of |oudnessperception. Because the
woiobiobmndd gains G b,t] are conputed a s a funetT/08200$/038579
the snoot hed excitation E[IB2t], selection of the tine
constants I bin Eqn. 8 dictates how quickly the gains
ar S . Tdn i H i
HIGSEr 4G RhEZRD HEBiC LRI YT Ingppy, TANCtopSdypical for

an AGCORRE L4 PIREE rEE‘Igeci[;cNfﬁ?f G Sidtea dha ml? ih quldivbss, (] is a
e

per ception w'thi and” b and thus yield t

a i at LAkl iRy | d
functfPRE el i HidttsBle e Ribingssimay B del Blatdd &hod
i napprop iately (either too fast or too slow), then
PEV[BEEP NfRQilectionabl e artifacts may be | nt r oduced17)
|Fn t he pddéessed audio. Tint e-lnvariant and '
requency- Variant Function Suitable for Fixed
The diglialsi gl snotiginirapespiit loudnesssNl Adsrignpfg Aoalgd by the

apply a fixed perceptual equalization to the [ [
ratio withd besired ba?pur‘ggde@p&ﬁqu@q% Gaibe E;HM Vbﬁje%a%a loudness
_conput ed by apgiliyi ng a ting-invariant but .
to yiéldequenttput apeeific knwdness aint] . &5of an AGE sstem, the input
relationship N[b, t ] = (r)[b]Nb, t ] , wherein
widebbhd 1duidnesser, {Arshenld genctally beirimeasyrency, the loagresm total
speci fic | oudness of the audio signal, b is a nmeasure
loudRéssfsfeebeneio amthis caa e aslieved byf smoothi ng theitetal loudness
case, the scaling may vary from band to band. Such an
L[] apieks ¢atrieoto pepetate LEef ul for enphasi zing, for
exanpl e, the portion of the spectrum domi nated by
S HRRYIIgAHmN e 86 AGQraPRCaystantreactsdid shoter teym
Frequency- | nvari ant and Ti me-Variant Function Suitable
chankbes if\at eimidlts [idnessdany therefoRahé canrsiroplyrbe made equal
echni ques of automatic gain and dynanmi c range control

to L[g;ﬁ%gaa%@&@ 113 Scalehg o RPeifid]duineasdiiven boe £t id, [1], may

eld. In an abstract sense, both techniques nmeasure
fluctulfe 1Y Rilydtadth@tsiAweingsd arti facto e tHepretesd audio. One
typical artifact is the audible modulation of a portion of the frequency
spectrum by some other relatively unrelated portion of the spectrum. For
example, a classical music selection might contain high frequencies

dominated by a sustained string note, while the low frequencies contain a

loud booming timpani. Whenever the timpani hits, the overall loudness ¢}

increases, and the DRC system applies attenuation to thie entire specific
loudness. The strings are then heard to “pump” down and up in loudness
with the timpani. Such cross pumping in the spectrum is a problem with
traditional wideband DRC systems as well, and a typical solution involves
applying DRC independently to different frequency bands. The system
disclosed here is inherently multiband due to the filterbank and the
calculation of specific loudness that employs a perceptual loudness model,

and therefore modifying a DRC system to operate in a multiband fashion in
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then gain-nodify the signal by an anpbunt that is a
function of the neasured | evel. For the case of AGC,
wo b@csignal is gain-nodified so that its nmeasuPeTiUs2065/038579
is closer to a user selectéd reference level. Wth
DRC, the Isi gnal is gain-nodified so that the range of
: X gy . :
accordfficR ItH ashdRESHIRS ptéeht ihPeldants ATl MighTForward

andisoﬁj.éf& dRQtHibegs of the audio |ouder and the |oud
portions quieter. Such a systemis described by

Robi ns0nIf%%z@aﬁrWazﬁ@aﬁahdSTimemmammmet h
@undry, "Dynam ¢ Range Control via Metadata," 107th

Convent i on ofSiihebleHor DyepmicRabge& orsept enber 24- 27,
1999, New York). Traditional inplenmentations_of AGC
dNthOBR Gesyestein maythe expanded tpbperasadnaanulibayid ox
audi o signal |evel, such as smpothed peak or rqot mean

frequemasreatiant fashiphityualdowing dhe mputr@cg@uwut loudness to vary
nodi fi cation. Such sinple surenments correl ate

indepgmderabxg weigh thandre Eéxeé@imgﬁﬁw\ﬁid]@ e8% VEICSAIR iftﬁfel'enced
ut ts of t t i i |
as L Barlc spublly] el ot e sasr Hereo g iR 8 n by

nodi fications with a neasure of | oudness based on a

PYFhoacuidiilg, el . Also, many traditional AGC and (18)
D%Ebs&st w?@péﬁg the gain nodification with a (18)
wi deband gain, thereby incurring the aforenentioned

herd L7051 h&§ PRehlcalduldicd fioinh @rsmappéd ramok Hs sleds alluistrated
W elAsg?i:?js of the pre%ent i nvent i on!,ypon tqgg oltﬁﬁe]? hand,

in FIGH! 1 AB Soiy {H&éﬂe%%ﬂtlﬁo@ da@hhareD ! Mheshgmit fhaltiband

oudness I n” a manner "t hat reduces or mnimzes such

loudrggns;ﬁt ggﬁyag NS a BRtdtiddef ARCigmet RiBoapghalcatpedisic loudmess

aspects of the present invention are

b, %ﬂ‘ﬁ{vﬁo@fe@ g@%& e fHIEkhE ﬁs}tﬂ?ﬁ{lfgﬁﬁﬂﬁﬁﬁf ignal s3pesi fio

oudness a desired output

10ud1¥?%<g§5?21ga$1 %)%S% fe(:ctr;igbgzglﬂ-is%%ﬁh‘édta%ﬁ/ épﬂégﬁgﬁc&%moothed

ess units, h as sone.

versilgﬁggmgg P@Q?%fg‘ﬂ-’é selifisohdheds.i s a function of the

s specific loudness N b, t]

ARRYEBSst strARhtRAwAd waiys fsaltiatingpns,au s o set it equal to
the specific loudness N[b,7]. In this case, DRC is performed indepenndently
on every band in the auditory filterbank of the perceptual loudness model
rather than in accordance with the same input versus output loudness ratio
for all bands as just described above under the heading “Frequency-[nvariant
and Time-Variant Function Suitable for Automatic Gain and Dynam-ic
Range Control.” In apractical embodiment employing 40 bands, the spacing
of these bands along the frequency axis is relatively fine in order to provide
an accurate measure of loudness. However, applying a DRC scale factor
independently to each band may cause the processed audio to sound “torn

apart”. To avoid this problem, one may choose to calculate Z[5,] by

smoothing specific loudness N[b,#] across bands so that the amount ©of DRC
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signal's total |oudness, it may be a
t enpor al | y-snoot hed version of the audio signal's
Wo otoalo4icoudness. FI GS. 14a and 14b depict exanpP€FUSL005/038579
mappi ng functions typical fér an AGC and a DRC,
;espe_ctlvelfy. G ven such a mapping in which L [t] is a
neti R 9 T rgat i d4 eThisraya
aop i ibg ity b eIy e Thismay be
hi ‘ﬁ% Y¢iAhe % BA G othRRE ildep sheMlsmbdiling the
ac 1%51 ﬁ?/’ Sca eg%by t(%e rati (E){?%f thg( esired out pu%) e
: 0 hSuoHtiny defandtandatdessnvolution
Specﬁi(g%&iﬁeggu#gﬁgégtgé@???oudn%eﬁs/gs N[ b,t] . For an A&:
qumsSystem the input w deband |oudness L It] should
generally be a neasure o f the long-termtotal

| h o Thi !
s%g?%?%gg%% ec)ﬁmk]lqouThl s can be achieved by (19)

e total dness L[t] across tinme to

generate Lt[t] In conparison to an AGC, a system .
whef&achS] d, 10 is e specifier loudneng of the aud@@hﬁgfﬁgan é(eb -¢) is

| oudness, and therefore L1[t] can sinply be nade equal
the hand Bhified Aesponsesilthe snnaotbeng Filigroft EGred Srdepicts one

oudness, given by L It]IL It], may fluctuate rapidl
exathpbelofiguth abamhseoothing Ges i n the processed audi o?/

One typical artifact is the audi ble nmodyl atj.on .
pOFE thaDRC Fctiorn RTRAICEINES Bt by SBNGHRBOT Lo, is
relatively unrelated portion of the spectrum Fo
fixe@foreivery dand ds shealthertype: of chainge srcuRTgsk tq;@aﬁha{)and of the
hl gh frequencies domnated b y a sustained stri .
spedificdoudiicke N[hg] ivoill Valeqdepmcﬁgg@hﬂm SPECHEH 02 gbm%ho

timpani. Whenever the tinpani hits, the overall .,
oogpimmsetin b ol oty Sgdiapedte wne
For exaimpje, an_eaudi@ ﬁig@émith (Loué %@%g ai} m%%ﬁ&?%%l’ei rﬁgyel have the
bass patanathe tble posieghn & Santl Wb 0a A GUL GiEble may
R
percelvea'spec?ru‘;’g oF il audio, and this may be desirable in certain
applications.

However, one may wish to perform multiband DRC without
modifying the average perceived spectrum of the audio. One might want the
average modification in each band to be roughly the same while still
allowing the short-term variations of the modifications to operate
independently between and among bands. The desired effect may be
achieved by forcing the average behavior of the DRC in each band to be the
same as that of some reference behavior. One may choose this reference

behavior as the desired DRC for the wideband input loudness L,[]. Let the
function L, [f]=DRC{L[1]} represent the desired DR C mapping for the

wideband loudness. Then let L [¢] represent a time-averaged version of the
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di scl osed here is inherently nultiband due to the
filterbank and the cal culation o f specific |oudness

WO ba@b/oeTspd oys a perceptual | oudness nodel , andPCT/US2005/038579
therefore nodifying a DRC s§ystemto operate in a
mul ti band fashi on inaccordance with aspects of the

wid %Efdeﬁ)té)élk ?@(ﬁ@%éé)sg ahd 1Bl 'X re%%h@ Qﬁh&-‘k’v\w&e@n@eﬂs%n of

requenc nt an Ti me- Var i ant

ctl Sui t.abl.e for a E8Cm
the I?V ﬁgiplﬁe‘ é‘ﬁl ﬁ%é‘d%i' ?Jgergﬁgﬂlﬁﬁgg%ﬁﬁ gangnm ymay
requency-vari ant fashi on by allow ng the input and
thendg 9@11011 Gér?éss t o vary independently with band b.

