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WD 2004/ 111994 PCT/ US2004/ 016964 1 DESCRI PTI ON
Met hod, Apparatus and Conputer Program for Cal cul ating
wap@4/1A9pust i ng the Perceived Loudness of an Aedi/nsS2004/016964
Signal. 5 Technical Field The present invention is
rel ated to | oudness neasurenents of audio signals and
to apparatuses, nethods, and conputer prograns for
controlling the | oudness of audio signals in response
to such neasurenents. 1QBgcRIPray@miVArt Loudness is a
subj ectively perceived attribute of auditory sensation
by whi detheduAgparatuband CoemdenProeramaibe Cattdatinggnd
fromquiet to |l.oud. Because |oudness is a _sensation
per cei ved biugting sheRajceived eudnsss efipnndio Sdgnalct
physi cal neasurenent, 15 therefore making it difficult
to quantify. In addition, due to the perceptua

conmponent of | oudness, dj‘égﬁﬁgtFﬂewteners with

"normal " hearing may have rent perceptions of
t heTlsapressntindenfibe iordlsteday 1daidess ttistfenotas behii@idSsignals and
i ntroduced b i ndi vi dual perception and to' arrive at
to appyeatases, m@tﬁgdfs,eandfcmmwltbbpmg@ams dor contirallinggthe dowdness of
|.s to assenble a group of listeners and derive a
au418§aw3§1r¥ TegapRse %’rsurc ARPHYICDONISt at i stically. This is
clearly an inpractical approach for standard,
day-to-day, |oudness neasurenents. There have been
many attenpts to devel Oﬂhfkkgﬁ&&r%l?ﬁ(}I‘ ory objective
nmet hod of neasuring |oudneSs. Fletcher and Munson
detleowdmnesslis o stl9adtivdlatpenecsived bedbutedf #udifoes Sensation by which
sensitive at | ow and high frequencies than at mddle .
soyngy capdheedered gn @rfsalesextemdimp giom|qgigetito Uadd t Becausedoudness is a

T A MR TR Y

GRS PIRAs SRLAA1, guFF, s e

cobpomnDlotasag ol Igats i ASHATMELAT, ) Bt
perveptsensoniihe samet svanto Uidreemisly obayatcstenigee the variations introduced by
individual perception and to arrive at a general measure of the loudness of audio
material is to assemble a group of listeners and derive a loudness figure, or ranking,
statistically. This is clearly an impractical approach for standard, day-to-day,
loudness measurements.

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

Even though such devices provided a measurement of the loudness of a single,

constant level, isolated tone, measurements of more complex sounds did not match
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30 constant |evel, isolated tone, neasurenents of nore
conpl ex sounds did not match WD 2004/ 111994

wEeIMWER904/ 016964 2 the subjective inpressi oPCT/082004/016964
| oudness very well. Sound I2vel neters of this type
have been standardi zed but are only used for specific

et DS TROAED By SO0 Pt v
ha t?e%ﬁr&%amféﬁ'%ﬂ% BuP&feSonl! g)ﬁs%fi nﬁé&ﬁc‘é\@dsks 0§uch5as the monitoring
opi

|'etcher an nson 1 n aeve a nore realistic

and@Siftol Of ih#estialabiess per ceptl on process. Stevens
publ i shed a nmethod for the "Cal cul ation of the
Lodd ks sady 1860wl Bwidksr ead Steveniseagong msher@f extgaded the work of

Fle ACO? Ao i&ha$&°m%@ﬁwlﬁg?%é8? aalings aif t%“tqt@nﬁs perception
{ «
TS R g R L0 0 o

tih Jé‘t?rn‘é’?bf ASSYRIAl Sk anﬁém@d ﬁ3181956 d
Co%ortwg%ﬁt e?ﬁeThe St evg%: and Zw géeir&}} raret hods were an

Zwidlen @@bﬁsﬁaﬁh&é‘ﬂsﬁﬂl&&glcaﬂ) and MéthadtbaBB(asrssqfdmudmlsy) article in
Bot h nmet hods i ncorporate standard psychcacous

Acphﬁmnnrﬂé?f%udlh ]6%59 wigkeapublisrchy graphieplanege A dRY logdness
and ,spec ho
cal RlgtiShors well s Y Bl SEBIAGUTF 0 ﬂe&ﬁbaﬁ 7 Ehe kS and Zwicker

t
met}gé %%ere %t %ﬁdfs%glrir%§ SISQ];% Z onponen 5 gggﬁr%&tﬁ&cy)ﬂ 2‘?%15 methods
incBfsbr Eb%t%rﬂ';ﬁ?cl%aobh@h@?ﬁ@ﬁcfm@na k@élﬂﬁkﬁ@x‘itld:al baadihg, frequency

criti band"t0 arrive at the total | oudness of the
maskinghndRgeeific loesaasc Thametho diaemeéx&scd/ onltke divdsioalafpemplex

sounsgdnmeomponents Frat dalatos ol handnt FaiengigswRowing the
TR YT
loq%lrnggsg ﬁln@acha#ﬁ éai@%ﬁ& P8 GrrfeLathe Yol ﬂﬁ))ﬂu@gs BPtHerE%und

ners I nvestigation Is onl Yy t he nost

I eCcREderrE AR, 129 cailithesd by the oliseralinh Exohdsasemgslhﬁﬂonty s
for years across virtually all broadcast material and
(ABdyyritinvestigatibaseto beudiess i dwivientisements’ Ghidg 29(3?4)3)11@& shown that
due to inconsistent |oudness across progra
magy dyeriseriants (adl SRS BIAHRRS) Sk DSICCRERita Eieéoo?ouc? m relation to

thes ik B e, O b e S o IR ¥he ABAs
m%@flggﬁ&?ﬁonlghtﬁe AR 1 ?&ﬁk Sttbi g?t(g Ridresd a%@?@\ﬁ%ﬁ?ﬂiﬁﬂhas existed for

oncept o ritic ands.

ye&sidckoRlvika Aty alldlr8adsasbaresidmndwuhaddss. t Tidsehesults show that
heari ng anal yses a broad

audience annoyance due to inconsistent loudness across program material could be

reduced, or eliminated, if reliable, consistent measurements of program loudness
could be made and used to reduce the annoying loudness variations.

The Bark scale is a unit of measurement used in the concept of critical bands.
The critical-band scale is based on the fact that human hearing analyses a broad
spectrum into parts that correspond to smaller critical sub-bands. Adding one critical
band to the next in such a way that the upper limit of the lower critical band is the

lower limit of the next higher critical band, leads to the scale of critical-band rate. If
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spectruminto parts that correspond to snaller
critical sub-bands. Adding one critical band to the
woeot/1ir9such a way that the upper limt of theCT/O8E04/016964
critical band is the 30 lower Iimt of the next higher
critical band, leads to the scale of critical-band
rate. ,Lf 2004/ 111994 PCT/ UUS2004/ 016964 3 the
the, el fonfis At add<s TR S Y- FRATG SN, B epeloy dPpigsRonds to each
I 3 .
crgsSE Y, THE REPANNE bnE3 s GA8RL0 EATVTD 100057, the second
frdni € 08482 61200 FuNtHO thitd fivm 200 Hzto 30eHzRinddof 6100p 26600 Hz
Hz to 300 Hz and so on up to 500 Hz where the
wifare theefrequermnygeinge of zabh criticaldzdndsantbases r Ehe eudibin&equency

oot oIS AT o 3 g v
LR T B AOSIGE5  STBSfg nera

frdgig lotto 23Phkd haefHeidi«B Qﬁ(”?’ﬁéﬁnﬁxg%é BakRecaRr! aftiOrtlation between

tween . critical-band rate and frequency is inportant
critieal-badtbrat andifrguency isimpadciaerfos uhderstantlingmanyrdnaracteristics
ear. See, for exanple, Psychoacoustics -_Facts and
of theibumahyeak. See, foniesrepladtyehoquessiics sgraaiyend Wedelyby E.
Berl i | ar Bandwi dt h

in, 0. .The .Equi val R
ng]@@g%gg%aﬁ@a eﬂ%ﬁg&wg@tﬁ?ﬁ%%%equency for human_
by BB eI e EREhEh o ERaWIEERISS oo 1 WRY Wiloasuring
ﬁe%‘geﬁléf ForShiliAHA MeaSn Y4t is SBRilAIerthe Bask 3sHIer DévulofaEby Moore,
(B. C. J. More, B."dasberg, T. Baer, "A Mdel for

Glubleerg nBrRatircitiion refindinentobE dickertniondaess work. Fée¢ Mdore,
Loudness, " Journal of the_Audio Engineering Soci

Glosherzand Bast 65, GpliMoeoo B. (plosberga T2 gpr. “Phdlodel Tof the

PragicPe ot hseshalds Landien R0 arheupErangs, dlnal of the Audio
P v | o

S ADTIS  DAR o Tt et o

critfeal Batis b1y wl 500 Hiz 1D Andidutitbechayeat el 1b® frbquencies, the

ERB-rate 20 scal e. Such neasurenents used _
efficienby dnd sessitinity loditbe homapamiditery bgstemdiitunishes rapadly.

bandwi dth. In general, fqr the ERB scal e the
Impygyedmeasiiemsnts gh th @%di%afﬁt%&@@éﬂlﬂ& hayerlsad to thedyRB-rate

NP ERERETRNTN N AT D .
I Wit a1t [ : .

B, 10 1, TR U 0 g omae Bey grese n

unifdtef BRBY $s §hallerl hlah onthe Burkistglel Tandisfer&elbeddmes larger for

lower frequencies.

The frequency selectivity of the human hearing system can be approximated
by subdividing the intensity of sound into parts that fall into critical bands. Such an
approximation leads to the notion of critical band intensities. If instead of an
infinitely steep slope of the hypothetical critical band filters, the actual slope
produced in the human hearing system is considered, then such a procedure leads to
an intermediate value of intensity called excitation. Mostly, such values are not used

as linear values but as logarithmic values similar to sound pressure level. The
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approximation | eads to the notion of critical band
intensities. If instead of an infinitely steep sl ope
wobosthedpypot hetical critical band filters, thRCHUS2084/016964
sl ope produced in the humeh hearing systemis
consi dered; then such a procedure leads to an
di ate val.ue of .intepsit callgglex

criigplhagd CYaFBdSusls B e S B (s hpEplan important

L et L S A A T

Mdelst is& a)_band and excitation levels are the
correspondi ng values that play an inportant role in
marlyoutides fevad mayt be nediated inainitsof “pBes”. One phon is defined as

Psychoacoustics - Facts and , Mbdel s, supra)., lLoudness
thepsresivadjousinase of arletz puse sing vwave payed at lﬂ@ ﬁ%ﬁf pigssure level
fined as 5 the, perceived | oudness. -5
(sEnartich BSppapatile Atab SR el of iyt {sEsls. N Phon
: | v r S . o .
s O B R B B B s g g Gefinition
in dorkpHrih® e Wudness &f tones Bt fBuendi¢sothehitaandb kb withra tone at 1

in conparing the | oudness of tones at frequencies
kHat heontonanf Bqubklondnbssscandreedeterminedifor agivemieyel ofphon. FIG. 7

R S S 0 Bt Pellabh Rl Gpa Tos o
f [ bet 2 f .
ond S0 GOSN SRE 1 BuBR FsRled o B i g0l Phearing) and
. p ¢ - 1.2 . ’
12 SRRNGzeb: b oo NGt SunideL (8
Cohcmﬂg’e)ss | evel may al so be neasured in units of

“sone". There is a one-to-one 15 nmpping between phon
uni Leudness doval roay also hesmpasuirediineunits of[‘@ne7. Iheae sHaene-to-one

is. defined as the | ougdness of a 40,.dB (,SPL) 1.k .
mapping GFAECRITEHIT ST/ HEnAS (RICHEIINGIC- Frdone sone i
ni f a fald . b
defifid B s RO SLST FAR0E 1o KHRARlE R0 ind s fiSatent o
40 ?h%ﬁpl’ﬁhe itO8Ls b ReTsueh YR aAvd BT RicaGask @kl doAé codesponds to a
one. Thus, expressing |oudness levels in sone is nore
doubling oépereiveDloddaass F sronaniple 4 seasiserodived ad heses as loud as
of an audio signal, specific |oudness is sinply
2 sopedidws, pepreasing loudupss fevels mhipsods SROIgdNHIMIARY Shar k
frequency scal.e, specifjf l.oudness has units of seon .
N e PSR B A b e ondness
suﬁﬁ@ Budhb& ﬁ@}'lﬁﬁt fHeGueey® s iRk using the bark frequency scale,
specific loudness has units of sone per bark and likewise when using the ERB
frequency scale, the units are sone per ERB.

Throughout the remainder of this document, terms such as “filter” or
“filterbank” are used herein to include essentially any form of recursive and non-
recursive filtering such as IIR filters or transforms, and “filtered” information is the
result of applying such filters. Embodiments described below employ filterbanks

implemented by IIR filters and by transforms.
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Thr oughout the remainder of this docunment, terns such
as "filter" or 25 "filterbank" are used herein to

w0 p@kadmIessential ly any form of recursive andP@DNS2004/016964
recursive filtering such asSIIR filters or transforns,
and "filtered" information is the result of applying
such filters. Enbodinenis desgri bed bel ow enpl oy
filterbanks i npl endNselqsuie ‘i’fltﬁefﬁﬂvﬁéflgnand by

L SRS 1 AP DA G SRR AR B proggssiog an
augiggﬁigﬁﬁﬁﬁmlde%%adémg, i rgﬁgﬂgs té tHe AIA6LBSidl%ar@Bxcitation signal,

si gnal cludes pro g, in response to the
an@ edlcalaingntle peaceptusl loathess ofitheatdio sigealdalrespaisertg the
t he perceptual |oudness of the audio signal in .
excitatpmsignaloandhe neagnis efxehasacteiigfins) ofthe audiesiguak vderein the

calgg a&@ll%t e gﬁ_‘gg,i Slgo(ﬁf gl%orﬁ% r%ﬁvbog?%gggé?ec}l\ﬁg i@icﬂ}%? gnodel functions,
on§ g)?r‘%: c];c])'n?bihgﬂg]? %? ?wgtbqunmfe%ﬁpb ?ﬁ Seific qg&cfh?éss dnodel functions, the

altl on WO Oor nore o e specl c loudness

selBBEsh of Wiith & Gontidlfed B tiRCihkbaure b vhaittdristiee it irgsht audio
by the neasure of characteristics of the input audio

sighianal . 10 According to another aspect of the present
i nvention, a nethod for praqocessing., an audi o si_gha )
i ncAgaexling triaeethgr aspect o5 gisresey ipventiamyiagmsthglior processing
an .excitatio signal ,. and cal cul ati kN r.esponse .

