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WO 2006/047600 PCT/US2005/038579 7 Description Calculating and
Adjusting the Perceived Loudness and/or the Perceived Spectral Balance
of an Audio Signal 5 Priority Claim This application claims priority of

wodniesh8takes Provisional Patent Applications S.N. 60/622,£458/dilewhs/038579
October 26, 2004 and S.N. 60/638,807, filed December 21, 2004. 10
Technical Field The invention relates to audio signal processing. More
particularly, the invention relateBesah@timasurement and control of the
perceived sound loudness and/or the perceived spectral balance of an
audio signal. The invention is useful, for example, in one or more of.
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dynamic range control (including, for example, limiters, compressors,
expanders, etc.), dynaficeahitdtoas aﬁmmﬁwéws&ma@&

background noise interference in an audio playback environment. The
invention includes not only methods but also corresponding computer
programs and apparatus. 20 Bagkgiauadaivt There have been many
attempts to develop a satisfactory objective method of measuring
loudriBsis: #pgthibetiandMunsoridetsrmindaite doSstgmProwapnebhatpnt
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ferisasesgsithe lexrlpf the sound increased. An early loudness meter
consisted of a microphone, amplifier, meter and a. combination of filters

designed to roughly mimic theffegéamdney Féepbnse of hearing at low,

The invention relates to audio signal processing. More particularly,
the invention relates to the measurement and control of the perceived sound
loudness and/or the perceived spectral balance of an audio signal. The
invention is useful,‘ for example, 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 atiempts 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 iow,

medium and high sound levels.
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medium and high sound levels. WO 2006/047600 PC ms2005/038579 2
Even though such devices provided a measurement of the loudness of a
single, constant level, isolated tone, measurements of more complex
wepunessdidonot match the subjective impressions of loudnesscuseg et 38579
Sound level meters of this type havé been standardized but are only used
for 5 specific tasks, such as the monitoring and control of industrial noise.
In th& earyt 168k, vlickeviaed Htevite] amuryatbureneritineduaess of
work of Fletcher and Munson in developing a more#?ﬁlistic model i)f the

a oakesopstaBbipYEbrisla LielenT FARHEHIG M R A fo PP IeX
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coustical Society of America in 1956, and Zwicker published his
SoRsidesiebioat andoigiogivallBasid et stainbssliastich: rarconkticasd for
1958. In 1959 Zwicker published a graphical procedure, for loudness
SRR Su O A L TP T B CICE B ), BRLE T RD Fbens
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(respectively). methods involve similar steps. First, the time-varying
waigtrifUEDR ol @neidyMiongithe besidopimambranseafeiiésinneneds} of the
referred to as the excitation, is simulated by passing the audio.through a
loyiiesst BAFREPHOS AARBH ﬁﬁé?g%%rp@f&%beaéqﬁ@%ﬂ%f g‘b“a@&d |
Carmlycon oHsal BRNELINE SoalfIERHIAUI RO flghiadssiaaed
0 simulate the frequency response at a particular location along the
Absiteicaiedtuiane of theviriver #al,95ith and ftwitskesniablishgdenisy
corresponding to this locatjon. A critical-band width is de{inedﬁs th
[

“BereAnEInbABL A NEHRdRTFC0h L GRIESF IR L ARMISTIEAdn
R L Taedes ch
cih@ilation, as well as several similar articles shortly after. The Stevens and
Zwicker methods were standardized as ISO 532, parts A and B
(respectively). Both methods involve similar steps.

First, the time-varying distribution of energy along the basilar

" membrane of the inner ear, referred to as the excitation, is simulated by

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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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

wangeseifnsychoacoustic phenomena. See, for example, Psyshpagaiasiissso
- Facts and WO 2006/047600 PCT/WS2005/038579 3 Models by E.

Zwicker and H. Fastl, Springer-Verlag, Berlin, 1990. The methods of

NEselednbalt Zwicler wild ¢la BabdaSpaibratd/sedde réertad QXS e
Bark scale, in which the critical-band width is constant below 500 Hz and

m%b@ﬁe%fa%@o’@%@tﬁzzm%%%ﬁﬁﬁ wgﬂ@énha@%gﬁ@rgcak@f Feiggal to
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afed 1&@&{%@3&1@1@6{}@@@0%&@%&@5@ dvih Bastiald-oldsiesg 'defined a
Journal of the Audlo Engi neerlng Society, Vol. 45, No, 4, %@I 1997 pp
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ecrease below Hz in cont

thBredheieniicfihracholdy) remdirs Comsiarirfral DWW, ” Journal of
computatlon of excitation is a non-linear compresswe function that

M@s@ﬁ%ﬁ%&éﬁ@d}m\é@i 'HediR: |6ud¥1@§é K difie 225-240).
d”e 3 'S§ o%é‘ WOk e‘%?%té‘@ﬂs %%?c% cgfégrh?ésf&%%‘é’er@@’ore

e mea |n UI’II ercep uaness per

aﬁé@%@é@'@é@l@ﬁtﬁ@%&ﬁm tﬁ‘@@@ﬁ&[&b@%iﬁﬁﬁﬁfﬂtﬂfu@gﬁ) shadeease
discussed above. Finally, the time-varying "total loudness" is computed

Wé‘&r@m@; IBseuasiaribeaossale grieers thoraiisabbmed width

nes ﬁ}ﬁnated 20 from a finite set of auditory filters distributed
PHAIS
oniform y a ong a critical band rate scale, total loudness may be

comptsidosyisisnbly sempingithe spegticaiudiesnisantiseghdiiapressive
function that generates a quantity referred o as “specific loudness”, Specific
loudness is a measure of perceptual loudness as a function of frequency and
time and may be measured in units of perceptual loudness per unit frequency
along a critical band rate scale, such as the Bark or ERB scale 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
Ioudness 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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Loudness may be measured in units of phon. The loudness of a given

sound in phon is the sound pressure level (SPL) of a | kHz tone having a

25 subjective loudness equal to that of the sound. Conventionally, the
wefarenpesd® dB for SPL is a root mean square pressure of 2peR3a05/038579

Pascal, and this is also therefore the reference 0 phon. Using this

definition in comparing the loudness of tones at frequencies other than

Fideriziwidhtheslegdaessatdektizormmontinr Hegueadioydresseea20dlz and
determined for a given phon level. WO 2006/047600 PCT/D52005/038579

12 filsits. endHenpheu e wsloMesy eomtburd rTicuEhdaebhsdhoo

Hz and ;12,5 kHz. and for. I e My ' d
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chiesmal éaed leviehesatievet boriour ghot hegameneasudse ttiakesount
into account 5 the varying sensitivity of human hearing with frequency, but

tierRIUnE BNHEYANON theTRsBeRerse B the Temtecsu Bt restlts do
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correct for the non-linéarity e grow ness wit L, that'is, for

viligfastithallfeespasinthefdie montourpveasies et dudtiesamalimdasibeofl
measured in units of "sone". There is a one-to- one mapping between

thagaamth ahvednessinéiiag Heichatdsinitrdhe fachHat e shasangf the

Ca%ﬁhgrlo%g{less of a 40 dB (SPL) | kHz pure sine wave and is equivalent
40 pﬁon.lfjﬁ'e units of sone are such that a twofold increase in sone

corregponditeia adoubiingtef prresived iougnessiFeoas exdnpieidsone-to-
is perceived as twice as loud as 2 sone. Thus, expressing loudness levels
ONSBIRP I PEdIEtIRSINBI0R. BIEFIKESaBEHIid s orS pREifateduaEES abla

S R SRR o v
ahAUS, Ve Palisinad R Baikscalbespaeificilovdaess kasiutits af santoper
increase in sone corresponds to a doubling of perceived loudness. For
example, 4 sone is perceived as twice as loud as 2 sone. Thus, expressing
loudness levels in sone is more informative. Given the definition of specific
Joudness as a measure of perceptual loudness as a function of frequency and
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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20 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
witenabwezs@ne of the results is that the perceived spectrum ectimobrerob@s7o
given sound varies with the acousti¢level at which the sound is heard. For
25 example, for a sound containing low, middle and high frequencies, the

niieieeive@ dretaiivé mppeitichseof quignicey bsnsy-cathpbhaniacsmagatis. A
the overall loudness of the sound; when it is guiet the low,and high
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segpitdiging dauinmentlby Seqatiec|cutresscinomispendoiidhegsan
control is a volume control that applig{{l&h- and sometimes

AR TR QOEREP bEE RS AR GBI BHEMER) AL Repassive:
tRE Iégg%%’ggséﬁgpﬁ%ﬁgﬁ EHHRRCY: XHEMED IS COMPIBAMRAIMBS Polume

arti ose frequencies. Such controls are completely passive;
cthend¢ gresai € onbeensaticopappltids ol ctionasfaharsstongadtiihe content

volume control or some other user-operated control, not as a function of
offithesmein sl audio signals. In practice, changes in perceived relative

PN ShaRles ol ot femepipsdern v
ririteiides dohheH ducouresfie Coeiver ehe e stgdilg infrasiimphony its actual
orchestra. Reproduced at.the same_level that a member of the aydience
SPURY R R GBNECHE R B BATRL AU hE? SPEcn TRy e
T R T T s
ARt henged imoaevoakhbedoiton ¢ massadeslaticdalages across the
spectrum may be correct whether the orchestra is playing loudly or guietly.
If the music is reproduced 10 dB quieter, for example, the perceived balance
across the spectrum changes in one manner for loud passages and changes in
another manner for quiet passages. A conventional passive loudness control
does not apply different compensations as a function 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



another manner for quiet passages. A conventional passive loudness
control does not apply different compensations as a function of the music.
In International Patent Application No. PCT/US2004/016964, filed 20 May
27, 2004, published December 23, 2004 as WO 2004/111994 A2,
Seefeidt et al disclose, among othe# things, a system for measuring and
adjusting the perceived loudness of an audio signal. Said PCT application,

widbishedesignatesidect niteth Statts: ischesbhydnpemeaibieddncecidrence
in its entirety. In said application, a psychoacoustic model calculates the

aui@dness 25 of an audio signal in perceptual units. In addition, the
application introduces 5ch (i) ues, fg ﬁqoen}%ti%ig ;)Z/videband multiplicative
gain, which, when applie io, FeSulte ih the loudness of

a4 , _
gainlﬁé‘@iﬁ‘é@aﬂaﬁ)‘ﬁg&h@ ﬁ%ﬁ%iﬁﬁ%tﬁﬁ@gﬂ@%&%@%m there is
pré)ovli A5y ﬁ‘&%ﬂ?g ton of suel I?R\g'%eé:ﬁg%ﬂp ’}88}%?3%]’% d ﬁ%@rf?‘ﬁ? of an

perceived spectral balance o sclosure o vention

audeS AHRNRAS WHBAfir shasnaeirfl e fIrkRIkIRVRRHOHAREER IS cifiovided a
method for controlling a particular loudness characteristic of an audio

speigjfiad, vhdreissthe paticslamsidnes odhzrestetisat lieusdthessths apevificon
lqudness, which is a measure of pe ceptu?éloudn ss as a function of
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InRIRIFING & sardeishekifie fRudogSredaduing diedivrney v@rdntsing
modification parameters usable for modifying the audio signal in order to
obtadoioeethe atiffetepes Henlevdigspadivuian piitimssnshatemtsvidtic and

Q6 AP EHEPIS S L AR B L S RBAGIT OTet to
relRHADESS difference between its particular loudness characteristic and the
target specific loudness, and a) applying the modification parameters to
the audio signal to reduce the difference between its particular loudness
characteristic and the target specific loudness, or b) transmitting or storing
the modification parameters and the audio signal for temporally separated
and/or spatially separated application of the modification parameters to the
audio signal to reduce the difference between its particular loudness
characteristic and the target specific loudness.

In accordance with a second aspect of the present invention, there i3
provided a method for controlling a particular loudness characteristic of an
audio signal, wherein the particular loudness characteristic is either the
specific loudness, which is a measure of perceptual loudness as a function
of frequency and time, or the partial specific loudness, which is a measure
of perceptual loudness of the audio signal in the presence of a secondary

interfering signal as a function of frequency and time, comprising



characteristic and the target specific loudness, or b) transmitting or storing
the modification parameters and the audio signal for temporally separated
and/or spatially separated application of the modification parameters to
the audio signal to reduce the difference between its particular loudness
characteristic and the target specific éoudness. In accordance with a

. L& . .
second aspect of the present invention, there is provided a method for

controlln}é%]a partlcular %g S8 %Qﬁltgat&%ﬁl eg %0%1 aa&r% qu%@(g)ﬁé Juherein,
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time, Or the partial specific loudness, which is a measure of perceptual

theomttiessightile Mnmfgﬁaaﬁmcmqsprem@emha\seg)bdanydmmérﬁgm a
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belevsesheanthiediyina the-audinasgnatistesponse dadhe sieeeivedd the
modification parameters in order to reduce the difference between the

tamﬁispﬂﬁﬁ@&&@éﬁ@ﬁiﬁracteristic of the audio signal and the target
specific loudness. In accord Wlth a th %aspect of the present

invehlidHEaR r;gep‘%i%@& ﬁ?@i@r% EhTesERbiysation, there is
priOfaRerd [ &@Fg%#ﬁlﬁxgg B £d 9 Ay ﬁ?@%ﬁé%l@%ﬁ%ﬁlhﬁ‘!

e steps met or second aspect. E ments of the

adipyeniion giavide frdptvirgdnferfiatantisatietierscontialingthed of the

specific loudness of an audio signal by modifying the audio signal in order
fired pedersOti@ @iffefdnce between its specific loudness and a target
specific loudness. Specific loudness is a measure of perceptual
Embodiments of the invention provide for deriving information usable

for controlling the specific loudness of an audio signal by modifying the
audio signal in order to reduce the difference between its specific loudness
and a target specific loudness. Specific loudness is a measure of perceptual
loudness as a function of frequency and time. In practical implementations,
the specific loudness of the modified audio signal may be made to
approximate the target specific loudness. The approximation may be
affected not only by ordinary signal processing considerations but also time-
and/or frequency-smoothing that may be employed in the modifying, as
described below.

Because specific loudness is a measure of perceptual loudness of an
audio signal as a function of frequency and time, in order to reduce the
difference between the specific loudness of the audio signal 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.



loudness as a function of frequency and time. In practical
implementations, the specific loudness of the modified audio signal may
be made to approximate the target specific loudness. The approximation
may be affected not only by ordinary signal processing considerations but
also time- and/or frequency-smoothing that may be employed in the
modifying, as described below. Becausébspecific loudness is a measure

of perceptual loudness of an audijo signal as a function of frequency and.
timemBRIBMSVERICE e csrrtrBhEa HeERY RSB BecmNBUMkES of

e e D P T M R e
encasesitetaiyRispeatio pldpess imayderdiprcn dianiandihe avike, the

signal itself may be a steady-state time-invariant signal, typically, the
DRSS AMAH PATES @rn@@awiﬁi_@laaaaﬁgi&%%aaé@ forfchionBenmep@dent on
boﬁm%q'éq/%ﬁ]%?n% §§@&{ﬁﬁ? %tf* Ryeaion maalke f%%&r%%la) %E%é?ugn of the
compensate tor background noise interfering in an audio playbac

nogswirheesu Mkemardioat hieandle therpeesedag et hackerdund nalse, In
the noise may partially or completely mask the audio in a manner

acqapdeh IR RS IHARMET i BUFE itcof tHeXammp kndMReTey Eilanbere,
m f ise. S8 oy N, the_parceive .
o e e LRl e L, TG g Pagcil
Ldadaxsninle, Moore, Glasberg, and Baer, "A Model for the Prediction of
Thresholds, Loudness, and Partial Loudness,"J 7 Audio Eng. Soc, Vol.
45, No. 4, April 1997), one may define the "partial specific loudness" of
the audio as the perceptual loudness of the audio in the presence of a
secondary interfering sound signal, such as the noise.



Embodiments of the invention also provide for deriving information usable
for controlling the partial specific loudness of an audio signal by modifying
the audio signal in order to reduce the difference between its partial
specific loudness and a target specific loudness. Doing so mitigates the
effects of the noise in a perceptually accurate manner. In embodiments of
the invention that take an interfering noise signal into account, it is

Audssyiiped Yaat tieye &5a8¢6s8, ta\ el duiig sighal BwitseHtandithe " partial
secondar intq'rfering signal by itself. Embodiments of the invention also
spgsydiede mirefiifstRadipasiftbepasrrizial londogrs sibHzg pydio in the
modifying.the audio signal ip.order to reduce the difference hetween its
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inventitaisadprevidaier aeatigiinalbe partiadespacisioltnashehamion
audio signal by modifying the audio signal in order to reduce the

usahirfon copewibiag Bparitrs seemidiplRMERs e Atayeiospeasiab by

| n When:the.target s ific. loudness.is n functi f th io
o e B L B e
paitdidebhegigtifiolatitngsamid neha-bingienitl theduelo. Susialy the miotlibing
or the deriving may explicitly or implicitly calculate specific loudness or

thepetfratspééine noaness: Brevpleslar ISR carsarion iicRiabogiments
of PR %%ﬁ’%h%{&'lg; eghar e;%%é%?@%g?igﬁgﬁﬁﬂ?g’g&%“%ﬂ'% is

SpPecImic loudness ana/or partia udng&ss'is inherently determined

asdiiheciétiucioned-forndssimeahttadtiscsibe s athermbdicdlbxpessiatary
which can be represented exactly using a finite number of standard

IntpyienErgatieaapeyaishld.and functions, such as exponentiation and

o IO L D (it
lodtetisendianvidaotdsialiey R difying the audio signal in order to reduce
the difference between its specific loudness and a target specific loudness.

Embodiments of the invention also provide for controlling the partial
specific loudness of an audio signal by modifying the audio signal in order to
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



only time-invariant. Embodiments of the invention also provide for
processing an audio signal by 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. Although the target spegific loudness may be time-invariant
("fixed"), the target specific loudness may advantageously be a function

of-the specific loudness of the audio.signal. Although. jt 1

speq B o B AR R AR PR Pl

onbﬁrﬁg@@gy&g@gﬁjme-varying, thus causing the target specific loudness to
be frequency- and time-varying when it is a function of the audio signal.

THerabadimeats eirdes spuemdmsurisesarevide predainessying anaFyeto

- __specific loudness may. ha.recei rom.atr ISs] repr
SE sttt e o A
acchpa@yriee oriehosmese rierleiastersthaimtalndhe augie pignalwrdoaaslitng
of the audio signal. The target specific loudness of any of true above

paraBetes b predashida Rl el fimtauAnstsheAibR gl thedangsssure

of-the audio_signal.;One suit ] f 1k iQ.si i
SR i ian L i e e
loudnessuiewhtheaausie siighabmayrbacispaliigied theeidtid sighaisrof the

measure of the audio signal. For example, the scaling may be one or a

audiRignidH Go3eig e banBlatind frequeney-varsirgRede\RkRig
sel iR Sreciatinee s e e M g
cauSealitgeabtbet speciffidduddassanibéfaglationshimiichz006/8411600hen
it ischw%%% gi/%hsesa?t?dio signal.

The audio and a target specific loudness or a representation of a target
specific loudness may be received from a transmission or reproduced from a
storage medium.

The representation of a target specific loudness may be one or more
scale factors that scale the andio signal or measure of the audio signal.

The target specific loudness of any of true 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 = [b,f] scaling of the
specific londness as in the relationship

Nib,t]= E[b,tIN[H,t];
(b) a time-varying, frequency-invarian: scale factor @[] scaling of the

specific loudness as in the relationship
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9 NIb, t] = Olt] A’ [b,1] (c) a time-invariant, frequency-varying scale factor

(n[b] scaling of the specific loudness as in the relationship N[b,t] =

O[b]N[b,t] ; and 5 (d) a time-invariant, frequency-invariant, scale factor ca
weealmgobane specific loudness of the audio signal as in thepeelatinshinss o

N[b,t] = aN[b,t] , wherein NI[b, t] is th& target specific loudness, N[b, t] is

the specific loudness of the audio signal, b is a measure of frequency,

and tis a measure 10 of e, i) the peige[¢a):0f a time- and

frequency-varying scale factor, the scaling may be determined at least in

par{ &y atimie- sretiaahedeaurmRTY A0iE8sln eglonBiftsraling of the
fss of the audio, signal. Such a scaling may be usable as a dynamic

loydn
p CHAREESHAN R giSiRL Bloying aspects 15 of the invention as
a dynamic range control;are set f W, -AlsQ in the case (a) of a time-
g

and frequency-varying s ctor, the oudness may scaled by

the ratiq efradnagavimel adpnkies SRReFAInthana doribeomeasuiRiAbasf the
spectral shape of the audio signal. Such a scaling may be employed to

sperafisfmdinespofctivemt dpesignlofsthe BagdielsigaasBipfrom a
time-varying perceived spectrum to a substantially time-invariant
perceived spectrum. When M@s&ﬁiﬁ’@%édﬂe&ss is scaled by the ratio of a

WHGREHS KLt 08 eH SOES TR Dot b 1 AR SR Al e
loubYEBeHO6failR{ & Q?EML”B ASpertaaloe fYeRiivASy asMNARIE measure

equalizer are set 25 forth'below. In the case (b) of a time-varying,
of freppiency-invariant scale factor, the scaling may be determined at least in
partlgytﬁergtgilgeo{a% g?g r‘.t?l('jngv—i da%%at@r%quency-varying scale factor, the
scaling may be determined at least in part by a ratio of a desired multiband
loudness and the multiband loudness of the audio signal. Such a scaling may
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 fo 2 substantially time-invariant
perceived spectrum. When the specific loudness is scaled by the ratic 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



loudness and the wideband loudness of the audio signal. Such a scaling
may 10 be usable as an automatic gain control or dynamic range control.
Further details of employing embodiments of the invention as an
automatic gain control or a dynamic range control are set forth below In
case (a) (a time- and frequency-varying scale factor) or case (b) (a
time-varying, frequency-invariant scale factor), the scale factor may be a
function of the audio signal or measure of the audio signal. In both the

be usablq@scimaiHanairi SADRIEALYY AN MG e aIaTaBI6PTUF theloagEH)

deteflISNRARN SEMAREYRIARL AR ROl e adiMno pLhe

eriving may’in € storing thé scalé factor or the scale Ttactor ma%/abe

contesiedred diatmaicexiamal sauret aliz ethepnhossksi(c) and (d), the scale

factor may not be a function of the audio signal or measure of the audio

sigibfasediy o thevanadsiapeshe Bt 1B RESIEAIE IR varasend) (2

R e S T
fundeiainessheamadio (31 dargrispeeitd ibudneds kitplielt calculations

may involve, for example, a lookup table or a closed-form mathematical
SforihesamcatbAlaRReremay b & estHpBraly SniBHgale factor

or thAodllical %PQ@?%%%@%&E%&%{@@%%&H&P!EE%HEV E%S?%ﬁé‘éde

scaling factors e audio signal o

modiltralitycefihitedecoetiigients fercdadtr allingrenthersngice filters, sudhcas:ale
multitapped FIR filter or a multipole IIR filter. The scaling factors or filter
factep anmyeptstpasaY askinEisid SWRm M &P dFespplied) may be

I T R
the amhtlpglgtﬁ@} pragessgrepsdchssesdieridpminig such calculations operates

" \f/r? 2}1? ?) ‘Phee various aspects of the invention and the variations
thereof, the modifying, deriving, or producing may, variously, explicitly or
implicitly calculate (1) specific loudness, and/or (2) partial specific loudness,
and/or (3 ) the target specific loudness. Implicit calculations may involve, for
exam?]e, 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
tilter or a multipole HR 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
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characterized as the perceptual (psychoacou.stic) 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

WOrzaglynagp WO 2006/047600 PCT/US2005/038579 11 filtePCO®iimeiizss?e
to a controllable filtering of the audi¥ signal, the modification parameters
operate to modify the audio signal outside the perceptual

filtepsoefifistzntstto) aouuirseB aldm fliaring af iy 3lip 51828 as the

lectrical signal domain. Although medificatio t dio. signal ay
o AR B RETUATS SR G GO AT S ol el ueEe ey
perdd g8 8siyeabainalisomeiiacested iramwhlauatipbe ictracterized
perceptual {psychoacoustic) loudness domain such that the modified
as thaditetigoal signal sesnrialoddthanghanagihatinnedaiecsrde migas!
specific Joudngss. 10 By. deriving,modificatio e
S N R e R
chalRpeasSIRNG RArcelYasbee dirhAinlans e sryedefrsieeihanidhsichthe

modification parameters were derived in the electrical signal domain. In_,

peraeliitioh pisy chisotustiadikoudisas dommaimmshigaspmmedibsd audio
. filterbank or its equi in.performing | 1 | i
SR TG AP ol e B AR BT B 08 A S o e e

louBifaggements that derive modification parairieters in the electrical signal
domain. Each of the modifying, deriving, and producing may be

depBydder vingomo difivetoo paraaions Sam paleriaRgRALER Ligiandness
oo T ABSRY EY B TEERPER, I L e S el
in thedhessidalisihflodothein. In addition, the use of a basilar-membrane
simulating psychoacoustic filterbank or its equivalent in performing loudness
domain calculations may provide a more detailed control of thre perceived -
spectrum than in arrangements that derive modification parameeters i the
electrical signal domain.