These m.l|_tl band I{vudn ss val ues are referenced as L

I b, Il 1l L

| by 35,20 target specific |oudness(20
ﬁbhﬂ @t]gl ven DYbV\]hére[IE t] has been cal cul at egl )

fromor rrappedfromLIbJ] aS|IIustrated|n FI G

141[Wot€ Yhat theeRangisand Ynﬁ&tﬂoﬁdﬁéssb@?ﬁrdi scaled iobetin the same
tiband |l oudness L [b,t] is a function of the input

aveﬁg@' Igngb @RahesyRivbeint iapuololessN e DRC Anesieh dleslgned
be the sanme as the input audio si %ﬁgl s_specific
theeies

for ﬂh@usﬁimiéband Toudmespés thareapplied.| Lastiyo whtiippcaled back
frequency-snoot hed version of the audio sigpal

dowsptectlie avdragd rrenge oftthe mowltibandalogieness walY PNHVS dprmulation
calculating L b is. to set it _equal to the specific.

of nhwltihaesisDR(G, the l}eneﬂtﬁ affiPdueed Epecrel PUMBER Bgtisdgtained,

d dent |
whilsfat i granepmadrci i G MGage oAb ety 87 e

accordance with the same input versus output Ioudness
audkyntio for all bands as just descri bed above under the

Eoft Plgn"é’:a?% SV RN BRI L i AR ¢ ange
ntrol." In a

bands, the spaé‘ﬁ 3%2‘%?6?]#82 fg:g%@ﬂql% %Ien?rgguency
o Knothel %éghc‘c’tﬁb}’l 51{ ébg)gbfb of ﬁi%’ feReRf MWeAdi A is the

sure of ness. ver, applying a DRC

i ARt e o g
a target time-invariant perceived spectrum while still preserving the original
dynamic range of the audio. One may refer to this processing as Dynamic
Equalization (DEQ). With traditional static equalization, a simple fixed
filtering is applied to the audio in order to change its spectrum. For example,
one might apply a fixed bass or treble boost. Such processing does not take
into account the current spectrum of the audio and may therefore be

inappropriate for some signals, i.e., signals that already comtain a relatively

~ large amount of bass or treble. With DEQ, the spectrum of the signal is

measured and the signal is then dynamically modified in order to transform
the measured spectrum into an essentially static desired shape. For aspects
of the present invention, such a desired shape is specified across bands in the

filterbank and referred to as EQ[b]. In a practical embodimnent, the measured
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apart". To avoid this problem one nmay choose to

calculate L b,t] b snoothing specific |oudness N b, t]
wa@ceoedsrehands so that the anount o f DRCappl i eBCT/I8IM05/038579

one band to the next does ®6t vary as drastically.

This may be achi eved by defining a band-snoot hi ng

spec:ftfﬁﬁqesrhoglﬁ)rggg%e&ﬂ ¢he %VB%’gjéi dMecte sﬁﬁ?@ bfitke hEHENEEE may

across s ¢ according'to the standard

ty ?'m%léﬂh' ' lobdhedssMA g apeskitime. One
be %%g%%ggy}g t he g%iﬁ%eegi Sr%‘fﬂ%‘?% eqsbNE C) is the
mayPR8: fid shdRRBATpECiHfc fohRnedpal gl AL ithth& 15
depicts one exanple of such a band-shoothing filter.

. t ¢ 3 icall
mut b REG S5t 18y 88 PSR o drast ol
frorﬁ‘ﬂ(ﬁ% nd {308 neRE WnidethetSforaatbdirhdnlothitg Anrtidi may be

oudness N[ b,t] w'll vary dependi ng on the spectrum of
applife teudnerdel ABandainsstdd speetrunh Aba]overal |

| oudness of the signal remains the sane. For exanpl e,

an hQ i@(@al N | oud bass and quiet treble may (21

havzgy?pwe SS ccu)w[g’mj the treble boosted. A signal @b

W th quiet bass and |oud treble may have the opposite

ocinrordhto petseeiedhe originalodypmaypid rangeeot thenawdies the

per cei ved spectrum of the audio, and this may be
desidedispabtrani E@jé] shionldpp nosaraliged. torkas e, sagne ovgiall

wi sh to performnultibaad DRC w t hout_nodi fying the
loudnvessagetheaneasweed spenttal shapé given &ydLb. (] Qénm'rga,y refer to
want the average nodification in each band to be
thisrmahalyzédepecteal sttapeeassL)Jb,¢kl | owi ng the short-term
variations of the nodifications to operate
I ndepende I—;g’szt en and anong bands. The desired
ef fec él’]lgéglﬂ by forcing the average behavi or22)
of kb E@f@ d to be the sane as that of somg
reference bga /. One may choose this reference
behavi or as the desired DRC for the w deband i nput

| oingHy, thd tdrget kpécifiodofidneds sredloftatedBRA L 1t]]
represent the desited DRC mappi ng for the

— -8 —
N[b,t]:( Lb,] J Lig[b’t] N[b,t], (23)

Lyolb,t] L[b,1]
where f is a user-specified parameter ranging from zero to one, indicating
the degree of DEQ that is to be applied. Looking at Eqn. 23, one notes that
when g =0, the original specific loudness is unmodified, and when g =1, the
specific loudness is scaled by the ratio of the desired spectral shape to the
measured spectral shape.

One convenient way of generating the desired spectral shape EQ[b] is
for a user to set it equal to L[b,#] as measured for some piece of audio ‘whose
spectral balance the user finds pleasing. In a practical embodiment, for
example as shown in FIG. 16, the user may be provided a button or other
suitable actuator 507 that, when actuated, causes a capture of the current

measure of the audio’s spectral shape L[b,¢], and then stores this measure as
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wi deband | oudness. Then let [t] represent a

ti me- averaged version of thew deband i nput | oudness,
war@elogteodt [ b, t] represent a tine-averaged verBCDOSIN5/038579

the nulti band i nput |oudnes$3 Lt[b,t] . The nultiband

out put | oudness nmay then be cal cul ated as Note that

a pre%cﬁgirg?rz%é A o diPPUT JuiHiRe Torek st Chptilresirl Stbrecs (B that may

age range as the w deband i nput | oudness.

1ater§ odtiRid {rﬁaglzbggsgﬁiérgmfi@reﬂdm_e&f(@eb ekeustiestsS08).

en appl1 ed. , theresult is scaled back down

FIG. {1 if B&iMHATAGE vealtsm BF FIe T Willan éolpuckiagte if¢tin shown

s for on o ti band DRC, the benefits of
to reﬁl%gé&fterﬂuﬂﬁ’%}‘é A AR FPNA nal wsis dtiftertethk W00 lte Synthbsis
same time preserving the average perceived spectrum of
Filtefbagkaud), oTherEIqs e 1 Fyeanpéea hlsanpirofii des YD yaami&diQ Speesific
Sui tabl e for Dynam c Equalization Another application |,
Loudeksa&Pey Modifiddtdonrdethatiprosideoa medifteation entheospacific
transformati on of the audio's tinme-varying perceived .
IOwafmcmrﬁi by fmgontomdevieeak(in agratdange W cbmammic
whil e sti preserving the original' dynam c range of
equahhﬁlmoﬁsoﬁ_‘/xpiﬁeﬂﬁwh@eer to this processing as Dsnam' C
Equal i zati on (DEQ) . Whh tr?giti onal static
equal i zati on, si mplEHDKRH NOCESTIHG i's applied to the

ot Wity COpisganb BECFY deEbE Hhgfssine
e BEESETH A CERD QLY RSP RESHEP, o gl sy
g . . . _
Bec RIS e ST S rpistuemstayigen
specfﬁ@f?}u%ng%%%ll t@%@heﬁﬁ ear? %{ﬁgﬂ?%rﬁbiﬁé@a§ feltavsi s

measur e e signa hen dynam cally nodified
M LR S b T L U S SR

whelf £de) pnteoents the il BEGRASRENERGIBAREER = A

singlicted OF s P RS g T p Felaep ST She sarget speeificy

shape of the audio that, . .
loudnesspt at represents the combined processing.

In some cases, the scale factors of one or a combination of the
loudness modification processes may fluctuate too rapidly over time and
produce artifacts in the resulting processed audio. It may therefore be
desirable to smooth some subset of these scaling factors. In general, the
scale factors from VC and DEQ varying smoothly over time, but smoothing
the combination of the A GC and DRC scale factors may be required. Let the
combination of these scale factors be represented by .