an 3gia gt weluge e o gk oty ihRmydid LB R exBation

sl el 5 o8 N s OH b bdin Ve G,

whieh sfappBed g3 diRegitdio sighat aveuldatsulgin # pbrutived Fudness
iterative 15 processing |oop that includes at |east ) i
substentiaihy thensare ps acefesencadovdtisagthecaladatarg invduding an iterative

aspect of the present jnvention, _,a method for
presicseiagdprap thatdnehuges ﬂ_t/ie@fst MFMRN-HNGHMROCFHE| udes a

plurality of processes, eache.recejyvikm S j
o bbb SRR L IR BB BSRLASE o
L
rededvidlg 4 eespbetiexend af therawrliesgnalsg wiri¢in\wakch eréfdsk produces, in
which, if applied to the audio signal, K would result
responae fpe thosiespertiveuaintie signabsnexditatioy signalsealeulatesain response at
reference. | oudness, the calcuylati ingluding a .
legst & the Peciighigrsignalga eaigyy H%g[ﬂ S %ﬂl%(ggq the audio signal,
ngn-..liipear process, C . [ [
WQ‘@Q&S%‘{IF i Bgl&.%gve?ﬁgﬁﬁﬁgﬁ s[%ﬁg{aﬁgﬁlé% irt‘lﬁe SIRL a5 léq%fe%né@ﬁudness,
the calculating including an iterative processing loop that includes at least one non-
linear process, and controls the amplitude of the respective audio signal with the gain
G{t] so that the resulting perceived loudness of the respective audio signal is
substantially the same as the reference loudness, and applying the same reference
loudness to each of the plurality of processes.
In an embodiment that employs aspects of the invention, a method or device
for signal processing receives an input audio signal. The signal is linearly filtered by
a filter or filter function that simulates the characteristics of the outer and middle

human ear and a filterbank or filterbank function that divides the filtered signal into
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Jt] so that the resulting perceived | oudness of the

respective audio signal is 25 substantially the sane
wa@soosher9p£f er ence | oudness, and appl yi ng t he SBOBUS2004/016964

reference |oudness to eachso of the plurality of

processes. In an enbodi nent that enploys aspects of

the invention, .a nethod or, device for sign

| .
freguencydaandy thalcampdate dhe prgitation RAtETE ggRgNatedrplong; the hasilar

NN RN M S EEORAER M
cal?%ﬁ‘f’éc?us'ﬂ;% %ﬂ ﬁ&&es?%tg'f?c fduld 1€§sb%%ti8ﬁs le Mot?l‘épé\i;mrﬂllfe selection of

unction at divi e fi ered signal into

whed0#/ cbht¥ d R THIdp2RNS G lfelfides éxtfactel Grony thzaingat tbidio signal.
simul ate the excitation pattern generated al ong the

Theapédific londndss forearth froguineydrandas combinedhitio farlogdaegsymeasure,

band, the ecifigc loudness . is. calculated usin n
 repgpseRt SRR rVIdehaRbuEE ARdinctienfls Astigaarlic ¢ e loudness

l ect | f i ' o] r:1. .
e Be St ot ST LG aSPRR bR Bhg or e
lou?RRSd fiehshiRYHRRE B réutitRRHN cAICARUANEH tiad thibs/alodbbIdRHs of the

Into a | oudness neasure, " representative of the
inpuit detimgghalput audi o signal. A single value of the
| oudness neasure may be cal cul ated for sone finite
t i nle anotlyer @nbedisnent shat emplexs aspacts abthe igyepéer, a method or

neasur e be repetitively calcul ated o ne. . P
devige apt slEBA LT oRPRE T sseyanein AL AU l; I sieng) ip fjnearly
ﬁltlgfrk?fe lEf b fﬁ{g?g)‘ii 'ntgféri}gfgﬁ%@n lsﬂﬁﬁlflf’e%p[ﬁﬁ tcﬁ%fafctéﬂbﬁcs of the outer and

I on, evice 1or sign processi ng

mid8edhifsn 8fr APHfilRHsHIk & BRédbanit Fensti@ntiat dsvillesdry filtered
filtered by a filter or filter function that sinulates

sighhbintd fregutecy bandsthaf sinhdateuhe exaitatiompaii¢ra gamerated along the
and a filterbank or filterbank function that divi dtes :
basilas membeanef the gnegr qagt §of ﬁé%{u@'ﬁayelbcéh‘a@f iag specific loudness is

calgyledhSing abieianoR e R iufingsr RREHBhE b ARl b sgfRetion of
whid cJﬂ%Folfeﬁqﬁ éfqbeiﬁééd&%?tdrés KA Hlord tl’lt’eshﬂ?ltt] gﬁ&io signal.

Or nore speci oudness functions or nodels;

The &peéificdbudhess\ot efich feqaarioydbdnelisynbinpeirtoesloatness measure;
features extracted fromthe i nput audio signal. The

repepsaititive bbtheneskeband inadlaudiesigaak yThahdnessmenswigds
into a | oudness neasure; representatjve of .the .
coxgpaeashwith; awsierengel Ton egmal.uemé the QifeisaCs isusadcto; sgale or gain
20, conpared wi.th reference.|l oydness .vad u n
adip il Ereeney o RSP N IPR e o 1Wfaness
calfcﬁﬁﬂﬂ)?{‘ GYlﬁé) %gk&’:?ﬂc SRRRLES cACRMLBHSI00dnRRUEaIERatiBR and reference
speci fic 1oudness
comparison are repeated until the loudness and the reference loudness value are
substantially equivalent. Thus, the gain applied to the frequency banded signals
represents the gain which, when applied to the input audio signal results in the
perceived loudness of the input audio signal being essentially equivalent to the
reference loudness. A single value of the loudness measure may be calculated for
some finite range of the input signal, or the loudness measure may be repetitively

calculated on time intervals or blocks of the input audio signal. A recursive
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cal cul ation. The specific |oudness cal cul ation,
| oudness cal cul ati on and reference conparison are

wo e@aat®wgs until the | oudness and the referenceP¢DUSINEEB16964
val ue are substantially edquivalent. Thus, the gain
applied to the frequency banded signals 25 represents

el A e e B

s i T iy
o g‘r;lgé[ %&haﬁ&ﬁ er‘éfs oSBErédent h@veh%aemﬂfug prefe@embodiments

or t l'oudness nmeasure may be repetitively

magdechdtedrathderstbodbyirafeering ks they following disclosurei amdithe
audi o si gnal A recursive WO 2004/111994
acqeOTpanyng dipysgsdn whigh the ke r@hrq;rcegvamemhs referrtarthe dike

clepie IR e ARERL TR HhSviPhadibEs HEdhRRARS Bices o
prddle %Sam{»fgﬁa %2E] %‘%é‘g&‘?%fh&bfﬁﬂﬁblﬁ{o%f‘ﬁgﬁdmg"tﬁé‘bk&%m

tsS pr Pred

mv‘éﬁﬂ@hs tRRGh O ¥akkLdLEIatRE the didweink Idmmmyhthef fisinires that may be
and the 5 acconpanying drawi ngs in which the |ike

impeftantanqracticet reatsodinteats dml aeevell kaowal tortbosesof ordimary skill in
several figures. The draw ngs, which illus

thevart betiaredenti mlﬁm toradaseadingiheFomarpis oSl e resent invention.
i B o L S B s ins

BB 813 Ak il B 8 Cpsys, sl s

proévedsdid) Mo ghdhirhyd @nd@tﬂeh fomlid oPedmputingeircuitpart ant to
understandlng the concepts of the present invention.
The signal processing for practicing the present

i nvention may be acconpl.i shed i wi,de variety of
vvays i ncI udi ng pr ogP: éﬁ%"%&@tﬁf@@@”ﬁ?’ég‘%processors

0 L B ERRE R RO it ofan aspct

of gt i Elvgmgnu s a schematic functional block
ram of an enbodi ment of an aspect of the present

i nVEI(EI Dis a ktemati¢ furmtivahkebiotk didgrant oD@abmbodokent of a further
di agram of an enbodi nent of a further aspect of the
aspﬁoé9§ﬂnepm$emtmnntl&2m FIG 3 is a schematic functional

0! gé ?sg %% %;@tzgﬁfn%bﬁglgﬁl%h %flag S &f ar]; e o%nnent ofyeta
further aspect of the present invention.

FIG. 4 is an idealized characteristic response of a linear filter P(z) suitable as a
transmission filter in an embodiment of the present invention in which the vertical
axis is attenuation in decibels (dB) and the horizontal axis is a logarithmic base 10
frequency in Hertz (Hz).

FIG. 5 shows the relationship between the ERB frequency scale (vertical axis)
and frequency in Hertz (horizontal axis).

FIG. 6 shows a set idealized auditory filter characteristic responses that
approximate critical banding on the ERB scale. The horizontal scale is frequency in

Hertz and the vertical scale is level in decibels.
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FIG 4 is an idealized characteristic response of a
linear filter P(z) suitable as a transmssion filter
wo pocani1webodi nent of the present invention in MMI/TR2005@16964
vertical axis is attenuati®n in decibels (dB) and the
horizontal axis is a logarithm c base 10 25 frequency
in Hertz (Hz)., FIG ows the re ween
t heFIERE sy hecgqusl iw[]  FORIOHFS %ﬁfﬁ%&n@hﬁ ﬁ@al&eﬂa} scale is
in Hertz ord zo a WS
freffieald! eea B3RP ?%%9 19,55 AR Rt Shleds sound
1 1€ critical banding on the ERB scal e.
pré?ﬁl%hgﬁazonta scale is frequency in 30 Hertz and the
VerFiG.a skiows the eqiadtehdiiess dentioned of ISUR @ A411hali2akby the

PCT/ US2004/ 016964 8 FIG 7 shows the equal _| oudness
transxmssumsﬁher P&)odthe hurizandalisgaletiafreguaney in Hertzddegasihmic base

10§e and tiesvaea el is SundvarSiine Sl BEaetBele o
O]‘fﬁ% %&0?1?’1 esg gﬁgﬁfgﬁﬁ?t% %ﬁ@%ﬂxﬁés?%ﬂ ﬁ%ﬁrl ZW&&&% noise

an@ ?131| EHESohd BAWAN sd1i I'Bési éle(lh Qg8b1dahite willhae embddiment of the
scale) and the vertical scale is sound pressure |evel

prdsentigwiehtids in Which pafandter dre cheerstoowatqhl etper m‘lental data
| oudness for both uniformexciting noise and a

acearding to Zwvickier {squages andgir @.lueé) i Fheywesicghpeale lcwdaﬁss in sone

(loggpﬁ%@; §,0g agﬁglgg 8{%88 ‘g%&r}*nhgqf@%urg level jp decibels.
\z;/\ g? IC ams c aFM&F{)ﬁ%ﬁ%ﬁaqﬁOéE qlg@r%‘?‘ ogar | t%%d ent of a further

e 1S €ss I n sone ase

asﬁé&ogﬂ%pf&eﬁﬂhbém@ﬁ| scale is sound pressure |evel
in decibels. FIG 10 is a schematic functional bl ock
di aBIGu bis aschembatit fimetional Hotk didgram efspeembofliment of yet a
present invention. FIG 11 is a schematic functional
funghesAspartRf thepseseat IRessigment of yet a 15 further

2PERS, PLis b SaRiSRST bl BERRLP Ry afefhnif i plbodmpnt gt another
aSlg&Eto@ e Qﬁqm,g{m{ﬂ@e present inventi on FIG 13 is a
chema

unct| onal bl ock di agram of an enbodi nent of
anoFI@r 13 aspeclien@itid AmcpioaskEblbck dyvapriimodE an embodiment of another

aspect of the present invention.

Best Modes for Carrying Out the Invention

As described in greater detail below, an embodiment of a first aspect of the
present invention, shown in FIG. 1, includes a specific loudness controller or
controller function (“Specific Loudness Control”) 124 that analyzes and derives
characteristics of an input audio signal. The audio characteristics are used to control
parameters in a specific loudness converter or converter function (“Specific
Loudness™) 120. By adjusting the specific loudness parameters using signal
characteristics, the objective loudness measurement technique of the present
invention may be matched more closely to subjective loudness results produced by

statistically measuring loudness using multiple human listeners. The use of signal
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20 Best Mpdes for Carrying Qut the Invention As
described in greater detail below, an enbodi nent of a
wo peogtiimspect of the present invention, shownPCTUFI0GH016964
1, includes a specific |oudhess controller or
controller function ("Specific Loudness Control") 124

t hat ,ar]ale/zes a i derives 25 char act?ri stjcs ﬁf an
charageriSHERIOCEIEHdPudness PAHINEICENIAY e Feducs b pECHERpe of

incofisgERiasuisPRah et fens et 00 s PR YPmoying to steners.
1204 %ﬁscﬁﬂiéﬁﬁ i(%l‘éaﬂe? AeRPRGIHIS ah%ﬁ%&ﬁﬁeﬁﬁbﬁﬁ%b@%lﬁl aspect of the

usi ng sigha aracteristics, the objective | oudness )
pro¥easiventon, sheehninBEG.of, ddds apats devicei orfanttion (itgratiee Gain
mat ched nore cl osel¥ to subjective |loudness results

Updatey 283, the Bopeswef whidis|tp adinss ierattyoly thimgas fsthe gime-
aveoen Prastipreom DR BRe a5 SlL L e pssociated
Touifiabe 8l 2 I HOPRS S RAHAIR! LlckiflieRlrefcd Ril8sS B30 in FIG. 2.

ence o I‘'ncorrect neasurenments t

hthe lDJEIIRSIMERLABAANGOYEBGIvEA [bidiRB thivolvedan inherentl
Beggscri ged in grgater dgt a?fﬂybel ow, an enbodi ment of a Y

nofdirad pesqess,tanditertitiee pogsernay LenadsrentageouslycunplayegitGdetermine
2, adds a gain device or function ("lterative in 5,
an igppeapstate 2ag) tonatohuthp dewdngss ak theaninpyt padiggigagl to a desired

oS EISE FbSeP e i T AR B o
UGS RSN T e B4 0, R ORGP s il i

au&i&%i?ﬂil%& ed¢h IRARLseireRAtion] wpaldBe ¢efensivslfeiiplement due to the
I nvol'ves an inherently non-Ilinear process, an

temhperahtintegrationpreqairedhéo genvamteaeaesirgteanpisaye of lang-term loudness.
det enni ne 10 an appropri a{le gai g@io mat ch the | oudness .
In genemgh inspoh aparan 2emenkl the TADOKAS integratiog fgAuY §s recomputation

S N L

thégéégfécf’sdéfjtﬂe'ﬁ?énﬂo% | ftHeerhbSdiRidn®é HRFIG NP YN also FIGS. 3,
audi o signal tor eac oudness i1teration, would be
an@X0elB the téaporm ieegritichuday detpeefortredpiarlilear processing paths that
integration required to generate an accurate neasure .
prededeamg/ardiotlomoth¢rmeasling® pracessribataformisppasiehthgriterative gain
arrangenent, the tenpor I ntegration_requires
logg c b1k pmqeéwngmﬂl%la%qad %@fat[ﬁgg parg of the Heagion loop. Thus, for
iteratiQn. ver S pexpliai f ' .
expipi i B B R R T Po RIS e BB P & inpus
2097 tofd GeciEhdAbSOcdilvVeRter r converter function (“Specific Loudness™) 220,
may include the temporal integration in time averaging function (“Time Averaging”)
206, and is linear. Consequently, the gain iterations need only be applied to a
reduced set of loudness measurement devices or functions and need not include any
temporal integration. In the embodiment of FIG. 2 the transmission filter or
transmission filter function (“Transmission Filter”) 202, the filter bank or filter bank
function (“Filterbank™) 204, the time averager or time averaging function (“Time
Averaging”) 206 and the specific loudness controller or specific loudness control

function (“Specific Loudness Control”) 224 are not part of the iterative loop,
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and 10-12, the tenporal integration may be perforned

in linear processing paths that precede and/or foll ow
WO b@4nored i near process that fornms part of thePCT/US2004/016964

iterative gain 20 | oop. Linear processing paths need

not forma part of the iteration [oop. Thus, for

exanple in the enbodi pent of FIG 2 .the loudness .
PenRISRE BREAHY O SR cw@ﬂﬁqﬁzﬁmnplﬁg@n@%ﬂ in efficientiand accurate real-time

| oudness converter or converter function ("Specific
SySt¥lness”) 220, may include the tenporal integration

i N % LLe. [ cy IMSDan hbodi

and SRR LA QTICLTE B fchor Prod A3l P, dfbodiment of a
loudikys BrRadupt betbuddess Rizas@iiue process 100 abosrdings to a first aspect of

measur ement devi ces or functions and need not include )
thegprgsentdnypention isrsheymat Aormudimsignal Erpoltichenoudness|mageasurement is
%rrissi on filter

to beydeteramed e 40 b inpyt 1§ 5 BEGSRRes medsicer apqpdness
me%{s/%r?%% g)fcgcoe???p%&g\gé@g@ﬁ%ﬁb@ﬂea %5 a8 tha%l?srzr—g é’fnjsp(amﬁih%aﬂl that

unctr on

cal@ﬁ?a"té’sgég%@i'ﬁc RRfinasdint GrhsoracplubAlity OfoRafienep bahas ek simulate

or specific |loudness control 30 function ("Specific

thdsewdnks sx&itationopdter 2énearatechalonpahe basildarheenbearst ofdhe inner ear
| oop, WD 2004/111994 PCT/ US2004/ 016964 10 permitti

n .
and aseeond (ide) patk baving a speaec iorsingre aertgoller taat selpen the specific
d agcurate real-tine .systens. Referring again to

