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WO 2006/ 113047 PCT/ US2006/ 010823 -1 Description

Econom cal Loudness Measurenent of Coded Audi o

Technical Field 5 The invention relates to audio
woSh@hasesPr ocessing. Mre particularly, it nrghdtSsshfss

an econom cal cal cul ation of an objective | oudness

measure of lowbitrate colled audi o such as audio

coded using Dol by D gi cv‘lﬁ&g ), Dolby Dgital

Pl us, or Dol by E. " Dol by", by Digital"”, "Dol by

Di gi t alpedidtsical PBHAnER DaBireRidt U RIGIRS Kadaf Dol by

Laboratories Licensing 10 Corporation. Aspects of the

invention may al so be usable with other types of

audi o coding. ' Background Art Details of Dol by

Digital coding are sdtechiai¢di Fizld he fol | owi ng

references: 15 ATSC Standard A52/ A Digital Audio )

CodpedBycorsralattsia auar sienal peaiessias. AViorepariiadarly, it

R S R R N R T
lowtafs PO et als U SPHEE nEe Dbl Digfil! AE-3),

DolBy gl P&y, ordfol @.g‘ﬁoiﬂﬁqd"mﬁbgqg gti%g:,y“bolby Digital

nvention of the Audi o Englneerin
PlufebndaiDolde, Bl 8radmarisnif DS Libest@ieshitensing
| mpl emrent ati on of AC-3 Coders," by Steve Vernon,
Corpergion. afAspeds 0d thenvEnsonrmay edso Motsabie wikl otigsr types of
August 1995. "The AC-3 Multichannel Coder" by Mark
audie@ENEALdi 0 Engi neering 25 Society Preprint 3774,

95t h AES Convention, ,QOctober, ,1993. "Hi gh Quality,
P&f—‘?fg&!a%gigf‘?

Low Rat e Audi o Trans or Transmn SSi on
Details of Dolby Digital coding are set forth in the following

references:

ATSC Standard AS52/A: Digital Audio Compression Standard (AC-3),
Revision A, Advanced Television Systems Committee, 20 Aug. 2001. The
A/52A document is available on the World Wide Web at

http://www.atsc.org/standards.html.

Flexible Perceptual Coding for Audio Transmission and Storage,” by
Craig C. Todd, et al, 96" Convention of the Audio Engineermg Society,
February 26, 1994, Preprint 3796;

“Design and Implementation of AC-3 Coders,” by Steve Vernon,
IEEE Trans. Consumer Electronics, Vol. 41, No. 3, August 1995.

“The AC-3 Multicliannel Coder” by Mark Davis, Audio Engineering
Society Preprint 3774, 95th AES Convention, October, 1993,

“High Quality, Low-Rate Audio Transform Coding for Transmission
and Multimedia Applications,” by Bosi ¢t al, Audio Engineering Society
Preprint 3365, 93rd AES Convention, October, 1992,
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and Mil-ti medi a Applications,” by Bosi et al, Audio
Engi neering Society Preprint 3365, 93rd AES
Conventi on, Cctober, 1992. WD 2006/ 113047

woPR6okl1¥54906/ 010823 .2 United States Patent Sperms2006/010823
5,583, 962; 5, 632, 005; 5, 633, 981; 5, 727, 119;

5,909, 664; and 6,021, 386. I§eTa|Is of DoI by D gital
D oY st Bk LA RGA BTN S O o 7 120

59@9(@@93@4% @M 3862 AES Convention Paper 6196, 117"
AES Convent’ion, October 28, 2004. Details of Dol by E

coddegilarsf B@Ibyf DidikaliFng Ebding @vtseBértiNin Shatdédttion to
anti zation, and Coding in an Audio Distribution

Dagital PIES, @1 é?pﬂwancemsﬂﬁﬁ) thed7oloyABgricd EediagSystem,”

Audgust 1999 and " Pr of essj onal Audi o, Coder Optin zed
0%@%& Raneieb96 Nﬁs RAFSFPRYC DTS, Oqt@’p@h 2352004,

ver w of _vari.ous

peneaptng Ry U mlé%gsf%’f‘%aﬁ 45 " Bkteiedt BIPyReRsion,
o Y g P SR REreprin

soagowoam AReg €e‘fﬁgtéhc€0%1§ﬁst 1490 afﬁw'bn%gﬁoﬁmaﬁﬁafbbebaer

and Marina Bosi, J. Audio Eng
Opftindzed &nuldsy AFeb Mldécy" 1983 Prépﬂmt)ﬁ% hel GhbveES i @terence
ref erences are hereby incorporated by reference,
AugagnI99.its entirety. Many methods exi st f or

objectlvel nmeasur,i ng t he cei ved, | ness
AU OSPEAEIS0T EAERY BCepligcAGeNS. INANGas e i:gmrér@dels

MP%@%E% OB ot aS K bR Lo g NEEEG BRI
Cor 4L s A BE LR B R b e Loy
Kol gaE 0o g o P SRR LN
1/2, January/February 1997.

All of the above-cited references are hereby incorporated by reference,
each in its entirety,

Many methods exist for objectively measuring the perceived loudness
of audio signals. Examples of methods include weighted power measures
(such as LeqA, LegB, LeqC) as well as psychoacoustic-based measures of
loudness such as "Acoustics — Method for Calculating Loudness Level,”
ISO 532 (1975). Weighted power loudness measures process the input audio
signal by applying a predetermined filter that emphasizes more perceptibly
sensitive frequencies while deemphasizing less perceptibly sensitive
frequencies, and then averaging the power of the filtered signal over a

predetermined length of time. Psychoacoustic methods are typically more

“complex and aim to model better the workings of the human ear. This is

achieved by dividing the audio signal inio frequency bands that mimic the

frequency response and sensitivity of the ear, and then manipulating and
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sensitive frequencies whil e deenphasi zing | ess

perceptibly sensitive 25 frequencies, and then

averagi ng the power of the filtered signal over a
woRiRAgies M ned | ength of tine. Psychoacoust igeriRbiRfss2s

are typically nore conplex and aimto nodel better

t he workings of the human €ar. This is achieved by
intetivuiing tgedel nalddiyRilS if SNG4 t hat

%%ﬂncgthe freqﬂgnésk@é%%égggﬂgﬁgﬁggns|tﬁgﬁpgi%f t he

phesamermndsucheas fraqipdyednd goapctal @ RREG, i3V as the non-
PCr/1JS2006/ 010823 -3 integrating these bands while

linqag perepntionooblossingss pitheraxtwsighel inttresioynefibe aguaf all
b.as.fr]e encgl and t enpor al sking, as well as the ‘
objigie GUdBEF peAsINN Bethodsantbdenie B mgtion

' L] nsity. .Jhe;aimof all _.objective |oudness
mesih8eal b FVFoto gAY BBl weEhREAIE bRERST o
]ou&ﬁék%%%ﬁdi@fsigﬂﬂgness that closely matches the

subj ective perception of |oudness of an audio

- si Peadepiiiglr Rithp@r léwdﬂ)i@ﬁt@buﬁi‘é%cfﬁiﬁ%g% @oﬁﬁ%ﬁpf‘é&%&éﬁg

is comonly used to data conpress a 0 Sl gha
dateesinpiesstasiiosagmls foreoffician isaragadraigimiseion adddelivery
. apgl i cations such as broadcast digital television and
In appHcipsdhnashradcas digital televisishandrdveaapinealnternet

codi ng. achi eves its efficiency by transformng the
salePBoie JrREeP e CaATE AHRERS igheEisaencyibiitensfuming the