Eclb,1]= B 46c[0, 12 prc[b,1] (25)
The basic notion behind the smoothing is that the combined scale factors
should react quickly when the specific loudness is increasing, and that the

scale factors should be more heavily smoothed when the specific loudness is
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be generated by smoothing the specific |oudness Nb,t]
across tine. One may refer to the snoothed specific

wo ondioesso as N[ b,t] . As with the nultiband DRET/OR®05/038579
may not want the DEQ nodifis8ation to vary drastically
fromone band to the next, and therefore a

secref ;RS LUFRARRGS e IR pnes oiving

a fast bltackZhd 4 BIG ST ek B AECAYA ! aidid) cohpiysars.CThe
range of the audio, the desired spectrum EQ b] shoul d

approPfiaf L cafstahts Fay enidsthimrehovedlel factarsdnesy beamlendated
asured spectral shape given by L[b,t] . One may

by smc¥thing Aciosk simerabandesinopdutd aersibnmd the spECific tquciness.
Finall'y, the target specific |oudness is calculated as
First aband-émostledsarsiopeaf fhesspasafiatoudnessisgeomgpiteasin
zero to one, indicating the degree of DEQthat is to
bé&[tapp Eeg(l_){o)d%ﬂmg].at Eqn. 23, one notes that when §26)
= 0, the original specific |oudness is unnodified, and

wherdlpe ot ke i PR Hltes 1 08306l s ERL SR i e
ban. ShORLA a3 s Rl QBT g o

SRRl Bk Sl oS RB LA ness i
e BYRSLER IS0 o0l (L0 aPLe 25 shown 10 FLG 16

f‘ﬁi}i?tf: P%ﬁ?ﬁfﬁfé?%lle—oﬁﬁfﬁéf%ﬁ%?ﬂ’ <“epectral “ehape L[ b7

n en Q ol

wherg:the Band EHenRL A STahRlEn BT RA B HE WY 506
that may, |l ater. be loaded into EQQb] when DEQ is
en plfg ta ’ﬁfgs@’tje.l ect 508). FIG 16 is a (28)
si ﬁ'p’lt flﬁsﬁwvdl‘[@it])&m,tﬂ:l G 7 in which only a single

line is shown to represent nultiple bands from

Aleyshsoflidd esrbdsinclosdle fatordass shdn talentmod as10.
The FIG 17 exanple also provides a Dynam c EQ
ST & 4, [b, 11 [B,1]+ (1~ Ay [b,tDEC[,t ~ 11, (29)

where A,,[b,¢] is a band-simoothed version of A[b,¢]:

1
Ay b, t]=| —=—— b—c)A[b,t]. 30
[5,1] 500 ;Q( c)Alb,t] (30)

Band smoothing of the smoothing coefficient prevents the time-
smoothed scale factors from changing drastically across bands. The
described scale factor time- and band-smoothing results in processed audio
containing fewer objectionable perceptual artifacts.

Noise Compensation

In many audio playback environments there exists background noise

that interferes with the andio that a listener wishes to hear. For example, a

listener in a moving autormobile may be playing music over the installed
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Loudness (SL) Modification 505 that provides a
nodi fication to the specific | oudness neasured by
wo moveism or device 104 in accordance with dyneoi/vs2005/038579
equal i zati on, as expl ai nedsabove. Conbi ned Processing
One may wi sh to conbine all the previously described

stereogépgé‘t %ﬁ‘@ noi St e ¥RbMERIHPRIdPhn &Y Sl gnifantBReter the

I nto a single system Because” each of tHhese

percegﬁeﬁ_ 2 MBY Pl BRARTA €6 Partd ofadd s@ecttuinhin which the
pecitic |oudness, all of themare easily conbined as
energ?%ff 20Sa0iNE s bigrificEns feldtivé 1o ehbrgy ofBRE minsid, tHEQ
b,t])N[b,t] , (24) where X [b,t] represents the scale
percehast naimss ofitht enugictib reduwees sIf'the. 1eveliafghe meiseds large
gains db,t] may then be calculated for the target
enougipahefriusicds doenpletely masied s Witk respeebidanaspect of the
processing. In sone cases, the scale factors of one or
curreat oremitioay, ione woulhbikedoghesse gaing (i 1lowo phajdbsswpecific
may fluctuate too rapidly over tinme and, produce ..
loudness ioff dhe proeessed awskialin ﬁ%@pp@&@@@@ﬁdt% HsrigringRe1se 1s
therefore be desirable to,snooth sonme subset g t hese
equalstoathiertgrgeispeciiic loudgpasardp, 1t hEo ashigve dbtoetest.sie/may
and DEQ varying snmoothly over tinme, but snoothjng the
utilize shbicoatepnodpartial laadnessd aprefined iyt Maaesaneh(slasberg,
required. Let the conbination of these scale fact.or%
suprabeAsspmestbat eacty akde fpobiaia apnsagyicmEst pEchphqise by
] (25) The basic notion behind.th thing_is that the
ltselfamlzﬂ mensyeement o the gudiody ise ail?gﬁLMM f\ﬁﬁéﬂs?%éﬂe
speci fic |oudness is increasing, and that the scale
excitation dramsheuladse enddet Enidatli lopresend thicdexgisation drom the
specific | oudness isdecreasing. This notion .
audicc o’d“hesmnummlldmﬁaéomdn@sswfg theaardiccand the noise igythen
. fast attack and a slow release in the design of audio
givercbypr essors. Trie appropriate tinme constants for
snoot hing the scale factors may be cal cul ated by
s bt b g Hadt.08<1+ Exth.A) band- sioot hed version of the (3D

speci fic | oudness. . ) o
where, again, W{} represents the non-linear transformation from excitation to

specific loudness. One may assume that a listener”s hearing partitions the
combined specific loudness between the partial specific loudness of the
audio and the partial specific loudness of the noise in a way that preserves
the combined specific loudness:
Nyor[b,t]1= N 4[b,t]+ Ny[b,t]. (32)
The partial specific loudness of the audio, M [b,?], is the value one
wishes to control, and therefore one must solve for this value. The partial

specific loudness of the noise may be approximated as

Epy(b,1]

Nylb,f] =( 7 ﬂj (@ {E, (b, 1]+ Epy 1B, 11} — P { B [21)) (33)
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First a band-snoothed version of the specific |oudness
is conmputed: wherein N c,t] is the specific |oudness

w@boobloe7eaudi 0 si gnal and Q(b-c) i s the band- skCT/USI05/038579
response of the smoothing féblter as in Eqn. 19, above.
The tinme-snoothed version of this band-snoot hed

th?’? E?f,!v Elﬁl’ ﬁ [ilg ‘%H? Qﬁﬁﬁiélds gﬁrP%&lﬂ?ﬁ%&Fﬁ%&?e@&ﬁ}f El’1267§10ﬂvﬁ]e;;r Erp [b] is
oe S RIHERL G RS b e
e TR, S 4 b i i

part%@gkifeégﬁ]n@?é%sﬁ%ﬁh@hu iod [b,t] = [b, t]=Db( QAIV].

thing of t e snoot hi ng coeffici ent

prevents the tines hed al e factors from changi ng
NA[gft?“—StP}{ﬁaﬂlJ,ﬁH@r[%ﬂ%@ﬂfq’{@%&ﬂ*@&[@CWJPH’{E tial) 34)

time- aﬁd band- snhoot hEfdg.tt ¢sults in processed aﬁ%i 0

contai ning fewer objectionable perceptual artifacts.

NoiCiee GomeBehantitem the exmitatisnch il aydiadk egual torihermasked

there exists background noise that interferes with the :
threghwltl of theanowsel ( Bj{2y1er Eyi[hb)s the pastial spesifielengnsss of the

listener in a noving autonobile may be playing nusic
audfY & edin tortkablhidteseoe siprell anthedhreshekd in quiath evhich is

engi ne and road may significant I%/ alter the perception
the desirbé onvsorae. |'Whear thiecxicatati oo theer awdiofis huech geieatenthan

in which the energy of the noise is significant )
that{@f‘dtel nese ot hehsecomel tgymah Eqe. 3 viapishaseand thespegific

oudness of the nusic js reduced. If _the |evel. of. .

loudnésseof thel audje 18 mppgoximatelnadrel {osWhehH \é{f)@f‘ibﬁa&i@% noise

Wth respect_to t of .
were not presgnt. In otlfaer{‘ v%gpdes? as fthe talllﬁm becomes much louder than the
noise, the noise is masked by the audio. The exponent « is chosen
empirically to give a good fit to data on the loudness of a tone in noise as a
function of the signal-to-noise ratio. Moore and Glasberg have found that a
value of x = 0.3 is appropriate. The masked threshold of the noise may be
approximated as a function of the noise excitation itself:

Epy[b,t]=K[D]Ey[b,t]+ EpylD] (35)
where K[b] is a constant that increases at lower frequency bands. Thus, the
partial specific loudness of the audio given by Eqn. 34 may be represented
abstractly as a function of the excitation of the audio and the excitation of the
noise:
N [b,f]= D{E [b,t],E,[b,t]}. (36)

A modified gain solver may then be utilized to calculate the gainis G[b,?]
such that the partial specific loudness of the processed audio in the presence

of the noise is equal to the target specific loudness:

Rb,1] = ®IG2[b,£1E, [b,1],E, [5,1]} (37)
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current invention, one would Iike to choose gains (b,

t] so that the specific | oudness of the processed
wa@ae@co4iem t he presence of the interfering noi SBCT/BS2005/038579

equal to the target specifiét |oudness N[b, t ] . To

achieve this effect, one may utilize the concept of

B1LPY AR NE, Pidome o e S 106

egEriB¥d N6REIC GivghensaBAs GAeSolvér 206 (avde that
replac&fc/l @f&??éﬁlgt%%\lfg tb] re reegent gt he!ﬂeexci talti on (f rom .

the mI??gpl%‘%i'eiﬁc%[‘ fineStbdrdkebn tHlockep remestntting thecindtipdn bands of

Mmthe@;\ugi 0. Th; cgrrbi ned slpgcifi c Iou?ngs% ocf1 t he )
the fil fetdhiapkaligvé beenaeptaced tyhasingledmaio Mioplifly, the diagram).
y.{_EA[b,t]+EN[b,t]f, (31) where, again, y{-} L
In addieiong ske figureadepiotd theeneasurenmnrafdthenotseexcitation (by
excitation to specific |oudness. One nmay a,ssugtégth a
4

Analy:siisgélruelrbasnk@@f) i WgapsamisstaroHgtem20 bdeictiadodp
oudness between th tial i fi
e partial specific |oudnes bfg{g@gfoo,

Smoo thidig2@Adntm et AITeSpesing 10 i ARSIagPny
101, UG andcto3 Nt TEB3s JoRADS e BREbSETY S 43§ aiBe kit e
excitaghen o Sheauded 4o Smoaa e AOPIRnRtls kel SBedftic®
oudn 5 SRS SENBRRTIRERL CBSTrne, Buoness o e,

B fiSanbif B35 HodP diXparaioR Ak SL MGdIon 208 nFIG.
17 k] SR SOLPAL LS50 BRGSO, OB BopRginal
spec SESSuoEeb BHIRE AT 47 BneFlBy Shel SR Tcation
povi 3 5By AR SR g B, o
10udt:||ré)§l§ do%et e é)lidi% ssiigﬂgﬁlw}?éreﬁrl? & L0 eqhol dd Qrﬁﬂg%ﬁneﬂﬂﬁl‘) as in
FIG. 17, the gains are calculated so that the perceived loudness spectrum of
the processed audio in the presence of the noise is equal to the loudness
spectrum of the audio in the absence of the noise. Additionally, any one or
combination of ones of the previously described techniques for computing
the target specific loudness as a function of the ori ginal, including VC, AGC,
DRC, and DEQ, may be utilized in conjunction wi th the noise compensating
loudness modification system.

