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WO 2004/111994 PCT/US2004/016964 1 DESCRIPTION Method,
‘@gsfratus and Computer Program for Calculating and Adjusting the
BHdPdudness of an Audio Signal. 5 Technical Field The PEd46$R004/016964
invention is related to loudness measurements of audio signals and to
apparatuses, methods, and computer programs for controlling the
loudness of audio signals in response to such measurements. 10

Background Art Loudness is a subj é@g \ved attribute of auditory
PERCINERON

sensation by which sound can bé ale extending from quiet
to loud. BédatiaeiloAgpaesatis anskCoatipiOeBRINEhDYA ﬁ%faﬁaﬁhig 204
suited to direct physical measurement, 15 therefore making it difficultto
quantify. In addiidRstire lerReiservadiandonss of e udiaSeesal.
different listeners with "normal” hearing may have different perceptions of
the same sound. The only way to reduce the variations introduced by
individual perception and to'arriveZatcd gésadréipidasure of the loudness of
audiomaterial is .to ag}éemble g}gro p of listeners and derive a loudness

figure. Of PARKING e g g S PR ApIEmatasirandio signals and
f
to Q@P&ﬁﬁ?ff@b,%%ﬁéym@%ﬁ%@m%%ﬁ?vﬁéﬁg)gﬁ% t%eeﬁgﬁ% hess of

many attempts to develop a satisfacto easu
augifstzralsassponse vy ssoh thetesmrameckits 1933 that human. hearing
is less sensitive at low and high frequencies than at middle (or voice)
frequencies. 25 They also found that the relative change in sensitivity
decreased as the level of the sogylersasgdsfn early loudness meter
consjsted_of a microphone, amplifier, meter and a combination of filters

desigrRRPRFRSUS Ry wRiet MRy RejiseRsratipBinge oft tetitinny abtmation by which
i j levels. Even.thoygh such devices prqvided a .
sdﬂéﬁﬁ% %%dﬁ?%?tﬁg#g% gé/a:isé Oe?cgea%%&?om guiet 10 Toud. Because loudnessis a
sensation perceived by a listener, it is not suited to direct physical measurement,

 therefore making it difficult to quantify. In addition, due to the perceptual

component of loudness, different listeners with “normal” hearing may have different

perceptions of the same sound. The only way to reduce the variations introduced by

_individual perception and to arrive at a general measure of the loudness of andio

material 1s 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 1923 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 Ieve! 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 level, isolated tone, measurements of more complex sounds
did not match WO 2004/111994 PCT/US2004/016964 2 the subjective

wo Z%ﬁéjsg%ns of loudness very well, Sound level meters of tlﬁg'ﬁ% a{pde064
been standardized but are only used for specific tasks, such as the
monitoring and control of industrial noise. In the early 1950s, Zwicker and

the suSjevtins, iampoegsiothe s loxdneisdviry waill.oS Guplbienet mriavupsanstype

developing a morge, realistic model of the loudness perception process... .
have I@?@Qéﬁ%“ﬁg%ﬁ&%ﬁb&lﬁ?éﬁﬁg}rop?ﬁg %raﬁg.ﬁg#g% 8@[@@1%%1 AU T
and c&RTPIeR Rlaiserin hsstournal of the Acoustical Society of America in

1956, and Zwicker published his "Psychological and Methodical Basis of
Lbutheesstipriigls Zwitieicanih 3858nm 20532 0idies puparied the work of

ree A SR SR el ltopion

s were

procef2NSRFERIAS SRS 3mpdital Aanth 8 ((sivatitiely biBhthloetheds of
incorporate standard psychoacoustic phenomena such as critical banding,

Compleyénise nadhindoanaz ddie foeRmEialThecRRbS B icAsE G thetnd
Zwic %‘%ﬁ 1?511%%{38%%| gfgﬁié{g%lgsg &Iﬁ%?g X hat wsi@tSf'E@ﬁﬂ{éﬁnqﬁﬁcle in

encies, allow ome S|gnal components to

Acoustaskiathess ang 198 additickepfphblieddfie grpdiessproeadheriftealoudness
band to arrive at the total loudness of the sound. Recent re as

calcubafionn esaslhng saystlisin B AESER S HANROARE. (msﬁ%g&@a@i&wickﬂ
methgl ég A g?a%%d%{'&%& TOPEF s #S%Mszgogﬁdlﬁ%%@g\%&%&)m Wth methods

advertisements (and some progra are percelved to be too Iou.d in
mco@%mm&ﬁtﬁ@mbmgm shencthenefcvelass veitycahbayidog fhequency

isteners. The ABA's investigation i?F&?rHI the most recent ttemggtjrto i
maslipaad BRERINTARE RS BXCREAGNS SEr ASroa A A SHBr Shdaaapiex

soun: W&%Sﬁ%&%@ﬁ%iﬁf‘at%ﬁ%f@%i‘fﬁ%@‘ﬁ’éﬁ@é”%@ﬁﬁﬁ&%@y ANSHEYE the
tént lou

0 inconsis ness across program material could be reduced, or .
possiblilitinatesoihectiahtd, compistentstoanadnuthe s fnd graraddiiareof fis specific
could be made and used to reduce the annoying loudness, variations. The
loud@éﬁ«@fﬁléhscé‘%?ﬁi g@ﬂ%&%@%@?ﬁ%ﬁ% EE%&QWMQ%%&%@&&%% ands.
ggggéﬂf?é'&%?&lf%'%ﬁd%ﬁ%%& By the festihalhumndaaing analseRas
(ABA) “Investigation into Loudness of Advertisements” (July 2002), has shown that

many advertisements (and some programs) are perceived to be too loud in relation to
the other programs, and therefore are very annoying to the listeners. The ABA’s

investigation is only the most recent attempt to address a problem that has existed for

‘years across virtually all broadcast material and countries. These results show that

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 2 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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spectrum into parts that correspond to smaller critical sub-bands. Adding

vﬂ@?nﬁn 'gﬂgpand to the next in such a way that the upper Iimitdggztlt}gg%/xg)bmgﬂ
iti ' , leads to

critical band is the 30 lower limit of the;next higher critical ban
the scale of critical-band rate. If WO 2004/111.994 PCT/US2004/016964
3 the critical bands are added up this wag, then a certain frequency

the FradsahhandsearnAddsd g i 2y EMir BT RICAIL BiRE s qpgresponds to each
cfﬂ@ﬁﬁ%r B tord0hia dRE SaceR féﬁ%&@ﬁe'ﬁﬁ%@ﬂ%ﬁ@ EB%W@IEE%C{H@ second

200 HZ to 300 Hz and so on up to 500°'Hz where the frequency range 0
Trernhl Ofitidal toa0 idre dse shift efm i BROEdgqueriyOsHampd sboo b tkiHi0 Hz

anb Sl%bi_divided into 24 afutting critical bands, which ingrease
RETR IR A RGY 20, Sy DAL AR v R ABIRlg froquency
T 810 £6 prUNavaA S WiibdBoideddatnng MRiBRAIK SGaieal HimmRlaHMch

_between critical-band rate and frequency is important for understanding
ingeeasehnbensisitd withakieaamgdieguentyr ekhmpidical bands are numbered

Ps acqustics - Fagts an dels by E. 10 Zwicker and H. Fastl, .
AL VLD TSR e U, The ST ST S plation between
cthRB)-baakeata Wy pdqaeasyrsarimauancibioniiira iRfdfpicdRaracteristics
similar to the Bark scale. Developed by Moore, Glasberg and Baer, itis a :
ommmmimmmlmﬂsymw@ﬁ%w Is by E.
ou

AONNE I ra,. I r, "A Model for-the 15 Prediction of

1%5,#0?%{? ?@gégﬁﬁﬁaﬁﬂ%%ﬁg ilgg’?hal of the Audio .
Engirgee®ybncibiyt RebidbgiNar BARWiHE (BB 24224 0) aNeey of measuring
measurement of critical bands below 500 Hz is difficult because at such

frsavpagudreisnae hoadnm By s Sendanty ediartpsaleadorspjoped by Moore,

i iy oo i

RN AR P B,

Glatiierd-andB seasier{1amdasurs MeCladbory, fleB #mntwidifodel for the

RO o) B ERRIGh LA A SR SEH LB o U e Audio

EanelRinloWsEEENRICIEs, TRe ﬂf,eﬁ%ﬁg!;ye?ggﬁymmzh@)h UM measurement of
y subdi

hearing syStem can be approximated viding the intensity of
ceiicad raodsabtd ava 680 Hrnoc difatiwanesasseatguch low frequencies, the

efficiency and sensitivity of the human auditory system diminishes rapidiy,

Improved measurements of the anditory-filter bandwidth have lead to the ERB-rate
scale. Such measurements used notched-noise maskers to measure the auditory filter
bandwidth. In general, for the ERB scale the anditory-filter bandwidth (expressed in
units of ERB) is smaller than on the Bark scale. The difference becomes 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 leads to the notion of critical band intensities. If instead of
wo 2803 /pfiaitely steep slope of the hypothetical critical band filtggsy theRGiHRoc4

slope produced in the human heaging system is considered; then such a

procedure leads to an intermediate value of intensity called excitation.

.. Mostly, such values are not used 30 as linear values but as logarithmic.
criticalapaad G SB0R YL e 10 SRR B R4S PLay o important

role it (L 81%%%@]&%91?1 & %r@gflﬁ?é'pﬁﬁ%é"‘n - ﬂgﬂd%ﬁ!ﬁ%ﬁ@ theraets and
corresponding values that play an important rolé in many models as
Modéniesnpedinte values. (See Psychoacoustics - Facts and Models, supra).

Loudness level may be measured.in units of "phon”. One phon is defin
L RASE SR DR BSOS RIHER O R e GG RSE fptined as
the pSILAIESRIRLE T a(P @@zﬁ%ﬁ"bﬁ% REReNsiBie @ 4pPtdPegihaduaiessure level

pressure of 2x10-5 Pascals. on is the perceived loudness of a | kHz

(SPL)pméhjnhyentrasogBSLa WSHNgns senmad sssesnfatmiih& asgakieshl Phon
. of tones af frequencies, ot han 1 kHz with a.t kHz..ac "
i e gRETRPISAHECI AT Bl PR o A VALY bt IR D ppoAition
in cm}’tzt%ﬁgl GHRlIlonEINSaSIe Yeh 60 BIgkET feniRausMRE has IV &EIZARithzeaime at 1

z, and for phon levels between 4.2 phon (considered to be the
kHz, thxatiolar off e Jpaduesoeaptivndestorpined day smyvercliyed@f phon. FIG. 7
Norm | Loudness Level Contours™). Lou S |
shov AU R LGB A e Rt 20TaY AEf%s it
and {BRYRORITERIE ORI 2ashibaiesadi i@ td b tiesbnestsoldebifiheazing) and
the loudness of a 40 dB (SPL) 1 kHz pure sine wave and is equivalent to

120 pﬂmpt(&ﬁ@ﬂi’éu&'%%@an‘é@)@@ﬁm AR B RrRIckeasngs s beyel

Cent(éorre ponds to a doubling of perceived loudness. For example, 4 sane is

Bifetved as twice as loud as 2 sone. Thus, expressing loudness levels
inSoRedss RPN aspalive bahBasatsdisonaiis affffeascte Thleredisessmi-to-one
an audio signal, specific loudness is simply loudness, per, unit frequency.

mapPingshRHeeeUsRity BTt RIbERRABALEaRS, EEARIddIEss ha B ERA 15
deﬁl%%@s%% Ak ggs'é!ff é’ ] &%‘%@E}”@ 16, ERB: IHUeacY 568'Ss Hifiivalent to

are sone per
40 phon. The units of sone are such that a twofold increase in sone corresponds to a

-doubling of perceived loudness. For example, 4 sone is perceived as twice as loud as

2 sone. Thus, expressing loudness levels in sone is more informative.

Because sone is a measure of londness of an audio signal, specific loudness is
simply loudness per unit frequency. Thus when 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 IR 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.