Each of the modifying, deriving, and producing may be dependent on
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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specific loudness or partial specific loudness of the modified audio signal.
25 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
woargsrEpesific loudness, an estimate of the specific loudne IS GfiRE05/638579
unmodified audio signal derived froth the specific loudness or partial

specific loudness of the modified audio signal, the specific loudness of the
unmA@i 260 GOdioesQ Rt Tibs 20 0H038E Peation i ibai fRI RS SidHal, and

an approximation to the target specific loudness.derived. ifi
Lo PGS B RATAT B RS o B g s
the %ﬂ?ﬂ'@&'&uﬂﬂ? @gﬂl&lng or deriving may derive modification 5
parameters at least in part from (1) one of a target specific loudness, and
an Mtireaserttulerpetifcrmdifesg omideTivingdmay deitie aagification
received from the specific loudness of the modified to audio signal, and
pw@%ﬁ@&tt}?@%@oﬁ%’ﬁdﬁ ss of the unmodified audio signal, and an

ap%rl?gﬁgt' to the target specific loudness derived from the specific
loudness of the modified audio signal, 15 or, when an interfering audio
signal is to be takeariged sremfictiobdnessdifidg or deriving may derive

T B AP g
audio signal received from the specific loudness of the modified
audio signal, and

(2) one of
the specific loudness of the unmodified audio signal, and
an approximation to the target specific loudness derived
from the specific loudness of the modified audio signal,
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 andio signal,
- (2) one of
a target specific loudness, and
an estimate of the specific loudness of the unimodified
andio signal derived from the partial specific loudraess of the
modified audio signal, and
(3) one of
the specific loudness of the unmodified audio signal, and
an approximation to the target specific loudrness derived
from the partial specific loudness of the modified @udio signal.
A feed-forward arrangement may be employed in which the specific

loudness is derived from the audio signal and wherein the target specific
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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 25 the specific loudness of the unmodified audio signal,

wanaoeag@proximation to the target specific loudness derivegcfroRidédnzgse

partial specific loudness of the modified audio signal. A feed-forward

arrangement may be employed in which the specific loudness is derived
lovidorsthis acciovsig fiedmnal sebeceiaxtnaiget HpenifthvOa2066704 2680TIng

PCT/U82005/038579 13 loudness is received from a source,ext rré%}lo

Y renoRdeBTige HHdRE %ﬁ%ﬁﬁﬁr?gtar%f‘éﬁmﬁﬁ%% Jqudness

Al %@% P c% iy f:( leydngasd/ RlRIBaEVel MBIt may be

arrangement may be employed in WhICh an
emaporedmatidridh meappgekapamﬁm toutheeta getSpleciferandnizes is

d@ggﬁcﬁfg&%ﬁgggnal and wherein tae taé&#lspeclfﬁ@oudness is reﬁelved
10&88%&%‘.@%8 e el AieRPRIIRIANERdNT Btoring

ing or deriving may include one or more processes for obtaining,

whexpticithnodifiypligity, dbamngamﬁndefﬂ:smtdng% targeiospereifiof 1d0dness.

which calculates, explicitly ar implicitly, nction of the audio signal o

meakAfeTBPHE SR R JGRAING TR RS H NS pEBbERCesses Tor
obf’iirﬁ{il '%‘%?h éﬁﬁ'gﬁare ﬁﬂﬂé"fﬁ@bf%é@ﬁ?ﬁ i ugness el henes of

targe ived from the audio signal, the derivation
Whia‘:ﬁmnmgatespex;ﬂmlg,doesmphmw;ngfam:n’umnmf)ﬁmazauﬁm signal or

' measure of the 15 audio signal. In gnother, altern t|v hybr|
MERBEFANHIE %5&&5%}%&%%&3{?%9 hecetn Rfgngement

ma B @%@B&E&grﬁw ﬁ%ﬁ%é&?&é@ﬁ%@s@ﬁﬂ'ﬁ@tﬁ?ﬁb@"@p@&%@ed

e target
loudness are derived from the audio signal, the derivation of the target

specific loudness employing a function of the andio 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 oxr 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 si gnal, 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 altermative, a
feedback arrangement is employed in which an estimate of the specific
joudness 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



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 20 audio signal. The modifying or deriving may include
one or more processes 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 onesof which calculates, explicitly or
implicitly, the inverse of a function of 25 the audio signal or measure of the

audRVEI9 SRR nh 2Ng-aligTRtive dio igedbackairngementis sMRrIoyasd rid
which an estimate of the specific loudness of the unmodified audio signal

feedahoraviegpprodinasiiontengemeyets spasifydidnesbiake degiveddiom the
odified audio signal, the estimate of the cific Joudness.bein .
tou A TARE T ret oh ReabA ) TS £ MRS DoFapecific
loudneasuie ot theraudid sipnakih apahas Ateivatveodiithodified audio
feed-forward/feedback arrangement is employed in which, the specific

signalidhesiers wiiivadfrohe wréiaieto baingl e winledinae dieHa vpseifid
. Jaudness of unmgdified audio signal is derived from the modified audio
said e et ot e Bt e O A DR eree o

saiNfisdigtioniehthepidiasignshpbneasifecidhaaudigisionalal to produce
Modification parameters may be applied to the audio signal to produce a
a madifeEEGHoSERMEL In embodiments of the invention, there may be a

terﬁagoralbaraj/or ati {se aration of processes or devices so thatdt/here
. Sgibodimenis o e INvention, giE 4y pe. g IO al didiof
is, In €ffect, an encoder Or encoding’and also & decoder or decoding. For

spaeXbgaplesdhere sty he:asegreadingidecading susteny) whichethe an
modifying or deriving may either transmit and receive or store and also
encodsiodleaandingraSight arlecsigmrqt Herriisaudroparanaies bere) may
be JfISFLRTOIEINESy A, EPIARENAE TSI Ot Al fuings®
either transmit and recetve or store and also reproduce the audio signal and
either (1) modification parameters or (2) a target spescific loudness or a
- representation of a target Speciﬁc loudness. Alternatively, there may be, in
effect, only an encoder or encoding in which there is either a transmitting or
storing of the audio signal and (1) modification parameters or (2) a target
specific loudness or representation of target specific loudness. Alternatively,
as mentioned above, there may be, in effect, only a decoder 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 ioudness.
Description of the Drawings

FIG. 1 is a functional block diagram illustrating an example of a feed-

forward impiementation according to aspects of the invention.

FIG. 2 is a functional block diagram iliustrating an example of a

feedback implementation according to aspects of the invention.
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effect, only an encoder or encoding in which there is either a transmitting

or storing of the audio signal and (1) modification parameters or (2) a

target specific loudness or representation of target specific loudness.
wAltmeatively, as mentioned above, there may be, in effect, eolyestesodsrry

or decoding in which there is a recéption and reproduction of the audio

signal and (1) modification parameters or (2) a target specific loudness or

repienfation mmmmslbﬁﬁmwmm
by Rl TR A A T T B -t BATERS B e

in _&g@?{gﬁpal block diagram illustrating an example of a feedback
imp

ementation according to aspects of the invention. WO 2006/047600
PCHIS2D050A85onal biccls diagrantiidnaibiver amgramiplstaipother

an example of a hybrid feed-forward/feedback implemeptation accordi
hy RS A AGE Ot G EHES: e e RO AR AR R To T,
VAN EY mple of another 5 hybrid feed-forward/feedback implementation
according to aspects of the invention FIG. 5 is a functional block diagram
iluskFHANG teearhancieomWiiotk tiegnmoditstraiom thig mapanethia which
modification parameters as determined, one of the feed-forward
thqdERAUK e _H?iél%@g- R %?F&H@%ﬁ{fénésrﬁgy%%ﬁmd
by%ﬁéﬁgn%fém%%@mwéﬁd,f PEENABRIER Ayemadrily assRalidifeedback
separated device or process. FIG. 6 is a functional block diagram
arfingtiingstneay arnetoiredvbicihia thsendtineb hitatbauiiio eigmakind ia farget
specific loudness representF?;&%n. thereof as determined by any one of

.
tef%ﬁ?é’fé@éf—ﬁi’rﬁ%ﬁ‘&a&%&ﬁﬁé@& V0T Process.

FIG. 6 is a functional block diagram illustrating the m anner in which
the unmodified audio signal and a target specific loudness or representation
thereof as determined by any one of the feed-forward, feedback, and hybrid
feed-forward feedback arrangements may be stored or transimitted 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 i
which the vertical axis is attenuation in decibels (dB) and the 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 Hextz (horizontal axis).

FIG. 10 shows a set idealized auditory filter character-istic responses
that approximate critical banding on the ERB scale. The horizontal scale i3

frequency in Hertz and the vertical scale is level in decibels.



10

135

20

25

.15 feed-forward feedback arrangements may be stored or transmitted 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

wahaowéng 7aso overview of an aspect of the present invention. FtGi&180an38579
idealized characteristic response ofia linear filter P(z) 20 suitable as a
transmission filter in an embodiment of the present invention in_which the

verlital.akis shawsrthatmal Hoeirsiss(a)tanasiod Fotzohigl aXiBeis a

| ithmic b 10 f ncy.jn H Hz). FIG..9 sh th lati i
oS SR E e e (G SRerLl el ALl
vertiZR s fﬁ&sapeq@wpia sekigealized auditory filter

characteristic responses that approximate critical banding on the ERB

scallThehshizenstihsegeds | sednessogonterein i e 220narsaligss by
level in decibel w%légo 47600 PCT/%%S/O 8579 16 FIGu 11
the $FNSOBLESLEEss tBRbaTEoRe  BHECRSFISAR S8Es
(mgagg#grﬂ?é/ # Herg flogarithmigleaseriacainlandim desieabacalieig] in

pressure level in decibels. FIG. 12 shows the equal loudness
dectbateurs of ISO 226 normalized by 5 the transmission filter P(z). The :

hori | lei [ | ithmic b | .
vortikF b 1 ST SRR e A 3 Al aeins
for $8aH SRS eRrandapd mukihasg:asTenialdapdrass. STHBG Gfifdial

on a segment of female speech. The horizontal 10 scale is ERB bands
scabnistER R itinatiscald theatatiticajaindle decilaléveiByimi@n depikes (dB).

cigrlCh VATEBSAE LR A RE SN B a” SRR bava GAnE e
resﬁ@&?éfe@f’dﬁggﬁglﬁﬁa‘é‘?@ﬁeﬁ,@vﬁ@%ﬁ@%ﬁ@ﬁ-modiﬁed signal, and a
multiband gain-modified signal. The horizontal scale is ERB bands and the
vertical scale is specific loudness {sone/ERB).

FIG. 14a is an idealized chart showing: L [/] as a function of Lz} for
typical AGC. The horizontal scale is log (Z,[¢]) and the vertical scale i
Tog(L,[t]).

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

FIG. 15 is an idealized chart showing a typical band-smoothing
function for multiband DRC. The horizontal scale is bamd 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 irxvention.

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.
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vertical scale is specific loudness (cone/ERB). 15 FIG. 14a is an idealized
chart showing: Lo[t] as a function of L;[t] for typical AGC. The horizontal
scale is log (L;[t]) and the vertical scale is log(LO[t]) FIG. 14b is an
wdentizedrahart showing: Lo[t] as a function of L;[t] for typicabOFRRGSzde@38579
horizontal scale is log (L;[t]) and thelvertical scale is log 20 (LO[t]) FIG. 15
is an idealized chart showing a typical band-smoothing function for
multiband. DRBzsT MyheriEonm &l eoating 1§t Aambuprentone vertical

scale is the gain oytput for the band b. . 16 is. a schematic functional

oo gr’a%ﬁlal’sgihéj %‘é”f%\ﬁ%%%ﬂﬁ&%%ﬁ%ﬁ%@ﬁ%ﬁ%?%
po%?ﬁf‘emfgé&% NERYSALRN JnlPrd 1§ & SehaTsRisyBeetianal-block

lagram or schematic flow chart similar to FIG. 1 that also includes
foroampdosdtiackionmdésadntatiphydreekphesranmueing o XEps/ca Tédhe
_ PCT/1JS2005/035579 17 Best Mode For Carrying Out The Invention
INVERPIET through 4 show functional block diagrams illustrating possible

fee(izfégggéﬁe&g% E%eﬁ%%&e@% WONVRISIPIYS Al ayRridferdny in FIG. 1, an

forwar ack implementation examples according to aspects of the 5
audiventinal Refppiitg to tivecepathpte (dfladsegriohpatt fopology ipreresa or

B
O R SRt ARSI g g s
or dengrating‘Simteratedvfiodiitoasiraieram ditesiiodiyableiofSgreratimg such
medShention semeters. The Modify Audio Signal 2 in the FIG. 1 feed-
forward topology example and in each of the FIGS. 2-4 examples may be a
device or process that modifies the andio signal, for example, its amplitude,
in a frequency- and/or time-varying marner in accordance with modification
parameters M received from the Generate Modification Parameters 4 (or
from counterpart processes or devices 47, 4° and 4°”’ in each of the FIGS. 2-
4 examples, respectively). The Generate Modification Parameters 4 and its
countetparts 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. 1-4
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



10

15

20

25

forward topology example and in each of the FIGS. 2-4 examples may be

a device or process that modifies the audio signal, for example, its

amplitude, in a frequency- and/or time-varying mariner in accordance with
wnadificatian 15 parameters M received from the Generate Nbqdificati@msss7o

Parameters 4 (or from counterpart frocesses or devices 4', 4" and 4™ in

each of the FIGS. 2- 4 examples, respectively). The Generate Modification
devRersnietersalcatatdtstisoaptenfar toind Bk S0 2 heasndpeigpatip agsponse

partly in the perceptual loudness.domajn. The Modify Audia Signal.2..
to Uepandsa fighal GRERAD0 SO LIEGHAN SR BradUEch & o g el e

and %9@\%&%%@ Rl Gl b £xameRies: AR Saghdihe AiGitHath

examples, the Modify Audio Signal 2 and the Generate Modification
caio(?&ﬁ%ﬁ&t@ﬂésﬂddiﬁwﬁonmarpmﬁ)emduiis@slmilaadto shmapesiealeadness
ifference between its specific |qud target specific laudness.
and b4 B AR oI FIUBLS] BF BEb SRS My s ©
mafg,ve%&%}raﬁogﬁém%ﬂem@@*@@mf&e Ao Seecisvondnessh
process or device 6 that calculates a target specific loudness in response

pardenthersudiosignahpie inessyeabitipativicpintislomdaate aptregudio
loudness of the audio signal, a "Calculate Specific Loudness" process or
KEeh e

signatRRgobIon PE0RFEFIOKBISE BERETIN & dB\itdS BT EATIIEET
speé%g'i'gdaﬂ%ﬁgsgj%[smg ardiopignalissespanse 18 feaudia sigsiece.

measure o I0 signals such as its excitation, and a "Calculate
FurdgeificatisraRarBmestosi(pytassmtads)teinpuhdo calootstestiievice 6.

modification parameters in respanse to the specific,loud 5 th
InstengopE PEENE OIRHBL! P CHIERIBIPTARGEt Spalficd S EE 6 nay

1ouBRHL %&%@Wﬁ%ﬂ‘ﬁ%%&ﬁi hbwhish pay havenfynetion
parameters. Faor example,’it may calculate the specific loudness of the
schaugigi sitivehaad ieredPrlymndoproesfundond cetb () tnphadeié @ or

asséacr?a%d with the Generate Modification Paramesters 4, or by a source
external to the overall process or device {shown schematically as the
“External” input to process or device 10). Thus, the modification parameters
are based at least in part on calculations in the perceptual (psychoacoustic)
loudness domain (i.e., at least 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 (1} a
lookup table whose entries are based in whole or in 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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specific loudness. This is indicated schematically in FIG. 1 as a "Select 10
Function(s) F and. Function(s) Parameter(s)" input to process or device 6.
Instead of being calculated by device or process 6, the target specific
wioudrméssamay be provided by a storing process or device (SBOWBS2005/38579
schematically as a "Stored" input to'process or device 10) included in or
associated with the Generate Modification Parameters 4, or bé/ a source

15°d shermglh th¢hen imaetio pressesseoicd guhonits chandalio] the (Rd G-

"External” jnput to process or device 10). Thus, the modificati
1 ex%‘&%fﬁé?é\‘i t%?@ﬁ%%%%?%ﬁ %agﬁﬁlﬁgﬁ g‘%i’ ;Egeagtiéih@%? gﬁee}pggc%xpatﬁlaq Ie, 6,
14, 105YRDPRCEYEIIC) doudnsRs samain (be | attegstihe BrechiejondpRysare
and, in some cases, the target specific loudness calculations). 20 The
shovealscimtinasqadtjoanbd escrilsedae sanataitedhis, is SrPLOREAES BY

processes or devices 12, 14, 10 in FIG. 2 example 4 10"
cxp BRI L AL S0 BL G s B AP Ly e g
deviEsPligitly podianimmigitly Fotappiesrotisplisitderiomsneaibéhete (1) a

lookup table whose entries are based in whole or in part on specific
varidmstines saBtipid/prosesespacicvitemeEonaRIMMISdHicHIR AsaRgeansnt

lculations, apd (2).a closed-form mathematical expressi [
O F{ 5 H el D18 6 T BAIERN SRabt LBl el
proceRS i Glaneness: andien afee FHet o1 PAE MR 2R RETBORsponse
PCT/U52005t038579 19 Although the calculation processes or devices 6,

to thé ambothefithrdfiGidnedetivsid Erantibprssbisssizprtionitadarzel spserific
oA o) SFO g SRS el LD oA S et
B e ey s Combincd I aingle process or
signdkvice or combined
As an aspect of the present invention, in the example of FIG. | and in
other examples of embodiments of the invention herein, the target specific
loudness ( Nb,]) may be calculated by scaling the specific londness
( NTb,21) with one or more scaling factors. The scaling may be a time- and
frequency-varying scale factor E [b,f] scaling of the specific loudness as in
the relationship
N[&,t]=E[b,tIN[b,t],
a time-varying, frequency-invariant scale factor ®[7} scaling of the specific
loudness as in the relationship
N{b,t]= ®1IN[b,1],
a time-invariant, frequency-varying scale factor @[p] scaling of the specitic
loudness as in the relationship
N[b,t]= ©[bIN[b,t],01
a scale factor & scaling of the specific loudness of the audio signal as in the

relationship
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variously in multiple processes or devices. For example, in the
arrangement of FIG. 9 below, a feed-forward topology as in the example
of FIG. 1, the process or device that calculates modification parameters

waaegega isreesponse 10 to the smoothed excitation derived fOmATHS EEAR579
signal and a target specific loudnes$. In the FIG. 9 example, the device or
process that calculates modification parameters implicitly calculates
specific loudness of the audidv Signal =As A aspect of the present
invention, in the example of FIG. 1 and in 15 ather exa

wheghibistimeasaiied HeEHABREGN, thE BRGE S |%|‘§§r€oéf§sa(m1f@,sﬂfe
of ti#@%&%ﬁ%ﬂ%{:ﬁ% e%?ﬁkﬁ%ﬁﬁ@%@%ﬁﬂ?ﬁ@ﬁ?a@'&@s&b@@ﬁﬁﬂ@ﬁd,

be a time- and “frequency-varying
usin%%ﬁ&léﬁ%@Erﬁtg@a&@[ﬁaﬁr@pﬁmmsﬁi&liu@mdéoa$mnbi@mélan6r¢s%ip
; , t] = 8[b, tIN[b, t] , a time-varying, frequency-invariant scale fact
partiipE et (e S5EEHe UHBITI NG FBLIERD B T, b In
som§RUANID A 2 {imenierathdresency tenanisala dgcir drili wealingr e
e Spetcific oudness as In the relationship Nib,t] = O[b]N[b,t], or a
audieceledactoramalingaditie apoiSidmaulness offthe csdi signaasaexplaiecd

relationship WO 2006/047600 PCT/1JS2005/038579 20 N[b,t]=.aN[b,t]
furtherdrelovis whesnthipserliagienel Pﬁ‘?boﬂi’aﬂﬁ%mﬁ%‘ﬁl%éﬁ ﬂ‘?% o

: egsur ' ) c ) tiol .
e e e e

usercOmMiNgtiens of apply a time- and frequency-invariant scale factor oz or a
time-invariant, frequency-varying scale factor @[b] scaling,

Thus, the target specific loudnes s may be expressed as one or more
functions F of the audio signal or measure of the audio signal (the specific
loudness being one possible measure o f the audio signal):