In a practical embodiment, the measurement of the noise may be
obtained from a microphone placed in or near the environment into which
the audio will be played. Alternatively, a predetermined set of template
noise excitations may be utilized that approximate the anticipated noise

spectrum under various conditions. For example, the noise in an automobile

cabin may be pre-analyzed at various driving speeds and then stored as a
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the desired outcone. Wien the excitation of the audio
is nmuch greater than that of the noise, the second
W0 esoai0iTs0Eqn. 34 vani shes, and the specific | opdNESHOD38579
the audio is approxi matelyégqual to what it would be
if the noise were not present. In other words, as the

ook (BB SSVTR: EhHgesdDSid “asigse Uit T no

the Gg{IP'gB{xf@} bhelin Bige1¢ rﬁﬁ?%feh?bet épg}@%cﬁrel@féd Heohotilséssk-up

one 1a nolse as a tunction

table ?ggliﬂ@gpé%d@f&% Latomobileemgieand G asberg have found

value of K =0.3 is appropriate. The masked

threshol d of the noi sgnplaméetmiopr oxi mated as a
function of the noise excitation itself: Em|[Db,t]

=iheliENEntidn HEREbEiinpl8fentbé ir hidfdivars on saftwazntor a

that increases at |ower freqluency bands ._Thus, the
combinsatiombBbeth (é.g.,| mognassnable logiaataysyi anlass Cég\ﬁmlse

34 may be represented abstractly as a function of.the
specified] thet adgonthmsanglusies! anpartel dednvaniien BFc prk inherently

noi se: NAb,t] f {EL[b,t],ENDb,t]}. (36 i fj .
relateghtonany [Rasiti cvagr @émp[m@r ]gf pﬂi[lqrengaga ) @A}aggtq{:ﬁgrgvanous

genegfinﬁﬁgwg?{ﬁ@%? R

. al ge - " =

with 8 gt B P e B AGEe bo st gpore
.0t. e.

speciglizen abpiuhin Ll U FE KEfToid e pegged

methpd S n RSB RtiBnARY 2 imblchienea ipehciopiee

nt’ing e nu nds of the filterbank have

comlglﬁgg p%%kéﬁ%%}%@}%ﬂﬂ'&é bPfdre prosedhinalblecomputer

208 “the figuredepicts the
Sys"e@ﬂ%@ﬁgﬁﬁhg%&lﬁ%ﬁﬂm!t PRegHOcesdorpat ldagt éned datsstorage

. . , Iransm ssion Filter 201, Excitation
st i o soimdomeney mnt g e
elemients), dtbeasvorgninpualaldce 20t canyl gl keast dia.e output device or
port. Program code is applied to input data to perform the functions
described herein and generate output information. The output information is
applied to one or more output devices, in known fashion.

Each such program may be implemented in any desired computer
language (including machine, assembly, or high level procedural, logical, or
object oriented programming languages) to communicate with a computer
system. In any case, the language may be a compiled or interpreted
language.

Each stach computer program is preferably stored on or downloaded to
a storage media or device (e.g., solid state memory or media, or magnetic or
optical media) readable by a general or special purpose programmable
computer, for configuring and operating the computer when the storage |

media or device is read by the computer system to perforrn the procedures



10

excitation of the audio (from Snmoothing 103) and the
target specific |oudness (from SL Modification 105).

WO 0otg76n®st basi ¢ node of operation, the SL PCT/US2005/038579
Modi fication 105 in FIG 183may sinply set the target
specific |loudness N b, t] equal to the origina

| &% © i iR\ Bisol be cbAistlehed to be
descffiEat hesin, " ST o Rt i Bise)
implk g -4 BYATHABE-resda1e sfrakes nfedionh | aenfofutddewith a
lmplgggm Flc%él%udngss of the audi o%gnal, wherein a= 1.
comg\htéf Jeraft, avherette stocdpemediufih Go donfiginedjedusesa e
al cul at'ed so that the perceived | oudness spectrum of
compheerpsytansedoperdto in a speeiffr emehpredgfined mesings togerform
equal to the |oudness spectrumof the audio in the
the fainetions ddscribedruéresn. Additional ly, any one or
conmbi nati on of ones of the previously_ describe

el e Al i gl
Nevertheless, ttnuyl! e undensioast it af’ami%m%ﬂﬂ'waﬁmﬁf@’axgﬁ‘sc@ade
withgRRSISTRRtng 508 T8 A0 RECreaets Shaly IoToRntn B expgple:
somgray TRt JERCBP QR MR BHACh s 6 G if deftndigtand fhus can
be pgkgind b B g B B PR ARAR A TR £ Fpa” °°

anti ci pated noi se spectrum under various conditions.
For exanple, the noise in an autonobile cabin may be
pre-anal yzed at various driving speeds and then stored
as al ook-up table o f noise excitation versus speed.
The noise excitation fed into the Gain Solver 206 in
FIG 17 may then be approximated fromthis | ook-up
tabl e as the speed of the autonobile varies.

| mpl enent ati on The invention may be inplenmented in
hardware or software, or a conbination of both {e.g.
progranmabl e | ogic arrays). Unl ess ot herw se
specified, the algorithns included as part of the

i nvention are not inherently
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related to any particular conputer or other apparatus.
In particular, various general -purpose nmachi nes may be
was@d/owicbth prograns witten in accordance w t hPetes2005/038579
teachi ngs herein, or it may4be nore convenient to
construct nore specialized apparatus {e.g., integrated
Clain%,rcuits) to performthe required nethod steps. Thus,
' 'e i nvention nmay be inplenented in one or nore
COMAULEhR P8F BEEVEXE tfbrPEa@On Alkgbds foPEentrolling the
programmabl e conputer systens each conprising at |east
Speci%i'&eloﬁﬂﬁéﬁsépﬁn addib eesrial ONEheriia speeifigtosdisessns a measure
including volatile and non-volatile nenmory and/ox,
of pedd elogldaess bs k. fuaictivaast foeguémpuand ¢éimeecoamppsing
and at | east one output device or port. Praogram code
i defippig atbdificatipnt patatreetews psable for medifiragi theaudio

descri bed herein and tgenerate output infaorpmation. The
signabun puder tof tadvee the disfesppCe hetnecanids épeﬁ%\squﬁ and a

devi ces, in known fashion. Each such program nmay be
target apeaifislovdness.any desired conmputer | anguage

(i ncludi ng nmachi ne, assenbly, or high |evel
procedural, logical, or object oriented progranmm ng

L%%gﬂgﬁ%ﬁ%fiﬁﬁgﬁﬁﬁéﬁ@ ggﬁ%ﬁu@ogrcoqsﬁf%ﬁfﬂg ﬁﬂe partial
ol LTRSS el SRR B8 ML e
o o] B sem AT TSRSy B ik an e
specﬁﬁefdugldneg%‘ b@%sﬁﬁﬁﬁp%’ AR EeCOMHE pErcephialdoniingss bfithat

and operating the conputer wh-en the storage nedia or

signdlGHithe L}j)‘résérﬁ,%dopﬁ skBendayP Mt faysg sigral aser fumetioef
procedur esdescri bed herein. The inventive system may
frequidiiey 48] Gansictenpesing be i npl emented as a
conput er -readabl e storage nmedi um configured with a_,
cafmiving modifieatiompearameberssusatdgdonmddidyitg the audio
configured causes a conputer systemto operate _iﬂw a
signalpiacorter tanedpee the differemombetweemn eﬁsmrﬁﬂl pecific loudness
functi ons described herein.
and a target specific loudness.

3. A method for controlling thee specific loudness of an audio signal,
wherein specific loudness is a measuare of perceptual loudness as a function
of frequency and time, comprising

modifying the audio signal in order to reduce the difference between

its specific loudness and a target specific loudness.