' . [.ana components that.are .
SRS, 5 ARl A b TRORLA b s s
h

O R PBu s R B ko B Sa it AR
Thetrbmaivingriessmedtiolh & patlicd iIDRPL RELAIES Rk é—ﬁdigital _

. _lowbitrate coded audi o requires decoding the audio
infopmeKonntlyritally.i measutingihe loadgess G, andib ehpresented by
qQnput atjonal |y intensive. However, sone lowbitrate
IOW%EF@@&%&& ByHedeaniganfleceding Ahe apdiodpank inde thdtimearay
domdfly, (48" H Mo wue L ERE REcOTERUR LSRN IMpgaE oG
som@Y9%bitfaet B)érc@p%él%oc{e%%iégxais %%lnpé{n ?‘ﬁ%r%n%!tio% {tiat may be
useful to a loudness measurement method, thereby saving the computational
cost of fully decoding the audio. Dolby Digital (AC-3), Dolby Digital Plus,
and Dolby E are among such audio coding systems. |
'The Dolby Digital, Dolby Digital Plus, and Dolby E low-bitrate
perceptual audio coders divide audio signals into overlapping, windowed
time segments (or audio coding blocks) that are transformed into a frequency
domain representation. The frequency domain representation of spectral
coefficients is expressed by an exponential notation comprising sets of an
exponent and associated mantissas. The exponents, which function in the
manner of scale factors, are packed into the coded audio stream. The
mantissas represent the spectral coefficients after they have been normalized

by the exponents. The exponents are then passed through a perceptual
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20 and Dol by E are anong such audi o codi ng systens.
The Dol by Digital, Dolby Digital Plus, and Dol by E

| ow-bitrate perceptual audio coders divide audio
signals into overl appi ng, wi ndowed tine segnments (or
-audi o codi ng bl ocks) that are transforned into a
frequency domain representation. The frequency

mocgejp%ﬁ*ggégg%ﬁa%attbg@ggﬁzé RegtiRk B8 ntatidhe ablBe ksded

“pby "an exp ral ndtation conprising sets
Bhm EX RN it a5 egbahedtsmme tinpsalsed o the coded
audfea;%onents, whi ch funct i onpi n the rmﬁner of scale .
audfcaetens andrkeppased througlt fie Sotedemedtunl stodeto The
manti ssas represent the spectral coefficients after
detarheye havetobegmchdhmanantisgas byl herBariisen are shenrpepacked,
- exponents _are then passed thhough a ercg[{)t_uql 4 . "'f
comthsted woth HELXPRGeRISdOIBMCIHIGHEFRGAORAY! FARRSH@Hon 0

the adgabans bhk Serpireae capiing AL PV B e e

ual nodel to -determ ne how to unpack the

"aBtebéﬁﬁnaﬁa ColBitsk Sa@SuRER chheiRchiniRastwes ad power

conbi ned ‘W t he exponents to create a frequency

SpedlRiR ] AR &S Roaihaatiofal Javengamiay Hehethiesed bgonly
decoded and converted back to a tine domain

9.8t ream and then passed through the sane
repfitoh,

‘partiaibr demnt ng thenjovBdiakecadadyaidodndsasriadsiiearsiedy

incl ude power and power spectrum _a{g}c{g{@

t
decedainfarmatien (S dfgoRA HeSRECHUSY, , 8%4 Sr;ggslo

el G T LR R
B T e

meaSRATHER Caln%glgé t8e %ﬁgPrh?ﬁblréﬁrﬂﬁ@Q@@sibﬁQ}f&héia@did,tsuch

explorts the fact t oudness neasurenent can

appFBifatise @f uvshalpdeid sEtabledoslisenaig.t Ae aapdicbof thech
" 15 approxi mati on not usually being suitable for

preseins remintign iAthesmegnitbon thes a geasse mpEratraefitke apdio,
recognition that a co%r se . jepr %sent ati.on of t hg. .
whiglyég svailable without fully decoding a bitstream in many audio cecimg
systems, can provide an approximation of the audio spectrum that is usable
in measuring the loudness of the andio. In Dolby Digital, Dolby Digital
Plus, and Dolby E audic coding, exponents provide an approximation of the
power spectrum of the audio. Similarly, in certain other coding systems,

scale factors, spectral envelopes, and linear predictive coefficlents may

provide an approximation of the power spectrum of the audio. These and

other aspects and advantages of the invention will be better understood as the

* following summary and description of the invention are read and understood.

Embodiments of the invention provide a computationally economical

measurement of the perceived loudness of low-bitrate coded audio. This may be achieved

by only partially decoding the audio material and by passing the partially decoded

 information to a loudness measurement. The method takes advantage of
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which is available without fully decoding a bitstream
in many audi o coding systens, can provide an
approxi mati on of the audio spectrumthat is usable
in measuring the | oudness of the audio. In Dol by
Digital, Dolby Digital 20 Plus, and Dol by E audio
codi ng, exponents provi.de an approximation of the
power spectrum of the audio. Simlarly, in certain :
speefifie anmg o$yis¢ pasiallysdéadoeietl actior &fospetionaiuch as the
envel opes, and |inear gredlctlve coefficjients may
5 [kitah@lyo vt I3pkbot @Hﬁm codag.
audi o. These and other. aspects -and advantages of the
- i nvianiccodamiel Witha fmt agpectupfode Sront wyenting, Hpre is provided a

&npg fgr\é\n}gg gﬁﬁg dgoug €S8 g&%ﬁ@ etnI ?{%ﬁlﬁ% 4 E't?ea Iﬂgf" ﬁﬁthogbmprlslng

appr&WRBfinicOfhe [Podet dﬁeo&uﬁﬂd&lﬁ)ﬂl& amdlornaitﬂqut éldtz,ndemodmg the audlo and
‘measur enmen of t he er cei oudness of eg{- frum,
Pt S R e R B
whgrﬁﬁoéﬂgﬂﬂmhﬁﬁlgat%g'l@ucfﬁ%seﬁlbﬁhesa&ﬂaibﬁ‘lgpaﬁ Sl fehridi@n of the power
partially decoded information to a |oudness
spentoars U penEntireqiereyes hejogle aRegeTie apeayeerpgnt - gt loudness  that
e | 0 c:.g)%% audi o
apprﬁ 1&ates?1 @ubJQc%{vIe p%?ce?l{;] (!ng(lﬂg%% ﬁ?gﬂﬁyarl]lgﬁ) ng gital,
Dol byanliamg:nﬂahenlt’bﬂéle imNeation ﬁlmﬂa@ ra%snélué%ew%j In