10‘4%&@5 g‘}ncélopél%tm ?elapé%%%&?“gﬁii WA enbodi ment of

a 0, . r . [ . : : o

chPUPATERS TR Al RUIRAR REMIIR RERSEER i dici
dohir® hAWRerdMiglg e e fdi liﬂﬂgutfsi?gnalm @bneétel Gydheskiscrete time sequence

measurenent IS to be determned is applied to an 7

| ) @l | : s
<Dt U S QOO RRARY Bttt O NGRpng froauency
It iRasHEmed thdtiths bedudnicd ) [Fllids Bd&oﬁtapp@@ﬂ)ﬁatb@t salapseitfat ¢the rms

| oudness in each of a plurality of frequency bands
poteapfs[mhihatesibelhgsendfy t he excitation pattern

gener ated al ondlthe basi | ar menbrane of the inner ear

10 a_ il §s2 pat h having a specific |oudness

con%"ﬁ e?(ﬂ?%i;g g@%s the specific |oudness

functions or nodels enployed in the main path. In a
is eaedl ¢o tedsamdgpticssae leyel dn eBsatnghich thh audindisdeing auditioned by a

performed in the digjital , domain. Accordingly, togg .
hugngai lestergsungiddition, ithe gadiorsanalys asampgdto e manophonic for

STt PR HPA  g
Chélgl?%l hatél{a?c% ﬁ‘:g #%gﬁ%r JEQigasafgen appropriately scal ed

Transmission Filter 102

In the main path, the audio input signal is applied to a transmission filter or
transmission filter function (“Transmission Filter”) 102, the output of which is a
filtered version of the audio signal. Transmission Filter 102 simulates the effect of
the transmission of audio through the outer and middle ear with the application of a
linear filter P(z). As shown in FIG. 4, one suitable magnitude frequency response of
P(z) is unity below 1 kHz, and, above 1 kHz, the response follows the inverse of the

threshold of hearing as specified in the ISO226 standard, with the threshold
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power of x[n] in decibels given by L RVMsdB =10l1ogi ol 1
Yx2[n] \L "=o0 is equal to the sound pressure level in
waBoatiimd ch the audio is being auditioned by BCT/S20841016964
listener. In addition, thelaudio signal is assuned to

be nmonophonic for 20 sinplicity of exposition. The

morgulio s AR SLLLE4 ool PRGRE =ttt SR g
. 102 | [ h i O . _ .
i pigeen oY gna S Mseb b ftrRo b gF tho BRIy kescmbles the audio

' i hQfhdn H%“it BBy irhf o Yhd 8Bjective loudness
thagaét%%tﬁe%/gﬂ\‘%ﬁ:hg;nefnsﬂ%ﬁz ’fﬁtgfgglbt%‘?g%on g% the audio
meab@ealThuk! giressitpat ONTHnsirassidn Fikémi02aisesfietpeersfyt dependently

of the transm ssion of audio through the outer and
scatédivensicanof thiettime{donzaip linpak austio samplesX/fbar filter

P(z). As shown in FIG 4_.one suitable magnitude
frequency response of ngl?elﬁgaﬁh{)?y bel ow 1 kHz, and,
ab , ( :
o L, B aldi6 o1 AP RORTI o BIbiYank D Sk Rifetion
(“Fiftéi’lﬂﬁkg) 104 SMGhB tHltegaakd MQs 2R8#NEA 18 Yinulate the excitation
PCT/ US2004/ 016964 " 11 normalized to equal unity at 1
patidin. geRyrapd bionggthe asdmsmentdirame 6f thesnnet ear. ki Biltenbank 104

is processed by the | oudness measurenent pr.ocess nore
mayl ipsbidg a ot efbineer filersanhpse bandyidil apd spagingarg gonstant on the

e BRI R LS TR A S o oor
o1 Bt T PR ORUERD ot i oy

Prdditfi6n Bamhreshdlds) & ouidhésy add Padial Ishwgineks,” supppl i ed to
a filterbank or filterbank function ("Filterbank") .
104A{thbGeh fhe ERB freqbemdy scale inorel ekisghycanatahies ihirmaa perception
the excitation _ﬁzatter n .generat.ed along the basilar
1

angshows MapsevacretiomRAncE AR Prodicing 0D dodduess gneggyrements that

maygf itgoflys CfepntiB iy thh e S iRSRE: AL B Plibloyed wih
oA ERD) frequency scale, as defined by Mbore,
asberg a

aer (B. C. J. Moore, B. dasberg, T.
BaeFor a AcMeflEleqieficyt fith hertz, the width of one ERB band in hertz may be

)

o

approximated as:
ERB(f) =24.1(4.37f /1000 +1) €)

From this relation a warped frequency scale is defined such that at any 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 the reciprocal of Equation 1:

1
24.7(4.37 £ /1000+1)

HzToERB(f) = | df =21.4log,,(4.37//1000+1) (2a)

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

ERBToHz(e) = [ = %10‘*’“"’, (2b)



Predi ction of Threshol ds, Loudness, and Parti al

Loudness, " supra). Although the ERB frequency scale
worerog/1c199sel y mat ches hunman perception 15 and BODWS2004/016964

i nproved performance in prdduci ng objective | oudness

nmeasurenents that match subjective |oudness results,

the Bark frequen cal enpl oyed. wi t h, . reduced
whi: ¢ 6 WHEEs OFOF HRBaqler TRb ARG Retslajonesip Gijgecn the ERB

Ldthe-of gne E nd in hertz maybe approxi mated as:
Sc%aﬁggﬁﬂ}‘%i‘%ﬂ?‘?@f/loQOH) (1) Fromthis relation a
mrﬂ?éiréspsﬂg@afme%ﬁﬁmay fileed foratle FiledtbhiRl 0atmay e

poi nt alfong the warped scale, the correspondi ng ERB
chdracterized and iipéemented disignitandaddiRidilters.o More. spebiically, the
. function for converting fromlinear frequency in hertz .
individunl suditmy filtays ateentes Bgnuency m&eﬁ@gthbyare implemented in the
_integrating the reciprocal of Equation 1: 25 .
F11taz‘tm%RB@4 may be defined-by tha tyalsth(ardgr IR franggpiumctiony 5)

24.7(4.37f /1000+1), It _is als ef,ul ,t g _express the

t r ansf orgragh ans l6md 7 zﬁéyzzﬁ;ﬂzzq" Jt ﬁe L nggyr

frequency”scal e b§l <o) edstPg/ Hofet i -onzZd° for f:

ERBToHz(e) = f =100010te/214-1), (2b) 4.37 WD
wh2094/ 111994 PCT/ US2004/ 016964 12 where e is in units

of the ERB FIG 5 shows the relationship

bet weenf} ke/ £FRBB2scal e and frequency in hertz. Thé4a)

response of the auditory filters for the Filterbank

104 mayr bee2EHaracteri zed and inplenented using (4b)

standard IIR filters. More specifically, the 5

i ndi vi dBak raindli SSERB(FHD5¢rs at center frequency fd4ch

hertz that are inplenented in the Filterbank 104 may

be defi ygd nhiy{ ARBecAlW(ERBcada(dor- SI25R /1/2ansf er f unct(#dh:

_(2-z-")(1- 2r,, cos(22Ta /f3 )z-' + 226_) Hc (z) G

(3) (A20089s(2~fAl fs)z +rAZ -26 ) where (4e)

7. is the sampling frequency in hertz, and G is a normalizing factor to ensure that
each filter has unity gain at the peak in its frequency response; chosen such that
mfx{H A Ca )|}= 1. (49)
The Filterbank 104 may include M such auditory filters, referred to as bands,
at center frequencies f£[1]...f,[M]spaced uniformly along the ERB scale. More

specifically,
L= f (5a)
f.Im) = f,lm 1]+ ERBToHz(HzToERB(f,[m-1})+A) ~m=2.M (5b)
SIM]< fres (5¢)

where A is the desired ERB spacing of the Filterbank 104, and where f,,and f, . are

the desired minimum and maximum center frequencies, respectively. One may
choose A =1, and taking into account the frequency range over which the human ear

is sensitive, one may set f,. =S50Hz and £, =20,000Hz. With such parameters, for

example, application of Equations 6a-c yields =40 auditory filters. The magnitudes
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fA=fc2 +B2 (4a) 10 rA =e-2-B. / f, , (4b) B,, =
m n{1l. 55ERB(fc),0.5 fc , (4c) fB = mn {ERBscale '

w@ ERBacwbe(fc) + 5.25), S/ 2), (4d) rB = 0.PE8HUSI04€)16964
f, is the sanpling frequendy in hertz, and Gis a
normal i zing factor to ensure that 15 each filter has

uni t n at.the ak inits fre r esponse;
o SRl A S ey SRR BRI g s, o
4 clude M such auditory filters, referred to
Sho ggﬁié% 8 at center frequencies fj1]... fc[M spaced

U ni ARémaﬁvél)D itk ﬁh@lﬁ@%ﬂ)&&ﬁicﬁ}s ﬂ’@j’/ Be a?@@@atélw@ﬂrﬁxuﬂ&ed using a

ﬁnERM@th (Disd'mEﬁRB()ﬁnel[ ‘Trankformy cb)anHIereerédSb; as fiiq Skort-Time
5c) where A is _the desired ERB spacing, of the
Dlslflrﬂleeé l)th Trens OMSMB fopAuSE AN FRplemENEAtiqEnning the filters

at {1g PR InEAyE ORI el Sl ue B s "EHP RS Tmplmpntation, is
beﬁ&%ﬂ% rBQﬁief ﬁlSPéer%orﬁﬁfélﬁhﬂ%%rth Oﬁéﬁg%é&@ﬁ@?%c&%te loudness

sen tlve mn =

me&@m@ﬁ&lﬂls e $EDFTeIneread ofar fullevaserithplementation, an
appl i cation of quations 6a-c yields M40 auditory

imprdvearent ikeficagey aud esdustiondo4onmimeadonal complexity may be
PCT/ US2004/ 016964 13 of such Mauditory filters,
achmy approximate critical banding on the ERB scal e,

operat P s e i BRI B i ng 5

finite lengthyli screte Fousier Transform conmonly
ref err edyfky] @ W[vax[Sh{rT]e-J'l"h;re 5 Discrete Fourier (6)
Transform (ST because an i npl enentation running

o e B RSP PR i
hoB§iZe Xﬁ&‘w&[m)% é’l’é@w BhALLZ&EPS Wk on than is

eceSsary I acc ss nmeasur enents. By

usi ng tIﬁ)éTDFT I nst ead of a full-rate inpl ement atbc;n,
an inpr mtt in efficiency and reduction in

conput atfonal conpl exity may be

Note that the variable ¢ in Equation 6 is a discrete index representing the time
block of the STDFT as opposed to a measure of time in seconds. Each increment in ¢
represents a hop of 7" samples along the signal x[n]. Subsequent references to the
index ¢ assume this definition. While different parameter settings and window shapes

may be used depending upon the details of implementation, for f, =44100Hz,

choosing N = 4096, T =2048, and having w[n] be a Hanning window produces
excellent results. The STDFT described above may be more efficient using the Fast
Fourier Transform (FFT).

In order to compute the loudness of the input audio signal, a measure of the
audio signals’ energy in each filter of the Filterbank 104 is needed. The short-time
energy output of each filter in Filterbank 104 may be approximated through
multiplication of filter responses in the frequency domain with the power spectrum of

the input signal:
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10 achieved. The STDFT of input audio signal x[n] is
defined as: N1 2ndc X [k, t] _ I wn]x[n +tT ]Je "' N

w0 2q8)1119%=0 where k is the frequency index, t PGT/URE04/016964
time block index, Nis thelbFT size, T is the hop
size, and wfn] is a length N wi ndow normalized so that
N1 15 Yw2[n] = 1 (7) n=0 Note that the variable t in
Equat i 0@[,5 tjs@argT C(ee%ggp(@dréﬂxpcpﬁ]lésentl ng the ti(@y

bl ock of *a5 opposed nmeasure of tinme in
seconds. Each increment_ip t_ repres

wherepl1s habardjnumbes; g dhe Rlagk. numhféeglméﬁ’tlsr@? &a@ﬂ@é%sm filter. Tt
bS5 R e e O RBocthL b s ot
o S 5 S Syt G

restiRy] FGr M(z!ifn I&Mobi%fmimla&b o@b@@lufﬂfer shrpedesribed by an
results. The STDFT descri bed ove may be nore

exfrfentinbfitnctionrthat perfeiass smﬁtalllyl @rEqmm dr he additipp, with a slight

order to conpute the | oudness. of the_input v
redslpgﬁmm pgrfﬁﬁaéu% Qﬂe A apnwxa@areoe%qhg@% s %g@?@ywa&l band

T L LSS LB o s
ﬁltgnoﬁrﬂﬂy bR HufIRR '%ﬁguﬁﬁ{a‘ﬁéﬂh IHYhis! daké CE@phaR{bIPQ simplifies to

er re ponses I nt requency domai n” wi't

power speqt u pui signal: V\D2004/
PCTE[’)SQ]GOW @ggggzﬂ’f )ﬁflﬁh’ N k=0 Em t ](5}])ZP e3
)1IX[kt 2 (8) V\,heré"‘mlsthe band nurrber t is the

ohobi e eaaR o pah (R bR Rl on el
of the au?clz Lgro}{ncI(ElR%%ﬁz %tzipo%rRB( F.m)+1/2)N/ £.) (9¢)

Thus, the excitation output of Filterbank 104 is a frequency domain representation of

energy E in respective ERB bands m per time period 2.
Multi-Channel

For the case when the input audio signal is of a multi-channel format to be
auditioned over multiple loudspeakers, one for each channel, the excitation for each
individual channel may first be computed as described above. In order to
subsequently compute the perceived loudness of all channels combined, the
individual excitations may be summed together into a single excitation to
approximate the excitation reaching the ears of a listener. All subsequent processing
is then performed on this single, summed excitation.