4. A method for controlling the partial specific loudness of an audio
signal, wherein specific loudness is @ measure of perceptual loudness as a
function of frequency and time and partial specific loudness of a signalis a
measure of perceptual loudness of that signal in the presence of a secondary

interfering signal as a function of frequency and time, comprising
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A nunber of enbodi ments of the invention have been
descri bed. Nevertheless, it wll be understood that
wo 20060us000di ficati ons may be nmade w t hout depBCT/URIP05/038579
fromthe spirit and scope o8 the invention. For
exanpl e, some of the steps described herein may be
0 Feie g ) < G I rd]% cen
oﬁggvﬁéﬁgﬁgggﬂgﬁéPgﬁggﬂg?agéscriﬁggﬁgﬁg?ns: {?gfﬁgfﬁgd
- HYE TSudREL ARt 4 iferlogdaese! | i ng the
its pa&g@é&ﬁctﬁ:ﬁ? 2%%%@%% %@gg%ggg?%% gnal , Lvherein
specific loudness is a neasure of perceptual |oudness
as a function o f frequency and time, conprising
dsr iA inetheddiddordingon anyaort efclasablled fdieremlithgi ng
the audio signal in order to reduce the difference
modilf@h érisingpestieives froudreetrananiissiantanigprodpees fiom a
|'oudness. 2. A nethod for deriving information usable,.
storagemadinhr the aundia ared pdargeat sppeidia losidness #E Ssrepresgntation
audi o signal, Lvherein specific |oudness is a neasure
ofatafgqﬁespceﬁimmudrtﬁﬁdness as a function o f frequency and
time and partial specific |oudness of a signal is a
nmeasure of the perceptual |oudness of that signal in

e RSB SR T A, 1B SER Bl gaitying
modifeg i %%tﬁ'i%?gtéfaﬁ?ge AEREgdnRR ?ﬁf‘?ﬁ%ﬁgﬂ%ﬁféy‘%@?#ﬁeﬁ% 0
prov{ii e RIIiE o SIS B8 TpBdl Mg eaReEs thém, 2
transhB¥ABRY I%Ipréﬂy@é’éjﬁ%n?hg rP%W?ﬁéﬁiLﬁl $RE LIS ahdutieess

's™a neasure of perceptua udness as a function of
'};Séi“a ekd.me, conprising nodifying the audio
moa‘sﬁ%ﬁ?ﬁl n gp%er to reduce the difference between its
speci fic | oudness and a target specific |oudness. 4. A
met hod for controlling the partial specific |oudness .
of7.aA raethed according to claim 3 or claim 4 wherein said modifying

includes the generation of modification parameters.

8. A method according to any one of claims 1-7 wherein the target

specific loudness is not a functiona of the audio signal.

9. A method according to claim 8 wherein said modifying or said

deriving includes storing a target specific loudness.

10. A method according to claim 8 wherein said modifying or said
deriving includes receiving a target specific loudness from a source external

to the method.
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signal, wherein specific |oudness is a neasure of
perceptual |oudness a s a function of frequency and

WO ove/0&rso partial specific | oudness of a si gnaPCT/BSH05/038579
nmeasur e of perceptual |oudeess of that signal in the
presence of a secondary interfering signal as a

LI o SPHIT 908 I o 005 RIO s
L e e
speci’f’lh%ﬂﬁnésffafm&frgaﬁ!ﬁdl epeRilfit Yondn&s. deri ving recei ves

roma transm ssion or reproduces froma storage
medi um t he audi o and a target specific | oudness or a
representation of a target specific |oudness. 6. A
2 hotd methorddacwerddng|tei anydone af daimg Swhe veheresmisdid
modi fyi ng nodifies the audio signal in accordance wth
modifigidigf orcsaid aterpangnistcndes prpeossing thatnsepicisly ealgriates
signal and the nodifying receives froma transm ssion
specific loadnessiend/drpamtidlpecalie laBdness - t he audi o and t he
nodi fication paranmeters. 7. A method according to
claim3 or claim4 wherein said nodifying includes the

2335 Bl b LTS BN e
e L
ouc RSV BBl AREIE IReldes storing o targel

wherein said nodi fying or said deriving includes
receiving a target specific |oudness froma source

exyer Rahetitod Hggdl’%lilviaggtolé}aiﬁl Metiioseas spé@ﬁiﬁtgldtmé@@y and/or

one of clalnms 10 rein said nodifying or sai

partifl&{geting 1bnighsdas Ritgeaty detohdinekp awlosed-form
cal’'cul ates specific | oudnéss and/or partial specific

mathefiaies exptéssidn eehpbolyed ber thiengrocessing. one of cl ai s
8-10 wherein said
15. A method according to any one of claims 8-14 wherein the target

specific loudness is time- and frequency-invariant.

16. A method according to any one of claims 8-14 wherein the target

specific loudness is time-invariant.

17. A method for processing an audio signal, comprising,

processing the audio signal or a measure of the audio signal in
accordance with one or more processes and one or more process-controlling
parameters to produce a target specific loudness, wherein specific loudness
is a measure of perceptual loudness of an audio signal as a function of

frequency and time.
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nodi fying or said deriving includes processing that
inmplicitly cal cul ates specific |oudness and/or partia

W@ p@eioiiceo | oudness. 13. A nethod accordi ng to BCHUR2022038579
wherei n the processing enplédys a | ookup table such
that the processing inherently determ nes specific

ngﬂgﬁ?ﬁeﬁl%@/ c&@i&i%ﬁgiaﬁnﬂighéi& dIAHAES? a 47 fvherein the

accordi ng wherein speci Tl oudness

targe@s;g%c?ﬁc%gﬂhéés Epﬁeﬁhﬁbﬁoh%‘ﬂﬂfé%udi% dihaY ePteasure of the

mned 1n a closed-form mat hemati cal expression

audio&iphgyed by the processing. 15. A nethod according to

any one of clainms 8-14 wherein the target specific

| oudness is tine- and frequency-invariant. 16. A

met hod according to any one of clains 8-14 wherein the _,

t 39 ged metwid accardinigassclaimt 1 qrehieveir thenmeasure of the audio

met hod for processing an audjo signal, conprising,
signapiotesspedficHeudneiso ofitheaudio sighdlasure of the audio

signal in accordance with one or nore processes and

one or nore process-controlling paraneters to produce

a target specific_|oudness, rein.s i fic l.oydness ..
2b3" Aanstiod srcqdiaggouaaimoleestaidt 19 wheed R Rgrtion
as a. function of frequepncy and t.ine,18. A .
of thiBudicsFiegal ot anasie S 13 anfio AieRalhiie 5 MRLr Shalipgpof the
. target specific | ness: | unction of the audio
audlos§1§%gﬁ OSFnﬁ%Sé‘gﬁroé?%% %‘%‘iloa &igj'si gnal . 19. A nethod
according to claim18 wherein the neasure of the audio
signal is the specific |oudness of the audio signal.

tzg'l AnTRERRSH %?&?Eghggtgf QlatiEd Mliferin th&bie bt Mbes 8édlin gs

e’ flunctron o signal or neasure of the
im0, Rty SPES REAAOB 0 I et et
specitft RIBs¢As HHFhe &l dfiengiip or rore scalirlgs
N[&,t1= E[b,t]N[b,?],
wherein ( N [b,¢]) is the target specific loudness, (N [b,¢] ) is the specific
loudness of the audio signal, & is a measure of frequency, and ¢ is a measure

of time.

22. A method according to claim 21 wherein said scaling is
determined at least in part by a ratio of a desired multiband loudness and the

multiband loudness of the audio signal.

23. A method according to claim 22 wherein the scaling may be
expressed as L,[b,f)/L;[b,f] as in the relationship

N[b,t]= —%{[li)—’tt]]N[b,t] ,
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include a tinme- and frequency -varying scale factor X

[b,t] scaling of the specific |oudness as in the
woedaniwnship V[ , ] = X[ b, tJN[b, t ] mMBPUSI0N05(38579

N[b, t ] ) is the target 68pecific |oudness, ( N[b ,

t ] ) is the specific |loudness of the audio signal, b

wheljfgq aJXr@g?ﬁgig tRE s%régflfﬁgﬂﬁiﬁneﬁé‘ dfitRe audRaSiEMI1CTL., [, /T8s the

acc to claim?2 1 wherein safd
. sgal i iS,determn | 1 i ;
desirgaanpiionif iondnERs dulh bR b BRI IR et Ao
) of the audio signal. 23. A hod according to claim
signglp aﬂgefveﬁfh 1l hid tg‘@&?rgfé Wltﬁzi@%&eﬁsed as L
O[b,t]/Li[b,t] as in the relationshipwherein N[ b, t ]
Is the specific |oudness of the audio signal, L [b,i]
is. the desjred mul tiband | ou S L. [ b, S the ..
a4 Be e hoAdCOsTRE Kreletiar s aiogrit 2. lhdl § ¢ Bt pn of.
is the target specific |oudness. 24. A nethod
L [bdtcording to claim23 wherein L [b,t] is a function
of. L IbJl 25. A nethod according to claim24 wherein
L [b,t] as a function of L1 \ _b,t] may be expressed as
L [b,t] DRC{Lt[b,t]}, wherein DRC {}.indi aies -
dyanidc methgd gagecdingta plimnbavherp L [I]EJ @s E%FBQHQH of
26. A nethod according to claim23 wherein L1[b,t] is

L, [bﬂ%&hwmﬁwdsw% or frequency snoot hed version of
the specific | oudness of the audio signal. 27. A

met hod according to jarp/lenBROfL¢h,ali s 22- 26, wherein
tlie nmethod is usable as a dynam c range control in

whef'hzéggf R@{}Ijiﬁfﬁéh{e)éi DyREMAEPA G Rt tisdidaps 1,[b,7] to

fication paranmeters produces or said target
I, ws;&gm fic

26. A method according to claim 23 wherein L, [b,7] is a time-

smoothed and/or frequency smoothed version of the specific loudness of the

audio signal.

27. A method according to any one of claims 22-26, wherein the
method is usable as a dynamic range control in which said modifying or
application of said modification parameters produces or said target specific
loudness corresponds to an audio signal in which the perceived audio
spectrum or the perceived audio spectrum in the presence of an interfering

signal may be different for different values of specific loudness scaling.