TP RUBHERBRS of Kt aurio b oraied et AouCRETCRERs o fhgaudio,

Rt
dePHdl Gt Re ‘é‘baﬂﬁ! fei)bég%‘h‘?ﬁ'[&% dhecandig, and

approxi mating t ness of the audio fromthe

apPienbiket dribdtherdtRE tHR QMR SR €6 4udIB encodidrigh rbltstream o
approxi mating the | oudness includes obtaining, b

mayl bautzbbamrbémdmedmmém hapeg amlmaicy e dréquegos o barads,
singl e nuneri cal rreasurerrent of | oudness that

eaab prbkanhbesingte seilbjfaeior aad sarmp pEnassPclabtdiHEsgveh, and
inprlechdReciay .?%‘l@m;!g&a%&a%&%"?éap@ioe%@%?ﬁnég%l%"x%h@?s and
g A RS e Sl PR b BB bROE sl e
assctﬁf?&treEWtR a&l'?%c sdia.pay be derived fromthe coarse

represen At1ons of the audio.
In yet a further embodiment of the invention, the scale factor and sample

data of each subband may represent spectral coefficients in the subband by
exponential notation in which the scale factor comprises an exponent and the
associated sample data comprises mantissas.

In yet a further embodiment of the invention, the audio encoded in a
bitstream may be linear predictive coded audio m which the coarse
representations of the andio comprise linear predictive coefficients and the

finer representations of the audio comprise excitation information associated

with the linear predictive coefficients.
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spetirtingo fthe amdimynay chaldée applyngg e

I n anot her enbodi ment of the invention, the audio
encoded in a bitstream may be subband encoded audi o
having a. plurality of frequency subbands, each
subband having a scale factor and sanple data

associ ated therewith, and in which the coarse
representations of the audig-conprise scale factors
and the associated finer representations of the

aud: 1 s;an ORAktRE eﬁl@ﬂﬂlhﬁnd?tt& iﬁammg% tht echrsvi represangdtions of

scale factor. In yet a further odi nent of the

thi avdint ooy, conerise al i@aﬁa@tﬁ‘o%PG&FF&? %ﬁfgpef’&é]@a‘ifhéfilg%%c h
subband may represent spectral. ficients .l ;

regIRsBRisdiony of é&‘% gREI Ay Cﬁ&aﬂ”oﬁ’%ﬁ ‘%@%@%@%@ﬁ%mﬂ
factor, conprises_an t and the associated

Wgﬁﬁlﬂﬁ ét}geﬂ?ngorb%%%%%aégﬁﬁgl%?&sas. In yet a further
enbqdi tggﬂ%t a%&ﬂl%&%ﬁb@&fﬁ[&{ Sithe IndentRNdiQerfisadad in a

may be |1

bi t st'P near predictive coded audio in

oMb G 4B 8o ERAE & the pL&Reint mbpone: tof thelepaasineation of the
onprise linear predictive coefficients and t({]e
pdvwdaeperannesttiteatudiosnsy indedaanplyisgapyegdicd power
excitation information associ ?tq%j Wth the |i near, ..
lopdeetisaniasure.odi weighted POWer IQU{Ingss Preagifqfiderybioy 8

ilaghacantapheectiost Reaanl T ERaR: fud ayerqassdpe pover

e ectral,. env and the.finer representations
Oﬁget{ﬁ & andio ‘)’;&Jc@‘ﬁl%fi se spectral components =
associ ated, w t.h it he I : i, \elRpe.
51 §%iafl?th§feetm]%{)dfmu? t%ghegﬁ%%g?ﬁ]ﬁgﬁ%% tg"f?(rel ai%gvent i on,
{oH8L QLB MhRGuAD iRRRpeXkeES thd ypoerRabhn tfdhapdiveri n
response to theapproxi mati on of the ﬁgovver spectrum
: vaboaerEdciendness
| oudness neasure. The wei ghted power | oudness rreagg{gfthe

mezsprenplheysychopequitic REARERCRFRBYPZBLY FEEROY 2 THO

ercepti bl e frequenci.es,and aver ages e.
s £t ok SP 6T e 1 298 oL SRS orifelency
b% I%%';gﬂﬁgfoeﬁ{e éﬁﬁcélr\%’a%rﬁts'o‘ﬂhe deterddl NG ABubband coder

- environment, the subbands may be similar to the critical bands of the human

- ear and the psychoacoustic loudness measure may employ a model of the

human ear to determine specific loudness in each of the subbands.

Aspects of the invention include methods practicing the above
functions, means practicing the functions, apparatus practicing the methods,
and a computer program, stored on a computer-readable medium for causing
a computer to perform the methods practicing the above functions.

Description of the memgs

FIG. 1 shows a schematic functional block diagram of a general

aﬁangement for measuring the loudness of low-bitrate coded audio.

FIG. 2 shows a generalized schematic functional block diagram of a

- Dolby Digital, a Dolby Digital Plus, and a Dolby E decoder.
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| oudness of the audio in response to the
approxi mati on of the power spectrum of the audio may
i ncl ude appl yi ng a psychdacoustic | oudness neasure.
The -)sychoacoustic | oudness neasure may enpl oy a

TG TER LG AR CERE - L.

simlar to the critical bands af the_human ear. In a
encral ATTSHMEBAcT ARG AR OCERE VS IBBINES RS Using

weigh bl ke ShbE B Red it ) Ry
e chsBanb A SR ST OB A Bl spsvrine
loudne Rl o e b e at s

RIS /o QQcﬁé}ﬁaﬁ%tfﬁﬂgﬁongggﬁ)é%ﬁ%%g%ﬁts@fovﬁhg,geli %Brea

stored on a conputer-rea um for ca

.econon%i@ﬂpgél%ral Qnﬁﬁgéﬁfe@ttfbf-‘n[@s i ﬁ%ﬁ@hﬂﬁéﬁ@%{ %Gdﬁl?ﬁﬁéio in

unctions. DescCription of the aw ngs 25

accordaltewwith speeredf thef mvehtional bl ock di agram of a
general arrangenent for neasuring the |oudness of

HIGE. 64 sad ébcodethenditic fificBonal dhools daggensr@f iheadore
schemati ¢ functional block diagramof a Dol by
econoniical améngembot byr Miegsuahg Poudnesnucarpodabyngithédoudaess
-7- FIGS. 3a and 3b show schematic functional block .
arrangegieaygs showat int the gearaplas el FEn§edannd Ibin secedance vith
an. obj.ective | oudness neasure using weighted power
aspects sidhpdpeemtienust i cal | y- based neasures, respectively.

reasur | ngBSt AR EGEDRE it Ui W eiiothgoront | of

A BRee R PSpfosiofahs BRasrEBNFAToR h RS TeeBHRpRLyf the
oudne 305 PR TR 4B LSBT e i
o PCM'B %@h&?&%&iﬁ@@%ﬂﬁg%%g?gsﬁeedmﬂgb%céééﬂ% 5%@'3110}1 as
bit allocation, de-quantization, an inverse transformation, etc. Aspects of the
invention greatly reduce the processing requirements (computational overhead).
This approach is beneficial when a loudness measurement is desired but the
decoded audio is not needed.