Time Averaging 106

Research in psychoacoustics and subjective loudness tests suggest that when
comparing the loudness between various audio signals listeners perform some type of
temporal integration of short-term or “instantaneous” signal loudness to arrive at a
value of long-term perceived loudness for use in the comparison. When building a

model of loudness perception, others have suggested that this temporal integration be
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than that specified in Equation 3 nmay be used in

Equation 8 to achieve simlar 5 results. For exanpl e,
wobeonalamd d asberg propose a filter shape desPCT/Dsz0HY16964

an exponential function thHat perforns simlarly to

Equation 3. In addition, with a slight reduction in

oo SRR e SR 2R BB B e

S
o o B AL DRI mpor
mtégx%ﬁonﬁﬁ&?bb%ﬂeﬁuﬁbl}pl&ﬂoﬁbﬁﬂ isthgl AnEderhdothinls bitfle &xcitation
t™'>>f )j2 EIX[K,t]12 (9a) N k=k, k, = roun
befdrRiTs Hixnisforatddintd spedificldudne’dy NBy peforpbg the smoothing prior to
round ( ERBToHz( HZTOERB(ff [ni) + 1/ 2)N/ fs) (9c) . .
computatiamet spesifialausnesiaecerding fa m aspegh R thsupresest invention, a

sSSP s o b apid
s = | 4:EQF - . i
o iy SPOOTB o OB, RSO HIRDSL ey pRGUAL Yo A

expM@ied irthiep beldvoutls paak alay, bosdcilatedimc isinf annigdrative doop that

excitation for each individual channel may first be
notonjyutedudes the sxcithion asleutationrbus paeferatdy exohwleqsuah trgmporal
. conpute the, perceived | oudness of all channgls .
integrAbioRedn thisamaenery e AteRaHPT dReR TV BRneTaia fhe gain fipagh

t oget her in a.Single excitat] to A { : :
coprfetitisaht St g RS bRk i tpBREDP SRTH & S is being

SRS | y Lo &ftirk e int f
COSI ng ej(,"‘lée (pgegqg@? att?ﬂcl)ﬁl.lst {%ﬁﬂg&%{er agiﬂ%gé}{lhorG Regé%rel(‘:\%al ©
terhPos Yelegations tTixsresnll is uheiigh ve boduproesssihg sinse and memory.

suggest that when 25 conparing the |oudness between .
Embodimentsithdt calsulpta hgain ysingansitgrative lappsioeiideythese flescribed

enporal integraji of. short-term or "instantaneous"”

be&w&mm&ﬂw&w&ﬁﬁﬁﬁv '3rd 1020 U of long-tern

per gel.v I F. QF ' LS:00. ot

bui Raufihg BEERSe Mot SRELS. LOmERTRRIOHTAR o MExciation may

JHe tiiafarfolis Sy dx ahipl € Bndddthih formed
bezo 4?‘%?%841HPCT/ U%ZO 4/ 01é964 15 perforr%glglagﬁgteeeert(ﬁéne
recutsiveBt iising lathmb ewordgieg dé vicewd fmoctidn ({dameyAveraging™) 106

specific |oudness. However, the present inventors
enmplopingehe feilowing equaticiiss t enpor al

Elm,f] = E[m,t 1]+ = ; . (E[m, f1- E[m,t —1]) (10a)
Glm,f] = A,,6[m,t =1]+1, (10b)

where the initial conditions are E[m,~11=0 and &[m,—~1]=0. A unique feature of the
smoothing filter is that by varying the smoothing parameter 1,,, the smoothed energy
E[m,f] may vary from the true time average of E[m,f] to a fading memory average of
E[m,t}. If A, =1 then from (10b) it may be seen that &[m,f] =1, and E[m,] is then
equal to the true time average of E[m,f] for time blocks Oup toz. If 0< 4, <1 then
&[m,f1—1/(1-1,) as t - and E[m,f] is simply the result of applying a one pole

smoother to E[m,f]. For the application where a single number describing the long-
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integration may be adequately nodel ed using |inear
snoot hing on the excitation before it is transforned
WO pioa/1sp9eci fic | oudness. By performng the snoRCTUSZP04/016964
prior to 5 conputation of dpecific Ioudness, accordi ng
to an aspect of the present i nvention, signi ficant

teriAdBaane® e HP 1TREE GUcD et ' FOUF G P%?EHQEF%E - =1 forall
m. ﬁéwgie ke bR BhEHE Garl 1S RAga s e aryipe lone-
Sy R ek ek
Setfﬁgﬁ?gr% ’ gV@?‘%ﬁe %’r "’«xﬁifﬁga. "t hrough camput ations. that
il i :
gal n‘foéoﬁ %‘ﬁl&ﬁ%ﬁ ts(’%'gg%géé 2y c}%:rpé@? Plfbofr?gﬁmt short-
rk{%%xfe‘?ﬁ? ﬁfjat &?sﬁé}re? “4o gﬂfét" e ot %nlﬁftﬁﬂp 5 fe perceived

1 on. e resul savings In

loudn@&$£ STb AghicvERhRNE BRI ﬂlresh’éﬁ@éﬂitrﬁ@@m%r b8t be run in parallel with
calculate a gain using an iterative |oop include those

thedesosthbeth Efuiatdémh0i T hivssventlisomoathethhdéldeits cayredt vahe if E[m,7]
10-12. Returning to the description of FIG 1, |inear

is snalbt¢latige of Himglexcitation may be inplement ed in
vari ous ways. For exanple, snoothing nay be perforned

recursw usmg atlms averagin ice or
g mé T hiﬁﬁwr GESELN (11
equatlon—29 5[ = E[m t -1] +" ’(W;gfm t]’"”—1 E[ m
t -1]) (Y& [m t] &[mt]=ame[m {7ITE, (1 n)
where the {mtl al condléons are gl nz, - 1] 0 and

a-[m_-1] npgye & 19fio rmothl ng
filteimits= h'éttq%y \l/]gr?yl E[Iﬂw] snoof |Er’1ngﬂpar aneter (11b)

A ,,, the n{mj:thélj energyerwisem t] may vary fromthe
true tinme average 'of E[mt] to a fading
whave Idi) & thie 12EtiEerthtdshold ipex;rﬁed i ddvabelsr é‘dﬂ(d“&)lt jstnot critical to

may be seen that & m apnd.[mt] is then
therigvengdony yualueaf 1 ijaeh%ﬁb oupgl to gro ForetisRalip. If there is

o $oqRd singothupingdh sagic 58 FEL(IT M pol vi ng a
wher & a si ngl e nunber SHESH kedhesd200ne v o
2004/, r}f]aeng d;(fgé g%@&f‘ﬁﬂilﬁ%ag excdifa! gbh%ﬁ@?@%[ﬂft 2o be

fints o segnent esired, one Tay se
coffvérted fito @ §1ngle measure of loudness in perceptual units, sone in this case. In

the specific loudness converter or conversion function (“Specific Loudness”) 120,
each band of the excitation is converted into a value of specific loudness, which is
measured in sone per ERB. In the loudness combiner or loudness combining
function (“Loudness™) 122, the values of specific loudness may be integrated or
summed across bands to produce the total perceptual loudness.
Specific Loudness Control 124 / Specific Loudness 120
Multiple Models
In one aspect, the present invention utilizes a plurality of models in block 120

for converting banded excitation to banded specific loudness. Control information
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in. For a real-time application where one would |ike

to track the tine-varying |ong- termloudness of a
w@omiiimeeus audi o streamin real-tine, one mayPGHUSHN/@16964

m<1 and set .1. to the sdfe value for all in. 5 1In

conputlng the tine-average of Efmt], it may be

deris fxab' o inpebmgip stenalvin SeeiBE Teoiertonlph 124 n the side
ro SR AR T L A g o
spe%m@ld?ﬁﬁlebi‘ EﬂHRfckqmﬂ Qerta—llﬂ' ﬁaﬁ@@ﬁ&%ﬁﬁﬁ@&ﬂ@ﬁc%aﬂ §re useful for

its current value if Efmt] is small relative to E[m
selédtinig ohdé dBnldre ,spéc}lﬁcEEbudnets]s model§ fom thdsg-avaftaBlerare iektracted

ﬁo; &{%rla?ld]qq Ebenm(}l ﬁlgnaﬂs ‘i?il)at tnldcl)qq% whlﬁlle m_@feé[ &} @(%}anqﬁ]aﬁons of
mo%ég“ﬁgém&gﬁ”l?ﬁ rgr% g]le%lgl(lglﬁféﬁ\g;ﬂ@]e 3 10%‘ﬁ‘tdd%- n% RL, chaiaBeristics.
Wl{egé ox%l\ég Heded ijedtosuﬁ‘ihgfeeﬂ{ah Q)ng‘?ﬁb@&' n%tﬂﬂ g%fbrh{atlon may

rtica e I nventi on, avé

also 2Adi0a% RS RuERURSHAIOs RN BeRoptited esul ts. If there
I's no second snoother running in parallel, then

E[ ¥ dr] exantighle) tHe. petbHasdepetific lboduksssy’ (120 may berspressed as a
for the banded tine-averaged excitation energy E[mt]

liné4r deenbigativeofebe pet baml specificlomiassy forafach anckted 5%, [inr] as:
perceptual units, sone in this case. In the speC|fic

| oudness convegter or conversion function ("Specifi
Loudnes&1 7”123.‘, 2 ntN.Wafd of the excitation is ﬁ)

converted intd'a vaI ue of specific | oudness, which is

Wh%pe @g@gwﬁ& {3 I‘It‘él i3 ng %@?hode‘?s %ﬁqgﬁ;ness ﬁﬁi’fpc{titlﬁlg a,[m,f]

ness co unctlon 122
f . -
oSS R T R pREEOTR i i
mayHIREs ot SREAL cﬁﬂec db ) (ﬂa@m&i 1Bding wsedci fi c
Loudne23012 Mul tiple % ¥ ¢ e

Although the invention is not 111mted to them, two models have been found to
give accurate results. One model performs best when the audio signal is
characterized as narrowband, and the other performs best when the audio signal is
characterized as wideband.

Initially, in computing specific loudness, the excitation level in each band of
E[m,f] may be transformed to an equivalent excitation level at 1 kHz as specified by
the equal loudness contours of ISO266 (FIG. 7) normalized by the transmission filter
P(2) (FIG. 8):

By [m, 1] = Ly, (EIm.A1, £Im)), (13)
where L, (E,f) is a function that generates the level at 1 kHz, which is equally loud
to level E at frequency f. In practice, L, (E, f) is implemented as an interpolation of
a look-up table of the equal loudness contours, normalized by the transmission filter.
Transformation to equivalent levels at 1 kHz simplifies the following specific

loudness calculation.
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25 I n one aspect, the present invention utilizes a

plurality of nodels in block 120 for converting
whandadivexci tati on to banded specific | oudnessPCTZURLI0OD16964

informati on WO 2004/ 111994 1®CT/ US2004/ 016964 17

derived fromthe input audio signal via Specific

Loudness Contr | 124 in.the,sid h sel ects a nodel
o7 Noti Fis SacHec rsisiness noih R i BeICOREMIEL 8%t oo Lo

e, S S e g P LT S
o A A B IR SRE Somd
i NGB TR i

lyugg ggfr{zg%ﬁl & ri%ﬁﬂseédlﬁlgﬁt‘é& (i)‘rnOéWnEI;% g?dlB %%ﬁ( ] gﬁlerde[taﬂs of which are

0 use nore

dedctfrmRidwn nmay al so indicate how such nodels should
be conbi ned. For exanple, the per band specific
| ouPlineasrrdivband jandeyidebank gpeestie toweas valek i Mghm, 1] and N, [m.]
conbi nati on of the per band specific |oudness for each

mayistetstidafte tforaghe bbhded excitationgising {hegixponkntiell Rincjons:

where Q indicates the total nunber of nodels and the

control infofnatj t] |represents tehe wei ghting
or Cﬁ{) &”gut L modél,. Ehdmslimlof'’t he
wei ght*®¥ng y r 7 ot egual one, depending on t}1e

model s bei ngjgised. 15 Al t hough dizewiserventi on i s not
limted to them two nodels have been found to give
accurate res ItE -One npedel ierforrrs besf, Wwhen the

audi o signal |4&s eriged @s paf xquband, and t
ot heVypbt.flot S sTowhen t he [audf” oﬁ?l]gnal i Iz%b)

characterizef, as w deband. it IIX in conputing
speci fic | oudness, the ex0|tat|on &Vel in each band

ol 25 g ch B TLGOARE ) G0 RS, From e
eq{ui%;d nﬁ{?ésgfc?@nﬁ (?1#"1{3 igfés P?%g ?I}I(@l "”’8 c@al@grf&l%' Gk H&e‘s Bat both of
thqsg sg }1 p]es%ﬁ%{%g%%s %@g@l‘a ﬁ)lg’%re \ﬁﬁkﬁ{ ﬁlel‘e){z:,fl_étlgﬁ’ls Eﬁual to the

thl‘g?lécgtﬂ:iglgﬁﬂitl Gty ex%?t‘ggl&llis gll\é%%el Ehn%% %Igeg tﬁgéséﬁgﬁd’ irf quieR both functions
growtraoRcloatdaly Wfth a power law in accordance with Stevens’ law of intensity
sensation. The exponent for the narrowband function is chosen to be larger than that
of the wideband function, making the narrowband function increase more rapidly
than the wideband function. The specific selection of exponents g and gains G for
the narrowband and wideband cases and are discussed below.
Loudness 122

Loudness 122 uses the banded specific loudness of Specific Loudness 120 to
create a single loudness measure for the audio signal, namely an output at terminal
123 that is a loudness value in perceptual units. The loudness measure may have
arbitrary units, as long the comparison of loudness values for different audio signals

indicates which is louder and which is softer.
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a | ook-up table of the equal |oudness contours,
normal i zed by the transmssion filter. Transformation

wo eooequidval ent [evels at 1 kHz sinplifies the POI/USM04H016964
speci fic |oudness cal cul attbon. WO 2004/ 111994
PCT/ US2004/ 016964 18 Next the specific |oudness in
each band may be conp d as.