28. A method according to claim 27 wherein the dynamic range

fanction controls the loudness in each band so that the short-term change
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| oudness corresponds to an audi o signal in which the
percei ved audi o spectrum or the perceived audio
wa@p@eiu1sno i N t he presence of an interfering siPOBRUSIAY038579
be different for different 69al ues of specific |oudness
scaling. 28. A nethod according to claim27 wherein

appliée(gg% gégl‘g ?aglg rv?eﬁtggs ?ﬂg@gﬁﬁdhrﬁﬁp béﬂbﬁeﬁ RRnHewAHies heé Bv-erage

ort-t'erm changeapplied to each
k§2al Cﬁ!\’ﬁ‘(['l' hableanemts fohall dands.
Chan%@@ﬁ%%gdgﬁgﬁ%@ app ?ﬁgwf)%taeggh band is substantially
the sane for all bands. 29. A nethod according to
claim28 wherein L [b,t] as a function of L [b,t] may
beoexpirstRd ascohding to ¢lalm] 20w Ereid ], [b,rkps edencsian of
mappi ng of the total |oudness of the audio signal to

Li[b,{]iqﬁagqfé églggg%alag oudness, in which L It] represent a

neaver a version of the wi deband | oudness L [t] of
t he audi o signal, and—E Qﬁ , t ﬁresent a
tirre-averagedDLE{b,stﬂe david M%&—banﬁ,tl udness L \b,
t] of the audi ¢ signallBb. A métlAdd according to claim
28 or claim29, wherein the nethod is usable as a
dyteeren ZappeDeROLE ]} reprebénts sriappiogidfithagotal loudness of
application of said nodification parameters produces
the a®@dicSdigtal 86 8RS deRE@d iotal RudNess, towhéspands represent a time-

audi o"signal in which the perceived audi o spectrum or

averalté%tﬁefcfl’sf(ﬁ{ 8?&1@%}&%16&&1@65@ 1 g oF @eedifio ®igall, and

éring signal remal ns substantially the sane for

= i fferent v e Lid:c.. | i

L b, greprseph A BhYEavatne 8 Shtsin (TR SPRLTGRY WUdiRat a1 of
1..A net Tod according to claim2 1 wherein the

the a‘éé’é?:? & | oudness is scaled by the ratio of a neasure

of a desired spectral shape to the neasure of a
spectral shape of the audio signal. 32. A nethod

oo 4 ﬁ’%tl]i&i 8{:%5?21%# ’p‘ﬂ B8 8 R SRR tRERR RS rmethod

a
pércei ved spectrum e audi o signal froma

is us{LBl%PasVQ tynashie %igefc@ﬂtrépﬁ& {WHiBh tsai @ nsedisyiat deapplication
I'me-1nvariant perceived spectrum 33. A net hqd _

of saftf fedlifitation A Pamkferd frodates or 3aidvmpet spddificdoadimass

corresponds to an audio signal in which the perceived audio spectrum or the

perceived audio spectrum in the presence of an interfering signal rem ains

substantially the same for different values of specific loudness scaling as that

of the perceived audio spectrum of the audio signal.

31. A method according to claim 21 wherein the specific loudness is
scaled by the ratio of a measure of a desired spectral shape to the measure of

a spectral shape of the audio signal.

32. A method according to claim 31 wherein the method transforms
perceived spectrum of the audio signal from a time-varying perceived

spectrum to a substantially time-invariant perceived spectrum.
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as in the relationship wherein L[b,t] is a

ti me-snoot hed nul ti band | oudness of the axidio signal,
WQEBQofol7eb] is a desired spectrum EQ b], nor mal PeEUS1005/038579

have the sane w deband | oudfmess as the nultiband

| oudness T[b,t], so that LEQ [Db,t) may be expressed as

wherein N[b , t ] is the specific |oudness of the

audio signal, N[b, t ] is the target specific

%ssﬁﬁgﬁﬁg aﬁgblsdlﬂgﬂ ?Tﬁfﬁ@rl Saviang 3 kageiAakededling

zer whi ch par anet er

contro! s the level o 1/S<Eal 2 34. A nmethod according
may SRS elthA { heLogit Amsan theirelapimshisd or

y@n % Z, Weeﬂ[ﬂ)eﬂnal to the nmethod. 35. A

nmet hod accord| ng to cI aim 34 wherein said source is a

user of the nethod -mej; ccording to any one
of cl ains 319@ gzg er E fﬁ BELhed is usable
as a dynam c” equal Lg [blt]’] whildh, 3 ai d “rodi fyi ng or

appl i cation of sai rmdl fii cati on paraneters produces

thraq}a-sﬁbgtl] éﬁr gt?{nﬁ @ﬁ?éﬁﬂ 15%%513& %ﬁg&ﬁ@@ﬂ?ﬂ‘tﬁ% dadad signal,

perceive i 0 spectrunor the

erceiv
Tuotbil & paRoHGIS IR AN, RopRgReaspls sqb? ZS%‘efRe wideband

val ues of speC|f|c | oudness scall % E d

loudness adithg melthapddesdaess LH fls 91 élm[é’rféifﬂaYh C eXpresse
mul ti band | oudness of the audio signal is approxinmated

as by dividing the audio signal into critical bands and
frequency snoot hing across ones of the critical bands.
38. A nethod according t Eirﬁﬂ 7 wherein a band

-snoot hed version p j2) udness, L[b,t] ,
at a particular banFtﬂ?[ F] [ex r%LBs}ed as the
convol utional sum across bands ¢ ¢ wherein N [c t

] is the specific |loudness of the audjo signal_.and .
whe@éin o) [b g 1t tethe specific loudness of the audio signal, AN [b,¢] 18 the

target specific loudness, and Sis a parameter having a range bounded by and

including zero and one, which parameter controls the level of scaling.

34. A method according to claim 33 wherein the parameter 3 is

selected or controlled by a source external to the method.

35. A method according to claim 34 wherein said source is a user of

the method.

36. A method according to any one of claims 31 throu gh 35, wherein

" the method is usable as a dynamic equalizer in which said modifying or

application of said modification parameters produces or said target specific

loudness corresponds to an audio signal in which perceived audio spectrum
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band-shifted response of the snoothing filter. 39. A
nmet hod according to claim?20 wherein the one or nore
W@ e@biongso i ncl ude a tine-varying, frequency-i NRET/USID5/038579
scale factor F[7] scaling di the specific | oudness as
in the relationship N[b, t = FJ[t]N[b, t ],

or th%@éﬁ}eél 'ﬂ)u[dl?o spﬁcﬂrufn irf'\;l{égﬁq Eébf falﬁei‘ﬁtéﬂf%rh%i gipasd .may

€ specl ness of the au

be dﬁ*f&eﬁ{ fo@ffﬁq@nﬂ%ﬁfé@ &1 Qpekifes mmyessagadhhg

nmeasur e thod according to cl a| m 39
wherein said scaling is determned at |east in part by
aratio of a desired w deband | oudness and the

wi TEbAng etlesdi nessrding th angustioos ictpiris 21-3 6Awieeteoo the
according to claim39 or claim40 wherein the scaling
multivarthuidmess iodrthefaudfesigpat is appraxitaied byt dnmhagcthe audio
signal may be expressed as L \t\IL\t\ as inth
signaleingo icritisal pangls anl frequency Smﬂﬁﬁilégrﬁ%[’fiﬁ ones “oLthegritical
specific | oudness of the audio signal, L [t] is the
bandsesi red wi deband | oudness, L [f] is the wi deband
| oudness of the audio si gnal, and N[b, t ] is the
target specific |oudness. 42. A nethod according to

meihodk BESBo ARG OrdingIRiciinS 3B £paiy - yhogtiied”
ers{cﬁggﬁ %ﬁtl@héﬁpﬁ%ﬁéﬁ? P EfdRRann PR be
orble BB S L oo

Ilo\agﬁeglsnof Lt [he] augl[boﬂg%r%{lze D?\%F%i, ong-term

wherein N[c, ¢]is the specific loudness of the audio signal and Q(b-c) is the

band-shifted response of the smoothing filter.

39. A method according to claim 20 wherein the one or more scalings
include a time-varying, frequency-invariant scale factor @[ ] scaling of the
specific loudness as in the relationship

N[b,t]= ®[t]IN[b,t],
wherein (N [b,¢]) is the target specific loudness, (N [b, ¢] ) is the specific
loudness of the audio signal, b is a measure of frequency, and 7 is a measure

of time.

40. A method according to claim 39 wherein said scaling is
determined at least in part by a ratio of a desired wideband loudness and the

wideband loudness of the audio signal.
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46. A nethod according to claim4 1 wherein L [t] is a

nmeasure of the short-term | oudness of the audio
wak@aal760817. A nmet hod according to any one of BCHUREI05/038579

39-46, wherein the nethod 72 usable as an automatic

gain control or dynam c range control inwhich said

maqi, T X @ He6d %g@bfcﬁﬁ% it§118m 38 6 fRfthf Uoakhefein the scaling

par anet ers produces r said target specific |oudness

in thé #@IPRWIThE Epeni fuullidisgodithe audhs eghhbnmey beiexptessed

audi o spectrumor the perceived audi o spectrumin the

as L,pilAspihes ia theaelatidrshfgr i ng si gnal remai ns
substantially the same for different val ues of
speci fic | oudness scaling Bitipartial specific | oudness
scaling as that of ’tgé‘rg_ll ’tgudi o spectrum of the
audi o signal. 48. A nethod ‘according to any one of

wherf U i s SRR g8 8t ud e e s
deseld o ARG IR S0P B RSO SRR

. frequency-varying scale facio [b] scaling of the

Slgnaﬂ,p@@dffi\/c[bl,ébdﬁégﬁt%\@eltﬁpt: {ngmeéérshi pN[b, t] =
(r) [b]NJ[b, t ] , wherein IV [b, t ] is the target
specific loudness, N b, t is the specific |loudness o f
t he audi o signal, is a.neasure,of .frequency, .and.s a
s et od AecoBnE R0 ARG BOGFEiAnd 16 St 8¢
wherein said nodi fying or said deriving includes

L,[t]storing the scale factor b] . 51. A nethod according
to claim49 wherein the scale factor Qb] is received

froma source external to the nmethod. 52. A nethod

according to claim20 wherein the one or nore scalings

i H3. udemethpdwccavdingdatclaim R sheyeinmarlizd@s a fangtion of

factor a scaling of the specific |oudness of the audio
L, [flangpde espiassethasrel ationship N[b , t ] = aN[b, t ]

,wherein N[b, t ] is the target specific |oudness, N~

[b, t ] is the specif}Lotﬁt]=DRC%Li[t]}

wherein DRC{} indicates a dynamic range function that maps L, [7] to L, [7].

44. A method according to claim 41 wherein L, [¢] is a time-smoothed

version of the total loudness of the audio signal.