Aspects of the present invention are usable, for example., in environments
such as disclosed in (1) pending United States Non-Provisional Patent
Application S.N. 11/373,577 and publication No. 20060002575, filed July 1,
2004 and published onJ anuary 5, 2006, entitled “Method for Correcting
Metadata Affecting the Playback I.oudness and Dynamic Range of Audio
Information,” by Smithers et al; (2) United States Patent Provisional
Application S.N. 60/671,361 filed April 13, 2005, entitied “Audio Metadata
Verification,” by Brett Graham Crockett, and (3) in the performance of loudness

measurement and correction in a broadcast storage
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10 econom cal arrangenent for neasuring |oudness
i ncorporating the | oudness arrangenents shown in the
exanpl es of FIGS. 3a and83b in accordance wth
aspects of the invention. Best Mdde for Carrying out
the Invention A benefit of aspects of the present

or trangmisstan ohainsintwhickeasuaseerhe diecotled andio mumioteseedsid and is
| ow-bitrate coded audi o without the need to decode

not desﬂ'@bﬂ@y the audio to PCM which decoding incl udes

pensi ve, decodi ng processing steps such as . bit
Thd BEQACSHWLE H1RgmRovidedd aspegtneé theinvention also help

make lttd5 ansh)l;ér Prmé%j?{ygfgm E%u%]ﬂ%%gg]gtﬁ%g()f { heqx@]%\é!e:%éaltg r(])OITeCtIOH
(e.g. ATRRE A DIATNORIT oaRerer [l POREREVRLE] i real gimgion a

s RSO R LEEPREEh, hy v
bitrate %Héd Qu%)n& nafsugl A% t?fﬁl%%%&%%‘gl ﬂr&qﬁ;@t’g Agh %f%iénfrﬁﬁﬂ)ort

I‘OVI Si ona ent

streamst 1?1313 Yotrdife ﬁr}ﬂeQﬁj}E Pﬂﬁngztgoﬁggg‘?s's ﬁtglefo%lle‘ggnt

2004 an anuary 5
mventl@ﬂi‘ Eméﬁe@sQOuMﬁE@ﬁefaQﬁr&ﬁéﬁ@ﬁf il teRe MRt Ataba rﬁrﬁl@éﬂ b9

t he Pl ayback Loudness and Dynam ¢ Range of Audio

compreksddandio dpnalsomuShirhbes sedfiblel whér kcodipdred totthtes
Pat ent Provisional Application S.N. 60/671,361 filed

requiredyenid ofl yllpdebodamy iltd esmprerdied ddeliadadrals to PCM to perform
Verification," by Brett G aham Crockett, and (3) in

the loudlt%spme&&uram@m of |oudness nmeasurement and
correction in_a broadcast stor - or transm ssion
Fdfmilnshowsaipgtonart essangsment H&g&remeaammgutbe ﬂmdness of

neede d is. not desirable. The processing saving
coded agdi Mﬂ%ﬂl@é@é audiofataer fosRetion H?lscm& 3 audipahat

s e R e R R R o

(Decof 530 ek o RIS CT b Dot RSl s thn
apphed% %nl%h%he% hfhsuf@Y: ﬁl%\ﬁ"surmg method or algorithm (“Measure
Loudness™) 104 that generates a measured loudness value 105.

FIG. 2 shows a prior art structural or functional block diagram 200 of a
Decode 102. The structure or functions it shows are representative of Dolby
Digital, Dolby Digital Plus, and Dolby E decoders. Frames of coded audio data
101 are applied to a data unpacker or unpacking function (“Frame Sync, Error
Detection & Frame Deformatting”) 202 that unpacks the applied data into
exponent data 203, mantissa data 204, and other miscellaneous bit allocation
information 207. The exponent data 203 is converted into a log power spectrum
206 by a device or function (“Log Power Spectrum”) 205 and this log power

spectrum is used by a bit allocator or bit allocation function (“Bit Allocation™)

208 to calculate signal 209,
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bitrate coded audi o signals are nultipl exed and
transported in MPEG transport streans. The | oudness
measur ement accordi ng to%spects of the present
i nvention makes | oudness neasurenent in real tine on

., A large nunber of _ 10 conpressed audi o signals_nuch
which W&:h@ Ifagy, pn bitsn o cashysmastized mariisseeqline srantissasare then

de-quanfized i ORI Rsdanib Reaaanentnby Srdsica ot fsngtian ( De-
Quanti%q[, Mérggsrét&sﬁ%f@%g %gg‘té egfi%b];)ﬁ i uélll@ gptgle/glr’tleg lf)%rclz 0 the
e o BT A OUE Rh  poOE csant
212 GO R PSSO P LTS
Inverse‘(’f: i'lbfe&’gﬁﬂ@ §eﬁﬁ?§\}iﬂ§ﬂ;§fn'lé§ﬁ&t§ﬁ iﬁ\%sg%tiﬂgfba‘?ﬂ( Iaésﬂﬁ[ﬂhg ?ﬁrﬁe) to

2asure  Loudness at genéerates a nmeas

create thed#redsd waldus sidtinl 103G [rPpafeeied] 8cP6d& indhlementations,
P o%n a 20

structural or functional block diagram 20

significlat odmptlihg freustddslclegudied by eiid Bis Alllocafions DRL ti
& represg;?atgl ve of Dol byqui gi t%"‘f‘, Dol by Digital Pl %{aﬂ e

Mantissaschricblibyerse Gélterbemk ddriseesr finadsied Bisticdddaila of H4
are applied to a data unpacker or unpacking function
decoding praness 8yaxc be Eonod inDetascaf the abdFreanitedet @remddsi ng”)
202 that unpacks the applied data into exponent data
0. Iteand Sosheay prrosart andangenenisicrebjegtivelysnigiasuring
I1ocation 25 informati on 207. The exponent data 203
the loudness s 2edio sigpak EbgspEmesepeanamenobthsyMeasure

Loudnepy 8 53Chduteral Bguh s oteed Soyshow ekomplsodespectively
o o bl LB AR5 B A L g T
choice 4 PRI Sl AR RR T S,
ovent g S50 G e e RSB TSI, e lcsea
FIG. 3a shows an example of the weighted power measurement 300
commonly used in loudness measuring. An audio signal 103 is passed through
a weighting filter or filtering function (“Weighting Filter”) 302 that is designed
to emphasize more perceptibly sensitive frequencies while deemphasizing less
perceptibly sensitive frequencies. The power 305 of the filtered signal 303 is
calculated by a device or function (“Power”) 304 and averaged over a defined
time period by a device or function (“Average™) 306 to create a loudness value
105. A number of different standard weighting filter characteristics exist and

some common examples are shown in FIG. 4. In practice, modified versions of

the FIG. 3a arrangement are
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time domain by an inverse filterbank device or
function ("I nverse Filterbank") 5 212. Inverse
Fi | terbank 212 al so overltps and suns a portion of
the current Inverse Filterbank result with the
previous I nverse Filterbank result (in tinme) to )
often ugedhe madilinatsd lQuexaNpigy AEVENRNE ting pstiods Af silence
decader jnplenentations, significant conputing
from bgigggue %}ethee@cﬁragﬁ by the Bit Allocation,

-Quanti ze ,Mantissas and | nverse,Filterbank devices
1%%37 QAEPYIHsDa éefg’é{l%ﬁl‘i’%aﬁ Oﬁﬁ’é a3 WebHn Hraske nEss.
of the ab ref erences.