Throughout the remainder of this document, terms such as "filter" or 25
"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 HR filters and by transforms. 5
Disclosure of the Invention According to an aspect of the present
invention, there is providefadbetiredfekplacessing an audio signal
omprising producing, jn response to the aurgéo signal, an excitation ,
%@Wgﬁla% ealeiﬂs‘fr%# thE BEPEBLIETERaRES BrRAYKisiB %ﬁbaﬁi fr processing an
audio HiERRORSHHRIE eﬂa%iﬁi&ﬂ%?'ﬁﬂ%%s% fBeary %&BCQ@E%}%?%&QMBE signal, and
audio signal, wherein said calculating selects, from a group of two or
calculatimgrehe pueifiptetl daadsasrodktifarciensioneé or wapmbinatide okeietion signal and a
measu: Y E0L S SpRCIE doudness marel funafions, (. seleclomofWHER s woup of two
controlle %y & Measure of chardctenstics of the inpu?%u 10 sfgna]fl.l,&lgo P
or morrpeidaid iswinesihadder fuiackesingnarvaudiosignaliichilasopoedueidtiinhe specific
response to the audio signal, an excitation signal, and calculating, in o
loudnesgigdikEgriinst tBarelestiqRbrBiGhAT, coErHarR e oS tRsRpHER Off characteristics of
the inp@RRIGH 3 ,{he audio signal, would result in a perceived loudness .
substantially the same as a reference loudness, the calculating including
Asitgrativecgrocessithypoby rvatiniclgdesadie atrehenbridinpmdpeotggs. response to
Further, there ist E\:’;H(s)o grovi ed d%’;}?“i‘é%% for IEmrocesssiggﬂaI eplurali Y of audio

the audio signal, an e%ci 1 a 1 11} respon [ -excitation signal, a
Sonaisinclddes B Marality S procesdes e ek ToeENIAg SresPective Ofe o1 H1enat

gain vAfitheraydiorsignals apfiereineaeh provessRodueesl resespenseperdbired loudness
respective audio signal, an excitation signal, calculates, in response at _
substangialt therRmS@TtatBIF STt Y ETH e afitinaitislwigsoed e g processing loop

that incaAosignal Wopld result in a.perceived loudness substantially the same

as a reference loudness, the calculating including an iterative processing
loophtratherc idlalsaptesstedremohelifeapprocssy apthcditrolSaldo signals includes a

i EARISSE e pssive s St e st GO con s

produc&ibstarfighythe Bamapsihe salprencsdoudness-aod sRANINGINESA® response at
reference loudness to each of the plurality of processes. In an

least todhssadmating tHatdniisys wipe Sl bMREnve AR himbhaulsr devpevopld result in

a perceﬁ%{gﬁaﬂo 19&5%3@@9[%?9%&?{19@%%@%qJ&e?J%%l -13&&?&9,“&4&%&[&%%%& including an

ered by a filter or filter'function

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 middie human ear and a filterbank or filterbank

function that divides fhe filtered signal into
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that simulates the characteristics of the outer and middle human ear and a
friterbank or filterbank function that divides the filtered signal into WO
WO 20H0PP4 994 PCT/US2004/016964 6 frequency bands thaP SHIF&IB4RE64
excitation pattern generated alongﬁthe basilar membrane of the inner ear.
For each frequency band, the specific loudness is calculated using one or
frequ@iﬂzﬁf @ﬁ%ﬁfmkﬁl@ﬂﬁﬁﬁt@ﬂﬁ'@ﬁ&@ﬂm%ﬂﬁeﬁ%@ﬂ@ﬁﬁﬂ @Ioﬂ@_@ﬁ Basilar
controlled by properties or features extracted from the input audio _signal.

memBrae shiufintidrssSior exdhiiegirnsoy brndl hesnisHée lovsaess is

oudness measure, representative of the wide in 0 s .
ol LR SRR BRI R RS BBl ion o
whichiRecRRBSTIRULS g ciinabofciiardousnasssdc@auialvdiihg audio signal.

repetitively calculated on time intervals or blocks of the _input audio signal.

The speqiisriomidneshborrAeh iinarenty Sysddpsombinrd intRAdondness measure,

e signal'is linearly Ttiltere er or filter function that simulates the
measebaiagielistical oftheddversant: fididi¢rmemangmohihtardfjersigiabror the
filterbank function that divides th ignal.into frequ

e filtered sig ency bands th
londngss HRSGHE SRAT-NBASHSHIE L FRISHEA Sl Re R LS kR the
. 0 [ ar. For each frequency band, the specific loudness is
mp“tc%‘f?ief’ g@lﬁ%ng one or more specific loudness functions or models; the

séteatiothef evhishdisroanitthiiedrplpsapepiests ofedite ey extien echfretiod or

. the input aydio signal. The specific Joudness.for each freguency band.is
oviqg AT OS5 A8 A SR SO BRI ety
ﬁlter%iq;ﬁ 3908 HPSIeMIRRRSMEARH SIS AR SO TIRACRE B AIRISSNafe outer and

udness value and the difference is used to scale or gain adjust the

middieuenay-tarated = GHatb s voddkpihpok desispetint dividesshe filtered

: repre%%@aﬁqré) r(']_) MGGk @ﬂaﬁb{g%‘?ﬁﬁg‘gig‘?ﬁqiy%ﬂ' Yeahdiorsin@ludness

SignaoIBIR LGRSO SHBAIEH GHE SH e BUANGLE e R TR e the

basil %&@%‘Xﬁ@ﬁ% shbsiantialvoe @aMRleal ey Rt éddness is

uency banded signals 25 represents the gain which, when applied to
calcuhweadpitingdinsiynalossspecifi hisudosssifoacbonscssrapddsntha selerion of

which 1§ %L)% rofled %rng?cl)l e?ggévc%%%%gz'ter&eexﬁ'acted from the input andio signal.

The specific londness for each frequency band 1s combined into a loudness measure;
representative of the wideband input audio signal. The loudness measure is
compared with a reference loudness value and the difference is used to scale or gain
adjust the frequency-banded signals previously input to the specific loudness
calculation. The specific loudness calculation, loudness calculation and reference
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 andio 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 andio signal. A recursive
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reference loudness. A single value of the loudness measure may be
calculated for some furite range of the input signal, or the loudness
WRALFEHAyY be repetitively calculated on time intervals or bIBERLBRA94/016964
input audio signal. A recursive WO 2004/111994 PCT/US2004/016964 7
application of gain is preferred due to the non-linear nature of perceived

apiplidatien a$ paill 3pilefestadtive tof the inudiiessmedstsefipot¢eneeshudness as
The vg}:{i%)us aspects of the present invention and its preferred

wethps s shtc s ol de R ncde iSRRI e PIRF 5 the following
disclogiye a05hU18:p 495 YR PRV AAWRASHBIAICN 06 eSSBS diments

numerals refer to the like eleménts in the several figures. The drawings,

mehioh hiitsratedestusideyicdeming toctes s lomdngndijoleduraentd that
helpful in ynderstanding, th t ] tion. For th larit

IR ST My oI D A a B SA R e P o e ke

clembRedinems and 1 OThetdiiiRseoel QrEiRiskil dnhheREdMees or

are not important to understanding the concepts of the present invention.

provessrihahgisdasiniglemsristibintatschsteahitiveduiornding dhe present
in9ERAORISECN. 2 édﬁf"c%'ﬁ% %‘é’@@&lﬁgg 'Q&Qrﬁﬂi&mé&%é‘tﬁié“ by that may be

microprocessors, digital sigha brocessors, OgIC arrays an rrorms

inegoaputing pirsciicyl tmbedorplionaidheDiallitaswittoltitseschendatiery skill in
functional block diagram of an embodiment of an aspect of the present

thi gEhbiBhata AObIRROSEHEHRANO AFRIGHANS Bk eRRGrRS 6f dhe present invention.

. s t I 1 . . i . .
T B B SO o DS G fplished in o
wadpeatistyhel prayenhzivenigprpan s saadotea ibydwlacpetevéstors, digital signal

response of a linear filterﬁézpﬁ%ui able as.a transmission fitter in an
P‘é}%ﬁ&ﬁﬁiﬁ%@ fHEPreeR it QUISRHNENAS FEFUEYs is

attenuation in decibels (dB) and the horizontal axis is a logarithmic base
10 25 frequency in Hertz (Hz). FIG. 5 shows the relationship between the
ERB frequency scale (verti€asaxigYion of the Drawings

FIG. 1 is a schematic functional block diagram of an embodiment of an aspect
of the present invention.

FIG. 2 is a schematic functional block diagram of an embodiment of a further
aspect of the present invention.

FIG. 3 is a schematic functional block diagram of an embodiment of yet a
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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and frequency in Heitz (horizontal axis). FIG. 6 shows a set idealized

WO zﬂb'ﬂgﬂrsy filter characteristic responses that approximate cri Ea{ (?i )
on the ERB scale. The horizontal scale is frequency in 30& /zsg# #1‘%6964
vertical scale is level in decibels. WO 2004/111994 PCT/US2004/016964
8 FIG. 7 shows the equal loudness contours of 1IS0266. The horizontal

s¢dieid thapetiey sqdrio@ingsdtbaritonas oI5 E3268). ahtieHwvzetl scale is
scale is spund Jpressure Iev I |n crb sho he e ual
o SIS B S0 S G MBI b S TR s
pressﬁb@ﬁé@@l%@é@%ﬁ; is frequency in Hertz (logarithmic base 10 scale) and
the vertical scale is sound pressure level in decibels. FIG. 9 (solid lines)

sAB#k PlshovEitiriaauslidpwbiBss ArsHats ARG R8ke nasmalizrii byohe
iransilgﬁélg Q ﬁ?éé(i] [klyg%)s af%érh ?f%%’f%%ﬂg 1saﬂe%ﬁgﬁ%!mxﬁ %&ftzhgo(%{ﬁ?ﬁg‘m base

inven on inw parame ersare chosentom Xpéeriment

10 scateprdidglie avitdelr {saleniesoand pirelesreTloealdridebsbale. is loudness
in sone_(logarithmic base 10) and the horizontal scale is sound pressure

leVéGnYewabid dinesssheyys alstheflandnassiondiofh auifograexeiting noise

o D e Y o Pl ot the

‘presaspesteatite presgichipaeatioers| Grelchisarsah emadic fupetiinehbid data

diagram of an embodiment of another as Eect of the present invention.

accordeglte i$WiCKRE R aRETeh SRS Rreitk didsrimtinal sealmbulaudngss in sone

(log%t[mgnventlon A eSscCrl g%%\g%ge ?&%?b%??l&@%ggjggéé r?]%‘%ifﬁ(%l Qéﬁ)els

firBi@sddcisod tuepnegenfiinvaotiahbBhcindi agfalG of danctudesdmpeatitif a further
Ioudnﬁﬁs controller or oontroller function ("Specific Loudness Control")

aspegboliig BIESBEUART RNy
FIG. 11 15 a schematic functtonal block diagram of an embodiment of yet a

further aspect of the present invention.

FIG. 12 is a schematic functional block diagram of an embodiment of another
aspect of the present invention.

FIG. 13 1s a schematic functional block diagram of an embodiment of another

aspect of the present invention.