45. A method according to claim 41 wherein L, [£] is a measure of the

long-term loudness of the audio signal.

46. A method according to claim 41 wherein Z, [¢] is a measure of the

short-term loudness of the audio signal.

47. A method according to any one of claims 39-46, wherein the

method is usable as an automatic gain control or dynamic range control in



10

15

20

25

| oudness of the audio signal, b is a neasure of

fregiiency, and t is a neasure of tine. 53. A nethod
waewe/ndiong to claimb52 wherein said nodifyi ng BeT/B820d5/038579

deriving includes storing t/he scale factor a . 54. A

nmet hod according to claimb52 wherein the scale factor

whic bGP IR L SRR L piohep e
prod1S16 Bl R e, ARG B BT AW o bignal i

. 1 f 1 I . .
whicH®e ]??1?6?98%% %ggg&g%@&ﬁuﬁf Stteepeeivdl Suldodplectrum in the

speci rresponds to an audi o signal in

preseide b bhanperfeinged %ﬁuﬁf@nsﬁgmbsmm'ralbhem sane¢ Yeddifferent
audi o spectrumin the presence of an interfering

valuss gfhepetiiel osdsessscalinigads pattied spacHid lnudnesesealing as that
val ues of specific |oudness or partial specific

of tht perioessed andingpectruinaof tie awdiogdgnal. ved audi o
spectrum of the audio signal. 56. A nmethod according
to any one of clains 49-55 wherein the scale factor is

not a function of the audi o signal. or syre of th

248 o A meidiod swording ih g8y RSP HEkEMSS L/ JrBcHsAn the scale

cl ai 1-56 erein said difyin sal d derivin r
factogss @ Droetien Y BSAUP 1Al grodedtie Qlish < gugie Sgndl

| oudness, and/or (2) partial specific |oudness, and/or

(3) the target specific | oudness. 58. A nethod

naSh %%?&goéf Heeaidind I}i% ,%ll%irfﬁrggi]‘gﬁgrre\g@ S%%n%‘nié ?pglqlnglr? Fg:/alings
inch G0 PRSPy LS BT R ARbe ofhe
spec BESGRRS g QEBAGPRG 70, 0 clomeS vherein

epeci 11 c 1 oudness. ker @I BB Yspeci tic o
wherle‘i-)rllJ dzqf[c'bs ) t]a?sd ﬁ?ef target specific loudness, N[b,z] is the specific
loudness of the audio signal, b is a measure of frequency, and ¢ is a measure

of time.

50. A method according to claim 49 wherein said modifying or said

deriving includes storing the scale factor ®[b].

51. A method according to claim 49 wherein the scale factor ®[4] is

received from a source external to the method.

52. A method according to claim 20 wherein the one or more scalings
include a time-invariant, frequency-invariant, scale factor « scaling of the
specific loudness of the audio signal as in the relations hip

N[b,t]= aN[b,t],
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(3) the target specific | oudness. 60. A nethod
according to claim58 wherein said nodifying, said

wa@leooe®itTsg) or sai d produci ng enpl oys a cl osed-POT/I$2005/038579
mat hemat i cal expression thd# inherently determ nes (1)
speci fic | oudness, (2) and/or partial specific

wher gl Ko bt o faigd) sbaRteIoRteSEPg [ 7o BMEseqiic
loud iy e nudtoGiEhaf fe RGBT D TR GERGH B Pl g gneasure

ft'n&l) transmts and receives or (2) stores and
ot %‘produces the audi o signal and nodification

paranmeters. 62. A nethod according to any one of
claims 1, 2, 6, 7 and any one of clains 8-16 and 18-60

%g)d e ReRAGAbd AR cbldinEstolclain 52 Whefeirighid medifding or said |

a
nmodi'fication paraneters are tenporally snoothed. 63. A

deriviBb AL ARGOStEHAG the sadd fadadr wher ei n sai d nodification
paraneters conprise a plurality of anplitude scaling
factors relating to frequency bands of the audio

signal. 64. A nethod according to claim63 wherein at .
| kit Asamethot] ddeerging to claymo’2 avhsiret ndbeseale faptor o 18

factors are tinme-varying. 65. A ngt hod according to
receivied froa2 aviomree extemnal i dhe metheén par ameters i ncl ude

a plurality of filter coefficients for controlling one
or nore filters. 66. A nethod according to claim®65

SR rshbg Cnsoname B §ue 5 Tail 144, Fherdlhine
et LU ISR B RSB R B dPAcation
of e rhppigfgatiaf pellmRRled PHoRELG BP i AREPERIAC o fiess
correPSHls &P §fi'alidfo SAHEASASwhich the perceived audio spectrum or the
perceived audio spectrum in the presence of an interfering signal remains
substantially the same for different values of specific loudness or partial
specific loudness scaling as that of the perceived audio spectrum of the audio

signal.

56. A method according to any one of claitns 49-55 wherein the scale

factor is not a function of the audio signal or measure of the audio signal.

57. A method according to any one of claizms 1-56 wherein said
modifying, said deriving, or said producing explicitly calculates (1) specific
loudness, and/or (2) partial specific loudness, and/or (3) the target specific

loudness.

58. A method according to any one of claizms 1-56 wherein said

modifying, said deriving, or said producing impli citly calculates (1) specific
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an estimate of the specific |oudness of the unnodified
audi o signal . derived fromthe specific |oudness or
wearbioadcospeci fic | oudness of the nodified audPOr/US2005/038579
signal, the specific |oudnéss of the unnodified audio
signal, and an approximation to the target specific

T A

10ud1qs§ﬁ°d according to any one o f clains 1-4, 7 and any
one of clains 8-16 and 18-66 as dependent on clains
1-4 or 7 wherein said nodifying or said deriving
derives nodification paraneters at least in part from
018 OA méthodfactordasyitechimads wheeiresaidgmadifyong, said
signal, a target specific |oudness, an estimte_ of the
derivengg ot isaid prdesingoehipldyes ahoakiys tahledbat mhorgnfly
derived fromthe specific |oudness or partial specific
deteriminke6k) sfecifie lopdnesssandlen @)aghal ,Sp@%@caﬁegnﬁﬁ% and/or
| oudness of  the unnodified audio signal, andan
(3) the patgatrapeciic lQudmesst ar get specific | oudness derived
fromthe specific |oudness or partial specific
| oudness of the nodified audio signal. 69. A nethod

S AP AT R T P o
s L i SR b F R b et cpysion
v PG PIEG R AR (0 Sl o

Joud hRUSNS3E/1(3Y e WYpREspEEFiAldtdRess.gnal . and

61. A method according to any one of claims 1, 2, 7 and any one of
claims 8-16 and 18-60 as dependent on claims 1, 2, or 7 wherein the
modifying or deriving (1) transmits and receives or (2) stores and reproduces

the audio signal and modification parameters.

62. A method according to any one of claims 1, 2, 6, 7 and axy one of
claims 8-16 and 18-60 as dependent on claims 1, 2, 6 or 7 wherein said

modification parameters are temporally smoothed.

63. A method according to claim 62 wherein said modification
parameters comprise a plurality of amplitude scaling factors relating to

frequency bands of the audio signal.

64. A method according to claim 63 wherein at least some of the

plurality of amplitude scaling factors are time-varying.
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an approximation to the target specific |oudness

derived fromthe specific |oudness of the nodified
wae@so4mdgnal . 70. A method according to cl ai mMP@BUS2005/038579

wherein said nodifying or gaid deriving derives

nodi fi cati on pararreters at least in part from(1l) a

&3S ?né)cfloarhc'cﬂfr d é‘l%nﬁ‘@ OvRkedial said %)xo@ifﬁ:dﬁorﬁ

targ spe(:lf C ess an estinmate of the

parant@gfd I éﬁ?ﬁ@ Hciﬂﬁﬁaﬂnng of RReH Bﬁ@fﬁ tietts dod Ic@nﬁﬂo@hﬁ% one or

erive romthe partial specific |oudness of t

more THeéki ed audi o signal, and (3) one of the specific
| oudness of the unnodified audio signal, and an

approximation to the target specific |oudness derived
fromthe partial specific |oudness of the nodified
a66i A snethall. &rordingthokimccd Myheteinnatdeasin@est the one

claim 70 wherein the method enpl oys a_feed-forwa .
or marerfiligesarattima-varydhg and aé@assr{P$Qr¥ueo@ﬁﬁ@§sﬁ{t§r %@Fﬁ@&ms

fromthe audi o signal and wherein the target specific
are timsu¥ABESEIi s recei ved from a source external to the

nmet hod or froma storing when the nodifying or

deriving includes storing a target specific |oudness.

S e
mod@ﬂg& gpg{e qﬁ' Wg)' ng @ﬁ;@@@%ﬁé | &%ﬁgn(trlr%ndf&o %;u nore of
égﬂgé%%@?’%eﬁﬁé&emg é\ﬁ%@%‘i 'ﬁ%?m fic loudness is

Foma sourc ern t'o the method or from

S?.Sttclf’%étrkgewwﬁlﬁlé@d' fying or deriving includes

target specific |oudness. 73. A nethod
a%ﬁ%ﬂhﬂ&et(ﬁ thleapBchc Moudhes B F thavbaneodifidieaudio signal

modi fying or deriving includes one or nore processes
derivedrfroht fienipegific loudness or partial specific loudness of the
modified audio signal,
the specific loudness of the unmodified audio signal, and
an approximation to the target specifi ¢ loudness derived from the

specific loudness or partial specific loudnes s of the modified audio signal.