FIG. 3iasis, f@?ﬂ%ﬁﬁi@ﬁqéﬁvaﬁe}f&ﬁ%ﬁ%ﬁ §ﬁé§§% sTiepacsustic-
based ofEiher ARRRED Wl 108 1 UBRE o o b b hncfiteer or
filtering MRS (Do RiSio TR Tha hansPrpshe Bie HRgBeRyy-

. ) s, _ .
Varymggl?gg?ieﬂu})ﬁf% Ijg arfeiségl ar %%ﬁrg!l&df@g@@n%agihﬁi il;%@?g%: n(? (S:ill%l al 313
is then bépditatedhy ahcaldifdryt filBertankent fierisuik AlelobiLeditye

| oudness neasuring’techni ques may be enpl oyed. FIG
Filterbagk™3 Bdvisinas feacampics indshel Svthahire égpévalent®a D RIeSwer

300 comonly used I n | oudness neasuring. An audio
than, awdigmsl critfddalitsanghs sEklistthap dghaccommplisingd by ferfaresingra fast

_ filtering function ("Weighting Filter") 302 that is
Fourterdemisfond (F2X )} @sanghlasiendedpior gyamaplet bylaydiseratetfraguency
uenci es whil e deenphasi zi ng | ess percept.i bl

;
transforgéz I Iy enid- hgnegrouping the lipsady spesedbands iniq g@n@&j

signal 303 i,s calculated by a device or function
'approanegm thy eajg caﬁu:ﬂi ndgéas gvan BRBapn Bark sealgmpy

AtternaREY dhi¥ wudns sscuaplished by’ @ ameli pendonsufiiee feheach
e oA ol T e et
R bR G R RN
R e
perceivE@IHRAMR DRI cRfit IudhER H63RAChGARPTHY §s HRUBA  Rlated
from the excitation by a device or function (“Specific Loudness”) 318 and the
specific loudness across all bands is summed by a summer or summing function
(“Sum”) 320 to create a single measure of loudness 105. The summing process
may take into consideration various perceptual effects, for example frequency
masking. In practical implementations of these perceptual methods, significant
computational resources are required for the transmission filter and auditory
filterbank.

FIG. 5 shows a block diagram 500 of an aspect of the present invention.

A coded digital audio signal 101 is partially decoded by a device or function
(“Partial Decode™) 502 and the loudness is measured from the partially



10

15

20

25

30

“decodedfinforaasiared 03y

FIG 3b shows a typical prior art arrangenent 310 of
such a psychoacoustic 5 based arrangenent. An audio
signal- 103 is filtered bM a transmission filter or
filtering function ("Transmi ssion Filter") 312 that
represents the frequency- varying magnitude response
&r%@éf’ Ie€ enfunctian € Vcaswg loudrgss3) 304.
i.s then separated hy an auditory filterbank or
Depending asy bawkhearetiab eeonnE s RayIome ,éﬁsaﬁ&lﬁ}m&l@uﬁﬁ%‘s

e TR 1B AL Gl e e
s TR DA ESHLIR 588 Gy 6. 1.
tnche SRR DORE HAEN, 10 BREDRERPRD RS
implem%ﬁ%%é@iz %ﬁg‘)cw 8£Iﬁ?ée élﬁ%%t%/dgi, ffﬁl‘???@g‘?r"a‘_\{}ﬁ% éth Ml the
T L .

devicesdVigRtidhs oGt 4 BBcodeEX&iH 3 tiedadple bAFDGAN.
excitation signal 317 representing the anount of

RGINGd ard 6Bxblovatworeexnpldseiftathibmdmetibusef tleapeneral

within the band. The perceived | oudness or specific
arrangeheerdregf S8 (G.05. Addioleinbofd thdysemipéoy clad sumatRattial Divvode

the excitation by a device or function ("Specific

502 functivdnesdeyic8ldd@nhayheawrda siifferdritdVieasaireels eudisesssx04
~all bands is sumed by a summer or sunmm ng function

function osevjcez2 thatoinctheal K\;a6@ engnplmdupangisimeladriedbe
cxamplo LR e BT 4% bbb SRR L. 0
examplfo B At SO Rocklic RIGH AT DWDRRIRSE GAg (he exponents
203 ol AR A ol S S B B SRR By

di 0 f B i O A
spectrut 36 Sugfistradr e EiGhs Perksitfell §5 AllayiPY Shchiian
1 d i i " i "
(FramPX e SEHEDON ML Pl 1505 el G 07 REIG. 2

exampl? %%g}g%%ﬁffé{]egﬁgss "‘é’g%% E&rﬁrﬂl%\ﬂi % a devhe6E F@fkction (“Log
Power Spectrum”) 205 as in the FIG. 2 example. There is no requirement to de-
quantize the mantissas, perform bit allocation, and perform an inverse filterbank
as would be required for a full decoding as shown in the decoding example of
FIG. 2.

The example of FIG. 6a includes a Measure Loudness 504, which may be
a modified version of the loudness measurer or loudness measuring function of
FIG. 3a. In this example, a modified weighting filtering is applied in the
frequency domain by increasing or decreasing the power values in each band by

a weighting filter or weighted filtering function (“Modified Weighting Filter”)
601. In contrast, the FIG. 3a example applies
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Dependi ng on how the partial decoding is performned,
the resulting | oudness neasure 505 may be very
simlar to, but not exactly the sane as, the | oudness

wo'B#asyse7 105 cal cul ated from the conpl et el y slacedafdn10823
audio signal 103 (FIG 1). 5 In the context of Dol by
Digital, Dolby Digital PiudZand Dol by E
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wift fRPOQNBTi1& 303 6f FBe. W inhbiegenbotiiat iaypematdson idwe

sane” Partial Decode 02 function or device, each may
anigﬁitﬂd@vdiufeﬁ enthet thralines taludnend iuprrategfat @ sandinear

evice - that in the FIG 6a exanple 60Q gei nI?P
ratbenilizara tineazeqesnmypicalor The Geayngh Ve 8ated POVRE

DB .zeﬁﬁﬁgéﬁaﬁg‘;%%ﬁ%ﬁé%%%@%ﬁ g o acoss
freigngy oo Amassd aeSORRE Ty d Uog R G iR (0G8RUert, Sum
& %%%c%é’?@?ﬁaﬁé’t%{% %?g BR&hbR) FHMRe e eRTEThdyuput is

devi Fra nc, Error Detection &

an%bgé@i\}%etolﬁ@heﬁwémg"%szoz as inthe FIG 2 exanple
and s

uch conversion nmay be performed by a device ar,
f unThe@xatdgleof MGwéb HobadasunMeazsos: heudneaspd4-pdich may
exanple. There is no requirenent to ﬂe é&aguantize
betahmodified version pé thelandiiess FIGASHET B0V g fgan

i T B e oL LR b,

T ]| i NG . . .
s {RAE (Ko ftea, PRk R iRelg TS A0 ety in
tll%?{%ﬁfi%ﬁ(%}ﬂ Qbrdad gx‘gﬁgf%ré%ﬁ%glbffr AScieusiakithe 168 Poﬁ&r Fhlies in