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 (A75,41):
NIb,f]= F Y(N[b,1]).
As will be seen below, the inverse function or functions /- !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 Calcuiate‘
Target Specific Loudness 6 is shown to indicate that the device or process 6
may calculate the target specific loudness by applying one or more functions
in accordance with one or more function parameters. For example, the
Calculate Target Specific Loudness 8 may 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
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5 particular scalings. Examples of such multiple scalings are given below.
In some cases, as explained further below, the scaling may be a function
of the audio signal or measure of the audio signal. In other cases, also as
wexplagnedsofurther below, when the scaling is not a function ofcammeasussso
of the audio signal, the scaling mayhe otherwise determined or supplied.
For example, a 10 user could select or apply a time- and
ParfigsiienGyinuptiamsealel attonaar moimparkianbutirezjiemjvakfalg into

scale factor Q[b] scaling. Thus, the target ifi d b .
onepi@eTE PR B B ALIGTL T of RBEDHE QR Aol Regaacsion

the audio signal {t fi¢ .lgudnaess PRING-ONERRAIRIe MeRRIiRt

paf%%%ggfb%gﬁa :%ﬁgﬁtﬁgj{%m[b,ﬂ) . Provided that the %nction or o
fundiippsdalmigvatible, dbeospeteiiovihonessliimalyofaties wsndified
audio signal may be calculated as the inverse function 0{ functions Ki of.

jo
repies eaFgRPBRLING (HUERSBINES EP}?%%%%]@%YEP“(ME RelsEshmnssiiic
en below; the i i f [ s gal i indi
Lo R e TARRed S ndioated
aboSeleThuNaiieésy Biid Feratipie desriterGelpunind CrttiapeTasger e,
Specific Loudness 6 is shown to i te_that the device. or process Gh that

4
thodegioaiaele g dgicd YOUHE A BB B R GHE P Hrore

e oF . _ ‘
theeléz(%%%% }ﬂ%ﬁ dg a%%?g %@?g%%ﬁ%@%qa%@s%ﬁm%@%%% HBherent

_ : pecific Loudness 8 may calculate the
in faGtBh=or functions "F™ of the specific loudness of the audio signal in

Fn Kb ISF R PUALIh VIC> EGDCAIS Go0 SGH U S eI 51
o< T kR R g ma ke s o
Médmtliarion Parameters 4 (and its counterpart processes or devices 47, 4’
and 4°*” in each of the FIGS. 2-4 examples) is such that the calcualations are
based in the perceptual (psychoacoustic) loudness domain even though
specific loudness and target specific loudness may not be explicitly
calculated. Either there is an explicit specific loudness or there is a 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 andio 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 107, 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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parameters, such as constants (e.g., scale factors) pertaining to the
functions. The scaling factors associated with a scaling may serve as a 5
representation of the target specific loudness inasmuch as the target
wepaoificsmadness may be computed as a scaling of the speedicuermn®sss79
as indicated above. Thus, in the FI&. 9 example, described below and
mentioned above, the lookup table may be indexed by scale factors and
sigexCitatipbs, suehx tiatiite arlodsiontof speviiddaiinkss hnddesgsivbed

specific loudness are inherent 10 in table. Whethe loyj .
el bR ARD U G A RAHE R EAETELn o7 e iy el

itse&?‘@‘%{ﬁ thesopssationofilbezeraie sMedification Patimetens 4{rRntbr
its ountegpart processes or devices 4', 4" and 4™ in each of the FIGS.
pro2esaxgnmebeiCalchltiaivhelifitaiaioRsramassayesastes percepad 0

_ entonatic) loudness domai
in 353l GHELHE FEUEPIEE A ORE SR CEBiEl e, e herel b T
of @%ﬁ%ﬁﬁ?%@%ﬁ?&fﬂgﬁ@g pEdhesB IR ItionRs IMBHsHISPesiic dopdessch

_ ,_elt.h_er_ there is an explicit target specific loudness or there is a
provetisnal dievptieitdarghnsperifiodfication pardngipisdbat tikedhalation

_of modification parameters seeks tg generate . modification parameters ..
int R ERTRECHEBR BUEIGSSGNRN 5 SRR LFAIEEE QOiRHR dfie feading
“N| 1%9'1*?&3153@515% get spesiiclondprssonaakybackREViMaMETon of
aving a secondary interfering audio signal, such as noise, the Calculate
patvepifieatitic Raudmetersdiiendiss 25¢tahterpwaprscedsasivierigons
~ 10, 10" and 10™ in each of the FIGS, 2-4 examples, respectively) may
SicBR SRR SPVoHal PRSP LR SLBSALY
Paég{ﬁ%f%@?q g“d,@ sigpaher he,secoadasyiMedring:sianshrdieaiassane pf
its Inputs. Such an’ optional input 1s shown in FIG. 1 (and in FIGS. 2-4)
Spudilie Desdeedsart ek findasuri @ prsassadurdeniederhgniieor a
2006/047600 PCT/US2005/038 . .
“Calculate Apprommatsmn 0 %arggf? Specific Loudness” process ox device
14 in order to facilitate the calculation of partial specific loudness by that
fanction or device. In the FIG. | feed-forward example, partial specific
loudness is not explicitly calculated — the Calculate Modification Parameters
10 of FIG. 1 calculates the 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 thre Audio
Signal Modifier 2, reduce the difference between the specific loudness 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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22 signal may be its excitation such as in the example of FIG. 17,
described below. The application of a measure of the interfering signal or
the signal itself (it being assumed that the interfering signal is separately
wayaitahble:for processing) to the Calculate Modification Parametarsoos/o3ss7o
process or devices 10 5 in FIG. [(an& its counterpart processes or devices
10", 10" and 10' " in each of the FIGS. 2-4 examples, respectively)
the ReiffitscasuitbicesfigurethguihieprodesootidelicancedhteithteF1G. 1-4

modification parameters that take the, interfering signal intg account as
CXaIERIB R IO, LRk 1B RE R PR S AS HRB FO AT e

exam HEIGS. 2= lagl : j ifl :
plur g e e~
varyonbyfidrée sagpeaiivel GalpylateIRdification aRard mecdes TR f1l@es)or 10,

but also to a "Calculate Approximation of Specific LQudness of
UrtAeeiRBE RISGSIST s 34 S ARAEEER b THFONSE Qi isaRne reference

nun%rp erﬁf@%@i%tﬁgiﬂ’%eﬁu RAlfG: 85 NOSESRREERYSR I kARl to

o0 facilitate the calculation of partial specific loudness by that
anoflcipbibeee seeri inghad Kanifeetbfonvamhiexambld} pfetzn epatifiterals

loudness is not explicitly calculated - the Calculate Modification )
beang AHeNs SUTDASHFIE7-Eonldat S A AT SRR ST R o rocess i

st I YRGS (G PAUR SREAIE BuaBRABhER BlP B eAAHE r
approximate the target 20 specific loudness. This is explained further
othdvelovntingehtheaheading idmiSerddompensatid ! préemiéshedrabovethkseof -

mentioned above, in each of the FIG. 1-4 examples, the modification
kPR NIRRT AT BE P RE A BRIEYAFBY (RETRAG ASRRgpment Of

the gégﬁiﬁﬁﬁ%aﬁg%ﬁﬁq@ fferanse %w\f%% %@g@gﬁﬁﬁ@d@%@%@%&% am

al'specific ess of the res g modifi udio and the target

. exaspgsific fohiitegss idediy, shenapesifitstoupptisd 0f thé/fodfffed adidiSignal

signal closely approximates or is the same as the ?rget specijfic loudness
evice 2 also receives

procepper device 2 in a signal path. The process or
the modification parameters M from a control path in which a Generate
Modification Parameters process or device 4° in a feedback arrangement
recetves as its input the modified audio signal from the output of the Modify
Audio Signal 2. Thus, in the FIG. 2 example, the modified audio rather than
the unmodified audio is applied to a conirol 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 fanctions and or devices: a “Calculate Approximation
of Specific Loudness of Unmodified Audie” 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 audzo
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modification parameters M may, for example, take the form of
tune-varying gain factors applied to the frequency bands derived from a
filterbank or to WO 2006/047600 PCT/US2005/038579 23 the coefficients
wal 2utisessarying filter. Accordingly, in. all of the FIG. 1-4 exampligsees/o3ss7o
Modify Audio Signal 2 may be implérented as, for example, a plurality of
amplitude scalers, each operating in a frequency band, or a time- varying
signiltby(epp] v meuttitajipetsel Rufittdn on & ddtifotesprofifier| 0B drass sncpartial

elsewhere in thi nt, th f.th |
SPOG R ATUIARS (00 R R R o R R 12
maya&qmﬁ%[fg erﬁws@m%sm rRieaReaRMMeR Referrneandicated

numerals bearing prime numbers {e.g., "10 ") indicates trllat the device or
schepnacisdlis isifllar dr sttScletarfuactio R s titay Hefa naodifoanielhast(s)

o e o M
of Tgl?&@ o e O Mstead-fauvad examnle ehidffalimaynkesRalized. FIG.

such air example in which the audio signal is also applied to a

JoudveifppaticeSigmati fiedcesk os devidhe incdifirdiapatio Sigagho&asdior
device 2 also receives 15 the modification parameters M.from a congrol
SPCMITHARH S BRSO OO e AP BRI BTN in

N e e L N

unnthéifediifiediadimeatied tharape onmudiied alitio faegslizpeedfzccontrol
oul e Mg Ain Sa1a 2 o e o et
i sas Beviale el poesan st
Modidyidesdin"Siainalate ragpooxdihetidiifofcBpe diitw oeml tbssspetim boifibss
or tfﬁaugig’;iggos%eesgif% ?oeﬁ/écn%slszbﬁ the modified audio signal and the target
specific loudness. As mentioned above, these modification parameters M
may, for example, take the form of time-varying gains applied to the
frequency bands of a filterbank or the coefficients of a fime-varying filter. In
Calculate Modification Parameters 10 practical embodiments the feedback
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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25 "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
wibedometiomor functions F is invertible, the process or deviag-¥&1s2005/038579
estimates the specific loudness of t& unmodified audio WO 2006/047600
PCT/US2005/038579 24 signal by applying the inverse function F' to the
spaeifindatidnessabavartiay pe dific dofionessdifthd baokifiewp rdrntagieal.

The device or process 12 may calculate an.inver. [ y
exangplesiBE ARSI OTAICIETHERLABAAZERIM gnyl?,f(él{rg%'z%ﬁgf 4 '%?é’l‘é’c wo
exarH{ECEH A A ){xﬁeﬁﬁgthﬂéf?“%(%hé PRINSIEHS) 4 IBRYHIPIBEORESS Bhe

vice 12. The "Calculate Approximation of Target Specific Loudness" 14
FIG@f@g@iﬁS%ﬁﬂﬁdﬁpia;iuggthe{ﬁpm“gma&)mm néss apphedatcpdefiditydnedin
_of the modified audio signal. Such specific lo ' ifi
SO\ BRSSO TGoH B o> g e AEE BN EL PR
roximatio ifig-loudn fihe.l ifi 10rSi
P D aiion S ahe tar o areaite Jooe A e o Pee cach
receSaltdaieMogifieaiinf Rpsantietsis ] tardbtive muatificdtiondpasagnsterdn

M, which, if applied to the audio signal by the Modify Audio Signal 2,
boltyEi e A PR o Yo A A CLEBR e B o P

oudn ieg: aydio signra ?ﬁrﬂ&} i ]
Moéégﬁﬁééofg%zll{)%%%gtﬂesg Erjngzﬁificét{i‘%gm ers M %%gf/w ﬁé%%?rﬁp%&al
to rdakedhadatitrefditoe veryisgngains pegifed ouhec fre qubimdy agdseof a

i RGO B EFARAE! 300 BT GO R BIRLEH loop
oy iee  SE T oA sppicalat pedl
or devidonmenihmdhgia severldiynctions and or devices: a Calculate
Target Specific Loudness 6 as inthe FIG. 1 example, a Calculate
Approximation of Target Specific Loudness 14, as in the FIG. 2 feedback
example, and a “Calculate Modification Parameters™ process or device 107
As in the FIG. 1 example, in the feed-forward portion of this hybnd feed-
forward/feedback example, the Calculate Target Specific Loudness 6 may
perform one or more functions “#”’, 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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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
w2isudna@ss 14 may each also receive as an optional inputra Bieses0s@ast 79
s_uch a secondary interfering audio®8ignal or the secondary interfering
signal itself as one of its inputs and process or device 12 and process or

loudiﬁggéﬁf_lém;@gm;h avedewite | 1Mo prervandirdife hadrisatene modified
audio signal. Such optignal input i ' .
Mo Sl AP R A S I A e
app 141 fﬁ%’éﬁ?&%%f% shdMpRITeNAaIHiD Skamaplesretiaspahts of the

Invention are possible. FIGS. 3 and 4 show two examples of such

diff&rme&: mtﬁnzims éhﬂ e @il omdness ekdmpreanadifedaudnsiangied
example, the_audio._si lis al li i ' '
R T R e
parARBS RISHAY I Cx 3 APR Al TG £6)i0 cespeativasanialiinta pptied

receive both the unmodified audio signal and the modified audio signal. In

to ﬂ&etfgfgaﬁteypam oLaditisimnkeoMbeifositn Sighal 2 SRcCERSfLie
odification Paramet 4" 4" ivel ' i0.Si

g T SR B R R iage

bet %%é‘%%%é%%b%ﬁ& i donnesy whinh mavafkatermatichdreheM.

IG. 3 example, the Generate Modification Parameters process or device
As M omioinetuabsaydmb fplotlmekany tooewsd ey CHcu RSO ES

~ Specific Loydness 6 as in the FIG. .
intox e AL PP S B A o el £ A8 I R o

paSXAMRIE AN A Calcwaie MadificaiRnRatamoni o TRiceeSpatifivice
ar%&. sin the FIG. 1 example, in t?w% feeé-forwar_d portion ?f?[his hybrid
1 olidedsioldardifeeatinaksoxaoriles treag aptiansiTirput s peewe IRl 2

seogxqg}aai{y interfering audio signal or the secondary interfering signal itself as
one of its inputs and process or device 14 may calculate the partial specific
toudness of the modified audio signal. The optional inputs are shown In
FIG. 3 using dashed lead lines.

The Calculate Modification Parameters 10’ may employ an error
detecting device or function, such that differences between its target specific
loudness and target specification loudness approximation inputs adjusst 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 loudress,

" which may be implicit. Thus, the modification parameters M may be

updated based on an error between the target specific loudness, computed 1
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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perform one or more functions "F', each of which may have function 20
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.
win 2¢thedsedback portion of this hybrid feed-forward/feedbackeraisnois;uizer9
modified audio signal is applied to &Calculate Approximation of Target

Specific Loudness 14, as in the FIG- 2 feedback example, Process or,
the fatelbeel2bah dyoratepénifie rqmir@&s(@mpﬁé‘té%liﬁ%@égm lpndpgs s0f the

. ple by calculating the specific loudness or partial specific loudness
modlm Bified audio signal. Such specific loudness or partial specific

lopResFisans apRERRatianolihataregesnetifio/ nddirsbathedargeple
specific loudness (from process or device 6) and the approximation of the

is shoavget Shecifltammtoositiizeotron thosrenwdess 79 @eidudhedsthfom
) progess or devige 14). are applied to the, Calc ificati

e BeRe SAME PR e s,
than e 2ydig;signat ytba MadifbAndie Sigmakad redtes el differendepath.

between the specific loudness of the unmodified audio signal and 5 the

In thtaRjét spesifivipleidss GenareridhedifiselionaamesiicatRrrss of

. parameters M.may, for ex le, take the for -time- i ' .
dev R S TR R B B eSS pcciic
I oudiiags\@rying, fiter fcpractisad stkestinentanihie fetrbatiidoop may

Introduce a delay between the computation and application of the

Appronififistiborogafimetéic Mudnessmétiomssiahe Aliopldypaa the F1G.
T T b O A A
CalchRRIOKIRANGR. of Fadget SReciicn LRy dness [ fembyfaaciralseaecpive as

an optional input a measure of such a secondary interfering audio signal
providébeaeannnznytintetheriGglsighueildial cesiond s aFistid Gnd - the
specri)fri%cieostfd%regg Vé)%etﬁg {nt gg{%gtgut f}ops%étrilae{fpﬁgifiiﬁ the FIG. 2 feedback
example, with the constraint that the function or functions F is invertible, the
process or device 12 estimates the specific loudness of the unmodi fied audio
signal by applying the inverse function ¥~ ! to the specific loudness or partial
specific loudness of the modified audio signal. A “Select Inverse
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 £ L
as described above. This is indicated schematically in FIG. 4 as a “Select
Tnverse 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°7° 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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loudness of the modified audio signal. The optional inputs are shown in

FIG. 3 using dashed lead lines. The Calculate Modification Parameters

10" may employ an error detecting device or function, such that
wdiffenememsobetween its target specific 20 loudness and targett/usze05/038579

specification loudness approximatic¥ inputs adjust the Modification

Parameters so as to reduce the differences between the apprOX|mat|on of

the sgbmﬁghmmmﬁs tolidreensaed tfied amdm skgpat spéditie tatgplespecific

Such adjustments reduce t dlfferenc tween the s ific_lo
loudgesse W H:I e‘&rﬂﬁb%téﬁﬂgsgﬁa% Targit BE% }%nﬁ)uaa%ess 2 \r/]v?l?c?h

modgﬁ%gsrf BRlCH LS, 16 ﬁdﬁ&%@&wf@r@g@rw aber vpbatedrying
ase t

on an error between the target specnﬂc loudness, computed in the

gamﬁeqdpﬁmwm @mtﬁmmmbmdmdﬁadﬁh@shﬁnh@bﬁmmfﬁ!@a@h&@f a

e R e SRR S S

mtro%ﬁf’c%fthQPQS}eéét%Fe%ftiﬁbs&ﬁﬁ@ﬁt%%&ﬁi%fﬁ g carstified ayglio. In the

G. 4 example, an alternative feed-forward/feedback example is shown.
modmmamarpmmmmm%mm@amﬁ Jinethasiasinverse
function ar functions F' is calculated.in the fe bac%é) th rather than th

onviFQRENER! S ATHEEOR ST OB CATISEEING (HIOcI SRS H LS T the
Ca1c‘f1'1%te41\%afi‘ﬁ@a%% GepsrateMogificatinn BarametalaerocppeXigiien of

4" may Include several functions and or devices: a Calculate Specific
SpedidicdhesgBeas mfﬁm%moﬁéémﬁohvaimd)%m c@eliceitie 1@6% as an

Approxmatlon of Specifi dne Audio 1
optiFHe IOREL AR SHAR e o LIS HONREAer PR

e e o
12 may dideulate the partial specific loudness of the modified audio signal.
The optional inputs are shown in FIG. 4 using dashed lead lines.

The Cal culate Modification Parameters 10°’” may exrnploy an error
detecting device or function, such that differences between its specific
loudness and specific loudness approximation inputs produice outputs that
adjust the Modification Parameters so as to reduce the differences between
the approximation of the specific loudness and the “actual® specific
loudness. Because the approximation of the specific loudness is derived
from the specific loudness or partial specific loudness of the modified audio,
which can be viewed as an approximation of the target spescific 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 or functions F*. Thus, the modification paraimeters 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 fuxxctions F° ' in the

feedback path. from specific loudness or partial specific loudness of the
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specific loudness of the unmodified audio signal. As in the FIG. 2

feedback 15 example, with the constraint that the function or functions F is

invertible, the process or device 12 estimates the specific loudness of the
winmedifimdiaudio signal by applying the inverse function Flrtorthez ety

loudness or partial specific loudnes$8 of the modified audio signal. A

"Select Inverse Function(s) and Inverse Function(s) Parameter(s)" input

modidiedadodiate Raepor thinfatidhatkspaidifipratitidssufl erneomienisety
. 12 is drown to, indicate that the, device,or process 12 calc -
intrQRHGRE AP G Lo HBR ROV RHLCRn Ch AR,
parafﬁ@tcfs?s a "Select Inverse Function(s) F' and Function(s) Parameter(s)"

input to process or device 12. Thus, process or device 12 provides as
anaththoirgiuthe theozh fztomeansaiicasiod Pathmetampbesaf FIGS. 1-4

approximation to the, specific. loudness of the unmodified.audio signal. As
wheh, 178 SO P IS B PR TR AR PRATE G o"
diff%%ﬂ\é%%%%%@?ﬁ%ﬁe pLanrieky Yhobigh Hapnlied gihe AHdioraRgket

y the Modify Audio Signal 2, reduce the difference -between WO )
speclfioaN4FEE0, HATHHR2008/estaxinza e bp asificinundisgonhdification

DaraF REECAS TR D06 RS ORISR

iderdREY: farexaeigetake the form of time-varying gains applied to the
frequency bands of a filterbank or the coefficients of a 5 time-varying filter.

In mhmmg’renmm,cmem_iﬁoﬂo|aapam@wfﬁh9mge@rde@yenﬁon,
el ST o e enlesien oL Bt AR i
SR M P o A o T rraions
Patdmusippbsaiidine Nomda et 2240 aikyle aotblideerbasiVe’ 65 an
2004/111964 A2, wwherein the calculating selects, from a groap of two or
more specific loudniess model functions, one or a combination of two or
more of the specific loudness model functions, the selection of which is
controlled by the measure of characteristics of the input audio signal. The
description of Specific Loudness 104 of FIG. 1, below, 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 lonndness (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 loudiness, 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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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
dev[ce 12 may calculate the partial specific loudness of the modified
“@m/sigmml. The optional inputs are shown in FIG. 4 usingrdashsmdeasks7y

lines. 15 The Calculate Modificatior#Parameters 10" may employ an error
detecting device or function, such that differences between its specific

such lavdingiss anchapscfnfBU0ndss afprdrkRatomplsHe ploastessURRIRIER
adjust the Modificatio P%rf:me Is SO as.to redHce the diffegenc

o |

as it B‘éﬁw_é'?eﬁaﬁ%ﬂ(fﬁwgfi it & g AT SR tné acﬁampie of
trans?sﬂﬁﬁﬁflg 44 loudnessyBeransa thearrmyi madanohibaisketliisdquulnessters

erived from the specific loudness or partial specific loudness of the

is showdifie® RG@iG, whidk earehemipwed decaanspritinamsrurmrahset
specific loudness, . such adjustments reduce the differen .
G AL G e R TR LR et L af e

targgrggggﬁﬁ:vyg{gmégg@@{g%ag hgfugction or functions F1. Thus, the

Ification parameters M may be updated based on an error between

th%m%cﬁnmaes?mrmésmmn erenigdd ASikid DAY &F theeariGinal
audio, and the specific,lou i ' j
tom TR LS S BRI SRR 116 SRRHAL Ao e L FpATon

. iRliepegifisiloHsinesR ofdheWR2006(047 AR ificati
pm@é%é%c?{ 5/0955?51?352’51 O f%) Due@to tghe§ feedback });?ﬁtm

paraglioitﬁt'tee:_l m:cazmeng&ﬁmi?sayhj agodube @Xfémﬂ%@t%gﬁ-tﬁemﬁéfab@ Hagd
cation of the modification parameters, Although.t ificat .
0 epAP AL SR TSN AP B & SRS o Rschgon of

o UITSOIUITTLSsS e e teereds: |
loudwaticaresphestimentorthud corBsoriyires mbaireagements make possible a
simple low-cost playback or reception arrangement that avoids the
complexity of generating the modification parameters or of gemnerating the
target specific loudness. Although a FIG. 5 type arrangement is simpler than
a FIG. 6 type arrangement, the FIG. 6 arrangement has the adv-antage that the
information required to be stored or transmitted may be much iess,
particularly when a representation of the target specific loudness, such as one
or mote scale factors are stored or transmitted. Such a reduction in
information Storage or transmission may be particularly useful in low-bit-
rate audio ervvironments.