68. A method according to any one Of claims 1-4, 7 and any one of
claims 8-16 and 18-66 as dependent on claimms 1-4 or 7 wherein said
modifying or said deriving derives modification parameters at least in part
from one or more of

a measure of an interfering audio signal,

a target specific loudness,

an estimate of the specific loudness of the unmodified audio signal
derived from the specific loudness or partial specific loudness of the
modified audio signal,

- the specific loudness of the unmodifi ed audio signal, and



5

10

15

20

25

deriviteg dewdes modificetiopdparpaeigLsab

explicitly or inplicitly, the target specific
| oudness, one or ones of which calculates, explicitly

wa@eoosfowied@i t 1y, said function of the audi o si gpel/Us2005/038579

nmeasure of the audio signal’7 74. A nethod according to
claim 73 wherein the nethod enpl oys a feed-forward

agh ﬁg?ﬁd’ﬁﬁﬁiat'%dh Y@ﬂ?@tz&g@t speeifié toh@nezaterived fitoim the
targ

speci fic I oudness are derived fromthe audio

specifit 30alinedsher partial apecifiolottnessofehe spmtiticdcaudiodigasl.

enpl oyi ng said function of the audio signal or neasure

of the audio signal. 75. A nmethod according to claim

73 wherein the nethod enploys a hybrid . )

f 60d-4 anethod/ dcveddngtceclndny &Fewhereinatid imegdifying or said

approxi mation to the target speii fic | oudgress IS
eagiBPAEh&H e t ar get

speci fic | oudness is derived fromthe audi o signal,

t 6b) erg Plati on of thetarget specific |oudness

enpl oyi ng said functi f the audip signal or neasure
of the audi 8@?%&“’?0&& P@“ﬂﬁ?ﬁ%cﬁ cording to claim

69 or claim70 er.ei he ief i I ff, X1 :

i ncl udes on@R&SURRLE ﬁhéeggggf?%kﬁﬁkgé§%&%BgRﬂgnOdﬂied
explicithy or | e] | R Lth6di

I oudne@gdé SW@%‘#@XM ﬁéaﬁgﬁlg%bg?‘tgfﬁca ‘ﬁﬂé?%?ggﬁgéh teglﬁed
t he nodj fjed [ ignal, one or ones of which
calculgpggfggiﬁﬂ%h¢ly or inplicitly, the inverse of

S %foﬁgggtion of the audio signal or neasure of the

a 0 Signal. 77. A nethod according to claim76

wher ein t hetﬁ@%pe@ifﬁﬁwuan%s% dragbaatnodifisdgrnkotsigmal, and
whi ch an estimate of the specific |oudness of ttie
unnodi fi ed audigprokimatioantb die et speeificloudneshderived
target specific loudness are derived fromthe nodified
audi o $i@nahe speeifesioutresoof the nspdified audiowsigash

bei ng cal cul ated using the inverse of said function of
the audi o signal or nmeasure of the audio signal. 78. A

met hod according to claim76 wherein,t he,(fret Ihogy .
e ofsmethod according to claim 638 wherein said modifying or said

deriving derives modification parameters at least in part from

(1) a measure of an interfering; audio signal,

(2) one of
a target specific loudness, and
an estimate of the specific loudness of the unmodified

audio signal derived from the partial specific loudness of the
| modified audio signal, and

(3) one of
the specific loudness of the unmodified audio signal, and
an approximation to the target specific loudness derived

from the partial specific loudness of the modified audio signal.
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hybri d feed-forward/feedback arrangenent in which the
specific loudness is derived fromthe audio signal and
wo b@eostenorat e of the specific | oudness o f thePCT/US2005/038579

unnodi fied audio signal is78erived fromthe nodified

audi o signal, the derivation of the estinmate being

cah cul %%o‘@é&&r&ﬂ%ﬂo“é’f@ﬁ 6Y of gla%{ Y06k hereififthe heethod

audi 0 "signal or neasure of the audio signal. 79. A

( ' hiehahespecfic ldudineks is

empl@?%?%qu_ﬁ%kg%ﬁ@ég%gg?ﬁ%? cI@aiatrrs f—4 or 17 wherein
derivkd %‘rd’fﬁ%%&ﬁdlﬁo@i%ﬂﬁfand weherfeln the aa?at tspeaifit t@odassss

or (2) stores and reproduces the audio signal and a
receiv@d Geim spsnirceextotmdhés shermatheg s Seomaa storing vehen the

target specific |oudness.80. Amethod according to
modiéyiagror7@erdvinteimiddes stomngy angebspesibicipudoese1, 39,

49, or 52 wherein the representation of the target

speci fic | oudness are one or nore scale factors that

cifi ¢ | oudness ]
<73neh methodhaGeolR A S1AITRE ] 6" G AD WRCLHR e method

empléixg%%’&ig £ec 16w o ek ROk GRpI SR LRI e

A bri : i

appr lé'a e RBECRORARC BAAGR R R o o 5RalG R
oudti Pl oy Mt ths Mol Ao e i CRATRRT RS o

sourfegﬂgﬁﬁgléélnt% fhREmBHH P oS SR a%ﬁ@ri?ﬁewh@ﬁ 98¢ nebEiEy iEor

Or a representation e target speci fie

deﬂdé@gpr&ﬁ%ies Yorifle TolaROM FSEATRI Rehdriesg] ai m 82, furt her

I'sing recerving or reproducing the transmtted or

stored audi o signal and the target specific |oudness

or representation of the target specific |oudness. 84.

ATret Aogedlesdadiagling te ksliaimBs9 druwelaimr7cwheresi the

nmodi fying the audio signal in response to the audio
modHypmabr dedivihg iheluges onpeot inord praresses for obtaining,
- representation in order to reduce the difference )
explizitlyeenntplicitly, the target specific loudness, one or ones of which
calculates, explicitly or implicitly, said function of the audio signal or

measure of the audio signal.

74. A method according to claim 73 wherein the method employs a
feed-forward arrangement in which the specific loudness and the target
specific loudness are derived from the audio signal, the derivation of the
target specific loudness employing said function of the audio signal or

measure of the audio signal.

75. A method according to claim 73 wherein the method employs a
hybrid feed-forward/feedback arramgement in which an approximation to the
target specific loudness is derived from the modified audio signal and the

target specific loudness is derived from the audio signal, the derivation of the
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audi o signal's specific |oudness and the target

speci fic | oudness. 85. A nethod according to any one
w@booslo#ions 82- 84 as dependent on any one of clBETES2005/038579

20- 60 wherein the representati on of the target

speci fic | oudness are one or nore scale factors that

Le. . . &
targei %ﬁﬁgﬁﬁ(gg)lﬁﬁgéﬁgteﬂﬁo@ 0 c%%r%%lflzf}g toﬁ)zglﬁ{)/f E)Hnbga of cgljgin?r%sorl
mea#rref%fat?% fUBbWerlfi- 60 as dependent on clains 1, 2 and
, further conp$|3| ng transmtting or storing the
audi o signal and the nodification paraneters. 87. A
met hod according to claim86, further conprisin
rengi W Atethod raeportingitoglaim 69 anchaimt €Ql vopereinf
audi o signal and the nodification parameters. 88. A
modf@h_b%) dratesbridgrigciudes loaienoBMOTe Proeesses dop obaingng,
nodifying the audio signal in response {o the
explmﬂ%/fommlﬁhmtbfa aarastienate @@themﬁétﬁ‘f/ i@u Qfdtheo
performthe nmethods of any one of .clajns .1 through 88
unmodified oudmsignapia sesnanssiorba o Adio el 4
medi um
onesast wiycl %gkgﬁgé{sg%gﬁlic‘ﬁ?ﬁ&%ﬁggiiggf‘3%8 riﬁnvéﬁ% JBLA8Snction

of the audio signal or measure of the audio signal.

77. A method according to claim 76 wherein the method employs a
feedback arrangement in which an estimate of the specific loudness of the
unmodified audio signal and an approximation to the target specific loudness
are derived from the modified audio signal, the estimate of the specific
Joudness being calculated using the inverse of said function of the audio

signal or measure of the audio signal.

78. A method according to claim 76 wherein the method employ's a
hybrid feed-forward/feedback arrangement in which the specific loudness is
derived from the audio signal and the estimate of the specific loudness of the
unmodified audio signal is derived from the modified audio signal, the
derivation of the estimate being calculated using the inverse of said fun ction

of the audio signal or measure of the audio signal.

79. A method according to any one of claims 1-4, 17 and claims 18- .
78 as dependent on claims 1-4 or 17 wherein the modifying or deriving (1)
transmits and receives or (2) stores and reproduces the audio signal and a

target specific loudness or a representation of a target specific loudness.
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80. A method according to claim 79 as dependent on any one of
claims 20, 21, 39, 49, or 52 wherein the representation of the target specific
loudness are one or more scale factors that scale the audio signal or measure

of the audio signal.

81. A method according to any one of claims 1, 2, 6 and 7 and claims
8-16 and 18-80 as dependent on claims 1, 2, 6 or 7 further comprising
applying said modification parameters to the audio signal to produce a

modified audio signal.

82. A method according to any one of claims 1-4, 17 and claims 18-
78 as dependent on claims 1-4 or 17, further comprising transmitting or
storing the audio signal and the target specific loudness or a representation of

the target specific loudness.

83. A method according to claim 82, further comprising receiving or
reproducing the transmitted or stored audio signal and the target specific

loudness or representation of the target specific loudness.

84. A method according to claim 83, further comprising modifying
the audio signal in response to the audio signal and the target specific
loudness or its representation in order to reduce the difference between the

audio signal’s specific loudness and the target specific loudness.

85. A method according to any one of claims 82-84 as dependent on
any one of claims 20-60 wherein the representation of the target specific
loudness are one or more scale factors that scale the audio signal or measure

of the audio signal.
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86. A method according to any one of claims 1, 2, 7 and claims 18-60
as dependent on claims 1, 2 and 7, further comprising transmitting or storing

the auadio signal and the modification parameters.

87. A method according to claim 86, further comprising receiving or
reproducing the transmitted or stored audio signal and the modification

parameters.

88. A method according to claim 87, further comprising modifying

the audio signal in response to the modification parameters.

89. Apparatus adapted to perform the methods of any one of claims 1
through 88.

90. A computer program, stored on a computer-readable medium for
causing a computer to perform the methods of any one of claims 1 through
§8.