I's exa a nodified weighting filtering
eatB baga! T8¢ohirabl)ehé FEGUSbaxkatopiaiapphiys weightang fidgtesing 1n
decreasing the power values in each band by a
thevinghtiomgir.i Althoush wepgtatesin the GequepaidmnaEh the
M;(;ﬁ%lbg&g’fg%}%g\égng%&ger E' etc:gsrth)f: au%%[ in J[}Pe é:a%rl]é ?x?asyt as tthréecime—

domain Transmission Filter of Fig. 3b. A modified auditory filterbank or
filterbank function (“Modified Auditory Filterbank”) 613 accepts as input

the linear frequency band spaced log power spectrum and splits or combines

these linearly spaced bands into a critical-band-spaced (e.g., ERB or Bark
bands) filterbank output 315. Modified Auditory Filterbank 613 also
converts the log-domain power signal into a linear signal for the following
excitation device or function (“Excitation”) 316. The Modified Auditory
Filterbank 613 is “modified” with respect to the Auditory Filterbank 314 of
FIG. 3b in that it operates on log amplitude values rather than linear values
and converts such log amplitude values into linear values. Alternatively, the

grouping of bands into ERB or Bark bands may be performed in the
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bit aHeration MeREsGricAUENEZItETLMG 30 HRYE?

30 WD 2006/ 113047 PCT/ US2006/ 010823 -12 wei ghting
filtering in the tinme domain. Athough it operates in
the frequency donmin, the Mddified Wighting Filter

1,5, t he aud|0|nthe same way as the tjd:- '
wo (Ifﬁﬁ%tol?‘]g Filter of Fig. 3a. The filter 6OF|SS%&BM§23

"modi fied" wth respect td3filter 302 of Fig. 3ain
ModRErd Aadisary ietheatich b SihRthan bp SRS AfapsBhisSion
Fn&?g& onfe %@ﬁ{ée@fgi@&@@a RS SR e Y5 Rl dhresd BE8

for%%EH %rahﬁdanﬂoa SLREo R g‘ﬁﬁ 'th@@ﬁi‘athIET@ ARG 9SS

frequency and averaged across 't y a device or

f UrEdH (08 dridapRpedits sEonEnAISTSIR Inde3 sigpifidang, for

exanpl e, Equation 5, below. The output is 10 an
compum(tmomb 3dvings s ackikued besaustibe deongiing difesRiaBregbire

i ncl udes a Measure Loudness 504, which gﬁty ]Pbﬁ%a
eghanks  Hoseyer,

for ot LA TG, G SRALECH P 5111'%9%&6%5?1198?ﬁE?rsgvlﬁ@agr%gﬁi@%
oo g AR AP bALAE chhSR Inind 55 PRERLSEmemeny
cal&®ef&PELAY tﬁggﬁglé%méaga\fdmv AWE $s bsarRB&Bnadtihel Auidio

cont rast, exanpl e applies weighting

infbirhitesn dodisbardederid twsdbsaudio ifohmalghn uked farthices
in the frequency domain, the Modified Transm ssion

messurearenals swomplate. aWhan aspecmeo%tén@r@mptasvanﬁwn free-
omai n T{ansm Ssi on I Iter

appdied tooPplini Pigitdlaflolay I%@lﬁﬁfﬁ% 959@%&%3{) I ﬁlfmﬂssa
b sl S G Aty B BGRER GBRe VAEs are

retaeiﬂ d: S go('i;?@?lgga)[?&gm %ﬁgp%% i }? eéfcfﬂ‘ %@x E@g Eﬁaﬁ%tmed
to 1B§flﬁﬁéntfs'dft@ﬂ9% R DYbR 51163}\@1@ \leﬁ‘ﬁlzéd‘ibtzﬁéﬁements of 3

| terbank 613 al so converts the I og-domain power
dBS lﬁfwémanebmqwﬁaﬂnmn siepnal Dbiby Ehesdiolin finenguantized

“exponent values and, consequently, a more accurate estimate of the power

spectrum.

Perceptual coders are often designed to alter the length of the
overlapping time segments, also called the block size, in conjunction with
certain characteristics of the audio signal. For example Dolby Digital uses
two block sizes — a longer block of 512 samples predominantly for
stationary audio signals and a shorter block of 256 samples for more
transient audio signals. The result is that the number of frequency bands and
corresponding number of log power spectrum values 206 varies block by
block. When the block size is 512 samples, there are 256 bands, and when
the block size is 256 samples, there are 128 bands, |

There are many ways that the proposed methods in FIGS. 6a and 6b

may handle varying block sizes and each way leads to a similar resulting
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pre ' ' 8ts GPikimesdim iPedityorDi aghichly-

Dol %%n% %%PEP us, orS Dol bylﬁ%,q the manti ssa
ecoibRidatieption fdi wetghded pamir dotignast eneasareeyt method may

quantized exponent values are retained, For Dol by
us®yplbgIDigiid] bitsbyaiDs gntthe preightadepempy kgidpegs measure

L csioy L i5s By ceomons A SF anglg: onby (g AyRitiZpRponents
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coptned w8 DEby IR FsaBEm, s Welhs ! Ethbte!df tho Mo
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cofnR¥AphANRLEchidiks 6EpeEoimingbitalioahtied to hectishtecthe

si"ze, I n conjunction wth i
mantissa information, which would otherwise only provide a slightly more
accurate estimate of the signal spectrum.
As depicted in the examples of FIGS. 5 and 6a, the Dolby Digital
bitsiream s partially decoded to recreate and extract the log power spectrum,

calculated from the quantized exponent data contained in the bitstream.

- Dolby Digital performs low-bitrate audio encoding by windowing 512

consecutive, 50% overlapped PCM audio sampies and performing an MDCT
transform, resulting in 256 MDCT coefficients that are used to create the
low-bitrate coded audio stream. The partial decoding performed in FIGS. 5
and 6a unpacks the exponent data E(k) and converts the unpacked data to
256 quantized log power spectrum values, P(%), which form a coarse speciral
representation of the audio signal. The log power spectrum values, Pk), are

in units of dB. The conversion is as follows
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certain characteristics of the audio signal. For
exanple Dol by Digital uses two block sizes - a
| onger bl ock of 512 sanples predom nantly for
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h h hods i FI GS,. 6 .
Doty Digijalbihaireaia 75 Hee BRoi08 By a5 seerirish dh tye foflBision
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is Beingncohepuied bhé theraftrerthofA-beeightingravsse iheppraptate. sThe
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whexanmpl e, only the quantized exponents contained in a
Dol by Digital bitstreamare used as an estimate of

the audio 15 si_gfig §,$ectrumto pes f,r {§ t heshoudness
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nmeasur e. Thisz=avei he additi onal  conputati onal

requi renents of performng bit allocation to recreate
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2N

and where the sampling frequency Fis typically equal to 48 kHz for Dolby
Digital. Each set of weighted log power spectram values, Py(k), are then
converted from dB to linear power and surnmed to create the A-weighted

power estimate Ppopof the 512 PCM audio samples as

M-l
oy = 310" ©

k=0
As stated previously, each Dolby Digital bitstream contains
consecutive transforms created by windowing 512 PCM samples with 50%
overlap and performing the MDCT transform. Therefore, an approximation

of the total A-weighied power, Pror, of the audio low-bitrate encoded in 2
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manti ssa i nformation, which woul d otherwise only
provide a slightly more accurate estimate of the
signal spectrum As depicted in the exanples of FIGS