Accordlingly, further aspects of the present invention are the provision
of a device o1 process (1) that receives or plays back, from a store or transmit
device or process, modification parameters M and applies thern 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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parameters produced in response to the same audio signal may not be
identical to each other. 10 Although not critical or essential to aspects of
the present invention, calculation of the specific loudness of the audio
weigagd/oréhe :modified audio signal may advantageously erfiplyS2005/038579
techniques set forth in said Internat®dnal Patent Application No.
' PCT/US2004/016964, published as WO 2004/111964 A2, -wherein the
is atwsloekaingdicts, HroeasRonh Brnrpdip S8RLSIEPRTHLTORRIELY

model functions, one qr a combinati e ifi
o e BTN GATL e Lo O b e Lol gy e
mofhARaHEh S shaneetetisios ehthecttvtduidisighghaThS wekaliptime 0T
Specific Loudness 104 of FIG. 1, below, describes such an arrange ent.
pro@esaeantaydan AR eITRE AP ecR IS RRFEREB ATt @aﬂﬁﬁf&m‘é’rg“ e'the

audio signal and either. (1), the modificafi
o O R e e e (e
infSealilctersBatiRdmerisiating, @xpiditl provplisiyo tametapersifiGuch
loudness) may be stored or transmitted for use, for exa !é in.a
en@nﬁ@%@@ﬁ%ﬁ@%ﬁﬁ@%@%@@@@%&fpﬁﬁgﬁ. Pne 4
modificatjon parameters, tar ecfi tj
o DL AR T AL Ay R NE e e e (e AP by

theS¥ vingaaafibefeedsdoswardefeedacis wid dydridieeroosssdrs or
feedback arrangement examples of FIGS, 1-4, as described abo

dequisnicn)ay foedIspRee LABARERENE WitoDBBIeH 6D TYPe S¥SiGtess or
devgg%{# %%8;%%3%&%@&% é?oﬁl&ghﬁgﬁample of FIG. 1, is the least

inasmu as it'avoids calculations based on the

mogifieg @udislanpihdiimratiple, of atismittngplestdFigihe, the
unmodified audio and the modification parameters is shown in FIG.

unwhiléfted exudipl rahandiuhirgd iraiondpisacicrs produce%’i’ by, for

example, a modification parameter generating process or generator such as
Generate Modification Parameters 4 of FIG. 1,4’ of F1G. 2, 4° of FIG. 3 or
4" of FIG. 4 may be applied to any suitable storage or transmission device
or function (“Store or Transmit””) 16. In the case of using the feed-forward
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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5 unmodified audio and the target specific loudness or a representation of
the' target specific loudness is shown in FIG. 6. An arrangement such as
in the example of FIG. 5 may be used to temporally and/or spatially
wiepmrateréhe application of the modification parameters to themraushaos/e3gse
signal from the generation of such #odification 10 parameters. An.
arrangement such as in the example of FIG. 6 may be used to temporally

deﬂmﬁgor’ﬂwmﬂwfmiampmmn&g@mmﬁmém igaaiasnoitteckin any of
maodification_parameters frgm the generation of the t t. ifi
varigHaELKor HoprESRREN o BB PG DL ST SIS e adaca
ihle:a oSimple laY-Gesiplaneach 8y IBcspipmalspagemepathaiavoid
acc%ﬁﬁs Sé g)%)ty é?%len%e%rtgtfng tr?e mgg’dification Szgrameteg?gr of Yo
chageedyatineytheayabgatepenifigriniinels. aeslashia the. agise they may be
arrangement is simpler than a FIG. 6 type arrangement, the FlG.
S ST T i SR T
aud?b té?g':? '%fﬂ% £ JRYERRSSRB BRI YEhensa rantgssakdieotablbe for

target spe loudness, such as one 20 or more scale factors are stored

exa@ﬂﬂ@gﬁyiﬁeﬁeﬁuﬂmam&h@iﬁn e infodifigrihongrassoeteandhenbisd to
may be particularly useful in Jow-bit- rate audi ' ts. Accordingly,
the AR SRR SCE T ORROH a HHE BrolIS O ALRe or
Wh%&%%s&(ﬁbi%téﬁggwﬁ%&&w@yﬁmmg AcslqrE O lepsTaib@S«leviable

or process, modification parameters M and applies thern to an audio
by sigmalthat is also received or (2) that receives or plays back, from a store

MBI R R ey e
oo S OB eomesonon g acon o
therengivedperifiainemsenahbaapivisdtalksyckudtaid ssdeiaee or
transmission device or function (“Store or Transmit”) 16. In the case of
using a feed-forward configuration, such as the example of FIG. 1, as an
encoding process or an encoder, neither a Calculate Modification Parameters
10 type process or device nor a Modify Audio Signal 2 type process or
device would be required and could be omitted if 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. Thie played-baclk 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 107, of the type

employed in the example of FIG. 3, in order to provide modification
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loudness, which may be derived from the audio signal), and applies the
modification parameters M to the received audio signal. Such devices or
processes may be characterized as decoding processes or decoders;
wahesthe dmdevices or processes required to produce the stekethgnoes/msssre
transmitted information may be cha#acterized as encoding processes or

encoders. Such encoding processes or encoders are those portions of
parshedtEIVL thatnangtoerticapphgddaiictifushviiadigoabce, thé the

inf ti ired by th ive decodi .
typE GEARIEHBTE DI CEABRIE A N ens Mg e G UMIAN A BeAe
bacwig}\%g‘é?u%@% Besf%rgil"&??ﬁa?ﬁtggﬁ@@iﬁ@lﬁaﬁéﬁ%ﬁ@éﬁ&n&es the

reproduces sound. In one aspect of the invention, as in the example of
tarddCapfedife: wudedified Borlialsigam anththenmogticativripayireheiaa|

produced by, for example, a modification par ter generating.proces
mogigRaPRiRsARIPHY Y BVeIG AfHHE oﬁ%ﬁ%%%ﬁ&ﬂ%%%& ‘1‘?3“‘“’35
or rg%%%el%aﬁb?f ﬂ&egioﬁlaiyﬁg G tnanPoBriHed 18 anealiadiag

storage or transmission device or function’("Store or Transmit") 16. In the
procase of eainodbedéeueidart casanpbtetybEl Ghe target sncotiing jnudesss

or an encoder, the Modify Audio Signal 2 would.not be reé%uire to

OT TEHBRERIANOThHERT RIS ZRET OB BETL B IR SATRhERS feihs loudness
or rgﬁll’%g%g't%%tﬁ B{gf’%@ﬁ? e medifindiaudiophihe, demaeratosSRIE encoder
T6Baton © er or nco

€ enco ding process. The Store or Transmit 16

of aYIIGI Zehfongkadnptenanle syfiablapmyndtiviomicatocalchdatatkin
storage and playback devices or any, suitable wired. or wireless

DIOGRAEAN SO BIET b BidH HevicdIdn b RRESEST RBOBSAG el Sl fr -
A _ _ et b

B e Ay

trafiienRIaMples:ofdG&ibds inaysleFur mxaiifiplieeipiapetbbatiooedecived

audio signal so that its specific loydness approximates the target specific
transuHES ASTOHAEIRRHPDBRARSIRB AL AIEH hd T AR 11

s¢ a%%@%ﬁf%\%?r&annels, it may be steganographically encod ed in the
audio, it may be multipiexed, etc. The use of the modification parameters
derived from the stored or transmitted target specific loudness or
representation to modify the audio signal may be optional and, if optional,
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” informaation is the
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WO 2006/047600 PCT/US2005/038579 32 derived. The modification
parameters may be stored or transmitted in any of various ways. For
example, they may be stored or transmitted as metadata accompanying
wihemeiossignal, they may be sent in separate paths or charmpisssieyiss7o

may be steganographically encodeétn the audio, they may be 5
multiplexed, etc. The use of the modification parameters to modify the

resubusfiarsignalgraydie flitonaBamboidoptiotsalebeiihasbhatorb ssglkttable,
for example, by a user. For e ﬂr{r_%%, the modification parameters if

ﬁlte%ﬂ@dl%plﬁ@s %Q%? uce the dynamic range of the audio
Si . 0 ; - b
Sjggamibj%t%% LA0kIR BBINY SHEN XBRBIFGRESdHGEaR Gould be

user. In another aspect of the'invention, as in the
aspeexaitie oivBiGnikenbodiodified fecib fsigwardrdringemputtspbeifio first

loudness or representatign of, the target specific loudness may be applied
ass AP UL e o LSS 0I5 BRSO L tATE or
_ o : ] . )
NI e S D o it
bands Cadpiiat® Mo difichiionsPardtipte sutuigpprodess viadliterhernk 100,
Modify Audio Signal 2 type process, or devi Id b i d
cooh o S e e L T e e
variBIRAIGRROR PRIAMSIE LR L foAdilad RO {dARAR, IR hehs the
spatial location of the encoder or encoding process. As in the case of the
banGo 5 exarbpledthe iSicherct Tigmamisldesmabed fusherbeleple my

___suitable magnetic, optical or solid-state storage and playback degvices or
respRRsE Ok ABR AR BSRFE Wﬁlﬁ‘s%é%léﬁgﬁ% ot AU 4SS

FileSRRice thrreotiaatbaing Gitigaliniberaventionsd e plsvasthaskacabon of
received target specific loudness or representation of the target specific
the Imsilaessonzycanen hethppiedraiong Thih ovéruwmb e Aligoinhe
Analysis Filterbank 100 next passes into a transmission filter or transmissiors
filter function (“Trarxsmission Filter”) 101 that simulates the filtering effect
of the transmission of audio through the outer and middle ear. If only the
ioudness of the audio were to be measured, the transmigsion filter could be
applied prior to the analysis filterbank, but because the analysis filterbank
outputs are used to synthesize the modified audio it is advantageous to apply”
the transmission filier 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)”) 104, Specific loudness is represented in units of sone per

unit frequency. The specific loudness component associated with each band
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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
WY @@EEGH4 7600 PCT/US2005/038579 33 parameters M thaTsapaherss?s

be applied to Modify Audio Signal 2%f the type employed in the

examples of FIGS 1-4, in order to modify the played- back or received

is pa;mgdmjgmgbs@ﬁhduwsp%&anhﬁ@@gglaﬁpmtﬁ%@é e iesr§ebbpecific
lqudness,of arin in.the ' i ificati

ModHfiotelelfere TerS AOOON e B Sp R Seghen

spec/RRRRRMALOAAhaea! maphe masidradimotiained isprEicddiness,

_process or encoder of the FIG. 1 example type, the target specific
whidbusireessling repassaspaton tibedor oseit abﬁ%ﬁiﬁ%ﬂkﬁﬂ@%{f@‘?ﬂg@t

specific loudness_pr representation thereof ' [
runc BRSSP T R ety
entit{BPPONTAIORS AR Galsaed N, Puee STe b divicr ot IS, @anate
3 and in process or device 12 of FIG. 4). The target specific Joudness or

indepeprssdiyaoioasbrbenthay B FERE CHHh SHiRIETH SRR ween
ways. For.e le, it may be stored or fr '

ar a%g@rhﬁmi&%?ﬁ%%&(&é&?\% A l_flﬁlgygée sggég?éj% epﬁaéraastgé g%&ths or

conrfé@i@g?lﬁaé% m@rt@mgaeggﬁan@aﬁy gnsadsitin thifeaudidaltimanbits

_ multilexed, etc. The use of the modification parameters derived from the

inpussdhedsonathenienseitaripat Sieauitio R Ba8ss GBS BRAROR S HowRP
the, apdio signal may.be optional and, if opti , | e :

o R LS SR b ety o
solvBRIamalss d-aprlird vdthapudiv signpl igheteduedhene waamihaanegeds
of the audio signal. Whether or not to employ such dynamic range .

to beetptiihtcoedibbsatbofiie oyaas et ﬁe‘hﬂﬁiﬁféﬁwgﬁhﬁgb@fégﬂé)&dged
order {6 ?&%@%ﬁ%?@g%%%@& éapecifzc loudness into the target specific
loudness. The Gain Solver may be implemented in various ways. For
example, the Gain Solver may include an iterative process such as in the
manner of that disclosed in said International Patent Application No.
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 delayedi by a delay function or device

(“Delay”) 109 prior to application of the gains in order to compensate for
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feed-forward configuration is the most practical, and examples of such 25
configurations are therefore described below in detail, it being understood
that the scope of the invention is not so limited. Throughout this
waorasmntpderms such as "filter” or “fil-terbank” are used hereirriszinslusers
essentially any form of recursive antf non-recursive filtering such as IIR.
filters or transforms, and "filtered" information is the WO 2006/047600
any RETIYSE0061868b vatlz4hespi bfoppRMiatinieh Mltesnativebyiinsiead of

escribed.below employ filterbanks implemented.by tr .
caloy B S AP Lo PR SO Al B At T T eHeny hebads,
the (RYEYIOR-&RheRed ) &faedifnevardrsathimant tudiodiistobpasses
through an analysis filterbank function or device ("Analysis Filterbank™)

varypgofilhistsephite sreraudidtanped RIR LBtaramponudiipelciibdider. Eor

. __(hence, FIG. 5 shows multiple uts from.Analysis._Fil ch
S TR SO LA o Dot Dieli L GRechBRa 88
empMAHAYSIHRCEARS A aﬂﬁ‘l‘ﬁ_ﬁﬁt@pﬂﬁwfb@ﬁaﬂwﬁlﬁ@iﬁg winiighrssuoibtthet
10 bands to a combined wideband signal, as described further below).
filtemtre fBsimmisand tHomtarasina senimanalsfroguems) v in mactical

Analysis Filterbank 100 is designed to simulate the response at a
embB§ #location of the basilar membrane in the inner ear. The output of

cashyliptivathenboaisiefiienionksinaertinesseidninagy bansamssioned
filter or transmission 15 filter function ("Transmission Filter") 101 that

in theidigitelSivm filerideefadinginahesudisdopsrdgnn isoapatakudhe

. _and middle ear. If only the Joudness.of the audi re to

disoffie FANEFER A b B A oo R, el e A R o

somPeGHISEberRRANIS Ierbanks QRS- thus SR Q SyRERY 2 A das been
modified audio it is advantageous to apply 20 the transmission filter after

apprbe-fitethanisidhe otipeisief fixansovssiasl x[#] in decibels given by

L
RMS ,, = 10iogw(%2x2 [n])

=l

is equal to the sound pressure level in dB at which the audio is being
auditioned by a human listener. In addition, the audio signal is assumed to
be monophonic for simplicity of exposition.

Analysis Filterbank 100, 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 akong
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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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

wiey2aws/ssneothing function or device ("Smoothing™) 103. The ReTeasorSteastss
of the: 25 smoothing function are séf in accordance with the requirements
of a desired application. The smoothed excitation signals are

GlasbbsgquerBpeoBeted. Moayse dicGbiheegs n HasinicloddadesfoT the
function or device ('Specific, Loudness{SL.)") 104. Specific loudness is

P reiﬂﬁﬂé%% fﬁﬁ%ﬁﬁé‘%ﬁi&@ﬁgﬁsuﬁﬁﬁa@#@. g essbséciﬁzc[%%%ness
COMPPREREASPRAIES ik RacH kRt Werd 0644 6Aliches humare

PCT/US20051038579 35 is passed into specific loudness modification
perbeptiion andishize { iBipmroaifipantormanes 81 ediriabALIOStEkes as
its input the original specific loudness and then goutputs a ¢esi
loudRFgR RIS oL, e SE e o A Sl e Seci
NGO, sPReferably A dyeetioniafituesaipat nesificdoudness (see
fredg%e nextgcheading?below, Igntl‘tled "Target Specgic Loudness"). The SL
Modificationi€5equapey ditn haspeHuenigbroéancdaRe bendie fagyz

exist an interdepegdence between or among bands (a frequency

ma¥REARMGELTWRIGGeted by the cross connecting lines in FIG. 7),
dep%rﬂ} oznzmg(gggifqg@f@ercf) Taking as its 10 inputs the smoothed(1})
excitation frequency band components from Excitation 102 and the target
spegifisniptideestation sheShdd dilifipatiory 505} aigalefsnidenitnthish ot any
device ("Gain Solver") 106 determines the gain that needs  to ?e applied d
poitet gheRH HivI wRTREbiERLR.Ihh S FaIpSRANE BRACR SIS BIJEF 1 2P
ansform the meas Hic.| ' ifi :
o B i L e el ency in
he@Xamgigs HR B aindeivey madnsl uitaancddpatiraqgoatng theheainaeal of

manner of that disclosed in said International Patent Application No.
Eqgn. 1:

|
- df =21.41og, (43777/1000+1)  (2a)
HzToERB(f) J,:a4.7(4.37'f/1ooo+1) 4 8ot

It is also useful to express the transformation from the ERB scale back
to the linear frequency scale by solving Eqn. 2a for f:

ERBToHz(e) = f = %10(“2“‘“", (2b)

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

The Analysis Filterbank 100 may inciude B auditory filters, referred to
as bands, at center frequencies f.[1]...f,[Blspaced uniformly along the ERB

scale. More specifically,
S = fow (3a)
f.[b]= f.[b—1]+ ERBToHz(HzToERB(f,[b—1)+4)  b=2.B (3b)

fc[B} < max ? (30)



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 20 may be smoothed further over time by optional smoothing function
war geviegsfiSmoothing™) 107 in order to minimize perceptuabariitactssisis79
preferred that temporal smoothing B applied elsewhere in the overall
process or device, as described. elsewhere. Finally, the gains are applied
wherto respéotidebaod S Bhepaeahysis fike haaky scotiRtstopnk ddpesnde
multiplicative 25 combining.function or combiner 108, and the grocessed

whergr fmctiflediaudi tResyf BHHEHThAh MK SRHEY EAHES in a
synthesis filterbank. function or deyjce ("Synthesis Filier. .
freq Rt SR o B G0 e DA ooy R B 4 pune: the
frequiglay iunglion psdamssn (Relayn d99arIotnmsnblieatios ofthegains in
order to compensate for WO 2006/047600 PCTIUS2005/038579 36 any
5 f.. AdieAeynadsetiatedM00He. g0 doRustassHnRier ARk amstiad of

calculating gains for use in applying gain modifications in frequency
applisabigs) eh&EQhm é@ﬁeﬁ’ﬂ@%%%‘%&@iﬂéﬁ@ﬂlt 8 fficients that control a

time- varying.filter, ' | ippls IRy filter.

JFor S m%’[?éi%}&;ﬁ gf;ép us?tlﬁo% g%&%ﬁ?ﬁe%&?gﬁfﬁeﬂiamly W

charSlessiheling eroniading gapufeaiois dppliddng deguepestédhbysMobegnd
understood that filter coefficients and time-varying filters may alsg be

GlasbergloyeremipiedtivathsBagmisits HFpPashdal &rmidifEns=nter
rocessing, of the audj rformed 10 in the digital domain.
10 freq&e&c d?é%%,%ﬁ%yaﬁéig%r%@ tsgigan%%is denoted by the discrete time

se e nl 'céhphas been sampled from the audio source at sonjg z)
sa%{‘_]beiigr’\% f?é—}q \gfgéy f,. It is assumed that the sequence x[n] has been

wheg@ppropriately scaled so that the rms power of x[n] in decibels given by
RMSdB =101ogio C _: x2 Gil

Y S L] (4D)
R AT
47.1b] (4c)

P ERB(S.bD
15 The magnitude responses of such B auditory filters, which approximate
critical banding on the ERB scale, are shown in F1G. 10,

The filtering operations of Analysis Filterbank 100 may be adequately
approximated wsing a finite length Discrete Fourier Transform, commonly
referred to as thie Short-Time Discrete Fourier Transform (STDFT), because

20  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.

25 The STDFT of input audio signal x{n] is defined as:

2l

X[k, t]= A‘f winlx[n+1T ]e—J yo (5a)
rz=0
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L"=0 15 is equal to the sound pressure level in dB at which the audio is
being auditioned by a human listener. In addition, the audio signal is
assumed to be monophonic for simplicity of exposition. Analysis
wiallbenbame 00, Transmission Filter 101, Excitation 102, Spedifios2005/038579
Loudness 104, Specific Loudness Mbdification 105, Gain Solver 20 106,

and Synthesis Filterbank 110 may be described in greater detail as )
wherfelloivsharfatypisifeiteindei 100 The tindidiesk svg?m i apphied M dnsize, T

) analysis filterbank rfjlter-bankhf ctio "Analﬁ_ils I.:ilé[: bgnﬁ" 100. Each
is theioi S iERa RS Hilt BRAICTEED Y Wi gnBd a0 iR requency

response at a particular location along the basilar membrane in the inn(e5rb
eal_Wigdriterbank 100 may include a set of linear filters whose )
barfwidth and spacing are constant on the Equivalent Rectangular

Baggyuqin{ERB)FBIHRNEYSTAR. 33 defingddyMondexWi@resenting the
2006/047600 PCT/US2005/038579 37 Glasberg and Baer (B. C. J,

timeNsbock, & iBtaSHEYY T aBanposeddact imeamupeidnsh s ach
. Loudness, and Partial Loudness, supra). Although t requency
mﬂl‘@@ﬁ@%&fé%ﬂ%&é?ﬁﬁa %83 Iﬁﬁ;ﬂa%mﬁe r(i‘:gespifel’g)r?’1 ngé?%%@%v@r% f ved
SubREHRMaassin produring ohirstve flaudness msfhsemenhikatditfaent

subjective loudness results, the Bark frequency scale may be employed
paramithaedettatzperdnnandew shanemani dguessy dﬁp%%ﬂ&w@%t

detajtopg W SOERGHIQit 10 LAIMTRER LRSS Seae 5 hehned Loah
and haaxgi%tgawq)fn] be a Hanning window provides an adequate balarice of time
and frequency tesolutionn. The STDET described above may be meore '
efficient using the Fast Fourier Transform (FFT).