—a[ Hyq '](NNE;PH@ETSS(QE@&?W 15 RnEs PEIS{”]R rr(JyA}?e c@raputed as the sum of
\ fic |
T e

respectlveIKM The value a[m t] is an interpol ati EE
factor 8l fetheen 0 and 1 that is conputed f &M
the audio sighal, the details of which are described

o] s AR Rk B er T oy -
in ﬁ@?t:r:&x &(3 éf{é#(%?n 59 g’\@ \%ﬁ% %)Q?{L—e ?,tlé ’ﬁioéfog Eglh[% \ﬁersus SPL for
a 1@&%&@&3&% r&ﬁzcﬁfa? ﬁ{é"%(ﬁf‘es?ﬁﬁd' é}%ﬂ)i‘éntlﬁﬂ datagresented by

Zwatkar (s eirvee i FIG! 2) (Bwidker,dXcFasl, I“Qeyd:lmaebusﬁcs Facts and
threshold in quiet for a 1 kHz tone. Fromthe

Mo dulsii sapra) o fiheypas aiBteBs G,7 aadh i, 8 in Fguatignd§bare chosen so that
dB. One notes that both of these specific |oudness
whienneftri, a9 , arlot qfid] intsong eressustidiL foraunikein gx¢isinginpise (noise with
ual to the _threshold in quiet. For excitatijons
eq@(iqmmr inteanh BRB) substandiadly ma@bpéthe eRITesPopdEtg tnsylty drom

grow nonot oni cal th wer | aw in_accorda

Zls e SatFom TR e e Snaaes i 10 A66RY %ﬁaﬁtmigﬁ
t he nar O\Ab(?&szlfunctl on is chosen to be Iarger th
that of*the W deband function, making the narro n
functio ase nore rapidly than the w deband(q
functi o@“ ieﬁspem fic selection of exponents Q a€1d7b)

gai ns G.for e narrowband and w deband cases an e
di scuss 9&{7\/ @Il-pcr)

Brs =0.212 (174d)

FIG. 9 (solid lines) shows plots of loudness for both uniform-exciting noise

and a 1 kHz tone.
Specific Loudness Control 124

As previously mentioned, two models of specific loudness are used in a
practical embodiment (Equations 15a and 15b), one for narrowband and one for
wideband signals. Specific Loudness Control 124 in the side path calculates a
measure, a[m,t], of the degree to which the input signal is either narrowband or
wideband in each band. In a general sense, a[m,f] should equal one when the signal
is narrowband near the center frequency fJm] of a band and zero when the signal is
wideband near the center frequency f[m] of aband. The control should vary
continuously between the two extremes for varying mixtures of such features. Asa
simplification, the control a[m,f] may be chosen as constant across the bands, in

which case a[m,?] is subsequently referred to as «[f], omitting the band index m. The
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20 Loudness 122 Loudness 122 uses the banded specific
| oudness of Specific Loudness 120 to create a single

wo cwdnewss neasure for the audi o signal, nanel yPEnUS2004/016964
output at termnal 123 tha¢ is a |oudness value in
perceptual units. The | oudness neasure may have

o Tl et A e
L@&%g@an W%)I ch eléﬁef‘i g(‘;rt t‘%[ngll atllrbg%glg % %éﬁt%{)‘l isd eacrlilr)]ed next,
the ?@1&%@}1. Cn}%ﬁ{’cginﬁ%’ot Qﬁt&ﬁp‘f&‘&% §the? SultisleTHEMBHS nﬁzﬂﬁbe em’Rlloyed.

ess for a requency bands:

N f1Re ddntrol( ouieheed ﬁ(ﬁn&lﬂ@eﬁﬁﬁltﬁmaE md] at the output of
speci fied iné{@qua%n 6b. The paraneters G,FBg]and /3 P

FiltBrtanknl (2piaahéohad Serough sohwsethes pradeasingtodithe gignal x4, E[m,1]
a plot of Sin sone versus SPL for alkHzto
may @mmntanaadeﬂumwﬁ@gncmﬁoabwhéép m@ oyﬂmdued’eeﬁ yland

bR e P b IE )G et vt

The paranmeters G,,, and 8,,8 in

or a
hﬁlEcﬂ&ié‘I@a&‘P“i@ﬁa‘é 1 chosen so that when afmt] =0, a

gIOiQ EH%‘ glgtn%‘g{' eéglzg |§E’ 5‘%}‘71073 rdt exg}glh@h%é' 1tn'a9%e computed.
Sp%%ég Elga?ﬁ%s@l LY dORAGDEY I éj‘&lt %ﬁﬂ Q'N&qud SN¥hya@f lP N¥ofl rDigzz‘al Coding

the squares’ | | east” squares fit
@gbﬁ%ﬁ Préntléd Hal/ll BlethsIersey; 198@},(14 tl(lé.fz’ai])o ofNiiB geometric mean

(17b) GHB = 0.058 (17c) 15 8=0.212 (17d). FIG
to me(mlumttﬂmmw, vshmmh@mas 1s>talqealmﬁ@sssfr¢qmnwt(m ex m in the
ni f
casefden ) M EIR9) oy AT R EESMARIc gt is equal to the

i P o SREE T BTt E 5, T gfResponds o the
widH A WRRBA 1B, I earfi&Y significantly across m, then the geometric mean is
significantly smaller than the arithmetic mean, and the spectral flatness approaches
zero. This corresponds to the narrowband case. By computing one minus the
spectral flatness, one may generate a measure of “narrowbandedness,” where zero

corresponds to wideband and one to narrowband. Specifically, one may compute one

minus a modified spectral flatness of E[m,z]:

1
ﬁ] E[m, t] M, [t3-M,[¢}+]
2
m=M,[1] lP[m]|

1 " Em,n°
M [1]-M,[1]+1 550 |P[m]|2

NB[f]=1-

(18)

where P[m] is equal to the frequency response of the transmission filter P(z) sampled
at frequency o =2af,[m]/ f,. Normalization of E[m,{] by the transmission filter may
provide better results because application of the transmission filter introduces a
“bump” in E[m,7] that tends to inflate the “narrowbandedness” measure.
Additionally, computing the spectral flatness over a subset of the bands of E[m, /]

may yield better results. The lower and upper limits of summation in Equation 18,
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wi deband signals. Specific Loudness Control 124 in the

side path calculates a neasure, afmt], of the degree
WO o00anidM t he i nput signal is either narrowbanPlCDUS2004/016964

wi deband in each band. In &lgeneral sense, a[m t]

shoul d equal one when the signal is narrowband near

L TR N T S
s iR e 5o 0 e B o RS SN g e iy

f eat ur es.

of g eaﬁ@ygﬁnis@agcﬁhéi‘%} g i}@?@?%ffﬂ%agf‘%ﬁte %&?@%‘?% 24 units
wi@%g]ntgﬂaq]lgﬁﬁs]gb g1_q _glgpl e%g 3 gjigqég@%ilir?é ttlleit ﬁ%]t is the center

PCT/ US2004/ 0169 20 control a[t] then represents a
ﬁe%mﬁ@%wnﬁ?%%éﬁa“%e signal is across all

o conerar - AL PRRg MBIl < DEIFR 20 Cate

(got crit.i_ecal and ot her suitable nethods may be
an %?6%‘81. SThe contr ol a[t] nmay be conputed fromthe

excl i b sl cHNe Aklmb(phv AR | terbank 10419p)

r at her t'hr'ough sone ot her processing of the

si gng}, &(&@(fh@(’m})b HITBYRPIANHde an adequate ref ereqgec)

from ich nar r owbandédnéss" and

"W dg_}g@gﬁ%ﬁﬁ,ﬁ@gg pgz[]@b@(sfcp??sur ed, and as a resul9d)

a[t] may be” gen ted wth tl e added conputati on.

{ 34 ld §RBAP centPoil MM EnOAsuEEdohlthé FRB whileh
Whgﬁmyg /k[)eé %{)rrput ggl. 0110 Spectl;]al fl at ness, as defined

by Jayant . ayant, P. Noll, D gital

Codi ng O‘%@?&hﬂéﬁl”]%ﬂi ce Hall, New Jersey,

1984l s Bhe—ratioof the—geonetric nean to the (19¢)

arithmetic rrean,ZW[mﬁ]e the nean is taken across
frequency (indexsin in the case ofEfmt]). Wen

e R RS D PR bR owna 1
o e LU ER B o SRS B SOy S Gt s e
o R LR BOTBL L Gyl L, o O {1 canty sl e

appPRRAE eE1] ARKDbe siiibstheaoves s 4 manher agdlogwiaroEquation
case. By conpufing one minus the spectral flafness,

l11ane may generate a nmeasure of "narowbandedness,"” where
zero corresponds to w deband and one to narrowband.
Speci fi ¢

spg[na aﬁ[éfHg%@%ﬁfgﬁﬁﬁl)o%ﬁ%’ﬂwg gﬁ%,ﬂ " (20)

t m=1
TV—E[t -1], otherwise

where &[¢] is equal to the maximum of &m,r], defined in Equation 11b, over all m.

Lastly, a[f] is computed from NB[f] as follows:

0, o{VB[11}< 0
alt]= CD{JTJE[t]}, 0< d){l_\l_é[t]}SI , (21a)
1, o{NB()=1

where

@{x}=12.2568x> —22.8320x* +14.5869x —2.9594 (21b)
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ME[mt] Mi[t]-M[t]+1 11 neM [t] | P[nil 2 NB[t]
=1- (18) 1 M E m t] ' M[t]-M[t]+Im=M [t]IP[rn
WO 2oaneres P ml is equal to the frequency respoPCEUSL004/016964
the transm ssion filter P(2} sanpled at frequency co
= 2t[n1f. Normalization of E[mt] by the transm ssion

filt [
T S
v R B b O LSRR BN of v

fl at ness. over a.subset of the bands of Efmt] may
vangty afqlé’rat?r@ults The | ower and upper limits of

%%o %}fi"gslg g‘g‘g‘!ﬁogl%l g’/ﬁ’ E(V(?d%%%ﬂf\)/ﬁ &%t%%o&lgnleﬂlé of a loudness

mebﬁﬁb@ﬂr Idiﬁﬁlegﬁiheaﬁlﬁf?y ess Dod atberdirgnaea eécald adplect of the
bands. is desire hat MJt] and M'[ztdqmcludeth
prepentt ingentodn. EDewtqestomiuthmnSal 204206, 240,222, 823 jand 224 of

FIG? %S%ésﬁq?&% Cpptest R eLoG oF RncHasvaldls 0% A6 128 122, 123

i fo y (and recalling that f, [n] is the center
‘ﬂ?‘? G:Ei C)} of band min Hz), one deS| res: HzToERB(ff,

[ WALédlhln%dﬁgqﬁgﬁégﬂec{ % tl{etlhlféntgdh (o¥hlichdTd. Aghows an
requires: Hz TOERB(ff CI[t] >_ HzToERB(ff,

embbHirhédt] the( lb%ﬂhessHiﬁa)ﬁﬁﬁ( cancdlﬁﬁu{atlbh)gehzﬁwﬁcﬁﬂdﬂeﬂ yalue in

(19c) 10 HzToERB(fO ] TOERB(f.Q [M)
petceptilal whigs.e ICofdey to gdjusé tf@p)]@@dnass ofctheiopet ignal; pusgful measure

is g@fﬁj &E]drﬁ c %h;@géﬁu&%%wﬁﬁw tng: ﬁﬂlﬁ%@ Jl‘gc f Fa{s[r}br elxample, n
the embodiment of FIG. 3, described below), makes its loudness equal to a reference
loudness level S,,,. The reference loudness, S,,., may be specified arbitrarily or
measured by another device or process operating in accordance with the first aspect
of the invention from some “known” reference audio signal. Letting ¥{x[n],
represent all the computation performed on signal x[»] to generate loudness S[¢], one
wants to find G[r] such that

S, = S[t]="P{GI(Ixn].t (23)
Because a portion of the processing embodied in ¥{ is non-linear, no closed form
solution for G[¢] exists, so instead an iterative technique may be utilized to find an
approximate solution. At each iteration 7 in the process, let G, represent the current
estimate of G[r]. For every iteration, G, is updated so that the absolute error from the
reference loudness decreases:
S, — PG M) 1) <|S, — PG, ¥l 1) (24)

There exist many suitable techniques for updating G, in order to achieve the above

decrease in error. One such method is gradient descent (see Nonlinear Programming
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ldeally, the limts of summation, MIt] and M [t], are

centered around CT[t] when neasured on the ERB scal e,
wWheao4t1hios4 i s not al ways possi bl e when CT[t] | SPEEFER2004/616964

the lower or upper limts @ its range. Next, NB[t]

may be snoot hed over tine in a manner anal ogous to

Equation_ |

o R i, My Sl ) WD vl

updated byjan %mwwéa'omﬂmﬁm 8#89}‘?@ u?t tbte %,réxgﬁp?%ﬁ{;a I%Of
190Gt s e RS O Ne e ]y a1 © (oray 1)

whesh betshe stop Gee 8t AIkiistbigN o308 AP T8 dtgration contintes until the

o SRR e G DAL P EHAEL s s reched

sorgg redFidQURdx N uARihT & B&tiPd specifed figde hikepassed. Atfthat point

jectively measured 1oudness of a large variety o

G[R4slsét stpfabto @,. FIG 2 shows a functional bl ock
di agram of an enbodi nent of a | oudness 5 neasurer or
| ouRlBREANEBASK b Bguptiones<s, 206 natexthdi thg exvitatieradithie signal x[#]
aspect of the present invention. Devices or functions |

is alainedahroubdlineze Operatpns 2ethgsquazoighe signal’ sSTDFT magnitude,
correspond to the respective devices or functions 102 )

|x1&0%.. Tofolloyahat the excaation desidung from e gain-medifiedisignal Gx[n] is
to the first aspect of the invention, of which FIG 1

equdl dogha rxditatmrbali [wk multipHed byu@he Eyrihermores thefemporal

intégf’{&ﬁ%?%ﬁ%@e Eqn S{tgég%j lggégglgjg %%&;\é%léﬁﬁ)ub%eg eragl‘i%ttﬁje%ormed
ey Fien R e BE R kPR ottt it &0eraged
e Bogponift AT oyl s itaion of 1
mulptieédy Grvals £resilt, theaimehetmpoe headineslss reSoafputedipver the
be specified arbitrarily or 15 neasured by another.

entievinpet signpl bistary fopeveryi rﬁgewahlaémﬁg’ﬂ@é{nh tt 1 theeiterative
pr(];c!ersgtdes;fbee%t above. Instead, the time-averaged excitation E[m,r] may be
computed only once from x{n], and, in the iteration, updated values of loudness may
be computed by applying the square of the updated gain directly to E[m,7].
Specifically, letting ¥, {E[m, t] represent all the processing performed on the time |
averaged excitation E[m,f] to generate S[¢], the following relationship holds for a
general multiplicative gain G:

¥, {G*E[m, 1} = ¥{Gxnl. 1} (26)
Using this relationship, the iterative process may be simplified by replacing
(G, xin],t} with ¥, {G2E[m,¢] . This simplification would not be possible had the
temporal integration required to estimate long-term perceived loudness been
performed after the non-linear transformation to specific loudness.