Wo%(ﬁsﬁgsﬁﬁ the Dol by Digital 20 bitstream i Ssdaafhhd@lohdks
decoded to recreate and extract -the | og power

spectrum cal cul ated froméhe quanti zed exponent
data contained in the bitstrea

Dol b ' i t al
Dokt Dogina itixdam mamebogampiies HiaNgTAR G RIBAPRG Valuss

acrpes H RGRAINDCR e IR 1Ay BUOT ErRgHY i 358 wocr

coefficients that,are used to create the 25

lowbitrate ca di@)stream The partiaflfdecoding
per f or med iR F and 6a unpacks t he exponent

data E(k d ts t ke y
swhquad Paeds it t%%ﬂéﬁﬁg%ee ?@%ﬁ%ﬁzﬁ s .

a, coarse spe o | B
ngat@l?rgrsuwﬁﬁ 6t yswas? BEREL I el boRly e BN of dB as
fl its of dB. The conversion is as foll ows WO

%/ 113047 PCT/ US2006/ 010823 -15 (1)

P(K) =- E(K)z, 201 gd 0 (2 S k < N where N= 2567) t he
nunmber of transfor1 %%E—ffl cients for each block in a

Wl@? ?;/18% 86155% b trsstdRAm Vel tameebpelognrdviarthe transform

rumin t e conmputation of the weighted power
préRasg Hb?in@feﬂd@jd@mgéf thé DelbypBipiiakbitsipeants um is 5
wel ght ed u3|ng an appropriate |oudness cu such as
one of the A-PsiBhogrousiondlegiutditerepXasy hovvn in

g o Gl shesir S BTG, Aoty
BBy SRR SRR ER LD Ao e
usgﬁ&%@ﬁi’g 59? {?}‘&ﬁ'ei@ffra(lﬁ% p%r&ﬁ)a‘cﬁué’c‘iﬁ kﬁzd{ligfﬁgﬁ g}egglrlgeg ein this
11155;\9%&%1{%&1 ESAMBIS asMalihe prevApus bhe, mig the epastizoy
exponents contained in a Dolby Digital bitstream are used as an estimate of
the audio signal spectrum to perform the loudness measure. As in the other
example, this avoids the additional computational requirements of
performing bit aliocation to recreate the mantissa information, which would
otherwise only provide a slightly more accurate estimate of the signal
spectrum.

International Patent Application No. PCT/US2004/ 016964, filed May
27, 2004, Seefeldt et al, published as WO 2004/111994 A2 on December 23,
2004, which application designates the United States, discloses, among other
things, an objective measure of perceived loudness based on a
psychoacoustic model. Said application is hereby incorporated by reference
in its entirety. The log power spectrum vatues, P(k), derived from the partsal
decoding of a Dolby Digital bitstream may serve as inputs to a technique,

such as in said international application, as well as other similar



10

15

gion'putitngfthe A-wei ghting gain values for the
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wobh,$a! ing frequency FS is typically equg)
k@? ? Dol by Digital. Each set of wei gﬂt engt%zﬁ)%moszs
power spectrum val ues, Pwfk), are then converted
fromdB to |linear power and summed_taq create t he
psyéh@&é&iﬁ@dnemragmthaeihamﬂn@ongmﬁﬂ SClraudiap Spckyan

an%%ﬁ%%%%%ﬁd‘% gﬁé{@;}}% %tilﬁjfja??éﬁgl évx%n/ag} Qdrmiimblogy
and/\l;?fmg\rm; § mlsgtti@mgﬁ?f AliqR. (a0 Sifdt g) oéégﬁéapl(:%&’gt ed by
aprffggstrgﬁﬁl%ﬁp%ﬁ s%%o ﬂi @ﬁ%}féj‘%lxﬁgghg ﬁr?t‘aféigmp%\%gbra%@r 8$ the
ol i L S

sp EHFH e?ygs%ﬁm ng the power values across all
t transfornms in the Dolby Digital bitstrearn as
fol | owsg t)Meztl [EfT@Eﬁ FEEPOFY On) ()  Mil=@8hhere
M equals h er of transforns cont ained in
the Dol by 5 D|g|tal bltstream The %
whehe F(Idoepersests the reqaancyrogpoRie 0@‘2‘@

H, (k) represents the frequency response of the basilar membrane ata

s10nrﬁ1ltesr and

location corresponding to critical band b, both responses being sampled at
the frequency corresponding to transform bin k. Next the excitations
corresponding to all transforms in the Dolby Digital bitstream are averaged

to produce a total excitation:
E(b)y= A—;ZE(@ 1) N

Using equal loudness contours, the total excitation at each band is
transformed into an excitation level that generates the same loudness at 1
kHz. Specific loudness, a measure of perceptual loudness distributed across

frequency, is then computed from the transformed excitation, E,; (&),

through a compressive non-linearity:

E. .0 .
N{p) =Gy =22 1 10

where T, is the threshold in quiet at 1kHz and the constants G and « are

chosen to match data generated from psychoacoustic experiments describing
the growth of loudness. Finally, the total loudness, L, represented in units of

sone, is computed by summing the specific loudness across bands:

L=3 N{b) (11)
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L4 =101 0gJz90T)-C (7) where Cis a constant offset

.due-to level changes performed in the transform

process during encoding of the Dol by D gital
wolsheSisgam 10 Psychoacoustic Measur enent Wﬁ%nﬁﬁmszs
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shown i"f2tHe g, of FIG 6b. Borrow ng
term nol ogy and notation from said PCT application,

an excitation si@Qgel Fdbdprual Audic Codecs
Aspects of the present-invention are not limited to Dolby Digital,
Dolby Digital Plus, and Dolby E coding systems. Andio signals coded using
certain other coding systems in which an approximation of the power
spectrum of the audio is provided by, for example, scale factors, spectral

envelopes, and linear predictive coefficients that may be recovered from an

~ encoded bitstream without fully decoding the bitstream to produce audio

may also benefit from aspects of the present invention.
Error in Calculating Power from Dolby Digital Exponents
The Dolby Digital exponents E(k) represent a coarse quanﬁzation of
the logarithm of the MDCT spectrum coefficients. There are a number of
sources of error when using these values as a coarse power spectrufl.
First, in Dolby Digital, the quantization process itself results in mean

error of approximately 2.7 dB when comparing the values of the power
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approxi mating the distribution of energy along the

basi | ar nmenbrane of the 5 inner ear at critical band

b may be approximted fromthe | og power spectrum
WO}&@%M@&M?S follows: E(b) = 11 T(k)I2IHo(1lc)! AOR(EIRD 0523
- g where T(k) represents the frequency response

of the transmssion filteri@and Hb(k) represents the

frequency response of the basilar nepbrane at.a 10
spactiEn enciated E@ﬁ%ﬂ%ﬁ pEpanendy (see ua&ﬁ%ﬂdﬁ@?’%’&? gnd the

responses peing,s l.ed. at .-t UERE Y- .