Instead of the STIDFT, 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{x] is given by:

N-=l
XTk, 6] = ¥ wlnlx{rz + T Yoos{(27 | NY(E +1/ 2)(n + 7)),

=0

where #n, =£IL§)—+—1 (6)

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

filter or transmission filter function (“Transmission Filter”) 101 which filters
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point along the warped scale, the corresponding ERB in units of the

warped scale is equal to one. The function for converting from linear

frequency in hertz to this ERB frequency scale is obtained by integrating
wheveoipresal of Eqn. 1: 15 HzToERB(f) df =21.4109,0(4.37#¢10604k)038579

(2a) 24.7(4.37f/1000+1) It is also ueful to express the transformation

from the ERB scale back to the linear frequency scale by solving Eqn. 2a

eachforhd 00ahe iERBFdHn @cedrdaogehytlsthatiensmissiow et andie
ERB scale. FIG. 9 shows the relati ip bet 20 the ERB I
o AT TS R R R T DB R S
freqiilBEs felpiadiBampandasalisenierdiagy ?"@R"}‘%&&E-tﬁ%&&@@?@
ca

uniformly along the ERB scale. More specifi , 4[1] = .fmia (3a) 25 f[b]=
freqiibatl ERBToADE 7EepmBE[ks L) elowel (Bbizfeml <ahas , {3eiwo

2006/04.7600 PCT/U52Q05/Q38579,. 38 wh A is the.desi E
foll oS S B AR BRSO e iR TG i 238
stan@5R¥regiTN IR YA ELA X BITA RSB feRfianGies; KeSPREtVeEly. One

may choose A = 1, and taking into account the frequency range over
which the human ear is sensifivejfofi@mayset 5 fm;n = 50Hz and fmax =

20,000H . With such pargmeters, for example, application of Egns. 3a-c

yiOROHI£:40 SOTRGH AR TSR hAB UL IGH SLSEAs B damure
of tHRHSHANY Ei%ﬁdﬁa%%ﬁhﬁ%t&ﬁ@@z% RaeHngRePanentaliisrion, as

suggestedby Moore and
Filierbank 100 afier appplication of the Transmission Filter 101 is needed.
This time and frequency varying measure is referred to as the excitation.
The short-time energy output of each filter in Analysis Filterbank; 100 may
be approximated in Excitation Function 102 through multiplicati on of filter
responses in the frequiency domain with the power spectrum of the input

signal:

LS Jrr e P e (7)

E[b,t]=
where b is the band number, 7 is the block number, and H,[k] and Pk} are
the frequency responsses 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 Appli cation No.
PCT/US2004/016964, published as WO 2004/111964 A2, describes two
alternatives: an auditory filter characterized by a 12 order IIR 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 F in respective ERB bands b per time

period ¢,
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Glasberg. Specifically, the magnitude response of a filter with center 10

frgquency fi[b] may be computed as: Hb (.f) = (I + pg)e-, (4a) where a-

f-filb] [b] (4b) o 4.f0 [b] (4 ¢) P ERB(fjb]) 15 The magnitude responses of
weugieBeraditory filters, which approximate critical banding G HEsSERBI38579

scale, are shown in FIG. 10. The filféring operations of Analysis Filterbank

100 maybe adequately approximated using a finite length Discrete

Fourier Transfornfioamfvenitygiegefreineabing Snote Time Discrete

Faurier Transform (STDFT), ause 20 impl tai '
GRS SR AR B P H GRS SO P rA e pa Betow,
it mAyBlé?H@éﬂgﬂP@’ﬂé belisyaddriavidaimerer tempeiat tedelutiemtfamisation
ecessary for accurate loudness measurements. By using the STDFT

to Sﬂé‘@IﬁQQﬁ(ﬁlﬁﬁBﬁfﬁd@ﬂmgﬁthOaﬂlﬁngrm@@p&hfm@‘@gwively

__reduction in computational complexity may be achieved. 25 The STDFT of
in SappthingicaghieRA R a%fﬁﬁgﬂfé%?f%fﬁﬁzﬁﬂ Hofnlx[nz+tTle' N, (5a)O

Ir:;%)(\é\j/ﬁé%?ﬁ%?ﬁﬁ E%%§ﬁ05/038579 39 where k is the frequen®y

_ eblock iri lis the DFT size, T is the hop size, and
whed{ dscfhenaspy Nwindoy posmalisad $ thas walbtids In(abyordance with

the desired application. In most cases the time constants may be
advantageously chosen to be proportionate to the integration tizme of human
loudness perception within band . Watson and Gengel performed
experiments demonstrating that this integration time is within the range of
150-175 ms at low frequencies (125-200 Hz) and 40-60 ms at high
frequencies (Charles S. Watson and Roy W. Gengel, “Signal Puration 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 specific loudness converter or conversion function (“Spectfic
Loudness™) 104, each frequency band of the excitation is converted into a
component value of the specific loudness, which 1s measured in sone per
ERB.

Initially, in computing specific loudness, the excitation level in each
band of Efp,t} 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}

E 0,11 = T4 (BB, 11, £.10D) -
where 7T,,.. (%, f) is a function that generates the level at 1 kH=, which is
equally loud to level E at frequency f. In practice, Ty, (5, /) is implemented

as an interpolation of a look-up table of the equal loudness comtours,
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"=0 Note that the variable t in Egn. 5a is a discrete index representing the
5 time block of the STDF'T as opposed to a measure of time in seconds.
Each increment in it represents a hop of T samples along the signal x[n].
wBubseguent references to the index it assume this definitiore Sis@005/038579
different parameter settings and widdow shapes may be used depending
upon the details of implementation, for f, = 44100Hz , choosing N = 2048,
normiBEzZE0D4y b anrhnavingsiofflten Hamnisi UARIS HPosiiey alcaidel i at
balance qf time and.frequency resolution. The STDFT .described above
L g ke AT e PR T

ranstorm (FFT). Instead of

thg‘«}é&'%ﬁé MadifisdRisarstedzoninaidansionn (MBRRzdaybe

utilized to implement the analysis filterbank. The MDCT 15 is a transform
CONTH ARy aiFed]N,pEbod pi(ial @livid) Mok such as Dolby AC-3. If thd 10)

disclosed system is implemented with such perceptixally coded audio, the

whetishlgsa Toaddeds, sibab@isriBAEH IMTOURRSEIGH #e8)PBRSHoPL 2
efficiently implemented by processing the existing MDCT coefficie f.
DT RSO A SHERSLS ST NG REEENES Hortoh D SR s 20

.. filterbank 20 transform. The MOCT af nput ToR~ lsis.01
ot RO AT S e T (L B ey ol et
signdN/Batd [rernasaliv Hpeibansizeld iPCHDAER 20 e @ ket ylomhiithed

the transform length N so that perfect reconstruction of the signal x[n] is

as WHOSMIBH! D3 T94dsARsisseribes Foteginaiaue (s cAIERIANGE P& bRATO™

100 are applied to a transmissjon filter or transmission fil TolzH
the SpEFARLAIBREPF RO ST &ino Geocrtset HHIREWREH and
“wideband” signal models in greater detail.
The narrowband and wideband specific loudness values N, [b,¢] and

Ny,lb,f] may be estimated from the transformed excitation using the

exponential functions:

o fug
E o [b,t] - -
nd 22+ 1A - E 16t > T0u
N wlb,2]= G{( 10y, ) p Puelbd> (11a)
0, otherwise
( — {b ] BwE
E byt o
- -1 s E 5 b"t > TQ Iz
Nyylm, t}= GWBL( 10, . J } i o (”b)
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) T0,, equals 4.2 dB.

One notes that both of these specific loudness functions are egual 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 accorclance 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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WO 2006/047600 PCT/US2005/038579 40 each band of the filterbank in
accordance with the transmission o f audio through the outer and middle
ear. FIG. 8 depicts one suitable magnitude frequency response of the
winemssovissian filter, P(f), across the audible frequency rangep{dhes2005/038579
response is unity below | kllz, and, &ove 1 kHz, 5 follows the inverse of
the threshold of hearing as specified in the 1IS0226 standard, with the
widbeskiofd ol Tk tspegifitsetgcsion b £x peoieiion A 02 s 3 for
compute the loudness of the inputf?éjglrio signal, a measure . of the audio

the sigrralsped A SR CHE ARG BPRBOSREASSTAET SRR 502!
aat§ 55 BRELERIRn 8 e digemissian s Ml needed. This tine and

varying measure 1s referred to as the excitation. The short-time
enexgy SetpuiatRatiefilteuinpAnaliaisiFisybeific 1Bidrgshehould be equal

o approxima{;d#g@%gé{%ﬁq:{uncti% b%ﬁ%%f ﬁgéou%h ngﬁ)égla#&ﬁﬁ gflt?%ﬁgé dof
15 si I: N-LE = I i = i .
el S R P g it ki e

ex dremuRNa% cRSRRRIBS e the Bluditngyi fitteri and tdrstriissithrfittepld of hearing

respectively, sampled at a frequency corresponding to STDFET or, C
is oproloplpidistic threrbald KE1R RO FEHRS AFRE TR ﬁ%&&é%%%@g the

. ofthe ditory filt ifi i q = y H&eﬂl
A
surhnBlisationdimaPe TIE2A04i016 864 puplishiwaidioidootontsedmhe

dmdescribes two alternatives: an auizll itoryelg %tg‘[; (ihar ggsriszﬁgnté A gnlszwi {qﬁgs
nseshamication, augmenting the sp ou

property has the added benefit of making the gain solver, discussed below,
behave more appropriately when the excitation is near threshold. If the
specific loudness is defined to be zero when the excitation is at or below
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 valuess of excitation greater
than or equal to zero, as suggested by Moore and Glasberg, 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:

-

7 QlkHz

= T
b,t .
exp{ K (.. IOg[%g_[iﬂl) +C NB} }, otherwise
. L 1k

— _\ PNE \ .
Gm[(——-«w%w’” J By 511> AT0r10

Nyplbtl= (lic)
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25 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 t.
WYD@6G/@4 7600 PCT/US2005/038579 41 Time Averaginge{'Buseuthing)79

103 For certain applications of the disclosed invention, as described

below, it may be desirable to smooth the excitation E[b, t] prior to its

transformation t cif{g loutihess, For example, smoothing may be
performed re @\Z{S—&Smi oethiag function 103 dteetdiftd k.
equatjon: F[b,t]= [%‘%}#{1 Ab)E[b,t], (8) where the time constants Zb(ﬂd)

eachsb%rid b are Fec ed ingecorda je withjth%desired application. fn

most cases thex{inne, constg advantageoushaiesen to be
proportionatej to the in gratiormmfeo humanr 10 loudness perception

within band b. Watson and Gengel performed experiments demonstrating
whetbahthipintegratids ineatieniiirome rhgexp BB 75iMEas [Ban one, and

frequencies (125-200 Hz) and 40-60 ms at high frequencies (Chatles S.
the cmREa A ARGV AT IR DI TR AR (SBIEFR dGUHEP A

o SRR O RS B e e o

104, %§%§8@ﬁi‘8T:S'@&ﬁés%?fﬁ’e,eEW&%BWGEM’N%@M%SQ@FH@

Loudness 4, each frequency band of the excitation is converted into a

giveﬁ%‘gﬁ‘%eé.ﬁmadﬁet}% thesifeciininepessrudictlibansissared in sone per
20 ERB. Initially, in computing specific loudness, the excitation level i

each] bazd\iﬁf),lﬂb,t] may be transformed to an equivalent excitation- IZ\%I)
at 1 kHz *

Specific Loudness Modification 103

In the specific loudness modification function (“Specific Loudness
Modification") 105, the target specific loudness, referred to as Nib,t], 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 contro} (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 Eqgn. 23 and its associated
description.

Gain So lver 106
In this example, for each band & and every time interval 4, the Gain

Solver 106 takes as its inputs the smoothed excitation E[b,¢] and the target
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as specified by the equal loudness contours of ISO 226 (FIG. 11)

normalized by the transmission filter P(z) (FIG. 12): 25 E'lwr~[b,t]=

.(E[b,t],L[b]), (9) where T,, (E, f) is a function that generates the level at 1

wazpaioduas equally loud to level E at frequency f. In practieeriizpd(En8s7o

is implemented as an interpolation €f a look-up table of the equal

loudness contours, WO 2006/047600 PCT/US2005/038579 42
specifitnaliced by thestransmdssan fites. Jaansmmatioseth etivgtenttlyvetsr

at 1 kHz simplifies the following specific loudness calculation. Next, the
modspdaficheusindse ineitingahd fiaybercdmputresent the non-linear

N[b,t]=a[b,gNNB[b.{]+(L-a[b,tDNWB[b,{], (10) 5 where NN.B[b,{] and
trang{DTEIB i LSRR G L AL B8 FOSTOME A el

widehand si g\;):/ del, respectively. The value a[b,t] is an interpolati
= i . ' polatiqn 3
fag%?’fgngﬁlf egjr)f 0 and 1 that is computed from the audio signal. Sqalid)
the (MENSERAA ApRlicatian Ne: FGHAIS2004/016964, published as WO
2004/ 111964 A2, describes a technique for calculating a[b, t] from 10 the

spg@g@ﬁiﬁtyﬁﬁpﬁﬂﬁ[&x@}taﬂon. It also describes "narrowband" and €14a)
"wideband" signal models in greater detail. The nanrowband and

Thevidéndrodvepsciith detersinmalieduvns b Pandmenets/ins &, which,
whe ABRIHGE (ORI B G TR et P R s oy
ideallyZ & ethenvisedRiIMBE P47 p@ st Eb Mudndss-, Ib. frab@vesal{blblrain
Solvers determine frequency- and time-varying gains, which when applied to
the frequency-d omain version of the audio signal results in modifying the
audio signal in order to reduce the difference between its specific loudness
and the target specific loudness. Ideally, the modification is such that the
modified audio signal has a specific loudness that is a close approximation of
the target specific loudness. The solution to Eqn. 14a may be implemented
in a variety of ways. For example, if a closed form mathematical expression

for the inverse of the specific loudness, represented by ¥ ™" {+}, exists, thuen the

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

Glb,1] = “PW:E.. (14b)

Alternatively, i 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 wil
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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r ~~ TQ1AFfz 0, otherwise where TQ", is the excitation level at threshold
in quiet for a 1 IcHz tone. From the equal loudness contours (FIGS. 11
and 12) TQ,, equals 4.2 dB. One notes that both of these specific
woudnessdunctions are equal to zero 20 when the excitation#s egjaatofotss’y
threshold in quiet. For excitations giéater than the threshold in quiet, both
functions grow monotonically with a power law in accordance with
v {Siendnbdauiot intepshy sebeatompTiedsfiosn arurdianel AraWband
function is chosen to be larger than that of the wideband functian, making
menijeaad eawiRih i Esh iRBRsASS m%%(?ﬁ&m}ﬁ t‘f?é’%/\?%?%%g?é’&fsoo

.PCT/ thOOS/Oéz A |[deband function. The specific selection of
soahg%p%# ¥SPaR %il(l)’l%sd gré'the narrowband and wideband cases and are

ch@e[%ntt _mai g[}ﬁxpgrglpental data on the growth of loudness for tonglsdc)
and no’isg. Moore and Glasberg suggest that the specific loudness should

SubstaingleGustEnmEd sntat Vdloeinbiban dfizeintaidb tiskicramiciaave
the threshold of hearing. Specific loudness should then decrease
eXPIRSSHIIRAE SIS 87¥8%0 as the excitation decreases to zero. The

i that the thee siaf of hearing is a probabilistic threshold (the
bm.’m&gi—m!’s 50% of the time), and that a number(%aﬁd)
tones, each at thregl%l'@, presented together may 10 sum to a sound that
is mor dible than any of the indiyi énﬁ%t%%m excitation
We %%é;f?&?il ?gaignr%emn%rg é?’ )églé%%g !i%%%%ﬁ%?gs%%unctlons with this property
£[p, PRatharddpddiseatitativakiseahingain solverhdisfossetibalams may be.
behave more appropriately when the excitation is near threshold. If the

comppeeifithonuigie sy Ewitirmadod bidzerawrgnivel extieabhndails wikapt
15 threshold, th ‘ luti in solver does.not exj
ever RERAEURE SOBIEIEH SN SHGEEIE IR Senet T ORI s as

inteffhediate values. Howewver, these values are implicitly computed through

use of equation 14d. Other equivalent methods for computing the
modification parameters through either explicit or implicit computation of

the specific loudness 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 thie Short-time Discrete Fourier Transform
(STDFT) or the Modified Driscrete Cosine Transform, and the STDFT or
MDCT may be used similarly to implement Synthesis Filterbank 110.
Specifically, letting X[k,1] represent the STDFT or MDCT of the input
audio, as defined earlier, the STDFT or MDCT of the processed (modifiecl)
audio in Synthesis Filterbarak 110 may be calculated as

Xk, 0]=" Gb,118,[k} X[k, ~d], (15)

5

where §,[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 the
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defined to be monotonically increasing for all values of excitation greater
than or equal to zero, as suggested by Moore and Glasberg, then a
unigue solution does exist. Loudness scaling greater than unity will
walsagaseault in 20 a gain greater than unity and vice versa.PEiTeUuspesifigss79
loudness functions in Eqgns. 1 1 a afd 1 Ib may be altered to have the
desired property according to: PNII\ G ~[E7[bti J -1] )
syntlEiifﬂ'{%ﬁl}:sAﬂ;Ql TREy BNCh T s ecpsTesgiliea uglzed in the
11J~[b,t]3+CNB I Nx otherwise WO 2006/047600 PCT/|JS2005/038579
anal i, TlbaticL £ 5L 5 DL o TAATEES (LT KGATHCE:
exp KwB(-log( v, TQI[b r'~]~+Cw3 , otherwise T O where the con NtA |
rew@%&f@sw&(h%,%% EADN BT B SR, e e )
nd,C are chosen so t ifi ' ds ftSt i
The (B R R e AR R e Thrier or
modSnssiisdaudnassriimeyerat oy | tatal devdngsa ddissntivsis bysthefanmiliar
of the specific loudness across all bands b: L[t] _ ZNI[b,t] (12) z Specific
to orleosldibirshiMdlde @ation 105 In the specific loudness modification function
("Specific Loudness

Target Specific Loudness
The behavior of arrangements embodying aspects of the inventior:
such as the examples of FIGS . 1-7 is dictated mainly by the manner in which

the target specific loudness #1b,7] is calculated. Although the invention is

not limited by any particular function or inverse function for calculating

target specific loudness, several such ﬁmctiéns and suitable applications for
them will now be described.
Time-Invariant and F) reguency—fnvariant Function
Suitable for Volume Control

A standard volume control adjusts thé 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 thie invention, rather than having a wideband gain
coupled to the volume conirol that results in a change of gain by the sarne
amount across all frequency bands, which may cause a change in the
perceived spectrum, a specific loudness scaling factor is associated withy 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 hteman
hearing model so that, ideally, there is no change in the perceived spectTum.

In the context of this aspect of the invention and an exemplary application
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10 Modification") 105, the target specific loudness, referred to as 1i[b, ti,
may be calculated from the specific loudness of SL 104 (FIG. 7) in
various ways depending on the desired application of the overall device
Wor 20000eB810AS is described in greater detail below, a targetP§pEEHI05/038579
loudness may be calculated using &%cale factor a, for example, in the
case of a volume 15 control. See Egn. 16 below and its associated
therdefctimtiostant’the Saknoinvamansticsgaieadad doabay sy ahaasss in the

range contyol (DRC), a target cific loudne [
set 30 b GRURBAF GAB HbACHES Ty SOOI b CLAS e e 18
userPelquang theirAssesiated degaritions: tefbecase of dypamidime-

_ equalizatlon, a target specific loudness 20 may be calculated using a
1nversﬁtlatig’ﬁ Sojpaststationafigh PEapwive SS86citle i discripRGTSEART
Solver 106 In this example, for each band.b and every time | e
StaiGR Son DS SR RS L THs Lo e e B S e
suchtigel YN Q,2006/04 1600 REdY USRP0b/3EnTE 4h spéiia udaess e

and_generates g_ains Gl[b,t] used subsequently for modifying the audio.
meamm.spmilﬁmlmrdnﬁ}sﬁemm%mh@ﬁé)ﬁdhilinear transformation from
excitation to specific loudness such that N[b,t] = Y {E[b,t]}, (13) 5 the Gaj
go%hﬁﬂﬂ 1} such that N[b,t]=1 JG2[bt]E[b,t]}. (14a)' The Gain %ﬂﬂ
olvers 106 determine frequency- ume: inergay ich,
aﬁgﬁ%ﬁ&@ﬂ% ha rel%lstgff&]}éréﬁé%%énlﬁ}a% sfpgé[%lﬁ::#c Iougggs%@t%;t%g]ly,

acr@ gHalia e dasirad deoRisPERii deusiResscdlepratieaaihtoGdinedd by a
olvers determine frequency- and time-varying gains, which when applied

factor tedrebueitajedsmaimve win bty cRaameesighRsAsBe RSHGHOERing
spezzqgum at a particular time for changes in the volume conirol adjustment,
Tn other words, at any particular time, a change in the volume control
adjustment results in a change in perceived loudness but no change in the

perceived spectrum of the modified audio versus the perceived spectrum of

‘the unmodified audio. FIG. 13a depicts the resulting multiband gains Gb,1]

across the bands “b” at a particular time “¢* when o = 0.25 for an audio
signal consisting of female speech. For comparison, the wideband 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 Gfb,]
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 with a prior art
volume control, and the multiband gain-modified signal as modified 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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audio signal in order to reduce the difference between its specific

loudness and the target specific loudness. Ideally, the modification is

such that the modified audio signal has a specific loudness that is a close
wapmxismation. of 15 the target specific loudness. The solutipottwdEops/ dbdsro

may be implemented in a variety offvays. For example, if a closed form

mathematical expression for the inverse of the specific loudness,

spectfirehrrieddsyef tiic exidts;imh ghin g0k fes) shened s nageety by
re-arranging equation 14a: G[b.t] . i N[b,.t] (14b) E[b,.t].2 i '

Spe e BN SB TR A T) QLA AR ROE, SHiagch ey

cas &%ﬁ@@;&%&?ﬂd%ﬂﬁ%i@ HeRCThitErRlian iR [Hia isuduekpied uringie

current'estimate of the gains. The resulting specific loudness is compared
lowwthithieedeisite il taygen aies tHEvminparcaipadiasicdsbing e fibeabdie as

_ the gains are updated properly,,th il to the 25.dgsired. .:
s oo GG b RIOHEE DAL B D EHe i o apigband
mo el gégﬁmtaﬂﬁ%x%&&ﬂeﬁ%&'&&%@&l@@@ﬁ@m@@&mmﬁﬁ@m

-up table, one qbtains an approximation of the inverse function
perWeprRf0B/041609 REMAL52005/038579 46 T-1 {.} and the gains may then

e SRRCA I slon i e meoonstsale n e

wit]] @é%&ﬂéﬂ?&u%é%%ﬁﬁ&ﬁ'@ﬁ% LsisterkdpraddhenAdoiojserty
yields an alternative expression for the gains: G[b, t] - q _~ s[b, W

of 15&!:1@&3(pé@eﬁ@ﬂ,w@k&elﬁmﬂh@t%mth%%b@éﬁﬁﬁéﬁ@é@biﬁ@y@@@ in
Eq&%?i%lr?sn IO{aT Ie le ,%gat Wit loudness of a signal at any frequency decreases
more rapidly as signal level approaches the threshold of hearing. As a result,
the electrical attenuation required to impart the same loudness atienuation to
a softer signal is less than that required for a louder signal. A traditional
volume control imparts a constant attenuation regardless of signal lewvel, and
therefore soft signals 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. 1Insucha
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 arad
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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E[b,t] and the specific loudness scaling 8[b,t] . Therefore, the gains may
b(_e, 10 computed through evaluation of 14d or an equivalent lookup table
without ever explicitly computing the specific loudness or target specific
wowdness@s intermediate values. However, these values aredmplinitiyosss7e
computed through use of equation®4d. Other equivalent methods for
computing the modification parameters through either explicit or implicit
perceiiiaternofsd BibersphittinibpdimsSnd targerapptifislistindinaiign
be devised, and this invention is intended to cover all such methods.
of themtiveglseFiterbitakionoFis, deseisedabetdha fimes coBHaHhKa B Ean- 8