The iterative process for computing GIt] is depicted in FIG.2. The output

loudness S[f] at terminal 223 may be subtracted in a subtractive combiner or
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of the invention fromsone "known" reference audio

signal. Letting "F{x[n], t represent all the
wa@eompai®pi on performed on signal X[ n] to generBCBUS2004/016964

| oudness S[t], one wants 26 find t] such that Sref

= §[t] = T{Gt]x[n],t (23) 20 Because a portion of the

processi ng, enbodjed in 'Y{ is pon-ljnear, no S .
combine BuIionoRs i Bpcgatpronss AGudnegs St lssigl 230: °fhe resulting

iterative technique yay be utilized to find a « .
errerppgaali 332 is fed ko) amiterafive ga Wé%tslf %Hpqliatmg ﬁ’ﬁ@twn (“Iterative

bl 050 o33 TERTET O el s LT,y o o
s Gl ) LRSS 87 A e o
e R S80S T R T pBERT e vt

qs. i . i Foramcs S
of S/E TR RachR 908 PRt Tt (ABERiN eThy TR sysigy of the time

L S0 ik cifiti ROt SRAKER ck o Pe aAd Sonenthd déscriBell Tosp itetdbes until
av%%egé)lkcﬁ%\;%ﬁ?ﬁ}(a is updated by an anmpunt o
theReRRMAtioAN@Nndittorishae anstert vatich hieng thevgain G[i]t atrtetmonal 235 is set
G =G _1 +,u(S,ef -WG _1x[n],t}), (25) where ,u is

equdl€o siepusémevadic bA6, i tIhreafinalnvaldt &]dboaebe tomyitedhthrough the
continues until the 5 absolute error is bel ow sone

dedchibed irativeuptocesy, fer exarbple, fir dvieey &Filoframisatsorjosicimeg at the end
sone predefined maxi mum |l imt, or until speci fi ed

of an padipsegpant alter the excatatignihas beepta]ve%ea@tveé gntyrg length of
.G . Referring back to Equations 6-8, one notes that

thi§ pREMASRL t ati on of the signal x[n] is obtained through

[ [ o) t . ; ' ' . .

eSS 0t 1 L R Sl i SRR Eonjuncin
withhid Abrafife PRSetst] the gl ®, Tafld o iniixliel tebril gnhé béXinaing of

I's equal to the excitation of x[n] multiplied by &.

eadhUité R8N EPh6eesk Tor ERMPRNB petidieg Eiik oy, dasfiredalue of S[r]
estimate | ong-term percei ved | oudness may be perforned

coﬁlgﬁﬁédﬂih thieNe&p répregendy ﬁfe&gi(ijgigabiighhbloaﬂnéssaaﬂdxan ekcorded as
therefore the tinme-averaged excitation correspondin

sudho IBdne]ddes ned wakh tord thirwaliee hageyenx@i mayi bﬁﬂnmeﬂized with

Xx[n] 15 multiplied by & . As a result, the tine '
anpvelegiIngheeast when Kgriscomputted oyereonseeutien timesframes and one

i nput signal history for ever ){ re-eval uation of, W{G . .. ..
dosg ndt wishi o reperd theoatginal signal oudness, 1t may be desirable to initialize
G, equal to the value of G[f] from the previous time period. This way, if the signal
has not changed significantly from the previous time period, it likely that the value
G[f] will have remained substantially the same. Therefore, only a few iterations will
be required to converge to the proper value.

Once the iterations are complete, G[f] represents the gain to be applied to the
input audio signal at 201 by some external device such that the loudness of the
modified signal matches the reference loudness. FIG. 3 shows one suitable
arrangement in which the gain G[f] from the Iterative Gain Update 233 is applied to a
control input of a signal level controlling device or function such as a voltage

controlled amplifier (VCA) 236 in order to provide a gain adjusted output signal.
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process descri bed above. Instead, the tune-averaged
excitation Efmt] may be conputed only once from

wopmwi/11amd, in the iteration, updated val ues OPCT/US2004/016964
| oudness may be conputed bySapplying the square of the
updat ed gain dlrectly to E[n1t] 20 Specifically,

VG BRI Cor? 1 Yo tralacay Dy Bemal SPeA P RO pfing s g4 adjuster
in &gﬁgpgﬁt fo xS %%ASBHQ {:%&eérg égfl“ ﬁ%éa?@[g Eﬁ i %%3' dg stR¥ord indication
may bd g?t{ vided by a(lﬁ@r)er fids 'eﬁﬁlmbllé STh@géin o[$ hay bé Bebject to time

i"ter ve process may be sinplifiéd by repl-aci ng 25

sm%ﬂimélﬂhoﬁhdwﬁ)h WE {G?E[mt] . This sinplification

woul d " not be possible had the tenporal integration

r eqior sxme signals, antadtematiyettorthe pnmﬁnmgoddsouu%gsEQ@@tmns 10
angerforrred after Stjge non- I|ne r transformatjo

ddangay bedgsinils I HRDL{IBE b lfglaotey@eg%wﬁwp e%r&ﬁ%&lsteners

St el PSS ST A PGB Fhoms ot

mg?ﬁpbA@%rreQ{ﬂtVﬁ?e?s%tﬂﬂﬂ Piesdifds 4 ﬁgﬁﬁgﬂ@%ﬁnd 44 may

ning function 231 fromrefere l oudness SYef™ at

untl&fetifmate Ai¥derdbivcd doudiicsn of asigral congimaingd32g ppsribdsiof relative
into an iterative gain updater or updating function

sil¢ridet interrupted b@aﬂh@mﬂp degraeits zviéouc&mmgt@w@l abueh sigmalseare often
nt f thi
ol 1 SlmisBng Gacks pitigh %h%?ﬁ%?grg rfﬁ&ﬁﬂ& spigppded Py onger

pefiBfiRoE bt s T ol Eivel Fith S EoMind ffentd in Bquation
110t nﬁpﬁﬁi ]g’@moﬁfs oFlshéh hiégn'éﬁemhfr RbakiRfe ko h@@sﬂbﬁ%@ttﬁﬁe-averaged

fro ain-nodi fied version of the tinme- "averaged
ex€tgtidekjmn .t hrough bl ocks 220 and 222. The descri bed

| oop iterates until the term nation conditions are

met Tatdeahivith ﬂhnsm.rdbﬂmnga statigficd! tachrtignerifora¢orapsting theelong-term

equal to the current valuye of G The final value

lowgness may brewpipiadda a frthegaspars of shepresepbiyention. First, the

e BT A BT g
g'lfl 'g?rgo s ?ﬁ?ﬂ 1%%%5%Hfsdth9v‘ﬁ{st§1ﬁ s"’re’?(citﬁﬁgﬁ.hh?ﬁus case,

IS Se es to compute

the’ %ﬂgglﬁit@% gtﬁlf’d\l/ S8fl 151 MR 'be'cﬂﬁgﬁ?ﬁ)svélﬁ} efé?@is“tﬁ@tﬂaﬁﬂs mMd thore

e proless, the gain G “can be initialize

ac[f‘lgrra%gg éﬁédél hfe REGINRP! ix{‘% h é@k\/\g@ﬁ&h b ﬁ{s%ﬂtﬁﬁ‘ecﬁfs%ﬁéﬁess varies

time period t. the first val ue of
acfdsslfrequency. In practice, however choosing A to be constant across m still

yields acceptable results. The remainder of the previously described algorithm
operates unchanged resulting in an instantanedus loudness signal S[r], as specified in
Equation 16. Over some range #, <7 <r, the long-term loudness S,[t,,,] is then
defined as a value which is greater than S[¢] for p percent of the time values in the
range and less than S[¢] for 100-p percent of the time values in the range.

Experiments have shown that setting p equal to roughly 90% matches subjectively

perceived long-term loudness. With this setting, only 10% of the values of 5[] need
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conmputed in the | oop represents the original signal

| oudness and can be recorded as such. If one does not
WoR@h/111994 ecord this val ue, however, G may bePCT/US2004/016964

initialized with any valuéé In the case when t] is

conmput ed over consecutive tinme franes and one does

b R4t G o Ao 53 s an
al ye qf t] f th ' [ i.od. Thi ,
reigtvet sinihihobd R are BkIitheusnt RS ke om 1o
. . . . e "
i TR O, PP ompbiSl iy ettt b values
n e, td O il b i
St BT S QTR Py Oy SR RSO MRl ent of
sofld o SERAE e 16uR%0 4 BAGORR e b s p pcent of
thet\k}§§' intBehé Piggness of the nodified signal matches the
reference | oudness. FIG 3 shows one suitable

ar r angen®iit, +j 1= S\ifehnt (e, gani@} ] fromthe |terat (2@
Gain Update 233 is applied to a control input of a

Bysit@ifthd shsle utatibhrgreativele stmaightfarwaod. $ohewes, o one
voltage controlled anplifier (VCA) 236 in order to,

wighesto dempugapigainiGy1.6d whichuvhen grdtipliswitoalri raamis in
PCT/ US2004/ 016964 25 VCA 234 in FIG 3 may be

S, tepl] detnp equal thsome refaratoloudoass 5, ithg comgatation becomes
adjuster in response to a sensory indication of the

signifi can@fytthotecornplex2 3&s béfosenaitgrativdiapproash is meguibes, but now the
provi ded by a neter, for exanple., The 1glai n gt] nmay ba(f

longqtgrascioudness measio oY, ii.ng 16 deperdmken the engrc kngg of values S[],
signals, an alternative to the snoothing described . in

t, Engat, ieadls of whichntust bpapdatedoeish cagh vspdate of drpin thedteration. In
the long-teen perceived |loudness. Listeners tend to

ordezdocontpaite Heesk updatesy thel sigril dslen, df musthgystaredpyer thpentire range
| oudest portions of that signal. As a result, the )

t, steot. himafditier.cvinedithadepgodencsnel 416l gAdo, 118 nagylinear, the relative
underestimate the perceived | oudness of a signal

ordayingo sl 4 sng rpemaydhapge mathagaohdteragom; émsﬁfé@refore S, (i} Must
interrupted by shorter segnments of |ouder material. . .

alsslsrespmpated. aFle needfor reoprting is Teadiy soigrnttwhgikeonsidering

R 0o SRS Sl o e RIS Y B orearing o
o AL L BRI, DMTOHEAichlprb A8 % Bgny porionof
thd §&hd ey §eRiraderhay become audible, which may make the total loudness of
the segment greater than other narrowband segments of the signal which were
previously audible. When the range #, <t <t, becomes large or if one desires to
compute the gain G,[1,,,] continuously as a function of a sliding time window, the
computational and memory costs of this iterative process may become prohibitive.

A significant savings in computation and memory is achieved by realizing that
S[#] is a monotonically increasing function of G,. In other words, increasing G,
always increases the short-term loudness at each time instant. With this knowledge,

the desired matching gain G,[1,,,] can be efficiently computed as follows. First,
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excitation Efm, t] 15 To deal with this problem a
statistical technique for conmputing the Iong-term

wo oudne®ss may be enployed in a further aspect BPET/URE04/016964
present invention. First, Rhe snoothing tinme constant
in Equations 10 and 11 is nmade very snmall and tdB is

e L e
1tefa;1|@2lfﬁhg :Zﬁiefsgo:ﬁdpéﬁﬁgba%&u FAE y?ffﬂa éﬁattfa&gﬂﬁh .G[fl IS.

comBns 1EaHER O e S5 A AL O VR g G Rt ppatching gain
G Etg gj el§ ggﬂ‘%tqgecf acr {ngr ?116(? El%clf?léldﬂfga%c%ﬁ E‘?@@@%@ﬁ[ﬁe 61 <t<t,,into a

al gorithm operates_unch ed resulting in an
list, ﬁs&@nt%ﬁé%ﬁus"ho@f&ﬁ@s@? | S[t], as specified in

Equati on_ 16. Some [ ange <t< t2 the
| onglheleh= G@u?@’é@(@o Ept)(a ﬁylpo then 25 defined@d

a val ue which is greater thnS[t] f.o per 0

We newtargae that (&4t ital isrfelual %g@ i Whigh wheR g tuihq‘{)wh x[n]
100-p percent of the tinme values in the range.

resEMpén iSybint.3 teingequalin thedesisad rafergnge imﬂéness § -0 D from
90% mat ches subj ectively erceived long-term

Eqiiatiom 28 shatvElrh< Ghirst,$ 6ot ilag -p parcontigfithe flinge walpgs i therange
S[t] need WD 2004/111994 PCT/ US2004/ 016964 26 be

t, si gniahidchatt Girp> 6t frec fohthd othgr p pensentufioe dseTradues of Gir] such
ot her 90% of the values can be relatively silent

thati GIAQUE, [, e rdnecndtbetHad iQ 6 Y, 1] voerdniede applisdite tharberresponding

. value §p [t,,t2] can be conputed by sorting in

valies QFdI[poy) abdRE thdie G{ltﬁﬂ ﬂx%ﬁ th&kédulting valkes bf {7 twould be greater
intoalist S, {i} <- t2 - t, , where i

thaneheekeirté réfb&ncéﬂoﬁdlﬁﬁenﬂ“ hod 1t tivee béceaxsettétc] ik iaghondioaically
| ong-teen | oudness is then given by the el ement that
indréaging €eeivn of thetgaén. waimiladly, i@, [4 jzsit weSpto be applied to the
[t,,t2]=Ssort{round(p(t2 -0/100)) (27) By itself, the
vaRié@‘(ﬂ‘ K9 lﬂo@fds?ﬁndmﬁrt& @] vedhythat Gid] §hG: [0, yia tlde resultmg values
However, if one es to conputeagalnGp[t,,tZ]
of ‘B‘Pﬂ] Qboﬁl’ﬂ% 1844 tHaRl the deviréd resbrance dsudiiedsi Theddfore, application of
bei ng equal to sone reference | oudness Sref,
G E\JQG ]cwmwﬂhe@ Bf EHES the rgniel 4 earts, yesudtsancsipbang greater than
before, an iterative approach is required, but now

thé BEsiteN@4BhER | 005 EeIRHE ¢inRPahd less thah ihel 1eference p percent
dependent on the entire range of values §t], t, <-t

of the tithe, Iaagheofovdy, cslg[t[wgtecpmlmlﬂldaieeﬂedwd:ﬂmmmch updat e
of G inthe iteration. In

This alternate method of computing the matching gain obviates the need to

store E[m,f] and S[¢] over the range , <t <¢,. Only G[f] need be stored. In addition,
for every value of G,[t,.t,] that is computed, the sorting of Glr] over the range

t, <t <t, need only be performed once, as opposed to the previous approach

where S[¢] needs to be re-sorted with every iteration. In the case where G, [1,1,] is to
be computed continuously over some length 7 sliding window (i.e., £, =t-T, t, =t),
the list G, ,{i} can be maintained efficiently by simply removing and adding a single

value from the sorted list for each new time instance. When the range ¢, <z<ft,
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order to conpute these updates, the signal E[mt] nust

be stored over the entire range 15t, <t s t2 . In
w@oaktiioy since the dependence of S[t] on G PGI/US2004/016964

non-linear, the relative @8dering of S[t], t, -<1t <-

t2 , may change with each iteration, and therefore

beganen PLgebC e IF i B PU i B G Ao yample), the memory
re oL 8% G BERky SRCPERRMERT IR B, Lo BT may e
it Ab A Albers2ER 155eREh Beic ELOERG His iaperam s
crcgfa EBgTisth Sh i Br el TRAS Il oy RUERERRE

- an g O Runite OF sifbfes ALK L % SR IC e 1o

Functi o8 *2e o s s S o e Sompur atf ofar)

whAd ATEfD lﬁ?@?z}&ﬁfreécﬁhﬁoh‘aﬁ&%é V§s HORRESerYmAREANE. The

prohi®bitive. significant saVings in conputation
' I ealizing that S[t] is a

m%oeﬁg%gﬁ 1}%n%%?¥§§§?aﬁgdl%ncti on of G . In other

wor @s[t1>}2q§n93askwgmig al ways increases the short-t €30a)

| oudhess at “each time instant. Wth this know edge,
whidie desired matching gain G [t, , t2] can be

efficiently conmputed as follows. First, WO 2004/111994

PCT/ US 04{51016964 27 conpute the previously defined

rratchi%gf{@ in t] fromE m t] using the described

i t et ton—fmw.all values oft in the range t, <- t<(34R

Not edtspt for each value t, Gt] is conputed by
iterati#ng on the single value Efm t]. Next, the |ong

end it PRy BaEpeiher g s Usig e iSQ Rt q hisfdram, prily 7
vafieslibed el 45 - TiRebsty bpdaliforhBenifpstvano cia.

) B 5 BRI 3 5 e ) oy e ane
N R T T
of s R gop %o POHofy SPTRhe B sy o e fiching £in 1 to
sepRlare I PR Tl PROGRL i ¥, 1} B RING R pRlceRil e
it RSE1 RS, SRk, Bt PR AR KERPRRMRPR, 5174 CBom which
6ttt R A PO BRI PRE. & Tronot o cal 1

Figures 10 and 11 display systems similar to Figures 2 and 3, respectively, but

[¢]

.

ins

where smoothing (device or function 237) of the matching gain G[/] is used to
generate a smoothed gain signal G,[r,,1,] (signal 238).