Best Modes for Carrving 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 londness parameters using signal
characteristics, the objective loudness measuremment 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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25 characteristics of an input audio signal. The audio characteristics are

used to control parameters in a specific loudness converter or converter
VEGrA (" Becific Loudness") 120. Bg adjusting the specific |oRBOHEE004/016964

parameters using signal characteristics, the objective loudness

measurement technique of the present invention may be matched more
cipsslrierRibis QM%IQHME%?%EQ%%?HWQ&%@HEQM_ occurrence of
_ measuring loudness using multiple human listeners. The use of signal WO
inpoOEatIBRsPaTHUBAben 8518064 sizonblavdirsicdaomod romoptes listeners.

parameters m Iso reduce th currence of incofrect measurements

that (oS B DB OB o8 SRy E LS MO L4 Soedi dgpect of the

pibsefadievcaiai belownan Slthodinedt af gade chndorspefiund ibe Presebtive Gain
invention, shown in FIG. 2, adds a gain device or function ("lterative Gain

Undsitiatd§ 3enerpensosk shichian 1@ Mdshuerarishelhmaaiainlothmgme-

i oxcitati . i : ior SianaLANt] _

o e A YR PN Y O S W Mesociated

londtessatdl ZBMiFRIG2 2ndiclsuseltbaabjedfivenve boudesmnita? 30 in FIG. 2.
perceived loudness involves an inherently non-linear process, an iterative

Brrsmsadhe o ec N BEATERF R RIR RS eatedrinndaer s snyolvss adnherently
n&&iﬁﬁgz{{ﬂvgmﬁgs, Igpdessw 1B AUl aKigsianabio,adesiaa 9dNeSSetermine

level. However, an iterative gain loop surrounding an entire loudness

anrgsupriEn ey sterstcn thalobdazdn alijbstment isushplikdel thea desired
e AL CHOR B H G P BU ) R 100

nﬁ%ﬁ!@iﬁéﬁ@@?ﬁ&&f éﬁ@ﬁﬁﬁkﬁwgﬂﬁﬁﬁdﬁéﬁgﬁﬂﬁr ﬁbﬁ’ﬁé@ B & original mput
arrangement, the temporal integration requires recomputation for each

apiinsignilgion sachddtsladeniierationeivasld brptaprnsivetteipplamant due to the

B S T A Ao o RBP4 T kg londness

IPERGRIBT GRS HiRhrPIREEARANGHRS Oy HPIRAHNESH PERERSS R¥omputation
forms part of the iterative gain 20 loop. Linear processing paths need not -
fopeach phangarsd g@mt@'gn@op@mﬁ@sl, féloavarap asisiecplated fateer below, In

R o P Lo A e IR O 5310 lso FIGS. 3,

and 10-12, the temporal integration may be performed in linear processing paths that

precede and/or follow the non-linear process that forms part of the iterative gain
loop. Linear processing paths need not form a part of the iteration loop. Thus, for
example in the embodiment of FIG. 2, the loudness measurement path from input
201 to a specific loudness converter or converter function (“Specific Loudness™) 220,
may include the temporal integration in time averaging function (“Time Averaging”)
206, and 1s 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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may include the temporal integration in time averaging function ("Time
Averaging") 206, and is linear. Consequently, the gain iterations need
wo ZQ%@/]B épplied to a 25 reduced Sﬁ} of loudness measuremBht ERARELILFo64
functions and need not include any temporal integration. In the
embodiment of FIG. 2 the transmission filter or transmission filter function
permiftiigrissnishienshiliefohBQ? tthbdiliepbankoictiter bfiiicfurmiaccurate real-time
("Filterbank") 204, the time averager or time averaging function ("Time
systelngeraging") 206 and the specific loudness controller or specific loudness

30 f on (3 ifi I 224 ar
R S b T P B el SO ient ofa
Joudnitgrtiergaisr corlvatite berineplrmentpddoestidiehnandrdoey tate fst tspect of
. systems. Referring again to FIG. 1, a functjopal block diagram of an )
e DB IREREOR e B AT AEI PR ARb S b L ERS Beastggrment is
. e ot of : D ,
o b e e s
meastariag iprdete 100 1HEle dnpesisrapphiod to o gatss—mdist (mpinppets that

100. The input is applied to two paths - a.first (main) path that ulates
caloudgigs BRI LOLEA LR RS AR PR RSGELH BERG NS aAglae
those!RPIROLINS: XA RERAUSHELRBS, BOhiRaRasiahpanPsMBnner ear

the inner ear 10 and a second (side) path having a specific loudness )
and acsrutooith( shie)guiticiavio spetcifsutmsiesmeonivolientoetcssleniphygspecific
in the. majn path. In a preferred embodiment, processing of the audio is
IOdeE‘eﬁsfc%-}ﬂgH?ﬁ%ﬁé %ﬁﬁsﬁﬂ@?%’%ﬁ%ﬁ%&@fﬁaﬁmo input signal is
d%%ﬁé&xﬁ% disrsiedisng, sagdense bl mbighdiasdeersamaad frendigital
_the audio source at some sampling frequency f'. 15 It is assumed that the
domaisquarcerdigiysthe etidispiopuasignat aieseehbnthaspsitiare sequence
X[n] in decibels given by L RMSO =101ogio[ | jx2[n1 n=o is equal to the f
x[n] wduinH hasdseen sevapindiBamihecadhis m%ﬁiém@ﬁémﬂ@(i% ﬁgﬁguency e

It is assumed that the sequence x{n] has been appropriately scaled so that the rms

power of x[n] in decibels given by

L
RMS = 1010gm(é—2x2[n})

pur
is equal to the sound pressure level in dB at which the audio is being auditioned by a
human listener. In addition, the audio gignal is assumed to be monophonic for
simplicity of exposition. The embodiment may, however, be adapted to multi-
channel audio in 2 manner described later.
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 cutput of which is a
filtered version of the aundio 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(2) 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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human listener. In addition, the audio signal is assumed to be monophonic
for 20 simplicity of exposition. The embodiment may, however, be adapted
WO EWMnel audio in a manner described later. TransmissiBAFIE004/016964
102 In the main path, the audio input §1’bna| is applied to a transmission
filter or transmission filter function ("Transmission Filter") 102, the output
nSFNRIGEE® dadilierad-yision e thewagilvidpal ddaasmissiofiitiethe audio that
102 simulates the effect of the transmission of audio through the outer
1soprpasiertd buthattondogppieatpn obentmeacaie nree choselyowsambles the andio

4..Qn itable itudefr n nse. of P(z).4S.uni
e S SO R s
neddreesndRasnBeited o bE TRARAAISHAE T HtarilDthi Wfeshedt W @ependently
200411..11994 PCT/US2004/016964 11 normalized to equal unity at 1
sealsdapaon plothadamsdemainimnutrdiritrmaletsytdeessed by the
loudness measurement process m Eﬁ:&lﬁﬁﬁk’ fggembles the audio that is
perceived in human hearing, thereby improving the objective loudness
meastite filtessdhaiditmipofifinapplissido Biffdteibanis ar filterbank function

(St T R BRI SR AN GieA e SR i ovcitation

phliRERARkRLfie YREWRRI(a HisHBRin L HPHE fandy <BHeTIRMG A0 ank 104

is designed to simulaté the excitation pattern generated along the basilar

magrchnie of sht dfidereeadiiténs MiodsahinaDidih analspatiie arsepoktant on the

4 1A LR Y P P o L SN LA B9 JFBBIES BY Moo,
CHABRSIEARCRRR (LS (C N HiRRee 18 CUATRSKE T 18, A Mogll Rirthe:

Prediction of Thresholds, Loudness, and Partial Loudness," supra).

Prodhistign wE Hresheldisehapduars ol Rsteh Lnndmrss.Aumare).
e R B G SIS A peorception

afidoglency Bepiernay e femplevedinithofedieg dbRIEEBAbGEness measnurements that

match subjective loudness results, the Bark frequency scale may be employed with

reduced performance. ,
For a center frequency fin hertz, the width of one ERB band in hertz may be
approximated as: ‘ |
ERB(f)=24.7(4377 /1000 +1) (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 £ 11000+1)

HzToERB(f) = | df =21.410g,,(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) = f = %10“”‘-“‘”, (2b)
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For a center frequency fin hertz, the width of one ERB band in hertz may
be approximated as: 20 ERB(f) = 24.7(4.37f /1000 + 1) (1) From this
WO 2p84akId74 warped frequency scale is defined such that at ad\-paihtoeddnepes
the warped scale, the correspond’n’lg ERB in units of the warped scale is
' equal to one. The function for converting from linear frequency in hertz to
wherdis ERBufiacyenry SREes ERLIENG Dylinteg i thedednsdseheéen the ERB
Equation 1: 25 HZToERB(f) _ 24.7(4.37f/1000+-1) df =21.4log30 (4.37 f/
scale mcﬁ-m@ap}t iz Algdauseful to express the transformation from the ERB

R B R P

charaBEiAdS RRNAREMRaIE etim it IFOEherERBIsralpSiGeblly, the

shows the relationship between the ERB scale and frequency in hertz.

individvakemdatoss &liﬁ@saﬁ@ﬁaryrﬁﬁsﬁﬁlm efpmévfﬁaﬁ khed a5p dnplemented in the

Fﬂtm(:haracte[ﬂzed ag;fj Hne%%rg usm rgr 6 filter E%é%? ti’r?ﬂértz

that are implemeniged jnthe P4 be-defined by the twelfth
orderlll‘ﬂgreﬁm)s#e@ i W_ )1 quy,, » $1f)z- +rr£3) (3)
r (1- 2rA cos(2afA / )z-' ' +B' '2,,(4a) 10

wher '‘A=e2$'ll2, (4b) B,, =min{1. 55ERB(f) 0.5f, , (4c) fB =min
ERBscale'(ERBscale(f,)+5.25), f/2), (4d) rB = 0.985, (4e) fis the
samplinjg{!f_re ygn@x&q hertz, and G is a normalizing factor to enSI{Epdjhat

ry =i, (4b)
B, =minfl.55ERB(f,),0.51, , (4c)
fp = min{ERBscale”' (ERBscale(f,) +5.25), f,/ 2}, (4d)
r, =0.985, (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
.rnima}s:{)z‘.{fr (e’ )l}r»l. (41) |
The Filterbank 104 may include M such auditory filters, referred to as bands,
at center frequencies ff1]...£.[M]spaced uniformly along the ERB scale. More

specifically,
JI= fuin (5a)
folml= f.Im -1} + ERBToHz(HzToERB(f,[m~1)+A)  m=2.M (5b)
ST < e (5¢)

where A is the desired ERB spacing of the Filterbank 104, and where f,,and £, 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,, =50Hz and [, =20,000Hz. With such parameters, for

example, application of Equations 6a-c yields M=40 auditory filters. The magnitudes
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15 each filter has unity gain at the peak in its frequency response; chosen
such that max(Hf (e")I1}=1. (4f) The Filterbank 104 may include M such
VHOReeHLEIReES, referred to as bands, at center frequencies f [1lectfivibkoo4/016964
spaced uniformly along the ERB scalé3More specifically, 20 f.111 = fmin
(5a) f[m]=f[m-1]+ERBToHz(HzToERB(fm-1])+A) m = 2..M (5b) f[M]
oF IV I@ﬁhﬁ’ﬁ&? AlifhewieRie Eﬁﬁ%ﬁ?ﬂ%’?ﬂﬁfcgl%ﬂiﬁﬁ%aﬁﬁ AERY scale, are
where fmin and f. are the desired minimum and maximum ceént
shewodndidsi réspectively. One may 25 choose A =1, and taking into

iy SO S, o S ot A Sk SRy mted nsing o

fiexamaigtapligatenid Eaualinnsfag YidldsMndP udiety e shdort-Time
magnitudes WO 2004/111994 PCT/US2004/016964 13 of such M

%@ﬁ%%ﬁmar@rméw&ﬁmdﬁm&.mMﬁcﬂn@wﬁmMQ@m the filters
I i r 0 atel

o o N e A B B ation, s

bedeveatittoae thdeShore TonpbrBiseselafronribal mm&‘wmd@'ﬂ@izﬁcurate loudness

because an im Iementat the fllters at the samplln rate of the
T B Rl EAPR JR S RISk e e BB Feaesation, an
RS ﬁe&mefeﬁ gfﬁ?ﬂﬁt%ﬂ%ﬁ'&fﬁﬂ {m?%ﬁ ég{ggﬁ& be

asurements. By using the STDFT instead o rate |mp m
aa]memﬂrovement in efficiency and reduction in computational complexity

may d,.The STDET of input audio s nal x[n] is defined as:
N-1 2 @f\x&ﬂ&fﬁgﬁ]@u g é?(‘#? medasuency index, tis
the time block indexy_N is the DFT snze T is the

Xk, f}= > winlxn+1T e v (6)

n=G

where £ is the frequency index, 1 is the time block index, & is the DFT size, T is the

hop size, and win] is a length N window normalized so that
> Wi =1 | (7)