_may be implemented efficiently through use of the Short:time Disgret
dictateuhemraaieehnthe @Wi‘ﬁr‘fﬁ@’l\%@ﬁé&lﬁlg&fé@&gﬁ%ﬁéhsf%asrm,

nd the ST.DET.Qr T. Iy I8Pte HeRiaat
menﬁu‘?t%?ggen Jﬁg.t. %%%ﬁ%ﬁ?%ﬁ%ﬁ?%ﬁ@ggﬁﬁﬂme A fig? MDCT

the igkdeerinantiavdiof andefinddirhtbes, phecSTGT witMpbanst theand thus
processed (modified) audio in, Synthesis Filterbamo

yicl e B toAS SR SHGID B U DAY I3F b FRPU Bt Bt that i
response of th is fi ' i i

the (R ORI T O A oy el L 8 FRECE, SIRSRAR

theniﬁ%?@@ﬁ?z@ﬁp BGEMRAR038E70 1 hayrthesis Gliers 8 k] raytrecessed

. en the Same as the filters utilized in the analysis filterbank, H,,[K], or
audshey may be modified to provide perfect reconstruction in the absence of

any gain mgodification (i.e., whe b, 1,=1). vFhe fi ed audio
may thennﬁnﬁgﬁaé’rzé’t%% rlé)‘flfé‘%nln’\’/[2 lsieq—jc‘)‘)urIieclér]%gJ ﬁ%ﬁ%ﬁ@ cosine
transform of [k,t] andspygilse-Addmpaiess sz isdamiliar to one skilled in

the art.
In some applications, one may wish to apply a fixed perceptual
equalization to the audio, in which case the target specific loudness may be
computed by applying a time-invariant but frequency-variant scale factor

@[b]as in the relationship
N{b,t1= @[bIN[b, ],
wherein Ntb,7] is the target specific loudness, N[b,¢] is the specific
loudness of the audio signal, b is a measure of frequency, and 7 18 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 Functiove
Suitable for Automatic Gain and Dynamic Range Co ntrol

The techniques of automatic gain and dynamic range comtrol (AGC
and DRC) are well known in the audio processing field. Inan abstract sense,
both techniques measure the level of an audio signal in some muannet 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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Target Specific Loudness The behavior of arrangements embodying
aspects of the invention such as the examples of FIGS. 1-7 is dictated
mainly by the manner in which 10 the target specific loudness k[b, t] is
waalouatedoAlthough the invention- is not limited by any partieuizarstinsiiess o
or inverse function for calculating tatget specific loudness, several such
functions and suitable applications for them will now be described.
level Tinobokoratinntiaet SerkguehcyfieadeneFehciVitty R Eabhe foigusilime -
. Contral A standard volume control adjusts the loudness of an audio signal
gain-BRO A ANAUEBAFRPEB KOS oS BRSO Gt A Loy ol
into s}&ge‘i{@éh%%%?gséh%% edinnted by %ﬁﬁ&%ﬂ%'?ﬂ%@%ﬁ@%ﬁh‘&t
audio is at the desired level. An aspect of the present invention allows for
porticnmotRe padithdacdestivalyhemhsistemiiapotimglsme s usHgen 15

s B R R B T R P
Dy ORE A AT Al FeareTey BRatn TN e 2

ange in the perceived spectrum, a specific loudness scaling factor is
PrepraasGiaedSeithetinb 26 2bidihel 693y dlavjisorient ihsaditisoahat the gain

impl AP heaue ik bancs oo by sh mpun ks,
of auk’fiﬁ‘ﬁirgﬁa‘i%%‘l SPEEH %@sﬁ%&ﬁé@oﬁ@a&& %fr%%@éﬁeahoégﬂaﬂw ign

and arr'exemplary application WO 2 06/047600 PCT/US2005/038579 48
amp] iheteofic chistatite @altinmecidifacemenis Brehdst i laliowdststiasges in

comrels e i (ST S [ A L L SR
of thA"YREaN 1WA SIRUARIVor RIRHRRS AUPRINMARRIEY aRIEARY(SAnd DRC

by driving the gain modifications with a measure of Loudness based on a

psychoacoustic model. Also, many traditional AGC and DRC systems apply
the gain modification with a wideband gain, thereby incurring the
aforementioned timbral (spectral) distortions in the processed audio.
Aspects of the present invention, on the other hand, uitilize a multiband gain
to shape the specific loudness in a manner 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 7] into a desired output wideband loudness Z,[1],
where the loudness is measured in perceptual loudness units, such as sone.
The input wideband loudness L[¢] is a function of the input andio signal’s
specific loudness N[b,r]. 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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5 stationary," "step-wise time-invariant,” and "step-wise stationary." Given
such a scale factor, a, the target specific loudness may be calculated as
the measured specific loudness multiplied by a : I[b,t]=aN[b,t]. (16)
widenassertotal loudness L[t] is the sum of specific loudness Mftitiddos/038579
across all bands b, the above modifiéation also scales the total loudness
by a factor of a, but it does so in a way that preserves the same |
PeRIeiRed ] dpentiditvit dopactienlamthesfof hapieg iAnE oM &P
adjustment._In other words,

) icular ti h i |

an ALGRAIo R en TSR YA AN GE RS ATV ABH By B ot B 2
h in the 15 ived fth i - h
uncGirE Ao e ST RO o RO AR G P SEatEEs (e

resulting mlilt' nd gains G[b, t] across the bands "b" at a particular tir?(ﬁ)

"t" WiteH] &==8-28Tértan audio signal consisting of female speech. For
comparison, wideband gain required to scale the original total

The!gﬂﬁ{be&?%)(eag.‘g%g'%gn@?@g%iﬂdiW@&&E&Om&zﬁt@ﬁ&@m@@m@www

iSalsop ultiband gain G[b, t] increases at low and high
ratidreaueneVdRaRds b gumpddsbanid tredidsteoithaqiapaytbandebmndsligudness
consistent with equal-loudness contours indicating that the humagéear is

to yletd serstipmiasmeidial AREOREy s, 16 283b depiBiStils b gitRPut

widehtel TR BB habOHA SRR Y ok E i i otel
ik e 1rol, ¢

loudpeR G AR CIe SO AR u Oy STRARCAE ME R ARl

Lyﬁﬂﬂé&&ﬁ]ﬁk% peiginalsgaled by 0.25. The WO 2006/047600
PCT/US2005/033579 49 specific loudness of the wide-band gain

mopifiast-sigasisoastohanged (s aspiiiatyshiemeraitis éspsborantemh the
original unmodified signal. In this .
changes in a signal’s loudness, and therefore L;[z] can siznply be made equal

to L{r]. As a result, the scaling of specific loudnéss, given by L [¢]/L,[t], may
fluctuate rapidly leading to unwanted artifacts in the processed 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 L[7]

increases, and the DRC system applies attenuation to the entire specific
loudness. The strings are then heard to “pump” down and up in loudness
with the timypani. 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 perceptuial loudness model,

and therefore modifying a DRC system to operate in a multiband fashion in
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case, the specific loudness has, in a relative sense, lost loudness at both
“the low and the high frequencies. This is perceived as a dulling of the
audio as 5 its volume is turned down, a problem that does not occur with
wiheemsultitsand modified signal whose loudness is controlleddayrgairess/638579
derived in the perceptual loudness®omain. Along with the distortion of
the perceived spectral balance associated with a traditional volume
accorbmntiobtheith evsten sédhecpesbiérnyeptispeisradetivebyghaighttorward
perception, which is reflected in the loudness model reflected in Equations
and if Tt de8eatI6Gdness of a signal at any frequency decreases more

rapidly as siggg leyel.anprpachestherireshele ol eaingsAs a result,

the electrical attenuation required to impart the same loudness attenuation
to a softer signalSaigssthan Batregiirédsgeafondet/signal. A traditional

15 volume control imparts a constant aftenuation regardless .of signal
TR TSR L DA SO BBLHE Mh PASHLEELS hder

freq%%é@jﬁféé%ﬁxﬁ ‘gagilﬂb% | nguéﬂ%%@ﬂﬁ’ﬂléﬂﬁﬁ%ﬁﬁé%ﬁﬁﬁﬁﬁ oS inttevary

e audio. Consider the recording of a castanet in a
indepevateerantwdtimbandbch Bheseardiighthedriairnd tieiss ofline s astaméersenced

quite loud in comparison to the 20 reverberant,echoes, bui it is the.
as ibvelbaRthH ol IHL R I SO LGN e BT g 1 Y
turned down wjth.a traditional volume control, the reverberant echoes

beparpe s 1 tviespect to the main hit and eventually disappear (18)
below the tHrd&Hdld of hearing, leaving a "dry" sounding castanet. The

whelg%#? erﬁgaﬁge}%g%?\% e }y@ lf%?f@g@%%ﬁ GSARPEA AN gESQ(I%tratsd

€'recordings by e softer reverberant portion

in F%ﬁ.thmcg&ma% g Ehgdoudenmrainit syRbakihe: relativand

lidness between‘these settions remains constant. In order to achieve
loudiiss effeqn, iheisnulfinanibgasfgianpunasdiasizney sispeeiiic retad Messs
commensurate with the human temporal resolution of loudness WO,
N[b2N06AKAGORIPE THAS AB0Eie38ETe as the input audio signat’s speci fic
loudness, it may be 2 temporally-smoothed and/or frequency-smoothed
version of the audio signal’s specific loudness.

T"he most straightforward way of calculating L,[5,1] is to set it equal to
the specific loudness Nib,7]. In this case, DRC is performed indeperr dently
on every band in the auditory filterbank of the perceptual loudness nmeodel
rather than in accordance with the same input versus output loudness ratio
for all bands as just described above under the heading “Frequency-Lmnvariant
and Time-Variant Function Suitable for Automatic Gain and Dynam3ic
Range Control.” In a practical embodiment employing 40 bands, the> spacing
of these bands along the frequency axis is relatively fine in orderto provide
an accrirate measure of loudness. However, applying a DRC scale factor
indepenidently to each band may cause the processed audio to sound ““torn

apart”. To avoid this problem, one may choose to calculate L[b,i] by

smoothing specific loudness N[b,7] across bands so that the amount ©f DRC
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50 perception. Because the multiband gains G[b, t] are computed as a
function of the smoothed excitation E[b,t], selection of the time constants
Ain Eqn. 8 dictates how quickly the gains may vary across time in each
wigeredsn4A@o mentioned earlier, these time constants may bepsslastzdo3be 9
proportionate 5 the integration dine™f human loudness perception within

t_)and b and thus yield the appropriate variation of G[b, t] gver time. It
appkbauficbbe questhtivhtdf theengriedasstatitseate ashdsantinatiyropritifepay be

(either too, fast or toQ sloy), then perceptually objectionable arti

schiE B AP e LSSt oo 5 EE NSt e T

speSSIANNEIARL ELRHAn S able B freAFaualsRien tsoRiion

lica , one may wish to apply a fixed perceptual equalization to the

Sumqudlo_, in which case the target specific loudness may be computed by
applying a time-invariant but frequency-variant scale factor 15 O[b] as lflg
the kdfatibrshy@fb 2} ¥LoBiN(b,1], wherein 9[b, ] is the target specific(
loudness, N[b,t] is the specific loudness of the audio signal, b is a

whePSESWe of flequancypaditit foadnessoktief sindicisipisatasel B6b - ¢) is
scaling may vary from band to band. Such an 20 application may be

the beeldldhifeadprapizing, dbtexampleihing dhesn Biltie Jspeepipts one
dominated by speech frequencies.in order to boost intelligibility.

ncie
exapyBlf ehEH #?_&H a?mqqgg;‘@&/ it Function Suitable for Automatic
Gaip-and Bwamic Rapog, GaoiohHesiechnigues:orantamatisioainands

dynaniic range control (AGC 25 and DRCY) are well known in the audio

ﬁxﬁ%ﬁwi%d%%@m@qt}w@cmgaenbumasmmmbm|ef,ehe

an audio’signal in some manner and _then gain-modif%_ahe signal by an
speaifieuitiats avibndtivn by hepgidane on the spectrum otg H‘le augio

)

being processed, even if the overall loudness of the signal remains the same.

- For example, an audio signal with loud bass and guiet treble may have the

bass cut and the treble boosted. A signal with quiet bass and loud treble may

" have the opposite occur. The net effect is a change in the timbre or

perceived spectrum of the 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 [¢}=DRC{L[¢]} represent the desired DRC mapping for the

wideband loudness. Then let I[¢] represent a time-averaged version of the
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level. For the case of AGC, the signal is gain-modified so that its

measured WO 2006/047600 PCT/US2005/038579 51 level is closer to a

user selected reference level. With DRC, the signal is gain-modified so

wihabdbesramge of the signal's measured level is transformed pintousenmes3ss79

desired range. For example, one mé&y wish to make the quiet portions of

the audio louder and the loud portions quieter. Such a system is 5 )
widdeseiibaebby IBabinss) and BuRdty(GhpresRobitisonaveiegadetersion of

Gundry, "Dynamic Range Control via Metadata," 107 "h Convention of the
the ARStrebimGORS;destefber 1240k, modtibRBd YHRYE TRIHHGEEIMY

implementations of AGC and DRC generally utilize a simple measurement
thembauendesitatedadel, such as smoothed peak or root mean square (rms)

10 amplitude, io ﬂrive t in mod%ecation. Such simple measurements

corrgj?gg]tg gegree-fo-the fierceived loudness of the audio, but (20)

aspects of tk{e[ﬂresentﬁﬁxféﬁﬂion allow for more perceptually relevant AGC

d DRC_ by driving the gain modifications wi f
DA B UL HOHel HRLE Wy (A Ao e BRgeme
av e%%fr?%gg RY AR BeRMosHinatm Mty 2 Tite DR gaincthaiabysigned

he aforementioned timbral (spectral) distortions in the
forniacedsedaudioudspects tfahepphsdnt Imashyiotharetrb inseakatback

utilize a multiband gain to shape the specific loudness :
dovaie AV R 8E ! I CT0 BB Te Al S fation
isal] gy ofe-BregsRttiAYfiRpiAre ahatectdrizdd
Of%&[g'] uncﬁ%%%ﬁ%%ﬁgg m%ps an i%%ut X id(::-banof Io%dness L[t
whilléosa tesiretiotipiet prieteain dhdnsesgs] Peiortret e RUfdHEsfsthe

measured in perceptual loudness units, such as sone. The input
audifleband loudness L; [t] is a function of the input audio signal's 25 specific

“loudness Nibet]. AltBopglyil may: e dheinasIr A% dhe inpiizausio
Suitable for Dynamic Equalization

Another application of aspects of the present invention is the
intentional transformation of the audio’s time-varying perceived spectrum to
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 comntain 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 oxder to transform
the measured spectrum into an essentially static desired sh.ape. For aspects
of the present invention, such a desired shape is specified across bands in the

filterbank and referred to as EQ[p]. In a practical embodiment, the measured
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signal's total loudness, it may be a temporally-smoothed version of the
audio signal's total loudness. WO 2006/047600 PCT/US2005/035579 52
FIGS. 14a and 14b depict examples of mapping functions typical for an
wisG@amndsasDRC, respectively. Given such a mapping in whistrhe{tpis/asss79
function of L;[t], the target specific |I6tidness may be calculated as N[b,t]
L'[t]N[b,t]. (17) , 5 The audio signal's original specific loudness N[b,t] is
spesimply shaldd byphesantithefaneraigsispdasiapshangettive (sudie deaformay

input wideband loudness to yield utput specific loudness N[b, t]..Eor
be GARERE G Mo ARG R SOBEHIE ISHLCE L 1 b DeHEray 0%

measur the long-Aerm fotal~| f (0. Jhis. €
e B g e 18 A A T e
mukiBa i RGN IMOCHaR BROBOe Maeitionshoterfeirastically

changes in a signal's loudness, and thereforeL,[t] can simply be made
frosyoak feehf]tathe reexitt, and Hamigrerapasficeatkig fusisy may be

o[tl/L,[t], may fluctuate rapidly,leading fo un ted artifacts in the
apfg?éée@séﬁ%ﬁ%rg. %Eﬁ%n%ésfgiﬂgﬁf%‘itﬁ%% |§ut1ﬁ1:§@d?gle modulation of a
porti 1 ue Spectrum by some other relatively unrelated ¢21
port@%’ﬁ tgg-gg)ctrgﬁ[ﬁgﬁ example, a classical music selection migh )
contain high frequencies dominated by a sustained st%ré%ote .while the
low FeQtAaicie CEEREANE AR 08 HEsh G AR ARV AHEGiBE N

hits,, th I LJt] 20 c :
et SRR el oy RFIARpR A ol RS, SRl C°
Tou (PHEAR A9 P Aad Ui Igvetneass itk @%mgni? [BYrh eyl it

the spectrum is a problem with traditional wideband DRC systems as
thiyvebrandiadanipatselltihape\sivesmpplying DRC independently to
different frequency hands. The system
> Lie.t]

Lylbt]= m EQIDB]. (22)

Finally, the target specific loudness is calculated as

N[b,t1, (23)

E{b,f:} o Egg[bat]
Lgolbitl]  Llbt]

Nib,i]= {

where # 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 ZQ[b] is
for a user to set it equal to L[] 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 Z[b,t], and then stores this measure as
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25 disclosed here is inherently multiband due to the filterhanlc and the
calculation of specific loudness that employs a perceptual loudness
model, and therefore modifying a DRC system to operate in a inultiband
whashien4rs¥/O 2006/047600 PCT/US2005/038579 53 accomtamoswitiesssry
aspects of the present invention is felatively straightforward and is next
described. Frequency-Variant and Time-Variant Function Suitable for
a pr&ynéimit RgeysiRoifia bahdprd sgses o apayBEBlpTeS RO parhiBay

e I R RS

loydness.val :
£10 SR MER A AaRTAr o it UL g gt s

]
en be given by N
10 réﬁ‘f@@h@(ﬁbﬂkﬁﬂ& baanisafinsitatathfiysi oFivegpbadfrd 0L rabesis
__illustrated in FIG. 14b, but independently for each band b. The.i .
Filtashtlsal €0 ICLBRGE L. b1 S SR ERO A PIRS D A o CopREF e
loudn tli: Al j ' Qs '
Lo e AT IR R e
loudfegy ﬁﬁ@%’ﬁhfeddﬂyeﬂlifcﬂm ion dé thecal MHoirignatis pewifie itudyassnihe
most straightforward way of calculating L,[b,t] is to set it equal to the
eqﬁ@@m&%@%@@ﬂ{%@]@mﬂﬁs case, DRC is performed independently on

every band _in the auditory:g B*?ﬁé‘k p‘rg@pﬁgpfptual loudness nTodel
rather than in accordance with the same input versus output loudness

ratigrOrferal bants earubt e atYitiedmboveusivectwibeddimgeessing,
"Frequency-Envariant and Tirne-Variant Functig %'table for Automatic
| Bl

inclwirEaaIDgTR A Coh e Un H b achEd RHbbdRkA SABFIo™

Becggstéae%%%’ El}ecﬁg&cﬁ%cesses may be represented as a scaling of the

specific loudness, all of them are easily combined as follows:

RTb, 1] = (B (5,118 s [0, 11E e 511 g (B, VB 1T, (24)
where E.[b,7] represents the scale factors associated with process “*7. A
single set of gains G{b,r] may then be calculated for the target specific
foudness that 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 AGC and DRC scale factors may be required. Let the
combination of these scale factors be represented by .

Eelbt]=E 1oc[b, 118 ppc [6:1] (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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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 25 independently to each band may cause the processed
vaudiestiersound "torn apart”. To avoid this problem, one maychase0t3ss79
calculate L;[b,t] by smoothing specfitc loudness NI[b, t] across bands so
that the amount mf DRC WO 2006/047600 PCT/US2005/038579 54
decremtied TTdns aotibandirésporaks todsenolblynasdiguucaine Thistihiging

R LR L S
apprégg\éﬁ?{#% %HHEtar’PltéIbfgf LR thé lDa e Mgy hisdiRulated

¢ loudness of the audio signal and Q(b - ¢) is _the band-shifted
by sies@driag attbessinoetbitgfidesnrathts depiisroné texapgsidioflsusHzess.