The reference loudness at input 230 (FIGS. 2, 3, 10, 11) may be “fixed” or
“variable” and the source of the reference loudness may be internal or external to an
arrangement embodying aspects of the invention. For example, the reference

loudness may be set by a user, in which case its source is external and it may remain
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i ncreasing function of the gain. Simlarly, if G [t,,
t2 ] were to be applied to the 15 values of Em t]
weormaspeondi ng to t] such that t] > G P [ tPCT/UBR0}/016964
the resulting values of 2§[t] would be | ess than the
desired reference | oudness. Therefore, application of

r ot A WL s el YRR AGRER e e
loﬁﬁl%'sg ﬁﬂaé/r LS elgpfoﬁdﬂgsrscﬁﬂc*n eﬂ:ﬂﬁh& SHErcR 'Héulv@&gﬁom a
an re t

er encep percent I'n ot

lowRieds meabulihg précksh oedeice dcb@diﬁgtd ﬁ% px@ﬁ@ttﬁﬁ@ﬁm(ﬁil such as the
This alterna e nmet hod of conputing the matching gain

mmhgembetsshdmne&rb@mnﬁbmfé?lﬁrht] and S[t] over the

range -< t< - t2. ly. t]..need be stored. In
-t he aarma} yelugmeeontyel (fanaudip-preducing dJevmamay be replaced by a

o s MR oS5 fp i
of WGV BYHFIEPANO %ﬁhms% %tﬂseﬂ%ggﬁaté@vgﬁuﬁ@ %(ﬁ% ts‘?ﬂler,] etc. would

withevery iteration. Ih the caSe where
cohfol the réfer bﬂcé:hmdmegsiam& (DfIEIﬁIS‘} yir bl@r 15 and, t@ngtberily, the

sliding window (i. - t2 =t), the list
aucmnpx{od}ucu@dmcwquléhaw aé@mqhtﬁs& eemymensusatapyifh the user’s

[ enovi n nd dd| n TI ngle value fromthe sorted
adqugpep C’?’Pﬁ@ instance. Wen the range t, <-

mﬁ%gﬁgﬁ B; BSOS RG T NRRTRe rofrenc
106&{355 sampd fbgg]actgfat Iw&wlxuerlef&eﬁ@S &_lsthﬁfi% cqtﬁﬂuts&%f(;or example,

st ve. In this case

ﬁ(ﬂﬁﬁ?ﬁ iﬂdﬁ?ﬁe?ﬂs@ﬁﬁmf}%gr ® ﬁta' \Za?ﬁbh% g?n‘l%drfaﬁ HevicB or

practice create
g JTRY

fuﬁlic}ns(: nuwg,g? R%Eeggr{% Egtsiﬂﬁéns%t | 2%9. angtelﬁ%e aﬁgﬂgéiheﬁt abtlR beginning
ofeuel itehaionfdBicach Gie periods, tROvhrighleGefdrence<sgR] (may be

1) + dBmn (29) where AdBi's the hi stogram resol ution

t&tBfofh itfe ihifobifiddigantds st inbeford hey o kdy e d to th

co|1’;Hsiﬁht hen appr oxi mca)t ed as (p[t" f[g]] @Ilél p +§ , (38%111)113 one
exéitatiomer 208. pTheldependdiReidf 5, [1] B ] thi cbdgh variable loudness

reference function 239 may take various forms to achieve various effects. For
example, the function may simply scale S[¢] to generate a reference that is some
fixed ratio of the original loudness. Alternatively, the function might produce a
reference greater than S[f] when S{t] is below some threshold and less than S[¢]
when S[¢] is above some threshold, thus reducing the dynamic range of the perceived
loudness of the audio. Whatever the form of this function, the previously described
iteration is performed to compute G[f] such that

¥, {G[11EIm, 1]}= S,,,I1] (31)
The matching gain G[f] may then be smoothed as described above or through some

other suitable technique to achieve the desired perceptual effect. Finally, a delay 240
between the audio signal 201 and VCA block 236 may be introduced to compensate
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i=0 and | is the maxi mum hi stogram i ndex. Using the
di screti zed histogram only I values need be stored,
war@4Bi9ft, , t2 ] is easily updated with eacPCTiEB2004/016964
value of Gt]. OQher nethod8 for approximting
G[t,,t2] fromdJt] may be conceived, and 15 this
ntion.is intend

oy The s 3 BB Eof R By B B3y TR ato be
th t chi
Pm&ﬁ% {l e ey oF RIS BB AT, Ching oain GBI,
’l'hé alh%nhmrglg?fa@ma%metm@ Bnatapeaaeuadthe gmesthed gain
to generate the long teen |oudness SP [t,, t2 ]

coﬁtfél%%ﬁﬁl@ [, & bf tHe2F1G S11 heingghen@hey behisefidlinanvariety of
Iterative process. 20 Figures 10 and 11 displ ay

pPUGHHRAE i, f&0etfpleSbroadend tlevistePer bateRity radivtwhere the
ere snoot hi ng (devi ce or function 237) of the
pemi\(ddl logdgessracess]differ emt@hammels yaries. aheswclsmmrmnents the
gai n si gnal (signal 238). e referenc
appammségsmaﬂxodrqfuiw pweptmnﬂgn may q@npqrﬂ digsignal from
"fixed"

cag ot Wity Ferehte Taufiss 16 EPhER ToRings3 o ieRiRRES signa).
Anaééeq‘gﬁ)?%‘??h Sl g%@dr@e\f'}?@ﬁ%kﬁlsgfthé n'et%‘s’agf(fﬁ tQHe 16Winess of each

ere erence eSS nm y a user,

chérfhe\l\’n iAdhclkafrld WwoukPiehave sabitantially dedsanie pesceivedaiondness.
WO 2004/ 111994 PCT/ US2004/ 016964 29 "fixed" for_a

FI@ei3 chowk aniexampie ioff siich ag arrangement/int Whichstbe audio from a

P LLAB kS 0 TS ot
STy o SR T BV E5E SR R BRERE 0 aspcts

-

of T #ﬁmﬁ he sﬁé@gﬁg F16fs. Bl &7 111 The $h8e ROfeiEiceVOubiBss level is

con an au produci ng device may be repl aced

ap Me@to ACeRhe Procpees or devisesds @l earesntingasdondsesstadjusted 1%
he invention, such as the exanples of FIG 3 or FIG

charinel throuightNdectennehaudiset cagte patpad 2861 ume knob,

s i T B SRR AL et 3 e
T Tt N —
tha“c%é‘x'ﬁﬁiés%ﬁdi@ lcont¥ht gi‘ﬂiﬁi {19 &)hteﬁnii@rhlﬂbé&s &Ichripeds,i #nd

shown In FIG 12 where thé reference Ioudness Yef is
coﬁﬁﬂit@s:ze daivysughvhat thblspeedf sigrals substahtiflly ndtahes spreviously

onmput ed, for exanmpl e,
deﬁned reference level. Suitable techniques for identifying speech in audio material
are set forth in U.S. Patent Application S.N. 10/233,073, filed August 30, 2002 and

published as U.S. Patent Application Publication US 2004/0044525 A1, published

l)

March 4, 2004. Said application is hereby incorporated by reference in its entirety.
Because audience annoyance with loud audio content tends to be focused on the
speech portions of program material, a measurement and gain adjustment method
may greatly reduce annoying level difference in audio commonly used in television,

film and music material.
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fromthe | oudness signal S[t] through a variable
reference | oudness device or function ("Variable
wRedoanerge Loudness”) 239. In this arrangenent PCHUS1004016964
begi nni ng 15 of each iteratBion for each tine period t,
the variable reference Sref [t] nay be conputed from

the unnodi fied | oudness t] before any gain has been
applied to the excitat |§&p}§f"eﬁf§wnl'he dependence of
Sye [ I e

Tht bprigRlhhy b KA 1 PG il B PR S mbination

fun ous rms to ac I'eve variou

of%%ﬁ? (S, ﬁsgraneera?are Ire%lctmyfsy NGl 628 drmvﬁs@grémﬁ@caltﬁe algonthms
S[t] ogenerateare erenCe that is sone fixe

mdlﬁcﬂd:d)azop attt lof thoe imyientibnlavel doeadheretitlyarelated ve@ by pattecular computer
function m ght produce a reference greater hhan S tL
or wHy agpafatps bwep@mgtarevmmlesgréreaa ZHHPPES RACHHIPS Jpey De used

wﬁ?n%r%n% A Bor e FRATE Feoshib SeFH R shef po more

|
ol 85l 8L A s g, B i
peifaai tﬁé ré’@lf@zﬁiellﬁ{d%tbﬂﬁ ‘Tﬁﬁ§fthé Invedtion khey betiatplé@ented in one

gain t] may then be snpot hed as described above or
or rrewgpmsderEprogiinas esecutilg en baeloninpre mogmnhmebb ¢disputer
desired, perceptual effect. Finally, a del ay
syﬁéme@ﬁhm@mmme at|egpAnPFOCEFRPT SRsAchitong d@@%sl‘r%%%%ystem

(ing | , 1%%%%%%1 é él}%e\gagflgerl\x/l\gﬁé??épé&o% 20k age ﬁlements) at least one
mﬁﬁ%&)@ (‘)18[?063{%{%‘& 185 Qﬁl'%%i‘l dbvu%l&hp&“r de C@raﬂPMOde is applied

in the arr gerrents of FlI

to Hdput Hae aaperfeon thofurstionsldesdiieddiertineartd g2nedate output
arrangenent and the snoothed gain control signal G

informatip. [Thefouthet Mf@matiomisrapplieddatoneey mere@uput devices, in

variety of 5 applications including, for exanple,
%‘afi‘é]&‘é)lntel evi si-on or satellite radio where the

per LV n f
= U S S R LA
t &l orf stBet ted
CBUSHSE AR TR TS PR Bl o s e
prcb@llaﬁﬁﬁﬁg lahgaages ¢o comenmiigate!yith aAongpeensyetemr Iaramy case, the
aut omat ed devi ce @f/ use the g\al n to adjust the
langnagaaesay be aemmpll ehiberpretedlangsaganel s woul d thus

h av Eﬁ%ﬁgﬁt@ﬁ Qé@' é)tl gg ai]g gp%ﬁél%gtyaﬁgl&ﬂﬁ(ﬁg gf aowll edtoa
R oL A <5 A S B o

media) readable by a general or special purpose programmable computer, for

configuring and operating the computer when the storage media or device is read by
the computer system to perform the procedures described herein. The inventive
system may also be considered to be implemented as a computer-readable storage
medium, configured with a computer program, where the storage medium so
configured causes a computer system to operate in a specific and predefined manner
to perform the functions described herein.

A number of embodiments of the invention have been described.

Nevertheless, it will be understood that various modifications may be made without



I nputs 201 of a processes or devices 250, 252, each
being in accordance with aspects of the invention as
wabhan1iom FI GS. 3 or 11. The sane reference | oRdESH04/016964
| evel is 15 applied to eacl2of the processes or
devi ces 250 252 resulting in | oudness-adjusted |"
chann ou h. éwg_chann audi o .at ch outqut 236 th
a@mr thirsHTitand HAPR A LNRBHOD &ﬁﬁ?‘aﬁ’é’ Fripitif Qhthe steps

de%m$ 'é)%%ﬁtﬁg}r %5338% xﬁ;gpgr?ndgﬁ?sag{ tﬁgl?f%ﬂ%% fo ﬁ‘%d in an order

diff&ieht ﬁ%ﬁi‘%ﬁa& 'd%§c1%% OAE&HH%{I péﬂh@pém'bxsdﬁﬁeﬁ@a@é Withm the scope

uman speech signals, and conputes a gain such that
of thefoileeeiol dhigmal s substantial ly nmatches a previously
def i ned reference | evel . Suitable techniques for
identifying speech in audio material are set forth in
U S. Patent Application S. N 10/233,073, filed August
30, 2002 and published as U S. Patent Application
Publ i cati on US 2004/ 0044525 A, published March 4,
2004. Said application is hereby incorporated by
reference in its entirety. 25 Because audi ence
annoyance with | oud audio content tends to be focused
on the speech portions of programi material, a
measur enent and gain adjustnent nmethod nmay greatly
reduce annoying |l evel difference in audio conmonly
used in television, fihn and nusic material. WO
2004/ 111994 PCT/ US2004/ 016964 31 | nnpl ennent ati on
The invention may be inplenented in hardware or
software, or a conbination of both (e.g, programmable
| ogic arrays). Unless otherw se specified, the
algorithnms included as part of the invention are not
inherently related to any particul ar conputer 5 or
ot her apparatus. In particular, various
gener al - purpose nachi nes nay be used wth prograns
witten in accordance with the teachings herein, or it
may be nore convenient to construct nore specialized
apparatus (e.g., integrated circuits) to performthe
requi red nethod steps. Thus, the invention may be
i npl enented in one or nore conputer prograns
executing on one or nore prograrnrnable conputer 10
systens each conprising at | east one processor, at
| east one data storage system (including volatile and
non-vol atile nmenory and/ or storage el enents), at | east
one input device or port, and at |east one out put
device or port. Program code is applied
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to input data to performthe functions described
herein and generate output information. The out put
WO njoanmepi on i s applied to one or nore out put PEWUSHS4/016964
in 15 known fashi on. Each s$8ich program may be
i npl enented in any desired conputer |anguage
(i ncludi ng machi ne, assenbl élf{ior hi gh 1 evel

Iorocedural , logical, or objt "Sri ented programing
angu : : t I
any e fometq LIS TRUTLER 1 MY ol BuibBlisg=t oM 17

| NUGOANEINR] ih PEIPUASSto BR Jnded sigual) acsReitation Bigel aand s

preferably stored on or downloaded to a storage nedia

or chdvilating ehgpercephiall lauduess afthergudio signal i response to the

magnetic or optical nedia) readable a_.gene : .
ex@wgiﬁxmigmlr @nmaé\glmﬁﬁ@}@t@gﬁ%t@tgg @thgo signal, wherein said

configurin d operati t he conput er t :
calgR B iag oo dom e B o A ony DL R RblsEEmodel functions
on€ ¥r Eec@rﬁlﬂngg{)ﬁ QFRvb e 11961%0&4141% SPedfiz Ao dissks M6 &l Tundtiéhs, the

rnventive system nmay al so be considered to be
seleBibie 6T i el ivsorarsliydiy de-mheanablof chivacegisticeeditherinput audio
~configured with a conmputer program where the storage
sigmeli um so configured causes a conputer systemto

operate in a specific and predefined manner to

performthe functions described herein. A nunber of

enbodi neN f the.invent. Ve [ - e

rever enaregied aotolfing TR T SR SisE R PR3EE f Elaradfbristics of
he{'%% B fvad BBt dNVh A #RAAHAsiSR4 is narrowband or
t lﬁgg‘%@i?ﬁgg%‘% 3% depaélgtli ng fromtheﬂl{s)pi rlgl? ars1d
widelegrl. of the invention. For exanple, sonme of the steps

descri bed above nay be order independent, and thus can

be perforned in an order different fromthat

{neSsdbpisthag Speprchth Vsl 2SR COBPU DG gk e degree t

RPCT/,US2004/ 4 ' : )
TR ASE o ) P T GO e e sl e
Ofﬁgﬁﬁwgiéﬁu he audi o signal, an excitation signal,

an

4. A method according to claim 1 wherein said calculating selects from or
combines two specific loudness model functions, a first loudness model function
being selected by a measure of characteristics resulting from a narrowband input
signal, a second loudness model function being selected by a measure of
characteristics resulting from a wideband input signal, and a combination of the first
and second loudness model functions being selected by a measure of characteristics

resulting from a partly narrowband, partly wideband input signal.