Note that the variable 7 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 T samples along the signal x[n]. Subsequent references to the
index 7 assume this definition, While different parameter settings and window shapes

may be used depending upon the details of implementation, for 7, = 44100z,

choosing N = 4096, T = 2048, and having w[#] be a Hanning window produces
excellent resuits. 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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hop size, and w[n] is a length N window normalized so that N-1 15
Wo 2EWZé 1 (7) "=0 Note that the variable t in Equation 6 is a discrete index
Pel1d&&Hting the time block of th STDFT as opposed to a ThE A& AW Hp16964
time in seconds. Each increment int represents a hop of T samples along
the signal x[n]. Subsequent references to the index t assume this
definitio Elle nt ﬁggg f snd window shapes 20 may
be usedBH"e’p E (%)ﬁﬁil t%i[‘p éntation, for f = 44100Hz,
choosing N = 4096, T 2048, and having w[ n] be a Hanning window
wherpindsdhe handenambesuliis thebioelsmperbesisad Sisvbeaonsassien filter. It
f C|en Fast. £ r| rTr FET ert
shou e AR R e e P e 2 U HAR AR Y St

audio S|gn a meas

than ﬁ@@@éﬁ%ﬁfﬂq&@ﬁﬁiﬁﬁﬁaﬂbw ki deQtiis Eqadﬁdnﬁﬁ}sdt@ﬂew imilar
energy output of each filter in Filterbank 104 may be a I$frommated

resuligrdiggrexannimchiparsrmeilasperspranane drodgs shapo Ariaried fi an

expoB RN Byl RN P RIARGR T addicion, ith o slight

redudi@nkirtOpatfeigimnschereandyapprekitiath e ihdil tutraber; ‘bridiRvatlieband
transmission filter. It should be noted that forms for the magnltude

pass veidpsneangririhadiang Fitehs atdens thibrthar Spremmsimatcn. she transryssion
filter Gﬁgjx%;efas%g%ﬂtéﬁt'8ﬂt%§@§ @é?gﬁ c?fs ﬁfﬁﬁ "0 811? Mipe ﬁtnﬁes to

rg propose crlbe by an ‘e ponentlar u

that perfor I’I;lﬂl?l’%, FEuat 3. In addition, with a slight, reduction in
"’e mayﬁ #ﬁéle each filter as a "brick-w Ia)band pass
Wlth a bandW|dth of one Fs’B and as a further approximation, the

tr@nmﬂm@tpg@(y@y@g@@lgﬂw; @‘))shg szlmmatlon Ir(%; case,

Equatlon 8 simplifies to
k, = round(ERBToHz(HzToERB(f,[m}) +1/ 2N/ ) (%9¢)

Thus, the excitation output of Filterbank 104 is a frequency domain representation of
energy E in respective ERB bands m per time period «.
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 londness perception, others have suggested that this temporal integration be
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k, 1IP(e's~[m~'f)j2 EIX[Kk,t]I2 (9a) 10 E[m,t]= N k=k, k1
=round(EBBToHz(HzToERB(fO[m])-1/2)NIL) (9b) k2
WO SUHEEPB ToHZ(HZTOERB(f,[in])+L/2)NI fs) (9¢) Thus, the exXRGHEBRA004/016964
. . is . .
output of Filterbank 104 is a frequency domain representation of energy E
in respective ERB bands in per time period t. 15 Multi-Channel For the
padsmvedenfibetinpet ctwtivsihasbiscof ansftirshed nekidinwai’ty heo specific
ditioned over multiple loudspeakers, one for each channel, the,

1023 fsfor OPEXER thepiaseniymdPr AR sEusmeditrhthis depmpogal
BB RAIACH S HE RN RAmPHE, %H%%%%mﬁﬁégzﬂé Al citation

channels cormbined, the 20" individual excitations may be s
bebopetiteisitmmalomy el drtitaponific dppdozanald yEeskeiatinteashiogittiag prior to

ears ftalist er. All subsequent processing is then perf %H:ed on this .
R P SR he TSP 68 SRS OF the Dresent imvention, a
51 PAMEDORCAUCHATAD A HRleEEN S RBAIRGSS A SiSoSHIIOS AR RANISNZ 0 be applied fo

comparing the loudness between various audio signals listeners perform

a sigmel ipperdertorpstingtiicgreannast idnesmion petaribedotansgnals
loudness-to.arrive at a yalue of long~teen perceived loudness for use in
oxpistHed MG ORI, iR St IRASHE Chidted by g S tespliyg loop that

ndtavepugghsied thathisiteivpodit@isation peMABRO&ELEO such temporal
. PCT/US2004/016964 15 performed after the excitation has been

infegsatinmelnridis manRgTntbesiemtiondoanansy-isnetae the prisdhrough

. : i <t intearafi A
o S S Sl SR S PO tho g i being
camapsfedasdipio sektillopatsssnBypedepainbchelrmenitingope dita-tal of

computation of specifliﬁloudnes,s, according to an aspect of the present
teppohabmiggration. The result is a savingsin both processing time and memory.
Embodiments that calculate a gain using an iterative loop inciude those described
below in connection with FIGS. 2, 3, and 10-12.

Returning to the description of FIG. 1, linear smoothing of the excitation may

be implemented in various ways. For example, smoothing may be performed
recursively using a time averaging device or fimction (“Time Averaging™) 106

employing the following equations:

Elm,f]= Elm,t 1]+ = ; p (E[m, 1]~ Efm,t— 1]) {10a)
Glm,f]= A, 6fm,t~1}+1, (10b)

where the initial conditions are Epm,-1]=0 and &lm,~1]=0. A unique featare of the
smoothing filter is that by varying the smoothing parameter 1, the smoothed energy
E[m,t] may vary from the true time average of Em,t] to a fading memory average of
E[m,f]. If A, =1 then from (10b) it may be seen that &m,f]=¢, and E[m,r] is then
equal to the true time average of E[m,r] for time blocks Ouptoz. If 01, <1 then
&lm,i1—1/1~2,) as t > and E[m,/] is simply the result of applying a one pole

smoother to E[m.7]. For the application where a single number describing the long-
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significant advantage is realized when computing the gain that needs to
WO 2(&:})(()347319 Iiﬁd to a signal in order to adjust its measured loudness inS%O(}d/O]é%t&
prescribed manner. As explainedlf&thher below, the gain mlé%g
calculated by using an iterative loop that not only excludes the excitation
calculation but preferably excludes such temporal 10 integration. In this
term hoadnesstbé iténaifo hength magigacgtamntie darttkoonh mayrsitdions for all
that depend only on the current time frame for which the gain is being .

m. Fepmpeabdiag Gpphsaiies sheeanssid liksdndackioeAme e ng long-
term AR TORBINRIRD Mﬁ'&&ﬁm\@_gﬁaw@@m%sw and

me and memaory. iments that calculate a gain using an iterati¥e

set 4198RRclAtgRR-g8scaPRd 15 below in connection with FIGS. 2, 3, and
"10-12. Returning to the description of FIG. 1, linear smoothing of the

exgicsionuing B maleaentatio Valiaus, iaysaybe exainglde soontitisgort-
may be performed recursively using a time averaging device or function
time §eEmentyéhagiang yans deregCiasgaris forugidg dqtsnaigbatertmthe perceived

touciiRgre A B R T G AP U Y B dHE el with

the sRidbg&meathingifiierds traidyerandneribe sBoRind RasarAeer et Elm, 1

smoothed energy E[m,t] may vary from the true time average of E[m,t] to
1S g@}h{ﬁlﬁim’moﬁ{;ﬁv}e_rage of 25 E[m,t]. If 2m =1 then from (10b) it may be
seen that 6[m,t] = t, andE[rn,t] is then equal to the true time average of

EUl it A et o ST o

For the a ﬁgg ion} where a single number descgiaingitiee long WO
2004/111994 PCT/US2004/016964 16 term loudness of a finite length

audio segmeént is desired, ongumay set A. r.all m. For a real-time
appligatipnwherd biie Wodld %,é‘:{lﬂifhéll%oe ' &bying long- term(1 1b)
loudness of fingous audﬁj}éggggn in redltime, one may set0 <2M <1
and set A. to the same value for all m.

where tdB is the relative threshold specified in decibels. Although it is not critical to
the invention, a value of #dB = -24 has been found to produce good results. If there is
no second smoother running in parallel, then E{m,1] = E{m,1]. |
Specific Loudness 120
It remains for the banded time-averaged excitation encrgy £{m.r] to be

converted into a single 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 g 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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5 In computing the tone-average of E[m,t], it may be desirable to omit
short- time segments that are considered "too quiet" and do not contribute

W thetddttved loudness. To achieve this, a second threshol #&37US2004/016964
smoother may be run in parallel with lthe smoother in Equation 10. This
second smoother holds its current value if E[m,t] is small relative to E[m,

defivéd G id(Hapukuidie dedeinvia 19 pebitid otk ColidbL124 in the side
E[m t}>10 d8 M E[m,t -1], otherW|se M raaM o [m t]= 26[m t-1]+T,

ff}‘iam | qpmobyha fg@m@méacmmq ¢f ieomiaibaran, o the
g} ee%f'j&*h*@l EEhsle: ééﬁ%%%é&%&%ﬁ 8 BVEOHON. Rseful for

een foun uce goo resu‘% thereis no

semﬂmgi cmeantheoraspiang fic pandieisshrodeln ﬂ]cfrﬂiimmsb aﬁlﬁqiﬂelme extracted

ness 120 It remajns for anded time- age Xcitation energy
Ftavfsﬁ et %f%% A AYBIe L eipaIons of
mHBE?s RR1A BUEa38 g Hﬁ%z%%@&'ﬂ%iﬁ%ﬁ%eé&%é’&rf@ét%éé’BY%&?é?ébteusucs

function ("Specific Loudness ") 120, each band of the excitation is
W&mnwettam}ntm alesirebbf gpusifiticuditassondimio ek hoeagurel imfsomation may

the | loud bining functi
B BRIRBS P SHL ISR SPORL R R nTay'”g”e%m‘éz‘ﬁ;%% or
Sumlﬂﬂ@ﬂéﬁ&iﬁ@%ﬂé E}B@eﬁygfemﬁ&qmﬁﬁé@ww ciGed as a

Loudness Control 124/ Specific Loudness 120 Multiple Mo eI n one
lnﬁﬁﬁﬁixﬁbﬁiﬁtﬁﬁ@'&Iﬂﬂi’@@%@%&iﬂ%@%@ﬁbﬁ@ﬁ%ﬁﬂ@ﬁ@ﬁdﬁ ﬁi@@'éllﬁﬁ[ﬁpi] as:

converting banded excitation to banded specific loudness. Control
mformatlocr;\r\i\{/zj j é PCT US2004/016964 17 derived from m
input audi tf I“"v gqé @Ef hess Control 124 in the side (

where Q indicates the total number of models and the control information « fm,7]

represents the weighting or confribution of each model. The sum of the weightings
may or may not equal one, depending on the models being used.