. band-smoothing filter. If the DRC functiop that calculates L,[b,t] as a
First oA PO S ST 1R Tor 6 B L 8 SRS SRR Ghange
incysred t b f the specific loudness N[b, t] will vary depend;
e 915D g e specic e . i e

audio being processed, even if the overall
loudness of the signal remains the same. For example, an audio signal

whexgim Iblabasharesidierdpndnmgy RavBe diassignahApdid fepld s the
ed. A si | wi iet b d lqud trebl h
bandighIcHS (E & kSRR A R B B o1 e
spegiymat heoaudion srdsibis sranike-dasiahle dthedriaecHbplicatonsss is

However, one may wish to perform multiban_sl DRC without modifying
thentbalenbatigleaperceived spectrum of the audio. One might want the 20

average modification in each @aﬁﬁg be_roughly the same while still 27)
all&}iﬁn@ ThH ShEErT Varidlond ofehe Modifications to operate

where the band dependent smoothing coefficient A[b,1] is given by

- n <o @

The smoothed combined scale factors are then calculated as

B L[5, )= Ay B, 1B, 8]+ (L= Ay [0, (DB, 11, (29)
where A,,[b,t] is a band-simoothed version of A[b,1]:

Ay Thy 1= e S OB — )20, 1). (30)

> 0(0) |5

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 play’back environments there exists background noise

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

listener in a moving autoxnobile may be playing music over the installed
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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
wefaisnaes@b behavior as the desired DRC for the widebandrioputs2oos/038579
loudnessL;[t]. Let the function Lo[t]3 DRC{L [t]} represent the desired
DRC mapping for the wideband loudness. Then let L;[t] represent a
steretinesvaTagednvdssidrooh e \ArQiREC8I04v6d0RET Kig2dos0Es5He sHe

percepiifE AL LARES U AL 1 PR OGBSt e Che
enerﬁﬁgfﬁ%’rﬁ?s‘éqgc%%%@ﬁrh'{ngtﬁg]tbcﬁl%tbh@" &rhlbthiiRid,1£14€0) 5
ote that the multiband

u input loudness is first scaled to be in the same
percavarddoudnes as the widehadtdpoetbudhdse Teve DHfammiss is large

designed for the widehand loudngss i n applied, Lastly, the result.is
enougly, _iamq%iflﬁgtéim&%%Jﬁhﬁé)ﬁﬁﬁ%kﬁﬁ’gﬁ%&.\%ﬁﬁ
currddSHrEN OB nefwiRan PR JB PSRl Oy e fueethaPe¥ dbecific

pumpira.g aré retained, 10 while at the same time preserving the average
loudRersaifatls pestierned dndi audiherseeueneyo Vatiannsndcrime Maisaris

Function Suitable for Dynamic Equalization Another application of
equadpeilts biiges swesific Fonsiioss 18 e 15 Tonantaieaiar S ToHeAboRST T8y

...audio's time-varying perceived spectrum to g targettime-invariant
w5 56O SR AU Ul s IS DRI By R TARGE 3
suprfie ALEnOIRIEHC RIEIR WBIAPasHE 3 IR (AR by

DEQ). With traditional static equalization, a simple fixed filtering is
itselApplies toctim serdisnincditier sudicabgétitsl Epdatitih, Horlexepnpsent the

excitation from the noise and let E,[b,1] represent the excitation from the
andio. The combined specific loudness of the audio and the noise is then
given‘by

Niorlb,t) = W{E, [b.11+ Eylbt]} €3Y)
Wheré, again, Wi} 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:

Nior[Bot]= N ,[B, 1]+ Nylb,t]. (32)

The partial specific loudness of the audio, M ,[b,4], 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

Nﬂ@rk(%%ﬂﬁ] (W{E, 16,11+ Eny [, 61— F{E 1B)) (33)
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20 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 contain a
wieakvelystarge amount of bass or treble. With DEQ, the spectiursoiihess7o
signal is measured and the signal &'then dynamically modified in oader to
transform 25 the measured spectrum into an essentially static desired
whehens, fior dsrthetsnaflted fireesint hietiiomreschce dddhedishage £r10) is
specified across bands in the filterbank and referred to as EQ[b{:.’ Ina
themtaetitalé mbbdamieg, itheuiesasbreadbOando6/04 Zoogrponent between

PCT/US2005/038579 56 specirum.should t th
sererb O ind TR HAE ) o GRS B ER R D Spatn e

paﬁﬁgpﬁggahﬁqmgggmgc Qn@gnay refer to the smoothed specific

loudness as N[b, t]. As with the multiband DRC, one may not want the
DEQ maodification to vary drastigatl)”  from one band to,th xt,

N, fheefd¥ba et Entbo geguw—{m%} R Sihethd o B 34)
band-smootheo! spectrum L]l “1]":14b, ] _ Q(b - ¢)N]c, t]. (21) In order to
presgpedhe Ofginal Hynamicrange: oh be Medipdheicesirgd spess umsked

EQI[b] should be normalized to have the same overall 10 loudness as the

throvbeddrefithpantiabdhae, given,ip. L Tb, thepratinhypecéfiolandness of the |
normalized spectral shape as LEQ[b,t] : LEQ[b,t] EQ[c] EQ[Db], (22) . . . .
sudindiyahe! o BE PUENE e QARG A A S TR D i

e
thaARMiIaL korkNthaleaindIanambigs. Batvanishes, and the specific
loudness of the audio is approximately equal to what it would be if the noise
were not present. In other words, as the audio becomes much lowder than the
noise, the noise is masked by the audio. The exponent x is chosen
empirically to give a good fit to data on the loudness of atone in noisé asa
function of the signal-to-noise ratio. Moore and Glasberg have found that a
value of « = 0.3 is appropriate. The masked threshold of the noise may be
approximated as a function of the noise excitation itself:

Ep [b,f1= KIBIE, [b,1)+ Ey,[b] (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]= ®{E [b,t], E,[b,t]}. (36)

A modified gain solvér may then be utilized to calculate the gainis G[b,1]
such that the partial specific loudness of the processed audio in the presence

of the noise is equal to the target specific loudness:

Nb, )= O{G[b,11E, [b,1),E, [by11} (37)
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when /3 = 0, the original specific loudness is unmodified, and when 6 =1,

the specific loudness is scaled by the ratio of the desired spectral shape

to the measured spectral shape. 20 One convenient way of generating
wibedesiredospectral shapeEQI[b] is for a user to set it equaloilfiz2thassssre

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

USHCMAY kiepleridad sysuttorndFatied sithbleaotigionbOiainalalrenl 06

actuated, causes a capture of th t 25 f i0'
replacopd el Bl DS M PR e AL IR 3B B4 08
PCT/uS2005/0 nT ifi
e e e S A
the fiERabletk(dsby bresctasdanidbs)a Sigltdizaoimptifdifyéhstonisgris).7

e T R o
. : iy o
Analﬁa%ﬁ%ﬁ%@é?ﬁ%es{?ﬁ%%%ﬁEgﬁ&? Siif, EoUgRSESAS102 and

af provides a modification to the specific loudness

SmodiBASKEGDIfunetiomer demiespbddingesdhtanpemitodyniviocks 100,

equalization, as explained above. Combined P ' 00 ish
101, BoATsnbN) e FeoRu NS BB L8R, THOIPREAURES

excitSAAIAF VR 185 BR% SbBAERJO dnglersysiage Bpeaise each

Se processes may be represented as a scaling of the specific
loudiAn@psnals of Mierhi Awnttasildmbined as follows: N[b, t] = (=vc [b, {]

e A RINEAL 9 SRSy o
o RS TS PR P R
specific loudness of the audio N1b,1]. In other words, the SL Modification
provides a frequency-invariant, scale factor « scaling of the specific
loudness of the audio signal, wherein o= 1. With an arrangement such 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 with 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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In some cases, the scale factors of one or a combination of the loudness
modification processes may fluctuate too rapidly over time and 20
produce artifacts in the resulting processed audio. It may therefore be
wiesisabledm smooth some subset of these scaling factors. Iegensmabstigs7o
scale factors from. VC and DEQ va#$ing smoothly over time, but
smoothing the combination of the AGC and DRC scale factors may be
1001{@{5‘%&[@]@ bat thessenbination vithesspsaale htonoise epEtanoadfisy 28to

Eclb,]=EAGCIb,tlEDRCIb.{] (25) The basic notion behind_th hi
(e Gath Ao EuTaIc o0 LARBUIE FERECGTRR B MG L LeiE-up

loudness is increasin le factors should be more heavil
a0l o I SRR I neag e v

ness is WO 2006/047600
PCT/US2005/038579 58 debrgdeimgniddnotion corresponds to the
well-known practice of utilizing, a fast attack angd a slow release in the

deElniny enfie Bompydse srPIHBCRiRs PRAENHE hSEaHY - Of 2

moathing the e facto I [ j
S e
specPRAd; sReoatrs rrsiomet ide spsqiis dofthedsiendopuaed:ridb jipherently

Q(b-c)N[c,t]. (26) wherein N[c,t] is the specific loudness of the qudio

relateigtalaandiBHE At ROBRNIES i e BBRIEGI thd LM ST PR 1S
sy T TR Dbt ot qnce
withiDhdaehcHi@@Ey Méreta the handylbpandeaemoetiiny toeficietrudfotidse
P ST e VAT TR BN T rouired

r
method steps. Thus, the invention may be implemented irx ons or more
computer programs executing on one or more programmable computer
systems each comprising at least one processor, at least one- data storage
system (including volatile and non-volatile memory and/oT stbragﬂ
elements), at 1east one input device or port, and at least one output device or
port. Program code is applied to input data to perform the functions
described heresin and generate output information. The owtput information is
applied to one or more output devices, in known fashion.

Fach 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.

Fach such 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 wheen the storage

media or device is read by the computer system to perforim the procedures
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15 -c[b,t]=2M[b,t]Ec[b,t]+(1-.tm[b,t])EC[b,t-1], (29) where XM [b, t] is a
band-smoothed version of 2[b, t] : . (30) Am[b,t]=1 _Q i C Band
smoothing of the smoothing coefficient prevents the time - smoothed scale
wiactos®4rem changing drastically across hands. The 20 desEfibEtb¥Halesss?s
factor time- and band-smoothing ref8ults in processed audio containing
fewer objectionable perceptual artifacts. Noise Compensation In many
deseiblial Haytiack Bneiromamsine gystemusababigloasanaderadde be

_interferes with the audio that a listener Wghest hear. F . 5

impGrERBHaH A AEEITIEBE ey O By, iR eifh £

com‘ﬁ&@%ﬂ’@@@ﬁ?%%H%@%%%&ﬁé&iﬁ%ﬁtﬁf%ﬁf@ﬂm@@uﬁsafrom
the engin

e"and road may significantly alter the perception of the music, In

conpartierstongartperdie Specpesi e Wi @%@?Sﬁ?ﬂ?@ﬁﬁs@qgom
significant relative tg the energy of the music, the perceived loudness of

the gRGAIRGS Q%Eﬁ:%%.f’ﬂﬁ]éllevel of the noise is large 5 enough, the music

is camplately Haskes Mt rRsRETHo AR BRRSE dfahe beeratdsoribrtion,
one would like to choose gains G[b, t] so that the sg.e_cific, loudness of the

Neveriedses dudidlibthendestord Sriieinions MeAaioRymayPhaade
. larget ific loud N[b, 11. T hi j - utili

it oGRS AR D6 LD 00 AT oy Mo e Lt e

sorst R ASSUme dBat AR SRS i akids drdeasuidependenthembigaibyan

itself and a measurement of the audio by itself. Let EN[b, t] represent the
be paritativedionatherdoisdiffetdnt Bt as1686HDeR excitation from the
audio. The combined specific loudness of the audio and the noise is then
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given by 15 NTOTI[b,t]="I'{E [b,t]+ENI[b,t]}, (31) where, again, T{}
represents the non-linear transfc nmation from excitation to specific
loudness. One may assume that a liner's hearing partitions the
combined specific loudness between the partial specific loudness of the
ciaf@iidio and the partial specific loudness of the noise in a way that
preserves 20 the combined specific loudness: NTQT][b, t] = NA[b, t]+NN
[b, fl. (32) The partial specific loudness of the audio, 1VA[b.t], is the value
onel Msﬂmﬁotbfsofﬂmbla‘ngi dhentfaire lonénesuishsebvaitdr tHisnvaldie sthel,

art | s e nes i
R R B A R O D
BOPIRSEICY IRIE, 98- 1Pfe agﬁ@asaﬁ%@ﬁ&adﬁ?%héﬂ’hwh 18
a mwﬁ@ap&%ymmtﬁﬁae&%p&m It reesbaldcobhe asivg dipisietfatinagngnal as

afu A rTg<|s an ex cg‘ltelgltabg:(;[;/nveen zero and one. Combining Egns. 31-33
gﬁé i %gugf’%?/n pres’smn%r tife partial specific loudness of the audio:

5 NAjijine{Enipstiseeifls, ipd@FN[b,t](t({EN[b,t]+ETN[b,tJ}-" {ETQ[b]}) (34)

EAIR. Al GhedatasyhatiwhaR e £1613HGR: uoker is favadathRdio si
maglsgd é:reeghol of the n%lilas&e (E4[b%]ﬁPE7l\%gE§?§&?he§artlal spegtcmc o signal

in ofgefci e bt o EiGERRFFPBHIFAR (4 AU QU BT MBS S e SHPE MR

spedifiqloedpwshiehd is the desired outcome. When the excitation of the audio

Is Hggg% t%@%&A&&Bﬁﬁ;&&b&&%%%@@ggng 16 VR e iR Grence

vanis d the specific loudness of the audio Is approximately equal to

betwpmafth RABISHIA dOHBRS S IRSRC ISt ARsl (hfaatsvt Mol WiBRsS O8s the
audlg bﬁﬁﬂfﬁ@&mmbri@ydﬁrnﬁbaﬂc&hen pRisacthe Mdige imdasked Ry theporally

Separatedo and/o% s%)z(). 18 ye Qetp)z(trlaste% apchation of the modification parameters to the audio signal
to reduce the difference between its particular loudness characteristic and the target specific

loudness.

2. A method according to claim 1 wherein the obtaining receives from a transmission or
reproduces from a storage medium the audio signal and the target specific loudness or a
representation of that target specific loudness, and the deriving derives the modification

parameters from the target specific loudness or its representation, respectively.

3. A method for controlling a particular loudness characteristic of an audio signal,
wherein the particular loudness characteristic is either the specific loudness, which is a measure of
perceptual loudness as a function of frequency and time, or the partial specific loudness, which is
a measure of perceptual loudness of the audio signal in the presence of a secondary interfering
signal as a function of frequency and time, comprising

receiving from a transmission or reproducing from a storage medium the audio signal and

frequency-variant modification parameters for modifying the audio signal, the
modification parameters having been derived from a target specific loudness, and

modifving the audio signal in response to the received modification parameters in order to
reduce the difference between the particular loudness characteristic of the audio signal and the

target specific loudness.



empirically to give a good. fit to data on the loudness of a tone in noise as
a 15 function of the signal-to-noise ratio. Moore and Glasberg have found
thata value of K=0.3is appropriatefPThe masked threshold of the noise
may be approximated as a function of the noise excitation itself: E7N[b,t]
= K[b]EN [b, t]+ E7p[b] (35) where K[b] is a constant that increases at
lower frequency bands. Thus, the 20 partial specific loudness of the audio
givéh ByEidasccidipele rpiredentsd SBSTPAIF REes RATCHY Vit is nota

funé@xeitstinnafithegiadio and the excitation of the noise: NA[b, t] =
(D{EA[b,t], EN[b,1]} . (36) A modified gain solver may then be utilized to
calculate the gains G[b, t] 25 such that the partial specific loudness of the
proéessarrhod siarding wekoncewbinie st seodilagdrigihdetargednciudes

recePRBEIGIobAResH: IalhdlsTrol (GadRe Wbt tkidk [Retlhi37) WO
2006/047600 PC77US2005/038579 61 FIG. 17 depicts the system of
FIG. 7 with the original Gain Solver 106 replaced by the described Noise
Compensating Gain Solver 206 (note that the multiple vertical lines
between blocks representing the multiple bands of the filterbank have
been replaced by a single line to, simplify the diagram). 5 In addition, the
figure depicts the measurement of the noise excitation (by Analysis
Filterbank 200, Transmission Filter 201, Excitation 202 and Smoothing
203 in a manner corresponding to the operation of blocks 100, 101, 102
and 103) that feeds into the new gain solver 206 along with the excitation
of the audio (from Smoothing 103) and the target specific 10 loudness
(from SL Modification 105). In its most basic mode of operation, the SL
Modification 105 in FIG. 17 may simply set the target specific loudness
N[b, t] equal to the original
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specific loudness of the audio N[b, t]. In other words, the SL Modification
provides a frequency-invariant, scale factor a scaling of the specific 15
loudness of the audio signal, whereirPé = 1. With an arrangement such 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
techhiquasthiol aconyditiing 2aidhe targairspeaifteilouiihmsdifsng treidarRdfing

. the ariginal, including VC, AGC.. DRC. and DEQ, may be utilized.]

il O L A e B A B SR cudness
In a practical embodiment, the measurement of the noise may be

gbtarﬁ;n@ﬁngé_@md?ﬁégﬂfd%@h@gﬁiﬁlmjﬁr?BWég&ﬁ@%ﬁ%g%ﬁ@biﬁ@%@liﬁhng
. the audio wi e played. ernative , redetermined set of template
i BRERRE TR G AR SRS e P LS o Raess.

spectrum under various conditions. For example, the noise in an

automabilencalin May. e e ehEes abVRAsQus RN SPLRAR MNEbie such
then storedt as a Wo 2g0061047600 ‘PCT/U@OOS/O§8@9 %)2 look-up o e

thatthe ara SR ST IIFTErSRS SRRl PRenniaRdisr argifd irredininrdnrss:

Gain Solver 206 in FIG. 17 may th_en be _approximated frqm this look-up
tablg ag (he3RGEAAIDE %&ﬁ'i%d'{“;o@ﬂ%%’iﬁ@ﬁéciﬂl‘ RISMENGNON RtilEspecific

invention may be implémented in hardware or software, or a 'combihation

loudsteshthipaeien bt dgframined et BigRe hifPagisy A ATRic HiparRAzien Spwiaed biibe

proéd@@khms included as part of the invention are not inherently related to
any particular computer or other apparatus. In p articular, various

general-purpose machines may be used with programs written in
accofdaheowthodeitrificacasings heraimscr i whare béhnigrect oprralidenderss is

tim SRR G nvariant.

11. A method according to any one of claims 4-9 wherein the target specific loudness is

time-invariant.



10

15

20

specialized apparatus (e.g., integrated circuits) to perform the required
method steps. Thus, the invention may be implemented irx, one or more
computer programs executing on oné?dr more programmable computer
systems each comprising at least one processor, at least one data storage
15 system (including volatile and non-volatile memory and/or storage
elements), at least one input device or port, and at least one output device
or port/Prsiethicetirgtasiied 1o Mput et pBrrshiPeRdislpednsasis 2
funélescoitine herespandoeasmée puaidRfegnation. The output information
is applied to one or more output devices, in known fashion. 20 Each such
program may be implemented. in any desired computer language
(inclididgmatherinmsorkse tnblyinod highetevethp oeesdis af, thgiedio Benebiete
speQfe MeG:RIOGr AN MIRG dpRguUages) to communicate with a computer
system. In any case, the language may be a compiled or interpreted
language. 25 Each such computer program is preferably stored on or
dowiMoadeetbod acstodageanédia 10r devide (& ghesalidhstitectivemibhe audio signal
or 1REHIR Fu2ANS UGN SRUGFhSedAIEadahle, Y ABSREIAHLIPCHe andio
~ purpose programmable computer, for configuring and operating the
S'glt"émputer when the storage media or device is read by the computer
system to perforrn the procedures WO 2006/047600 PCT/US2005/038579
63 described herein Jhenuenive sysiem may als.Be considcred,ie Do, ang
implemented as a computer-readable storage meélum, contigured with a
frequnep et pogrdnadar drtiscstoragbtivetificdowoafisredheaalbagnghip
computer system to operate jn a specific and (é fined manner to
perform 5 the functions des{:{ﬂ[)%ed erein. A ﬁ?ﬁ %Froﬁ’embodiments of

the '@K&@H&”Ahﬁyerﬁ"%‘?{‘tﬁ’é"‘é%!eq %ﬁieci%SY&I&H%&%SN iE HV'III ]bFlbuﬁ)lg %ﬁ%&%oudness
that various moditications may be made
of the audio signal, b is a measure of frequency. and ¢ is a measure of time.

16. A method according to claim 15 wherein said scaling is determined at least in part by

a ratio of a desired multiband loudness and the muitiband loudness of the audio signal.

17. A method according to claim 16 wherein the scaling may be expressed as
L,[b,6)/L{b,{] as in the reiationship
L [b.t]

Nib.1] = mN[h,r],
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without departing from the spirit and scope of the invention. For example,
some-of the steps described herein may be order independent, and thus

can. 10 be performed in an order diff€fent from that described. 64 Claims
1. A method for controlling a particular loudness characteristic of an audio

sig t ticular. racteristic is, either the cific
s AR L DR S T
mulfl@RHERAER Lime Y HeRRIIAHSRESHIC OHARE S MIIGH 15:8 M3SYRE Qtne
perceptual loudness of the signal in the presence of a Secondary
targhysee@fintpeiigasd as a function of frequency and time, comprising
obtaining a target specific loudness, deriving frequency-variant
modification parameters usable for modifying the audio signal 10 in order
to ré8udetrdiferersie fethied itisarticdialbidus adsydpmpiclelistic and
the target specific loudness, and a) applying the modification parameters
to the audio signal to reduce the difference between its particular
loudfedsarhrdaieristioaiod e tdrybespedifithldudrdssstomby trafisihittinge
exn 2k seg)g!sng the modification parameters and the audio signal for temporally
PIFE? Separated and/or spatially separated application of the modification
parameters to the audio signalL};@br,e]iudéKﬁé[d[ﬁa@nce between its
particular loudness characteristic and the target specific loudness. 2. A
metfibricie ddtdingnei wsim 4y irtrannen Suspramibeg mepsive fiom & (6.1
transmission or 20 reproduces from a storage medium the audio signal
and the target specific loudness or a representation of that target specific
loudfedsnatipdrecdetivirig deirives Wheratodificaiion parametsrsifeodithe

taggetsrsfggﬁ{ggxlpudnes}sth%r its repres ntatl(gnz,1 res&)ectlve}Ly. 3. A method for

freque Sr8100 0 £l udness of the audi :
Rontrolling & particular loudness cRaTAcenstic Bt4h o signal, 25

wherein the particular loudness characteristic is either the specific

loudness maichais& SUiR Sfe B?%%%-@f%?éx?ﬁﬁxﬁ%ggqpu%b}e as a

frequency and time, or the partial specific loudness, which is a measure
YGRS SPREDETAF I BINGLE: StitHRAtiaiIBesTg ARPHS AR BFeaidineddio iaaarpnsifrs

prodmterfersag 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.

22. A method according to claim 21 wherein the dynamic range function controls the

loudness in each band so that the short-term change
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signal as a function of frequency and time, comprising receiving from a
transmission or reproducing from a storage medium the audio signal and
30 frequency-variant modification pa? meters for modifying the audio
signal, the modification parameters having been derived from a target

appiRRA6IHLIoNHISS S RPN B ERe- AV Bia BINAL Ihd @S RARSEHA D 8pplied to

recejved modification parameters in order to reduce the difference
.ea“hb%ﬂ‘/éé%ﬁ“ﬁ%?’& ?&&%g)%‘ﬁg?}eaﬁs%%ﬂ%ﬁ‘acteristic of the audio signal and the

target specific loudness. 65 4. A method according to claim 1, 2 or 3
whergin the target specific loudness,is nota function. of the io, signal.
B I O e SR e
exprgisbddes receiving a target specific loudness from a source external to the
method. 66 6. A method according to claim 4 ar claim 5 wherein said
modifying or said derivillg[g]ﬂ%dé_jﬁféqﬁeﬁgfﬁ_ ek expligitly calculates
specific loudness and/or partial sgekific loudnkg$s.?15 7. A'method
according to claim 4 or claim 5 wherein said modifying or said deriving
inCIBHeSBréck SR et FADTRATR i CURARSE N RIHIR ) doHsiossa aéifs audio
. partial zfe,cific loudness. 8. A me(te?cﬁjd&according to claim 7 wherein the
signg o RE SR Ry 4N e Kt BBl < e AR B I A R 5P S BREE G TRIRR AL ARy

wiadlgien if&ﬁ&é%ﬁ@%&%@&@%ﬁﬁ! %&’%’2

! ) &l{; @gcrlcgl%{? %‘ gl@i%—s?sv'erg e% szrsion of the
method accordi claim erein specific loudness and/or partia

mu;ﬁg@@iﬁ@d@@g@m%t[pdm&am@%@t@rmined in a closed-form mathematical
expression employed by the processing. 15 10. A method according to

any one of claims 4-9 wherein the target specific loudness is time- and

frequencyniivadianbrdihe Ao NS0 acaerding toneRnaRenfisidinNesdoR as a
dyngvngg g*grlxréet an?cgpi%tusfﬁgﬁi&?dl ?n%gi el%l?g ic?r a%%}tcizaqgriano\%asg nr;[iodiﬁcation parameters
produces or said target specific loudness corresponds to an audio signal in which the perceived
andio spectrum or the perceived andio spectrum in the presence of an interfering signal remains
substantially the same for different values of specific loudness scaling as that of the perceived

audio spectrum of the audio signal.