5. A method according to claim 4 wherein both the first and second loudness
model functions increase monotonically above a threshold in quiet with increasing
excitation according to a power law, the first loudness model function increasing

faster than the second loudness model function.
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cal cul ating the perceptual |oudness of the audio

signal in response to the 5 excitation signal and a
wore@gur®Ipf characteristics of the audi o si gnaPCT/US2004/016964

wherein said calculating s¢lects, froma group of two

or nDre specific | oudness nodel functions, one or a

O e el i LB T AR LA BRI rpm o
ordhp Bpﬁvgg)gﬁgéﬁ &B ?ﬁqgﬁﬁﬁ%rs 5848, &le {)Ihﬁ chbmBifatfdb©two or more

si-gha accor |ngtoc airm 1l wherein
of k4id spReHI Pudheshabdelsdnieath of rédpective fizgdencysbaidl of the
a measure of the degree to which the input signal is
excisatiannigndl.or Wi deband. 15 3. A nethod according to
claim2 further conprising calculating the degree to
whi ch the input signal is narrowband or w deband by

co L e od REGBETL O 3055000 SRRy select rom o
gr?@uﬁf'{\% ot Sh&%l ?E&ﬁicflbﬁﬂh&rs mg@el.ﬁ OGE*R% ) cbﬂﬂnﬁaﬁﬁﬁi (f)f 0 or more

dness nodel functions first | oudness node
of kaidcipeoific lridngsssbdelsdd alproap refasspeetiot frequency bands of the
characteristics resulting froma narrowband i nput
exeitafien sigaakecond | oudness nodel function being
sel ected by a neasure of characteristics resulting
froma w deband i nput signal, and a conbination of the

f : . : . _ .
LB BRSOy TS IR A0P Ry froauency
bahd® Hf'eaalp afﬂieyﬁ Ect'f[‘\!iérfé%ﬁiﬂ@s o @hd bycﬂmﬂﬁ}bﬁgﬂaﬂ nput

si gnal . according to claima4 wherein both

t he flrst and second | oudness nodel functions

i ncrease nonotonically above a threshold in quiet wt

i ncPeas mrthodrecardingote daisndwihegeindha mrasare 9harﬂ¢f§rlstlcs of the

f.irst | oudpess del, function i.ncreasing 30 faster
angigsipnll BtaRd Tt dhe SES At SBERCET on wo

2004/ 111994 PCT/ US2004/ 016964 34 6. A nmethod

according to claim1l wherein said calculating selects

frompa A sHhed abcdrdiedo dIRIng 1SPRSeld the cileligssg mdedss

one or a conbination of two or nore of said speC|f|c
calcndativgss specificdondnesa i eath ofmspettiveelrbqeeneyriands afidke excitation

of the excitation signal.
signal.

11. A method according to claim 10 wherein the calculating further comprises
selecting the specific loudness of a frequency band to provide the perceptual
loudness or combining the specific loudness of a group of frequency bands to provide

the perceptual loudness.

12. A method for processing an audio signal, comprising
producing, in response to the audio signal, an excitation signal, and
calculating, in response at least to the excitation signal, a gain value Gf{t],

which, if applied to the audio signal, would result in a perceived loudness
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5 7. A nmethod according to claim1l wherein said
calculating selects froma group of two or nore
w@p@ailiises4 | oudness nodel s, one or a conbi nati oPCDUS1000016964
or nore of said specific Bdudness nodels in a group
respectlve frequency bands of the excitation
d ac

Suﬁﬂgng?lboéi : i EafE DR RCGRLAA08 % ShALM Lo WISEERR an itcrative
pr&éb%ﬁﬁlgelﬁki@ %}I iRERMRs Qf letagﬁ?ﬁﬁbﬁ Bink ﬁic@@sa' 9. A

ng to clarm ereint nmeasur e of
characteristics of the 15 audio S|gnal i s derived
fromthe excitation_si%nal 10. A nethod according to
cl ail?n Thetreethiod affedaiom 12 wWisreingthiertaratitess praseksing doomincludes
pecific |ou ss.in each of respective fi-equency
ca Eﬁgﬁbﬁp?ﬁﬁmg¥@$‘&#F§ﬁ signal. 20 11. A nethod
according to claim10 wherein the cal culating further
conprises selecting the specific |oudness of a
frequenty Hamddiar RLiay ug %Vﬁé}@up@ai& RRIcHBltin gq@, GRS Reponse to a
conbi ning the specific |oudness of a grou
méasarpiefclyarhetedistitwoPthevaudéo sighal.per cept ual | oudness.
25 12. A nmethod for processing an audi o signal,
conprising producing, in response to the audio
I.on and culatin

O L e DS BT b process

inéiﬁh#’sea %&11{' {:%‘ﬁ&%ss é:‘%xlg@??@ ed et?xa{ 9 15&@ ?ﬂiz% gf’étﬁf%‘gvo or more
sp&ffff c USEaRYs Qﬁ@@&‘f‘uné’t@o@ Bﬁé %’Bta' cﬁhﬁbﬁnﬁﬁ@n %§ FRod¥ ndore of said

reference | oudness, the cal culating including an
spedificdbudmess pn@dxflsfanctgoﬁw dpe sdle¢tiomof whech Btconaadled dyethe

non-|inear process. 13. The nethod of claim 12 wherein
measarq eEeharacisrisiecebdicdgprniaplio sinadles 5 cal cul ati ng

a perceptual |oudness. 14. The nmethod of claim 12

wherein said calculating is also in response to a

16. The method of claim 12 wherein the excitation signal is time smoothed

and/or the method further comprises time smoothing the gain value G{t].

17. The method of claim 16 wherein the excitation signal is linearly time

smoothed.

18. The method of claim 16 wherein the method further comprises smoothing

- the gain value GJt], said smoothing employing a histogram technique.

19. The method of claim 12 wherein the iterative processing loop includes

time smoothing,

20. A method according to any one of claims 12 to 19, wherein the iterative

processing loop includes
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measure of characteristics of the audio signal. 10 15.
The nethod of claim 14 wherein said at | east one

woer4iiireear process includes a specific | oudnBEEUS2004/016964
calcul ation that selects, Bfoma group of two or nore
speci fic | oudness nodel functions, one or a

conbj.nation of t r re of. said. s ific |loud .

o e P g oF o gt Bh PR eghe RS Rigotion of an
e ARG s GIFIREAE Rl RE A Sgna
incR¥auck avitlo nGeaing vhkiek iofies; simdaidbashsesindthodedrbasing vhlues of G;,

further conprises tinme snoothing the gain val ue G[td]..

17. catbelatiog faoperoéptunblowdnessinaesponsetie te sragaituda-adjusted

sigpal is Jinearly time 20 snoothed. 18. The nethod
CXeHallIL$1813,6 wherein the method further conpri ses

snoot hin e 1.V [ [ t.hiHg . .
RO PR Y SPBb s bUE Rl loviBS B i siengl 1g a reference
bl 16udRs 86 Beh&iard 4 BffdicHEe RInACessi ng | oop
peﬁﬁ?hﬂ%eéu ti rgre gremot hi ng. 210. A met hod according to
anyadjusting tled gainsvalite Goinlfspohsy ®i thetdiffereneeabiagdo reduce the
.Eor ocessing | oop includes WD 2004/ 111994
diffeenusbebueanbesslcudated petenpival londnass gadithe sefsrenageerceptual
excitation signal in response to a function of an
loy &tion gain value G such that the adjusted
magni tude of the excitation signal increases with
increasing values of G and decreases with decreasing
val 9esAQhefiod #Rbfdihatd Bhid IE iedttiethelifaias prddessing loop, in
response to the magnitude-adjusted 5 excitation .
acsoigante withnparinngizatien adgarithat, eepgisivedyp adpistd thednagsitude of the
of the audjo signal to a reference perceptual
exridaiipiesignab cgmgatas a pareepfyad dewdness.apmpdies ks pyculated

pe %M %ﬁgne%a it(ip gé'%gq}gxgcneg&r&g}%thg ]rpglidglfsfsg gﬁét%é@%tg ﬁlet é)ain value G;
to RiaHa iﬁ)udness and the reference perceptual 10
?%ess. Cj o

A nmet hod according to claim20, wherein
the iterative processing loop, in

22. A method according to claim 21, wherein the minimization algorithm is in

accordance with the gradient descent method of minimization.

23. A method according to any one of claims 12 to 22, further comprising
controlling the amplitude of the input audio signal with the gain G[t] so that
the resulting perceived loudness of the input audio signal is substantially the same as

the reference loudness.

24. A method according to any one of claims 12 to 23 wherein the reference

loudness is set by a user.

25. A method according to any one of claims 12 to 23 wherein the reference

loudness is a perceptual loudness calculated by a process according to claim 13.
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accordance with a mnimzation algorithm repetitively

adj usts the magni tude of the excitation signal,
w@adgulmpes a perceptual | oudness, conpares thBCT/US2004/016964

cal cul ated 15 perceptual | @éadness to a reference

per ceptual |oudness, and adjusts the gain value G to

a final value qt].. . .met hod acc%‘ndi n(lzg to clai

22 l,ai. .
31, e EeHadRSGa HPE SEHEh L AF GHI FIETeiy Prodacing, in

accor dapce w.th. t he aradi e .hqd of
TCSPPHP Oz&ie’l acﬁgf_m 5’@“?;.3%&6;%&%%8%@0%2?& |n%ﬁ 0 any one of
cl a; iRg i | fi cfuhelibhdhat Bienulate th
LR s s omegtbcta e o0
ch&actdhiatics biiehd estet hnd enifdlecleinianl ehotedpesiacef linvarlyrfpliered audio

~audio signal is substantially the same as the
signal,emdnce | oudness. 25 24. A nethod accor di ng to any

one byt SR AR Bl AR RS
gl SR Aoh 0 gy st

ProffcR s Mcificd Gioful 3. WO 20047111994 |
PCT/ US2004/ 016964 37 26. A nethod according to claim

1 or claim12 wherein producing, in response to the
audi o signal, an excitation signal,. con ribfees l'inearly
a

fi | 28r idnmethed ageording; tg chainn |2 avheyadr § agi oRg neprdinear

that .si.myl ate th har actgristics. of e~ Qut er.
progeRait R rieurtng T SHAC 1HiSa Bl oholC Bl Bley ARl of the

-, Sk I nd dividing the linearly-filtered audio
exgllt%%(gpﬁlgﬁ?g frequency bands that sinmulate the

excitation pattern generated al ong the basilar

menbrane of the inner ear to produce the excitation

si gB&l A ffetRyd adcardingdd Aaice2diwherein saidicaiculatingtheispecific:

said at | east one non-|ipear proceslsgéliagcl ude

lmgmetja ﬁx?paﬂgﬁpﬂ@e%qy&m o hgsarsiiation sieaak pelects ?&mﬁ@group of two
' ' [ .28, '
or B85 St AL SkAPRh o rf Y ATEbBRBORRARN Bfimore of

said specific loudness model functions, the selection of which is controlled by the

measure of characteristics of the input audio signal.

29. A method according to claim 20 wherein calculating a perceptual loudness
in response to the magnitude-adjusted excitation signal includes calculating the

specific loudness in respective frequency bands of the excitation signal.

30. A method according to claim 29 wherein said calculating the specific
loudness in each frequency band of the excitation signal selects, from a group of two
or more specific loudness 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.
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15 |l oudness in each frequency band of the excitation
signal selects froma group of two or nore specific

wo odne®s4 nodel functions, one or a conbi nati oPCDUS1000016964
or nore of said specific B®udness nodel functions,
the selection of which is controlled by the neasure

of characteristics,.of the.i t ;audi L gnal .
netHodAdneGedassording 16 ffioR iRt Saluiig ¢ RergBrud loudness
. t U i ' .
i SRR he HATEE s SRR St comprses
cal @GhhBihidothiehpecEReIpulihess Rudacs fregien@sbaat inte a measure of
frequency bands of the excitation signal. 30. A nethod
pereeptablowginess.cl ai m 29 wherein said calculating the

specific 25 | oudness in each frequency band of the
excitation signal selects, froma group of two or

nor.g speci fi ¢ | oudness model f 1.on :
o SRt NG Yy R e SIRFAEDEL D! B2 aherein he
| i | mHsGRe bEtheQaldiRhied tual
refg}}%?%ggfﬂé@g%aggéu%ﬁéégﬁs;g%ﬁ% |ﬁ{s}%rlpé:s ofSﬁ{éhe I nput audi g)ercep
lowsinggal . WO 2004/ 111994 PCT/ US2004/ 016964 38 31. A
met hod according to claim30 wherein calculating a
perceptual |oudness in response to the

O e
I nt . 32. A
o R L T By SROARNR a5, 2,

wherein the reference perceptual |oudness is derived
froma nmeasure of the cal cul ated perceptual | oudness.
10 3B. AAnktdibostcacdiapdd nipitro32 hieneid Zhehefesdnretpeeceptual
reference perceptual |oudness is a scaled version_ of

loudmess il grahtar dmm@ﬁmblld@ﬂedlmm@@_ lordness whemthe calculated
R L e
ol BRI LU S ot ahaingss

perceptual | oudness when the cal cul ated percept ual

| oudness is above a threshold. 35. A nethod for L

pr o8&s A ngtleodfarprbedsgingf a phdtabitysofimalie signahy cosipitsing
plurality of processes, each receiving.a respective, .
onea plurahity efpliosessegnedch, recelving a respective one o the audio signals,

wherein each process

produces, in response to the respective audio signal, an excitation
signal,

calculates, in response at least to the excitation signal, a gain
value GI[t], which, if applied to the audio signal, would result in a
perceived loudness substantially the same as a reference loudness, the
calculating including an iterative processing loop that includes at least
one non-linear process, and

controls the amplitude of the respective audio signal with the gain
GJt] so that the resulting perceived loudness of the respective audio

signal is substantially the same as the reference loudness, and



20 wherein each process produces, in response to the
respective audi o signal, an excitation signal,
w@adogul®mpes, in response at |east to the excitBCT/O82004/016964
signal, a gain value t]3which, if applied to the
audi o signal, would result in a 25 perceived | oudness

substantially the sane ref.er I

cal BB SHer e goe oopar S BraC BB BTy offrocesses.

that includes at |east one non-Ilinear process, and

controls the anplitude of the respective audi o signa

Wi t35.t Appadinis addptéd &opéifetm tthentetisadst ofunypeneef vlains 1 through

| oudness of the respective audio 30 signal is
35substantially the sane as the reference | oudness, and

WO 2004/ 111994 PCT/ US2004/ 016964 39 applying the sane

reference | oudness to each of the plurality of

echbad i SRARE ¥orPoR £ Torb SR AEIE ifiug for causing a

co@g{ﬁéftt@ ?_e%ﬁﬁ&ﬁ@méth@ﬂ?gfﬁﬁ‘y dn§ OTRIiRNS-1 8agadh 85medi um

r causing a conputer to performthe nethods of any
one of clainms 1 through 35.