Although the invention is not limited to them, two models have been found to
give accurate results. One modél performs best when the andio signal is
characterized as narrowband, and the other performs best when the aundio 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(z) (FIG. 8):

Eyarm. 1] = Ly (Elm. 1), £fm), (13)
where L. (E, ) is a function that generates the level at 1 kHz, which is equally loud
to level £ at frequency f. In practice, L, (E, /) 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

foudness calculation.
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path selects a model or controls the degree to which a model contributes

to the specific loudness. In block 124, certain features or characteristics
WO 20 Hseful for selecting one qr. more specific loudness FROGeRe Ko o964

those available are extracted 5 from the audio. Control signals that

indicate which model, or combinations of models, should be used are

d<egtatad Hssvithe lodacadieaithdsamdcharpdledsinputddase it may be

desirable to use more than one model, the control information ma(;é) also

indicaté fﬁW]s‘ﬂ@ﬁﬂﬁbNéd@’éﬁblﬂd’ﬁ@EdMMﬁ?ﬁor example, the &)
where, bt e ot L SR B B R0 00 A Rband and
.« «N'[m, t] =t \ : = indj e
oo B, e Rt
lying Geniseionsatiepehanadelniifeslifronh e weitiotisigs aln ayeod sndlssftwhich are

equal one, depending on the models being used. 15 Although the
describedrhide e not limited to them, two models have been found to give

A IR R SRS RO g

narrowban er performs best wHen'the au

may ?ég%?rﬂﬁa%@f?&tﬁ%@%ﬂﬁd’é@ ehaish Bt mroBpdIRG R fififctions:
oudness

, the excitation level in each band of 20 E[m,t] may be
transformed tq an Eivzﬁ)eni itation level at 1 kHzggs specified by the
equg| loudnes E 1S02661(F1G:, ) [mgrinalized by the
tra mfg%it n filter (zT@ﬁlﬁ. ): EKH7[m,tl = IkW (E[m, tl,L[m]), (13815&)

where L,,,,, (E}@) is a function that genesgtesithe level at 1 kHz, which is
equally loud 25 to level Eat frequency f. In practice, Lk,,,(E, f) is

implemented as arf piter mlati of & look-up table ofghe equal loudness

comf, nor aliz nswiigsion filfer, (itradsformation to (15b)

equi fi'tevels a sgimplifies the following specific’loudness
calculation. W(®,2004/11.1994 PCTIUS20@4#3&6964 18

where TQ,,, is the excitation level at threshold in quiet for a I kHz tone. From the

equal loudness contours (FIGS. 7 and 8) 70,,,, equals 4.2 dB. One notes that both of |

these specific loudness functions are equal to zero when the excitation 1s equal to the

threshold in quiet. For excitations greater than the threshold in quiet, both functions
grow monotonically with a power law in accordance with Stevens’ law of intensity
sensation. The exponent for the narrowband function is chosen to be larger than that
of the wideband function, making the narrowband function increase more rapidly
than the wideband function. The specific selection of exponents £ 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 londness 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 andio signals

indicates which is louder and which is softer.
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Next, the specific loudness in each band may be computed as: N'[n2,t]
T j t+(1-a[m,t))NN[m,t], (14) where N6[m,t] and N"[m,t are

‘%p%‘?gﬂ%ess values based on a ngrrowband and Widebanlacé#&%fjw 016964
model, respectively. The value a[m, tj is an interpolation factor 5 lying

between 0 and 1 that is computed from the audio signal, the details of )
whicH hectotekininebe prprasset drvnisand sorpwidebnauppated as the sum of

loudness values N ,2[m.tl,and NN[m.t] maybe estimated from the banded
RO RS A b e oo N gt 68
CET [m t]J ]E E%ﬁn 11>10 10 (15a) m O otherwise Pwa rBira 10 N"[Hg]):
G"al CET [RZ}[) _1%&‘.{ 1]>10 1Q (I5b) | kn 11 0, otherwise where
TO"kz is the excitation level at threshold in quiet for a 1 kHz tone. From
witereequis! {he diRBsspaningrspaiGsd imbd 8@, feqlils pRaiBetOneG,, and £,
notes that both of these specific loudness functions are e%ual to zero

infignatienckeraarsrchose spitgioviashion I durplPbpérditaseng versus SPL for

reater than the threshold in guiet, poth functions.15 grow monatqgnicall
o L7 6 e T L A B R RURRRE TAIOF RRGHEIR EEF et prosented by
zma&m@@@ piigletm _'HGQ\QB)@E%MR@HPHJ %@ﬂ?@é?&@é@fﬁ%@@n 13@ks and
of the wideband function, making the narrowband function increase more

Magkily, "thaprie Witeparmaieiscscn.: B sheciicigietion dfeappabases so that
and gains G for the narrowband and wideband cases and are discussed

wheRw 201 olldAddet 95/ B aRBESVERSISSs tHR bHIHBER SEEHEE notse (noise with

loudness of.Specii ness 120 to create a single loudness. measur,
QRN oo L on ey SRR A I o TP ARG from
ZvAkieein(fes cRpiaalsURIBIGhe) oudness RpastseiRy Daveker’s data yields:

Gy = 0.0404 (172)
B =0.279 (17b)
Gyp =0.058 (17¢)
P =0.212 (17d)

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, afm,f], 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 ofm,r] may be chosen as constant across the bands, in

which case afm,1] is subsequently referred to as aff], omitting the band index m. The
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arbitrary units, as long the comparison of loudness values for different

WO 2%@9{9 g'ﬁnals 25 indicates which is louder and which is soft
2004/111994 PCT/US2004/016964 19, The total Ioudnessgg%%e%g%%ﬁgm

units of cone may be computed as the sum of the specific loudness for all
frequency bands: s[t] = A~N'[ns>t], (16) m=1 where A is the ERB spacing
contrajpetiisem iRt MRS A ahIET Darr whawdsthe stanalds augsyell

chgsen so.that w alm, 1] 5 1, a plot of Sin sone versus SPL for a.l
vands, RSB s MR Lo S8R S5 el Sefloed nee
the paRRAAIGAEN AWICKEE CREGIClRE BTldCx At 4B ekethblihaah: be employed.

"Psychoacoustics - Facts and Models," supra). The parameters G,,, and

Abharcaytraliorir] 3haardekosmpusethamhencapiialion Zdpé o fgroutput of

... sone yersus SPL. for uniform exciting noise (noise with.10 equal power i
Filterla, LB CaB AR LA CLogh RRRAG AT SON St
may (RS UAMERIE THE Rfdpashivayarsdl g Wiskrrwisidadalls” GAB =

0.0404 (17a) &B=0.279 (17b) G'B=0.058 (17c) 15fl=0.212 (17d)
“widdbid dedeotid linfsfhivnsgsiosas; tadnes fortdbtiithiatne@rneyatehbavith
and a 1 kHz tone. Specific Loudness Control 124 As previously

8i1i8dels of specific loudness are used in a 20 practical

j;%‘g%%@gﬂf}ﬁé ugtiong }é@ﬁe%ﬁggkéqgmwfﬁ%wﬁﬂag BE&¥iputed.

and signals. Specific Loudne ohtrol 124 in the side path
SpectegloaRga J9aafie] BTayAitthedNaR 0 Bhiekihe PPMtigNEbEal Coding

either narrowband or wideband in each band. In a general sense, a[m.,{]

Of Wenetaorey RuesticHablihtesigleases dfPdwiisihaeaiares dapgsometric mean

o AR 8 0 e et

case of E[m,f]). When E[m,7] is constant across m, the geometric mean is equal to the

little

arithmetic mean, and the spectral flatness equals one. This corresponds to the
wideband case. If Em,f] varies 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 Elm, 1]

1
Mu[tj E[m’ F] Mnif}‘”Ml[I]"'l
i ‘P[m]| g
1 M Bim,i]’
M, ~M,[1+1,0500 iP[m]\z

NB[f}=1-

(18)

where Plm] is equal to the frequency response of the transmission filter P(z) sampled
at frequency o =24f,[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,f] that tends to inflate the “narrowbandedness” measure.
Additionally, computing the spectral flatness over a subset of the bands of E{m, 1]

may yield better results. The lower and upper limits of summation in Equation 18,
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continuously between the two extremes for varying mixtures of such
WE?%ME? &3 a simplification, the control a[m,t] may be chosen as constant

across the bands, in which case a[tn,t] is subsequently referr&§ T a3084p16964

omitting the band index in. The WO r%?304/111994 PCT/US2004/016964

20 control a[t] then represents a measure of how narowbaid the signal is

Mifdrand . bandsTingrotrgicrshantieyntrundiiey drerafiogsueh of all M bands, It

ontro ii described next, the particular method is not critical and other

15 ARG g b6 Ehipiopda. thecneatins! oftEimayltbatoenptead the majority
Of&g@n@e excitgti{%n m, %gat t%% é)ut%uéof 5 Filterbank 104 rather than N
SUGHSoMe other ProtalefnicofRe Sdd KinfDe A b s enmge dren 24 units
i f ich the " banded "and .
e osaiier S Mol R I CAE ey the oonte

fregesriated Wil hitlenadded,gemputation. "Spectral flatness” is a feature of
E[m,t] from which a[t] may be computed. 10 Spectral flatness, as defined

by JayEAPard Nalb N/, IE5EERB(NEW Difia@oding Of Waveformg] 9a)
fg:rentice Hall, New Jersey, 1984), is the ratio of the geometric mean to
mean, where the mean is taken across frequency (index in

in thez£ag 1), I;e@]ﬁgrg, i ross in, the geometri
mean is eci%% o’%"){grﬁ;{ﬁme i Fn%é%‘f%;%%mﬁéﬁrm flatness equalsElg b)
one. HaiggrRSPORdeipthe Aorwideland case. If E[nif] varies I(wc)

significantly across in, then the geometric mean is significantly smalle

than theTadREgliGMedh <awd SamBpectia)l flathess approaches zero. Hga)

corresponds to the narrowband case. By computing one minus the
Wh@ﬁ%é?ﬁf}lﬁ@%ﬁ%@%ﬂg@‘ﬁéﬁ&éﬁ[m@mmﬁf&&ﬁmﬂwm neske’
where zero cprresponds to wideband and one to narrowband.
Specifically, ;ﬁetmm@mfp{mgmgo minus a modified spectral flatness
Ef[E[rI]ch{;ll\AEEﬂ:E{MH—NBm—L—mm&A i NE .:[ _]|£ Mw P[m]~a.)1-..---(18) 1 M"tttwe)
m t] > M"[t]-M,[t]+]. JB[mM
gm,a

ideally, the limits of summation, A£,[1] and M,I1), are centered around C7Y7]
when measured on the ERB scale, but this is not always possible when CT] {7] is near
the lower or upper limits of its range.

Next, NB[r] may be smoothed over time in a manner analogous to Equation

tla:

= 1 — ¥ My
NBif] = j NBl-1] +g-§§(NBff3— RBI =11} Y Elm.1>107 3 B, 1)

NE (20)

LNB[F ~1], otherwise
where &{f] is equal fo the maximum of 5Jm, 11, defined in Equation 11b, ovér all m,
Lastly, ofr] is computed from NB[f] as follows:

0, o{NEr]}< 0

alfl=< 0B,  o<ofB)<l, (21a)

L o{NBf1}21

where

Gix}=12.2568%" - 22.8320x° + 14.5866x — 2.0504 (21b)
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where P[m] is equal to the frequency response of the transmission filter

WO Zgégl)lmpled at frequency co = 21yf [Yn] | f, . Normalizatiop of 54k BYs064
the transmission filter may providg;better results because application of

the transmission filter introduces a 25 "bump" in E[m,t] that tends to inflate

the "narrowbandedness” measure. Additionally, computing t pectr
Althomghdbs evaetfonnsef G baRuSTaHERh (PFROLYRS t@f}%gmnﬁééb may

lower and upper limits. of summation in. ation 18
be TR AOPHBECA 2PN e RF e pere Jhces e lorge
variewl &@@&%ﬁ%ﬂge of all Mbands. It is desired that M,[t] and M" [t]

mclu

e the portion of E[nz,t] that contains the majority of its energy, and
tHelh & sinpeste fioectionl feakddisgibeofamorbodimeaiofis lniginess

on the ERB, scale. More specificall d recalling that f [in] is the center
meas u@%»épsaﬁaﬂﬁﬁm% R0 ;fﬁﬁi%%%’@%tﬁ ﬁ#@éﬂ? 555 O the
presefZRRRREG M> ke 24 (oot ancone pealines, 1200 BRT CYof shdti2 4 of

CT[t] _ HZToERB(f,[M, [t]]) (19b) HzToERB(, [M, [t]]) HZTOERB(f, [1])
FIG. ago;ra@mzdmahexﬁ,gwg}(}}ﬁ 8@ qtony \]f)%ré%[ﬁ%, ElxiO, 122, 123

d sg) éﬁ'ﬁ‘l roid or E[ns,t] measured on the ERB scale: | HZToERBCH. |
an }I ff I[(‘]:fc t] M, (19e) E[m, t{] m=~ Ideally, the limits of summation,

MA@&MME[H@ e CeptergsbarombGhitniben ofeesiveFIH tHeskfRBs an
scale, but this is not always possible when CT][t] is near 15 the lower or

embagipesifonibe dphdnaryBIBKICIVE RPHRY 9SS asEasv e JondnRsy value in
perce&n)%lnaqeurn% s?l Rk E;%{%%%P #d3olhithss of the input signal, a useful measure
is a gain Gfr], which when multiplied with the input signal x[#] (as, for example, in
the embodiment of FIG. 3, described below), malkes its loudness equal to a reference
loudness level S,,. The reference loudness, §,,,, 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 ¥{xn].¢
represent all the computation performed on signal x[] to generate loudness SJ7], one
wants to find Gir] such that