25. A method according to claiin 15 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.

26. A method according 1o claim 25 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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67 12. A method according to claim 1, 2 or 3 wherein the target specific
loudness is a function of the audio si\%nal or measure of the audio signal. 5
13. A method according to claim 12 Berein the measure of the audio
signal is the specific loudness of the audio signal. 14. A method
according to claim 12 or claim 13 wherein the function of the audio signal
or measure of the audio signal one or more scalings of the audio signal or

medur® BFS LRI MET SR 22 87 HATA00HNSRR a5 € R BEKpressed as

ﬁgeieigthf ope or more scalings include a time- and frequency-varying
[ factoERE’ Hssealinepiitaengpecific loudness as in the relationship

Lyib#l E[biIRM, 1, 15 wherein (N [b , t]) is the target specific loudness,
(N [b, t]) is the specific loudness of thg_ﬁatidio signal, b is a measure of
frequency, and t is a measurefofffjpg 16. A péihdd according to claim 15
wherein said scaling iygbféfnﬁm%ast i AA (& thifebf a desired

m ?EBLﬁ @a

multiband loudness and the oudness of the audio signal. 20 17.

A h oreli laim | j li .expr d .

Lo T e e 2 o P P
desitddereidrdh[BO(}isnthe dpediichisudnessme iR udiRDwiganald thit}isothe

desired multiband loudness, L; [b, t] is the multiband loudness of the audio
loudngssal Bl A0 (Bt Tiglihé] faRybE SERiEmEddtidness. 5 18. A method

according to claim 17 wherein Lo [b, t 'Ea_runc jon of. L; [b,t]. 19. A

method according to claim 18 wherei ‘tflas a function of L, [b,t] may

be expressed as L, [b, t] = BR&{!1b w EQ[D]

wherein N [b,¢] isthe specific loudness of the audio signal, N [b,1] isthe target

specific ioudness, and fis a parameter having a range bounded by and including zero and one,

which parameter controls the level of scaling.

28. A method according to claim 27 wherein the parameter fis selected or controlled by

a source external to the method.
29. A method according to claim 28 wherein said source is a user of the method.

30. A method according to any one of claims 25 through 29, wherein the method is
usable as a dynamic equalizer in which said modifving 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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10 wherein DRC{} indicates a dynamic range function that maps L, [b,t] to
Lo [b,t]. 20. A method according to claim 17 wherein L, [b, t] is a
time-smoothed and/or frequency smbothed version of the specific
loudness of the audio signal. 15 21. A method according to any one of

or IR Er 205V HRIEIRNE MGIRALhEs UBAPIR @RAnYRAMIGAPROG FOBIGLIN

_.which said modif in}g or application of said modification parameters
diffyesttalae of Sia Mgt b udness corresponds to an audio signal
in which the perceived audio spectrum or the perceived audio spectrum in

the presencR of ANIGHEII %l%”oq‘&Bﬁ%{s'%‘%éﬂ@%&@iﬁﬁ&%ﬁﬁ[ﬁ&%ﬁ%ﬁ&s of

of specific loudness scaling. 20 22. A method according to claim
the gidisraignthis epmarERdgedtidEtoi carboteh B dEasR &K Bamrency
smcahthabdhessheriolraceniangafe. applied to each band varies
independently between bands while the average change applied to each
band is substantially the same for all bands. 23. A method according to
claif®22 whibrdinccorfing taslaiiunttidarenla baot-smepthed Seesiprebdudmatiband
iou&néps,t],[/fb?ﬁ);gt 7 bRIHRR ggﬂ’dﬁt&ﬂrb%réiﬂr_é&&l @ %%Mtfﬁ%%%ﬁﬂl&@ss all
mapping of the total loudness of the audio signal to the desired total
banfisifdness, in which f, [t] represent a time-averaged version of the
wideband loudness L; [t] of th lossighal, , t] represent a
time-averaged version of the %%%ﬁﬁ@?n@ Io%ﬁddgtcéé?i_, [b, t] of the audio
signal 24. A methaod according to claim 22 or claim 23, wherein the
methBers& u¥disle’ adsAhaisRRsHic asREs BFaiwiveR! ettty tand-
shi@déﬂ@%%é@@c@h&&iﬁx&ﬁﬂfﬁi@%@ﬂ parameters produces or said target
specific loudness corresponds to an audio signal in which the perceived
15 audio spectrum or the perceived audio spectrum in the presence of an
inteferiAgnsigrdbrenmbngso Sidystah tidikyeih ¢he amecfondifferdmeyaicdedecf time-
varSRE GG oGS A% A0 p1 D8iRPLeaekAHB. SRR fL e

audio signal.
relationship

N[b,t]= ®[IN[b,1].
wherein (]\7 [b,1] ) is the target specific loudness, ( N [ b, ¢] ) is the specific loudness

of the audio signal, b is a measure of frequency, and 7 s 2 measure of time.

34. A method according to claim 33 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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25. A method according to claim 15 wherein the specific loudness is
scaled by the ratio 20 of a measure of a desired. spectral shape to the
measure of a spectral shape of the altdlio signal. 26. A method according
to claim 25 wherein the method transforms perceived spectrum of the
audio signal from a time-varying perceived spectrum to a substantially
time-invariant perceived spectrym. 70 27, A method according to ¢laim
25 or clAMF8LAETEIT R Celing Tha Be e preeibtiaeaing i i{‘EéBTBﬂ‘T of the
spe@fdiptidecselafibasidi LiEG]ot)) bdloxtprédsdll 4f NIBIUHEC 45 irtxite] relafintship
N[b,t],and 5 wherein L[b, t] is a time-sm d multiband loudness of the
audio signal, LEO [b,t] is a desivésl §pe WHRM], normalized to have
the same wideband loudness as the mufidnd loudness L[b,t], so that

LE t] m pressed as L. [c,.t] LEQIb.t]l= EQ|c [B].wherein N
o ST St 1o ee B U IhAG5 Saei R T T b B el o
widSheaifisulRudness; and/2 ik RATABRIEr HRNING. AJ2R88 doHnded by ands.
including zero and one, which parameter controls the level of scaling. 28.
targé( spetiiodeadoengding to claim 27 wherein the parameter /3 is selected or
controlled by a source external to the method. 15 29. A method according
to claim 28 wherein said source is a user of the method. 30. A method
accéfdingnehed pesaelivEdaiasns tiketsgh 2d lihefentipeanétihidd is
usable as a dynamic equalizer in which said modifying or application of
said modification 20 parameters produces or said target specific loudness
corEspsmashinl arcanidhe wighahiddwhietsipédeivedt: uditospédriimmay be

expressed as

L,{11= DRC{L,[1]}

wherein DRC{} indicates a dynamic range function that maps L. [f] to L, [7].

38. A method according to claim 35 wherein L, {7] is a time-smoothed version of the

total loudness of the audio signal.

39. A method according to claim 35 wherein L, [f] is a measure of the long-term

ioudness of the audio signal.

40. A method according to claim 35 wherein L, {7] is a measure of the short-term

loudness of the audio signal.

41. A method according to any one of claims 33-40, wherein the method is usable as an

automatic gain control or dynamic range control in
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71 or the perceived audio spectrum in the presence of an interfering
signal may be different for different values of specific loudness scaling.
31. A method according to any one of ¢laims 15-30 wherein the multiband
loudness of 5 the audio signal is approximated by dividing the audio

whisiaad m&algﬁggi gk@mﬁ.aﬂ qffggms@&mcﬁmg %ti}mt%%gﬁéag&@%&fa B arget

critical ban method according to claim 31 wherein a
sPeEn PUInTS HETPerd 8t tHdiniesERa Isidhe seceTdpudie sppsirHBLRAFe

-perdedrd hxm@ypbarempfﬁsswmmemnuﬁaﬂmfga&@uﬁnraﬁmaus@ﬂlﬂmﬂs fame

rein N is the spe udness.
for (E‘ [t%lo Slgna an ]%d(tg cai%g Oﬁ]ﬁ’ rs DL oua ss Scall &ﬁs%at of the

esponse ot the Smo
perdifted 1®%pmwaﬁé%@e@mﬁm§qb claim 14 wherein the one or more
scalings include a time- varying, frequency-invariant scale factor (D[t]

scali g fth eC|f| loudness as |€h%he relatlonshlp N bt] d' t]N[bt

whe PT?‘? H%"?a?‘é‘é?‘é%% A UdResE™ E‘ﬁ?‘f‘t& Cprls RS peiciiretion
of ﬂl@@dd@%@@@ﬁﬂh@ﬂ@ldﬁﬁ@lgmh bgsah measure of frequency, and tis a

measure of time. 34. A method according to claim 33 wherein said scaling

is determined at least in part by a ratio of a desired wideband loudness

and‘the WRISRS T dmse s '8Nk SharieigRaney meye Acakagideplude a time-

invRROOrHHgdR clair 3ol chain3dWheargingbetre shingrini taenisnetianef the
specific loudness of the audio signal may be expressed as Lo[t]/L;[t] as in
relafionsitionship L[] N[b ] L [{] N[b, {] , 5 whereln N [b, t]is the specific
loudness of the audio signal, mpjt 13 thexdes wideband loudness, L,
[t] is the wideband loudness of the audlo S|gnal and [b,t]isthe
wherein N [b,¢] is the target specific loudness, N [b,7] is the specific loudness of

the andio signal, b is a measure of frequency, and ¢ is a measure of time.

44. A method according fo claim 43 wherein said modifying or said deriving includes

storing the scale factor ®[f].

45. A method according to claim 43 wherein the scale factor ®[b] is received from a

source external to the method.

46. A method according to claim 14 wherein the one or more scalings include a time-
invariant, frequency-invariant, scaie factor a scaling of the specific loudness of the audio signal as

in the relationship

Nib,t]=aN{b,t],
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target specific loudness. 36. A method according to claim 35 wherein LO,
[t] is a function of L; [t]. 10 37. A method according to claim 36 wherein L,,
[,t] as a function of L; [t] may be exp?edssed as Lo[t] = DRC{L,[t){ wherein
DRC{} indicates a dynamic range function that maps L, [t] to Lo [t]. 15 38.
A method according to claim 35 wherein L, [t] is a time-smoothed version
of the total lpudness of the audio signal. 39. A method according to claim

35 where &, [[§-is]aintbasueet spari@idpigiterm /0Houbiriety spariécdaudyess of
the SIANALAG: @iﬂeﬂt&%%&%@%&%@ 23 f@/&%ﬁ?&%ﬁ% IS a measure of

the short-term loudness of the audio signal. 25 41. A method according to
anyone of claims 33-40, wherein the method is usable as an automatic

gain TontimtasdyRarisy ANgsBastildrif3avhichiSaid sregiyine B includes

applicatign fof said modification parameters produces or said target
stormgt .sc? e &ctor o, L . . .
specific’ loudness corresponds to an audio signal in which the perceived

audio spectrum or the perceived audio spectrum in the presence of an

integferingaignakiemamssubmiaialyiiesans. RLiieranb¥al8$8h a source

specific loudness scaling or partial specific loudness scaling as that of the
extesngkieBiG & Hefio spectrum of the audio signal. 42. A method according to
any one of claims 15-41 wherein the scale factor is a function of the audio

signg) of m gya%c%mr% %%%é%%i@%&é%éﬁs-&%}é}%ﬂ gecording fo claim,
14 w erelr_1 t e.one.or O‘I‘e‘ ca mgs_lnc.ude a tlme- mvar‘lant,
volupasraiie) arlirysaidanodivioe ommuicating Gisae mpdisitritougregeasnrpduces

or shiCrafelatipneiindNGBetk <d2HapBstto an audio signal in which 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.

50. A method according to any one of claims 43-47 wherein the scale factor is not a

function of the audio signal or measure of the audio signal.

51. A method according to any one of claims 1-50 wherein said modifying, or said
deriving explicitly calculates (1) specific loudness, and/or (2) partial specific loudness, and/or (3)

the target specific ioudness.

52. A method according to any one of claims 1-50 wherein said modifying, or said
derivingimplicitly calculates (1) specific loudness, and/or (2) pat"tial specific loudness, and/or (3)

the target specific loudness.
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wherein N [ b, t]is the target specific loudness, N [h, t ] is the specific
loudness of 15 the audio signal, b is a measure of frequency, and t is a
measure of time. 44. A method accor70ﬁng to claim 43 wherein said
modifying or said deriving includes storing the scale factor O[b]. 20 45, A
method according to claim 43 wherein the scale factor (r)[b] is received
from a source external to the method. 46. A methad according to claim 14
whetirftREBbAGrIHERE CEHALS INORTER SithiRediviagaard deniving, or said
prodefigengyeyivaakipsabiefacitdcsestalingeafitae (Speailiciiduciess ofdbe(2)
i0 signal as i, th ionshi tl=aN[b,t], 74 whereinN[b,t]
pam%lﬂt g%%gqél ?ﬁ)eéci%gqféﬂgﬂﬁgs?arl\? blg,)et’c}#%%ueans%%cific loudness of the
audio signal, b is a measure of frequency, and t is a measure of time. 5

47. s methed Rcseiing o slais4 evndhateinSaiddmasiiing Qrsald or said

eriving includes storing the, scale factor a , 48, A method accordin .
pro lfcnrlﬁ Q%pi sac O%F]H-)i’[m‘xg m?the at:ca?ex ressma *ﬁhat lerentﬁj %ete mne specific
Clal wherein the scale tactor a Is feéceived from a source™ external to

loudhessri@isod/ot Oagidrl Apeaiih bdisse rdifigr (3 athy tnesiohekifimbudie6,
wherein the method is usable as a volume control in which said modifying
or ag)éjlication of said modification parameters produces. or said target
spetitic IOUURRERCEEH g 8 At 87 4% Uaimd ‘synaPfrelbrrf Tiod fertanegpmeters
are grghiarapectsotedr the perceived audio spectrum in the presence of an
interfering signal remains 15 substantially the same for different values of
specific loudness or partial specific loudness scaling as that of the _
perc&ivednsthnd asseidingir stare andier ey frif BodiRcHiohBIREHRAGRES: 2
phudhy ongnpfieldisafine4dcwhetitnhe sealedactonts boha alldnctignnf the
audio signal or measure of the audio signal. 20 51. A method according to

any one of claims 1-50 wherein said modifying, or said
57. A method according to claim 56 wherein at least some of the plurality of amplitnde

scaling factors are time-varying.
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deriving explicitly calculates (1) specific loudness, and/or (2) partial

specific loudness, and/or (3) the target specific loudness. 25 52. A

method according to any one of clai 8 1-50 wherein said modifying, or

said derivingimplicitly calculates (1) specific loudness, and/or (2) partial

specific loudness, and/or (3) the target specific loudness. 75 53. A

method according to claim 52 wherein said modifying, said deriving, or

said rouleRe ATHIRS £ 08I P BRI TRARIA RAGHG B RATHRTELS ¢y lude 2
plursjigcifiGlietcnelsicandio 4R}y Padialspeaatie Kiudness, and/or (3) the

target specific loudness. 5 54. A method according to claim 53 wherein

said modifying, said deriving, or said producing employs a closed-form

matferiaBeHISEsFesdiaT e Th At réiflsi i el ARRs(¢) bp oBffier TefEes, are
timd2h0F ef Partiabspaciic iaudness.aneiend Bethadargehgpecific loudness.

10 55. A method according to any one of claims 1-54 wherein said

modification parameters are temporally smoothed. 56. A method

accobdingndicihrcsslinherain exidimedificaid wharinseiéreoddiipgiseidderiving,
or sRbrAl A Aplidescaling fagigrs selating to frequency bands of the

audio signal. 15 57. A method according to claim 56 wherein at least

sordd AT Bt dr meditisiealaling factors are time-varying. 76 58.
A meiroet amdﬁdilagd@maim 5_5 _vvherein said m(_)dification parameters
inclyde g Pl 91“%058@&% O ISEN QL ERRUING ROG BLMAAS JHE5R: de

59. A method according to claim 58 wherein at least some of the one or

speHisriowitsss efraati Srsaiianer arfasa b dvedifird ardiamismbr coefficients
are figrafiyingdhéds Armethoshaicearslion to:asy=aae of claims 1-59
wherein said modifying, said deriving, or said producing is dependent on
one or more of 10 a measure of an interfering audio signal,
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a target specific loudness, an estimate of the specific loudness of the
unmodified audio signal derived fror‘2r e specific loudness or partial
specific loudness of the modified audio signal, the specific loudness of the
unmodified audio signal, and 77 an approximation to the target specific
loudness derived from the specific loudness or partial specific loudness of

the modified audio signal. 5 61. Ag.m{athdcg)]d a cordgwéq to any onﬁ,oﬁ claims
1-58TRRFSIELRE IR OUifTRY Sreshia YENTIRG GRAUSS ThBifRetign oudness or
partphsaenidtelw:dtdsasittie paxdifichaudiesgnabore of a measure of an interfering
audio signal, a target specific loudness, an estimate of the specific
loudness of the unmaodified audio signal derived from the 10 specific

loudeds BT RRA AT ARG R ABUFIL I mbURRE A GdiRngResaid
derisppediticvisunnifsacbinaanmed fidehaudimsigoal candratoapg@roximation to

the target specific loudn rived from-the specific loudness or partial
a%?galsguéggfcan mf%%?éu?g Eu%% sa&rgal

specific loudness o odifiedaudio signal. 15 62. A method according
to clelffE8 BRRHErdfY - modifying or said deriving derives modification

paramgtensiablerstiscparidiemstbr ana:phadargehsResdical dugnassoanse

ap estimate of the specific loudness. of the odified.audio signal 20
e o LR SR Sr P A St g, and ()
onetlf wrsisip eoitiodsud tessenofeditiedramrdelifigeraatko signal, and an

apPIRXIRLARLIRINS ARraRlSRESIfIt IRUENSSadRENGRA IR (ha.FRE6HIRess or

loudness of the madified aydio signal. 25 63. A method according to claim

partig] SRS b AT BF LA DSy derives

62. A method according to claim 61 wherein said modifying or said deriving derives
modification parameters at least in part from
(1) one of
a target specific loudness, and
an estimate of the specific loudness of the unmodified andio signal
received from the specific loudness of the modified audic signal, and
(2) one of
the specific loudness of the unmodified audio signal, and
an approximation to the target specific loudness derived from the specific

loudness of the modified audio signat.

63. A method according to claim 61 wherein said modifying or said deriving derives
modification parameters at least in part from
(1} a measure of an interfering andio signal,
(2) one of
a target specific loudness, and
an estimate of the specific ioudness 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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modification parameters at least in part from (1) a measure of an

interfering audio signal, (2) one of 30 a target specific loudness, and an

estimate of the specific loudness of tH& 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 35 an

approximation to the target specific loudness derived from the partial

speéfliciotriprbeertine it atuir il e Aestaed senalers Adirg-
forvaré|ainm Geentalaihif3tehpeein dhe.methpdiampiaysatfeaddiorimid and wherein

arrangem nfin which the.sgaegific loudness.is d?riv%d fro&g e audio .
the larget specitic ﬁudness rece1v (8)11] a.?oufcee ternal to the me é) O ITOm & storing
sighal’and wherein the target specific loudness Is received from a source

whendisr ity sreontisthorzonghates atetddig Saiseecifie Iaweafing or deriving

includes storing a target specific loudness. 65. A method according to

claim.62 or claim 63 wherein the method employs a hybrid i

feod o RS HE oG A U b AP RS g g g « i
feeddrgetsifeetiecloudmesmest dewhiadl fromprlosimmdifi evtizadigesigraifiaichdness is
deriVEESIR ﬁt&%@&ﬁﬁh%B@Qfé?glﬁ'i‘Qyﬁ@éﬁéx’%ﬁ?ﬁu@&ﬁ%{r&i&@&&ﬁﬂ}égg% SiaRAkrom a

to the method or from a storing when the modifying or deriving includes
souEihFiFiEre! 2B e RTRIR GGGy T Rt RS 8 Agtanadirees sforing 2
targelaiec@a whérain the modifying or deriving includes one or more

processes for obtaining, explicitly or implicitly, the target specific loudness,

15 one or ones of which calculates, explicitlg or implicitly, said function of

the 8fidiBrgIRY BSEOMEgSQd P hecagHitnig idies T thermetibinacedesivine
inchQI&I 30 GGnuaerebastae imelhamiaf plpysiayfeLaninuardnatang espant Budness,

which th cific loudness, and the target spegific loudness are.derive
oo PRGSO BT T U R O e et ShELTE ntinede
measmipldythegrgtiidsfgnsétion of the audio signal or measure of the audio

signal.

67. A method according to claim 66 wherein the method emplioys 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.

68. A method according to claim 66 wherein the method employs a hybrid feed-
forward/feedback arrangement 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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68. A method according to claim 66 wherein the method employs a hybrid
feed- forward/feedback arrangemen(tj,} which an approximation to the
target specific loudness is 25 derived from the modified audio signal and
the target specific loudness is derived from the audio signal, the
targelefivetionodibs A9plargetsaipauititaudhiessampigyng saishitnatian Ao
Sigﬂtﬂe audio signal or measure of the audio signal. 69. A method according
to claim 62 or claim 63 wherein the modifying or deriving 5 includes one or
more processes for obtaining, explicitly or implicitly, an estimate of the
spegifica lapalneascofdie Wnadited ausiossionakinh BSRRIASE 1R Heriving
el odified audio signal, ?tne r ones of y hilch caIchlat S, exg)ljcitg/gg "
IRy RY TRETEE ST Sl RIMBECRRITHE SUH8 éﬁ‘éﬁia%? TEELppecific
loudhesanidio sigraliii sidicseihodesgsosedingdonokdiimdedidig pain, the or ones of
whilRQd.eRlQYsAy eeAbac AHANGRME R WhIGH:R SSHNAS LHING or
specific loudness of the unmaodified audio signal and an approximation to
meagyze of H6EpEudness are derived from the modified audio signal,
the estimate of the specific loudness being calculated using the inverse of

said,function of, the a(yd' S nalégr measure fmedaudilo sig I.BLS 71. A
e e KE AR, SR OV IS RRIE Al Ry

arraRGAMERH ewbibher eFiEtehBstsReA dpudiess o8 SR gk etignad and an
appfbQdhen Ay diowighaband. thedaslinarte-el taarspetiic lautiassiofthal, the

.unmodified agglii signal js derived, from the modified audiq signal, t .
s 5 N ESTAN L W A AR R A DA e o
signfi e timasofe 20thharminligsignal or measure of the audio signal. 80 72.

Apparatus adapted to perform all steps of the method of any one of claims

1 throm:%h 71.5 73. A.computer program, stored on a computer-readable

(0] ¢ .
meditim" AREARIEA TP EHREE SEBMHUTSTIE FsrToriCe PRl xtepy B fHed-
forvaeitiiedhatianyoperehiciaiwisch thyopghfid 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 function of

the audio signal or measure of the audio signal.



80

72. Apparatus adapted to perform all steps of the method of any one of claims 1 through
71.

73. A computer program, stored on a computer-readable medium adapted to cause a

computer to perform all the steps of the method of any one of claims 1 through 71.