S, = STl = PGl inl, ¢ 23
Because a portion of the processing embodied in ¥{ is non-linear, no closed form
solution for Gjr] exists, so instead an iterative technique may be utilized to find an
approximate solution. At each iteration I in the process, let G, represent the cwrent
estimate of G[r]. For every iteration, G, is updated so that the absolute error from the
reference loudness decreases:

iS o —¥{G,xin], t}! <|8,y = T{Gi_gx[n},t}i (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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Wi[t]= JIVB[t-1]+61t ENBI[t]-NB[f-1].E[m,{]>10t0E[nz,t] (20) otherwise

‘ Is.equal to the maximum of sjm, t], defined in Equation | Ib, over
%ﬁﬁﬁﬁ%ﬂy, a[t] is computed from,\B[t] as follows: o, mo[th Gt S20p4/016964

B[t]~ 0- a NBJt]}s1, (21a) 1, ( NBJ[f]}? 1 where (Df}=12.2568x3 -22.8;20x’

+14.5869x%-2.9594 (21b) WO 2004/111994 PCT/US2004/016964 22
byioigh theextreniosn Atheng ScimttifidcBelmepbiPdantiabih Byvdish G, is

2Ib may be found by optimizing a[t] against the subjectively measured
undaeby SATRRIERERRG ORI iRasHariEiih RFHRY HAIRRSTAI

blockcgi%%arqglé(s ne déogc;@'rl;]tzpf a loudness 5 measurer or Ioudneéfs)

meastiring Proces&20 fo a second aspect of the present

w'FIG g&o'ih {%%‘éfﬁaﬁ D5 ABCHAF 0G0 TROCIRAR Rélniznd AivR&sQintil the

correspond to the respective devices or functions 102, 104, 106,
abisui2en 2 3 halh k2donh &t ethAktardifigte tnedfitetrasheetafdhe has reached
invention,gfw ich EIG. 1 shows an to embodiment, the lpudness

SQRSBERAP BP E8 MRAHIBA JURraAE A FFRASVER BTFF Basdtng-u icthat point

thl %dféttg\%%% fe loudness of the input signal, a useful measure is a
gain G[t], which whén multiplied with the input signal x[n] (as, for example,

in thR efshadirbackabfloudi sesaiRedieiygs Mhakehdieloiidiesseahalsignal x[n]

to a reference loudness level Sfe,. The reference loudness, S1,f, may be
issplelameat dHsrrahyliseas onessicad 6y %m@ﬂé@&WESSTgFT magnitude,
N B RS RS R B P o i
eSS S A AT S5 o
integration required to estimate long-term perceived loudness may be performed
through linear time-averaging of the excitation, and therefore the time-averaged
excitation corresponding to Gx[n] is equal to the time-averaged excitation of x[r]
multiplied by G*. As a result, the time a{feraging need not be recomputed over the
entire input signal history for every re-evaluation of W{G.xfn],r in the iterative
process described above. Instead, the time-averaged excitation E[m,7] 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 Elm,1].
Specifically, letting ¥, {E{m.1] represent all the processing performed on the time ‘
averaged excitation E[m,f] to generate Sr], the following relationship holds for a
general multiplicative gain G- |

¥, {GEE—[m, r]}m ¥ {Gxn], 1} (26)

Using this relationship, the iterative process may be simplified by replacing

| Wi{G, x[n),1} with ¥, {GfE”[m, f] . This simplification would not be possible had the

temporal mtegration required to estimate long-term perceived londness been

performed after the non-linear transformation to specific loudness.
The iterative process for computing Gfr] 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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20 Because a portion of the processing embodied in T1. is non-linear, no

wo 2§095¢%0fQrm solution for G[t] exists, so instead an iterative tehRIGHR Joe4
be utilized to find an approximatezgolution. At each iteration 1 in the
process, let G, represent the current estimate of G[t]. For every iteration,
G,Iis lg%ated so that the ahsolute g{lcg from the reference loudne

S .
combiuBg5aReton X LSRR i ?esi,ﬁm,astemlnﬁk@%xiﬁmﬁvﬂﬁng
o S b e A AR B N e
Gain amming WS 0041904 G &2 OHDURORE ARy BRI Rare of this

BertseaKas, Athena Scientific, Belmont, MA 1995) in which G, is updated
gain, By afsagufidbepbripoatpaiilé Ltonailthsl sieusdiabition2(8 where G? is

, +Ft(St1 -w{G,_,x[n],t}), (25) where u is the step size of the iteration. The
multiphederiithdtiorticontiveesaadit et Sispssignakbfronidbetb286mEhe next value

o S I A B0 VA g i
avcra%@&%&ﬁo%’ ﬂxﬁ_ﬁ%@ﬂiﬁﬂ)gﬁ&ﬁ@ BAHalons 618 QNG ABREINRS 1B ates until

xcitation of the signal x[n] is obtained through linear operations on the

the teaquastiof tbensigicl's STMEET at agnithdeim e GHX ka2 Gl FaltoesmbeitB85 is set
excitation resulting from a gain-modified signal Gx[n] is equal to the

equal decihaienremfnyahiapiicn byl bpfinakivabasord, 1Haax hp soinpveddhsnugh the
required tqQ estimate long-term percejved loud ay be performed

descrippgh KA AHYS RIREESh dOiG T BPIfe Ik AN b e HEREIHAS HS! once at the end

of an UNEIG\RAEEH: shciaiencoraspendinade Culalds @ebiatBntire length of

tune-averaged excitation of x[n] 15 multiplied by G2 . As a result, the timée
this segmrewing need not be recomputed over the entire input signal history for

every re-evaluation of 'F{G;x[n],t in the iteratiy ocess described.above. .
b DA 0 SO SR BT Ty b S HSUISHES Ay GRgunction
with #2edRki 8 SrCENG, itREREAM WIS DY HERENINESITRY HR8inning of
computed by applying the square of the updated gain directly to E[m, fl. 20
each Beegiieadye telindbifadlititicerndsdnt dllline wencehsifigsedbumnet! s

the time ,
computed in the loop represents the original signal loudness and can be recorded as

such. If one does not wish to record this value, however, G, may be initialized with
any value. In the case when Gf] is computed over consecuiive time frames and onle
does not wish to record the original signal loudness, it may be desirable to initialize
G, equal to the value of GJf] 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[¢] 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[r] 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.



10

15

20

25

averaged excitation E[m,t] to generate S][t], the following relationship holds
“fﬁrzg Ierigggl multiplicative gain G: 'FE {GZE[m,t]}="F{Gx[n],t} %g Using

g relationship, the iterative process,may be simplified by rep g52404/016964

'F{G,x[n],t} with 'FE {G; E[m,t] . This simplification would not be possible

had the temporal integration required to estimate long-term perceived

V{hdad4snédE. Senfenietirafibacid by p-linmaanrapsfatorationitol Epgcifigain adjuster

i A EL e RO 00 By /bR ad fn 4 Seisory indication
maytieapiyeideMBiNgREM 30044 A RI4THHe WMR 200018409 sdldiect to time

combining function 231 from reference loudness SYef at terminal 230.
sroethdngl(ngt ehwrsjgnal 232 is fed into an iterative gain updater or

o o0 SR YR, e DT b1 0o S A e QR BB dations 10
arRUUbZA e AudiiphEatve w@ﬁfgg@@ 8o DerEuHRlIESIBNeT isteners

time-averaged excitation signal from block 206. The next value of S[t] in

tetibtperasiontateien lovgmerayinanass obnsigodlfiwithdhsidoustasteptmtions of that

. d itation th blocks 220 and.222. The described lao
s L B e S B i 1 b
ureddpssiined 2 Ihdpeetebaibldadhessusrentivalub cirtainkng e YaHeds[8f relative

may be computed through the 10 described iterative process, for example,

siiepes éjerpiedriy sheltrsisgsacattaldaudsr mntatinb staphevicanls are often
AP AR RERN QYRAAGHASL RS S 8RR Sl llieea g Yo lfer

one wishes to compute the non-gain sigha néssin
pagodnsiiambidhttihisniersive. pRoeaswithelgaithfeskaniheipiiabzgde @Equation

at the beginning of 15 each iterative process for each time period t. This
1%uéb?tﬂglﬁwq;ﬁagso@%fﬂcmwﬂémxw&w%ﬁ@%@@ﬂ& &pigheaime-averaged
eﬁ%ﬁdﬂ'ﬁ%erﬁs. and can be recorded as such. If one does not wish to

record this value, however, G, may be initialized with any value. In the

caseThdeaGiilith doinputbieaves epnbatutive dimeiia escansporihgdgrSiong-term
not wish to record the original signal loudness, it may be desirable to
loggingssamay be employed in a further aspect of the present tnvention. First, the

smoothing time constant in Equations 10 and 11 is made very small and #JB is set to
minus iﬁﬁnity-so that Elm,f] represents the “instantaneous” excitation. In this case,
the smoothing parameter A, may be chosen to vary across the bands m to more
accurately model the manner in which perception of instantaneous loudness varies
across frequency. In practice, however, choosing 4_to be constant across m still
yields acceptable results. The remainder of the previously described algorithm
operates unchanged resulting in am instantaneolus loudness signal Sir], as specified in
Equation 16. Over some range #, <7 <t, the long-term loudness §,[4,1,] is then
defined as a value which is greater than S[f] for p percent of the time values in the
range and less than S{r] 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 londness. With this setting, only 10% of the values of S§[f] need
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20 G, equal to the value of GJ[t] from the previous time period. This way, if
the signal has not changed significantly from the previous time period, it

wo 23%%}?%‘& the value G[t] will have yemained substantially thB G HRg004/016964
Therefore, only a few iterations will be required to converge to the proper
value. Once the iterations are complete, G[t] represents the gain to be

be sigaffiteditodhdiRs ihplbagdiasijoadaran]l Thsotherstdhnaf tevicalsesican be
that the loudness of the modified signal matézﬂ s the reference loudness.

relatiyedy, SlenbwEIBRLLIGTEEI S AT VARERSHRERRATER] from the
It%i@@@ig 0%%9’?%&?’3&% iR soRi inpt-Rhanignalisvale values

controlling d r function such as a voltage “controlled amplifier (VCA)

Siry, £3642 prgfiipaayide aipainadiusted oWRbESIARBr MR WL HE E994ent of the
PCT/US2004/016964”25 VCA 234 in FIG. 3 may be replaced by a human

sortedptatdieochinghieoa lpaidredpsehan gespprisetie akensotylinticgipeotnt of
the gain G[tk;n line 235. A sensory indication may be provided by a

the wignsi@oréheXsfnple. The gain G[t] may be subject to time smoothing (not

hown). 5 For. some sjgnals an al ive to th thing descriyed i
St 01 71 L e Ao compoting the long tenve )
By i@&&f%fere Qégvt%%ﬁfh{%}% i ﬁﬁﬂ&@i?%ﬁ?ﬁi@i&ﬁ&%@ﬂﬂ'tﬂ@d@%ﬂ%%

a signal with the loudest portions of that signal. As a result, the smoothing
wishgyesaathirtds galiods, k0 ahdviiomayhendereltiphizd wicghpsieiesults in
loudness of a signal containing long periods of relative 10 silence
8, [t infebeptgc gyad iosemsetpfanecefioudeesn digridhscompigatinndbeastans
_found in film sound tracks with short segments of dialog surrounded bg
signifaepilypaosd senpiesic i sbefa nomelienpdiv o ARRHRag S Femlgd. but now the

) . e qu ; f aral

long BEERTIRssS B 4 NSNS PLANER SRR IAL of valpes 1,

¢ < Wit QIS proe 'cﬁ&ﬁﬁpﬂgﬂ}ﬁ%%i%ﬁﬁ% ing dredongiMeration. In
1= [Budnéss may be employed int'a further aspect of the presenht invention.

ordeF IBbIRS AR RS CORS I &nEl FEWANP ReulO RSt dfoib dVBE theéehittire range
small and tdB is set'to minus infinity so that E[m,t] represents the

1, < t'instafiteaddiriiretitetiche kepitadases of S[r] on G, is non-linear, the relative -

ordering of 877, t, <t <t,, may change with each iteration, and therefore S,,,{i} must
also be recomputed. The need for re-sorting is readily evident when considering
short-time signal segments whose spectrum is just below the threshold of hearing for
a particular gain in the iteration. When the gain is increased, a significant portion of
the segment’s spectrum may become audible, which may make the total loudness of
the segment greater than other narrowband segments of the signal which were
previously aundible. When the range ¢, < <r, becomes large or if one desires to
compute the gain G,[1,,t,] 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
Sif] 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,[t,¢,] can be efficiently computed as follows. First,



10

15

20

25

the smoothing parameter A., may be chosen to vary across the bands in

to. mare 20 accurately model the manner in which perception of
Wg)s%g%ﬂﬁggﬁs loudness varies acrosg frequency. In practice, HEWEGEF04/016964

choosing . , to be constant across m still yields acceptable results. The

remainder of the previously described algorithm operates unchanged
coeguitiathin prrvistaiadetnsdondtidsa signial S, fasmpEpiier weing the described
. Equation 16. Over some range t, <_ t<_ t2 the long-term loudness Sp]t,,t2] )
itszafien for gdiivelnes el vam wm*gﬁsfg@a@hthﬁﬁtﬁ@? Ppersbnvaigé Gl is

T T T T

-90%. match iecti ' I < With .
CL LS IR DR YD R v o
LR/ ngﬁ/&lﬁ%A’ gﬁ@ﬁlﬁgggﬂﬁﬁ@ to affect the long-term loudness.

sort

The'Bther 90% of the Values can be relatively silent without lowering the
long-term Quanessirmaasiore Thy(alug 8BY2] can be computed by (28)
sorting in ascending order the values Sp], t,st<_t2,intoalistS,,,{i},
Wixnow<atfue, ivetiefe [ refreseqiseiite ithegementnthhwhs:s antddi plied eth 17
long-term loudness is then given by the element that is p percent of the
regialysinto Shig list being ejualSo{tbastigieal-tgfeomeebnydessdlf, thiote from
above computation is relatively straightforward. However, if one wishes to
Eqeatiane8 Bih &) @it HomEOrmunmpiesataiiberines vadues imthe range

SP[t"t2] being equal to some reference loudness Sj, the computation

- hisecsanddBatielhn it detpibs ol sardrereniieFanbappalensof GIrl such

O e S TG e i Ebsponding

" updated with eac te of G, in the jteration. In order to te these

velBeSEt Mo SRR R SRS oRlmt LA SR SRS P ER reater

th3n the UbEHEHIRtSIRE RBARRRNIPREAOLIE BG:Cde BAMIEF R onically
relative ordering of S[t], t, _<t<_t2, may change with each iteration, an

inerafone Snctidi) 6Tl alse b iedoimigyeicThe Meee:iertebeoaipliéd to the

readily evident when considering short-time signal segments whose
vapestafEjsjubicoetespthalthpesh ot ofinslaingt fo1/] > G, [1,.7,], the resulting values
of S[r] would be less than the desired reference londness. Therefore, application of
G,It.t,] to all values of E[m,7] in the range £, sr <, results in Sfr] being greater than
the desired reference 100-p percent of the time and less than the reference p percent
of the time. In other wm;ds, S, 14,1, equals the destred reference.

This alternate method of computing the matching gain obviates the nead to
store E{m,] and S[r] over the range ¢, <t <r,. Only Glt] need be stored. In addition,
for every value of G,[r,,4,] that is computed, the sorting of Gr] over the range
t, <t <1, need only be performed once, as opposed to the previous approach
where S[r] needs to be re-sorted with every iteration. In the case where G,[r,,1,] is to
be computed continuously over some length 7 sliding window (i.e., £, =t~7, 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 1, <r<¢,
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a particular gain in the iteration. When the gain is increased, a significant
ion,of 20 the segment's spectrum. may become audibleP | DN 16064
wo zem%llgg{}r% total loudness of the segment greater than other narrowband
segments of the signal which were previously audible. When the range t,

<_t_<1t2 becomes large or if one desires to compute the gain G,[t"t2
becogwstivniveripladarsmichedoresnbientirmeanassdilme fon @hdhe memory

requifed (O St0re é{%@g“ -iﬁl%e{g{%%i%i%‘i%?sﬁ%@%%‘%?]%pgﬂgi}tﬁr“e%%;in éeA

sav computation ana memaory IS ac reve

apprifhlh éﬁ‘%’lﬁ&%ﬁ'&%ﬂ%’diﬁ%ﬁﬁﬁi@% fpesion %%I-Aetﬁawﬂﬁogm is
increasing G, always increases the short-tefn loudhess at each time
creatts @B WA thisskiewiedeeibéhe dasiradkroaiehinenapibdunighesd &e
efficiently computed as follows. First, WO 2004/111994
PETiVS2000lsxc0beamnples mpiie mizesréviously, dafhethafiatching

gainG[t] from E[m,t] using the described iteration for all values Ofteid%%he
range t, &tk tgB NGt HeE 7 Sarhafiiti® t Btis computed by itdetihg

on the,single value E[m, t]. Next, the. long term ching gain_G, [t" t2] i
wWhe e ol LS S 5 o s SR A Ry 2P o e
list Gso"{i},. Q< ist2-t" etting Gp [t, , t2] = Graz {round((100

matha%%&l%? %é%ﬁﬁﬁqﬁg%va%%ue that G, [t, t,I is equal to the gain
whjcpplwgp@gg}};giplm with x[n] results in Sp[t"t2] being equal to thé30a)
desired reference loudness S"f. Note from Equation 28 that G[t] < Gp [t, ,

whet@] for 100 p percent of the time values in the range 10 t, <- t s t2 and that

G[t] > G, [t,, t2] for the other p percent. For those values of G[t] such that

G[t] < E{Ea] one notes that if Gp[t"t2] were to be applied to the
cog) % nding .values of E[m,t] rather than G[t], then the resulting
of %] bé greater than the desired reference loudness. This Is truie
becaug}éjf% is a monotonically increasing function of the gain. Similarly, -

if Gp[t"t2] were to be applied to the 15 values of E[m,t] cofresponding to
and &igthaonaranop histpgrery dorestisip e diseresppaistrsssonly 7

than the,desjred yefer lo Theref icati ]
e e TR REUER A e o
th?ﬁﬂ}&%ﬂ&ﬁ[{ﬁ% "RIP e EAA%RRe E8S%L, PSSR hiEP B @h B ved, and
reference p percent -
this invention is intended to include such techniques. The key aspect of this portion

of the invention is to perform some type of smoothing on the matching gain G[1] to
generate the long term matching gain G,[f,.7,] rather than processing the
instantaneous loudness S[f] to generate the long term loudness S,[1,.f,] from which
G,If,5,] is then estimated through an iterative process.

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

where smoothing (device or function 237) of the matching gain G[f] 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 fo an
arrangement embodying aspects of the invention. For example, the reference

Joudness may be set by a user, in which case its source is external and it may remain
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of the time. In other words, Sp[t"t2] equals the desired reference. 20 This

alternate method of computing the matching gain obviates the need to
WQAWHETM K 4and S[t] over the range t, < t< - t2. Only G[t] need BEE{BEFaHN4/016964

In addition, for every value of Gp[t"tzigthat is computed, the sorting of G[t]

over the range t, <t t, need only be performed once, as opposed to the
“Predd dorep proash sfenecSititide dsite-bet teysheadsyithAdvanaierdfothénreference

thg case where GP [t1, t2 ] |f5 to 25 be computed con,tinuou_sly%/gr sgrg_e
loudgaisramiiRg dmdasre 8f oudness of appiiee fudiosoutiec drtpyed from a

wmqﬁea%mfﬂ% &aewlaé%@%&?@&gqsiﬁ%%giﬁ HIRBAMuch as the
the sorted list for 8ach new time instance. Whén the range t, < t< t2 WO
2128044 a00shPeTE/Insheexnengldeof I Bedomes extremely large (the

R R B R AR S Bt M s e epiaced by o
pFRIBs3 disgsotzeshhistogiadm e (with Hpseatiee (RiIsNSIRIAMIRICI3RIexamples

from G[t] in units of decibels. The histogram may be computed as 5 H[ij =

ofiilbe? of SAMipibL. idnHaatageer the msenppateaoiuBickaBh slider, etc. would
S ARG L%f%f‘(glééé T&&%%% My &5 J¥sre AdR f#ﬂe Pisgl)ﬁ racrgnsequenﬂy, the
€ maitc S .

resolution an m;n IS tne nistogram minimum. |t’1g gain

adko-pppdaxingidel e Guidld avé dipudid Bosind@Ragniarmierdip thilliker’s

100 '} P. (30b) EHI[i] i=o and I is the maximum histogram index. Using the
a@]%ﬁﬁ%ﬁé@ﬁ&t@g}fﬂﬂ%’?&ﬂ@ﬁ%ues need be stored, and Gp[t't2] is easily

Ot ) o B S L WIEFY I referemce
Ionduess stichitaephigedsbif hevkepblspedeodibis PQMipthat is computed, for example,
from the loudness signal S[r} through a variable reference loudness device or
function (“Variable Reference Loudness™) 239, In this arrangement, at the beginning
of each iteration for each time period 7, the variable reference S,[] may be
computed from the unmodified loudness Sfr] before any gain has been applied to the
excitation at 208. The dependence of §,,[r} and S[f] through variable loudness
reference function 239 may take various forms to achieve various effects. For
example, the function may simply scale S[f] to generate a reference that is some
fixed ratio of the original loudness. Alternatively, the function might produce a
reference greater than Sf¢] when Sif] 18 below some threshold and less than S[¢]
when Sf] 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[/] such that

¥, (G [NEm =S, [1] 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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of the invention is to perform some type of smoothing on the matching

ain Gg{] to generate the long team matchinggain G p [t, , t érather than
WO Zﬁ%@éé ﬁg the instantaneous Iougl ess SJ[t] to generate theﬁ ?@%@?W 016964
loudness Sp[t"tj] from which Gp|[t' tg] is then estimated through an iterative
process. 20 Figures 10 and I | display systems similar to Figures 2 and 3,

for angspemively the cvhgretationthifiiha deviethmdgaitiot agh)aodehey may also be
matching gain G[t] is used ate a,smoothed gain signal Gp[t ,t2]

pfov@ﬁ%ﬁ?*ﬁﬂé Q%ﬁgé%{?ﬁgsaﬂﬁ% ut 230 (FIGS. 2, 3, 10, 11) may
berif gﬁ'ﬁ%ﬁ\f@&@ﬁ@f{ﬁr@g%ﬁ%ﬁ@t @%ﬁ%ﬁ%&ﬂ%’@iﬂﬂ% fiRdodeed gain
internal or external to an 25 arrangement embodying aspects of the

contrioVsipieh. ¢qr, axpopibhdRiG felencangadressmagybbaisefitiyia avariéty of
which case its source is external and it may remain WO 2004/111994

applie@iuhiSieAldigofr @etfipde) tuad grsicelofishoa entiatallite-sedioywiere the
S R R S e R R e e
appafRHESPEEAIIAG R RESARIARaraNmaCboRs e Bitanativieltinal fiom

shown in the example of FIG. 1. 5 The normal volume control of an o
eachaidionglositbingeviveca byudeseplaveti(oy theloedasssrafevisdsrence signal).
accordance with aspects of the invention,,such as the x%?(ﬁlefo 0 xﬁ:ls‘%

An GERHST BE 4 B BREO eI A s b e IR Bl oF each
chan®RDUre ihenrefpsanceniadonaasialé IR G alpiitd Garhlk paeceived loudness.

consequently, the audio-producing device would have a loudness

FIG.chinshemsunatesemplecofsaich 2o aijeageaensimehishfite aanliefiam a
Xam f a variable refer iS;sh N ; .
pturgl o SR T RAEIR SRARASIS PR K &0 S RE R e crive
inpufenePsmigréwtsiiooddnres Sisha Sl dhoblghe iarmhtorddarenaith aspects
loudness device or function ("Variable Reference Loudness™) 239. In éhis

of theriangatinnesahae BB FAAS. S5t bact heiiBR tsfusentdRBRsTsdayel is

o SRS S o eomptd S ot 1

chanhie® tiepenHeMeMaSnk] andiS[i duclughtyaridtde.loudness :
The measurement and gain adjustment technigue may also be applied to a real-

time measurement device that monitors input audio material, perfoims processing

that identifies andio content primarily containing human speech signals, and

computes a gain such that the speech signals substantially matches a previously

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 Al, published
March 4, 2004. Said application is hereby incorporated by reference in its entirety.
Becéuse 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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reference function 239 may take various forms to achieve various effects.

wWipkoGamyale, the function may simply scale S[t] to generate a geferanee: 1064
that is some 20 fixed ratio of the origipal loudness. Alternatively, the

function might produce a reference greater than S[t] when S][t] is below
some threshold and less than S[t] . when S{t is.above some threshold,
thus reducing the dynamic range S REHEREHER loudness of the audio.

Whateygrithe fofon %Ag%@&ﬁ 'i’éln@}ﬁél{?ﬂiQ%Mé%ibsgﬁﬁ%?%i%éscombinaﬁon

performed to compute G[t] such that 25 Tg @ [t]E[m,t]}=
ofthifeygnairagitmamabie dogecsmathe dlasldes otivenivatrospeoifiechubb algorithms

. some pther suitable technigue to achieve the desired perceptual effect

i A LR b S TR ISP £ SR COn S esigglar computer

oAl Reaiitadusediio sanesRsaleM@as200H i l9%%b ose machines may be used
PCT/US2004/016964 30 for any latency in the computation of the

with oo gsi NI Iieh 18 asrgrdaaganiibdhe isordunga hescinapgdmmide more

oShieiEn S USRI £ BRI B o
perdyriethsetdiirad/aiithodfsteppp!Thtiont i divdifgofomayabedi®iplemented in one

broadcast television or satellite radio where the perceived loudness
OLEIGLS SRTBPAEICHEPHSIR G ANESUIHNELRR ShviRsRRIRD assaBppable cosputer
: : O i ;
e S e R (a8 it

(isighnaingArobyiieatmon @n-ecitrtite e mevic ey ssertipe ghimtmes)just least one
. the Iqudness of each 10 channel. All channels would thus have . ]
H@iws%&ﬁi&mm@gamgﬂﬁér BN IRUE SIS £3 BRbwS AASSRERNEGES applied

. S . lucali .
A S e e L S
nfiaeestes ol leviedp #5086 atanh bepydi sddocandanamwithoaspertedtes, in
the invagéion as shown in FIGS. 3 or 11. The same reference loudness
Wﬁf lzS’f,'i‘pIied to each of the processes or devices 250, 252 resulting

o T T 0 Qs
(laphidmgomacldne, assembly, or high level procedural, logical, or object oriented
prb gramming languages) to communicate with a computer system. In any case, the
language may be a compiled or interpreted language.

Each such computer program is preferably stored on or downloaded to a
storage media or device (e.g., solid state memory or media, or magnetic or optical
media) readable by a general or special purpose programimable computer, for
configuring and operating the computer when the storage media or device is read by
the computer system to perfomi 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



time measurement device that monitors input audio material, performs

WO 200a0e3993g that identifies audio content primarily containin@durgene4/016964
speech signals, and 20 computes® gain such that the speech signals
substantially matches a previously defined reference level. Suitable

oo B BT B L 5 e
descABéd abbateriAmlispligniTatlcaden: U d 04004162 pakomlis i én order

March 4, 2004. Said application is hereby incorporated by reference in its
diffezpii dtpmihps desedbasticheeosdinayn ethpitenabedinnente arecwiteingthe scope
of thteo i%ﬁg%x%%egtl%q lége _spee_ch portions of prograrrf material, a _

measurem@nt and gain adjustment method may greatly reduce annoying

level difference in audio commonly used in television, flhn and music
material. WO 2004/111994 PCT/US2004/016964 31 Inapt ernentation

The invention may be implemented in hardware or software, or a

combination of both (e.g., programmable logic arrays). Unless otherwise

specified, the algorithms included as part of the invention are not
inherently related to any particular computer 5 or other apparatus. In
particular, various general-purpose machines may be used with programs
written in accordance with the teachings herein, or it may be more
convenient to construct more specialized apparatus (e.g., integrated
circuits) to perform the required method steps. Thus, the invention may
be implemented in one or more computer programs executing on one or
more progranunable computer 10 systems each comprising at least one
processor, at least one data storage system (including volatile and
non-volatile memory and/or storage elements), at least one input device
or port, and at least one output device or port. Program code is applied to
input data to perform the functions described herein and generate output
information. The output information is applied to one or more output
devices, in 15 known fashion. Each such program may be implemented in
any desired computer language (including machine, assembly, or high
level procedural, logical, or object oriented



programming languages) to communicate with a computer system. In any
case, the language may be a compiled or interpreted language. 20 Each
such computer program is preferably stored on or downloaded to a
storage media or device (e.g., solid state memory or media, or magnetic
or optical media) readable by a gen&tal or special purpose programmable
computer, for configuring and operating the computer when the storage
media or device is read by the COR} H\tf"é' system to perform the
procedures described herein. The inventive 25 system may also be
considered to be implemented as a computer-readable storage medium,
configutetiaiiag Zocorpprieing AYGREMIC Aitiede chenptsiage medium so
CONfiFLABEICA WS ESsBRRERBUIRY SYGEELIRIORR S HIdh e GANd
predefln dtmaErll_lner to terfqrmdthe fu &lonsglescrlb d herein. A ng_’mbe
of emebcuga et e |n1{/aen IO R bEeh deseAbad" 56 RPé\?SrEﬂ &ss, it

exgifilibe tigo reiectinsasvarid gbarastifictiao nk theagubie sigithl, whiin veO
ca@@%ﬁbls?e?&ﬂs%mel%m%@w&éﬂn?a?ec&%eammlﬂmghﬁo%@wmﬁadms one

of he| ventlon For a eof the st SCrib,
o R BaB T L TRE Tl R ORR ACIR Brds Saecion
of whfe?emﬂrﬁmifmhbsdwbewm@é@mwgwe’mepéﬂn@muhen@@atemith|n
the scope of the following claims. 5 JJ Claims 1. A method for processing

I duc t t di [
et TS S AL SR A R AT RSoEr €L BrE Aore e
audig ﬁmnai regposRVI® dhivegdtagdn \y@ﬁat?m@wmmmmctra“y fiat.

characteristics of the audio signal, wherein said calculating selects from

a grqup,! of t [ more eC| ic Io ness mo ons, one

o AT AT SE TS P R ST PR P AR SO BUBAE Bhe
CORIBEH WO @W@quﬁwmmiﬁyﬁﬁ@mea§U$éi@Jdmaﬁaewi$éﬂ@scmmlng
sei'ékEié'& el o MNIRRIBASES PRGN IRoRhdMidpHNGEREN IR g@Sure

qar cteristics of thg . .

spectz‘a ty fiat, a second loudness model function being selected by a measure of
characteristics resulting from a spectrally-flat input signal, and a combination of the first
and second loudness model functions being selected by a measure of characieristics

resulting from a partly not spectrally flat, partly spectraliy-flat input signal.

4. A method according to claim 3 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.

5. A method according to claim 1 wherein said calculating selects from a group
of two or more specific loudness models, one or a combination of two or more of said

specific loudness modeis in each of respective frequency bands of excitation signal.



audio signal is a measure of the degree to which the input signal is
spectrally flat. 3. 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 an input signal that is bt spectrally flat, a second loudness
model function being selected by a measure of characteristics resulting

fronya sRecHadsd- R i-iand 1anskarramRinaliom et s Bt # a group
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sigha 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
loudhedsmtidel docwtiom 6. eimdthde@bttrdipgtp cfarspaneieigusaicy
batAAHAHNGIRLECES fary B AHAYBr GEIWRIRIIBIOLysRecific loudness models,
one or a combination of two or more of said specific loudness models in
each of respective frequency bands of excitation signal. 34 6. A method
accdidihgnesteidiascbrdingrieiniziaid cetersintitice sedestsdromhagrrpsiafstaidhe
au@b BGFSI SPEEHIRILHENGSS MAtkISH QR4 @ combination of two or more of
said specific loudness models in a group of respective frequency bands
of the excitation signal. 7. A method according to claim 6 wherein the
group @t resipedtagsdrdinpémcipithdnvdeesio tikokihg ftiogirmcjebantisiofitge
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of characteristics of the audio signal is derived from the excitation signal.
9. A method according to claim Iwherein the calculating includes
calcdlatiAgretypbeiioidodieskim adreafindbpeatneafneg hethey tandises
seigRxaitatiansioRatirls ArpeiRnd RTINS IPFREMR WheIdNSudness o

c%lculatingq furthferlcomprlse? selecting the specific loudness of ‘
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iousipeetfic loudness of a group of frequency bands to provide the perceptual
loudness.

11. A method according to claim 1 wherein producing, in response io the audio
signal, an excitation signal, comprises:

linearly filtering the audio signhal by a function or functions that simulate tha
characteristics of the outer and middie human ear to produce a lineariy-filtered audio
signal, and dividing the linearly-filtered audio signal into frequency bands that simulate
the excitation pattern generated along the basilar membrane of the inner ear fo produce
the excitation signal.

12. A method according to any one of the preceding claims, further comprising
calculating, in response at ieast to the excitation signal, 2 gain value GJt], the
calculating including an iterative processing loop that includes



11. A method according to claim 1 wherein producing, in response to the
audio signal, an excitation signal, comprises: linearly filtering the audio
signal by a function or functions that simulate the characteristics of the
outer and middle human ear to produce a linearly-filtered audio signal,
and dividing the linearly-filtered audi®signal into frequency bands that
simulate the excitation pattern generated along the basilar membrane of
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- gain value G; such that the a Jgusted magnitude of the excitation signal

perﬁ%‘?@@%@%ﬁ?ﬁ%r@%&?fﬂ%ﬁﬂ e'(5?’@9a"F‘l'Eijdeclreases with decreasing
valuedjoftiGy, treogapraviigetbe G atouisiecspesceptdisclendn es s ofdhedavdipe
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e the difference between the calculated perceptual loudness and
the reference perceptual loudness. 13. The method of claim 12 wherein
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comprises time smoothing the ?aln value Gt e method of claim 13

AN RSB BT TSP R AP HHRS SR EReE U CHFhe method of
claim 13 wherein the method further comprises smoothing the gain value
GI1. ssaidamagiiag, iy ng A st ou A 1REBRIgYE 1S A T Had
according to claim 12, wherein the iterative processing loop, In

smaeisidtance with a minimization algorithm, repetitively adjusts the
magnitude of the excitation signal, calculates a perceptual loudness,
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G; to a final value G[t]. met od accor ng to claim 1 reint
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16. A method according to claim 12, wherein the iterative processing loop, in
accordance with a minimization algorithm, repetitively adjusts the magnitude of the
excitation signal, calculates a perceptual loudness, compares the caiculated perceptual
loudness, and adjusts the gain value G; to a final value G[f].

17. A method according to claim 18, wherein the minimization algorithm is in
accordance with the gradient descent method of minimization.

18. Amethod according to any one of claims 12to 17, further comprising
controliing 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
foudness.

19. Amethod according to any one of claims 12 to 18 wherein the reference

joudness is set by a user.

20. Apparatus comprising means adapted to perform each of the steps of the
method of any one of claims 1 through 18.



accordance with the gradient descent method of minimization. 18.
Amethod according to any one of claims 12to 17, further comprising
controlling the amplitude of the input audio signal with the gain GJt] so that
the resulting perceived loudness of the input audio signal is substantially
the same as the reference loudness?19. Amethod according to any one
of claims 12 to 18 wherein the reference loudness is set by a user. 20.
Apparatus comprising means adapted to perform each of the steps of the
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stored on a computer-readable medium for causing a computer to perform
ComRRIIPRY SrEp s BHARIRGSTEE FriBR | BROGPERMNRNE /Y SRIgH 197 akebn!S
whiinetico noputetep pogyea is run entbiseccomperter.