POYEF VEligs CaIHAES WY BT e PR gnts. ‘This mean
| QrF I8

errl R GRS dp AR SR, Ind BEFREBSR 116 the
cof @bl offeg it Eﬁ%’atigﬁb’), aboke.E E(b, in) (9) Mm15

-Usi ng equal | oudness contours, the total excitation

at Sewhdhander sertainamighairoveditions) sach as dianatands dxpoaknt

that generates the same |oudness at 1 _|LHz. Specific
valbios dreguredrasaosy Begnensst Gefsrred to asidAds’'s and “D45” modes

in Shecibomarsrest AL A dack B, Thiseupyie SRS Hiffehts Tanses
the’ S99 E55onet SHiade 5 sk PrediRiAIE) o b pRbn il 0

i i . . r ']
ool thPhy HogrbprAIRE 1B SORGAANE L EATHICR 7 2 practice,
oBS 2reepi RiadGe ioherdal Aty oofeabongingsthe groupin
eﬁig:?ﬁglél y, t ﬁgé tota Iagugn%gs,‘ L, represent ed@i)ﬁt grﬁ t sp s
is Wfed raesle,ands? cihremdtare dfthewignalg fohwlsgedid grouping is used
| oudness across bands: 25 LN(b) (11) WO 2006/ 113047
respUs inganeayoed sagan errsr which 1s similar to the non-averaged case.

Implementation

The invention may be implemented in hardware or software, or a
combination of both (e.g., programmable logic arrays). Unless otherwise
specified, the algorithms or processes included as part of the invention are
not inherently related to any particular computer or other apparatus. In
particular, various general-purpose machines may be used with programs
written in accordance with the teachings herein, or it may be more
convenient to construct more specialized apparatus (e.g., integrated circuits)
to perform the required method steps. Thus, the invention may be
implemented in one or more computer programs executing on one or more
programmable computer systems each comprising at least one processor, at
least one data storage system {including volatile and non-volatile memory
and/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 known fashion.
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For the purposes of adjusting the audio signal, one

may W sh to conpute a matching gain, GVBS which when

rrgl;;ﬂ;l [ gd Wi tg the audio signal makes the | oudness
wo2beshiiR4Ad] ust ed audi o equal to sone referengs -

| oudness, LxXEF , as neasured by the descri bedmszo%mmszs

psychoacousti c techni que.-% Because the

T TSP UL S R ALe3 ) A AESL bl
o S0 i o 00 o Bl o
o BREHEAL Shoe e HRLAUEY T eoREhiahe ol
sy, A GAS Bl iy e ot neaponcing

1311%{1{1 @erence with respect to the reference | oudness,
REF . The | oudness of the audio nmay then be .
ex it et appreBiated thatisemresens 61 frctionsahongpinthe (

el T b i R M By
L 0 A t We! . .

oL S R S B g PR o o o

oo B SRSt M s s o and

deRreddad, Ribusl SrangpRbesingaay befshotar scumbiredt oredeparated
envel opes, and linear predictive coefficients_that

in Ways lbeharethan @s atiofmoim the \2oicasdbelvesbFos exampled Whel
fully decoding the bitstreamto, produce audi o,

imglesmm_ed éafg;a ?Omllmtﬂrégﬁé‘(ﬁ@ IRYTHGHOLTRRISRECS, RBIUS JAnctions
rror in i i ai _
andsispneite prempoRby erisdary bEsbmirpenads? Mitusaded
coars t ' . it . .
soflgs IfreheticllhtS Nnpitd b rEedie dighal st Hossing
halgcgzbvj\é%?fn Wh{‘% F:nQée whefhrisis e i Besah ¢ Alnigin@dnahe eansples

r’ Spec
shown in the figures may correspond to portions of the software instructions.

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 programmable
computer, for configuring and operating the computer when the storage
media or device is read by the computer system to perform the procedures
described herein. The inventive system may also be considered to be
implemented as a computer-readable storage medium, configured with a
computer program, where the storage medium so configured causes a
computer system to operate in a specific and predefined manner to perform
the functions described herein.
A number of embodiments of the invention have been described.
Nevertheless, it will be understood that various modifications may be made

without departing from the spirit and scope of the invention. For example,



First, in Dolby Digital, the quantization process

itself results in nean error of approximately 2.7 dB

when conparing the val ues of the power WO 2006/ 113047
woPRsddYs906/ 010823 - 19 spectrum generated fﬁ&%éz@c%mmszs

exponents (see Equation 1, above) and the

val ues cal cul at ed d|rectly2ﬂron1the MDCT

coefficients, This nmean err whi ch was_det erni_ned

r,
som p;érthaétmmde,scribaé hegein By S@ Odeindgpendend, and thus can
ant, .of f set tion 7,.abaye, 5 Second,

H%m@érmamﬁ@%%f}e{%ﬁr Shat desGaReds ¢ r ansi ent s,
exponent val ues are grouped across frequency
(referred to as "D25" and "D45" nodes in the
above-cited A152A docunent). This grouping across
frequency causes the nean exponent error to be | ess
predi ctable, and thus nore difficult to account for
by incorporating into the constant C of Equation 7.
In practice, 10 error due to this grouping may be
ignored for two reasons: (1) the grouping is used
rarely and(2) the nature of the signals for which the
grouping is used results in a nmeasured nean error
which is simlar to the non-averaged case.
| napl ei nentation The invention may be inplenented in
hardware or software, or a 15 conbination of both
(e.g., programmable |ogic arrays). Unless otherw se
specified, the algorithns or processes included as
part of the invention are not inherently related to
any particular conmputer or other apparatus. In
particul ar, various general - purpose machi nes may be
used with prograns witten in accordance with the
teachings herein, or it may be nore 20 convenient to
construct nore specialized apparatus (e.g.,
integrated circuits) to performthe required nethod
steps. Thus, the invention may be inplenented in one
or nore conmputer prograns executing on one or nore
progr ammabl e conput er systens each conprising at
| east one processor, at
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| east one data storage system (including volatile and

non-vol atile nenory 25 and/or storage el enents), at

| east one input device o port, and at |east one

out put device or port. Programcode is applied to

i nput data to performthe . functions described herein

and generate output inf & ##5 on. The out put

11 R Bk BRp keAdud 0D atio SROEeLlPitea M GRS

I n known fashion. WO 2006/5113047 PCT/ US20061010823
comprisin0 Each such program may be inpl enented in any

BB P or 808 S P ol i g e s, and
aﬁﬁ{oﬁﬁﬁa’[ﬁ%itﬁ@hﬁﬂnﬁg QIR MHRN b A NHUAPESImbPorC ML BoRat €
W

a conputer system In any case, the |anguage
spectrumpaghetsan gprroxipiatiag they loidness mebides|oBaingneg bin g summatig pf the

be appreci ated that .sqonme ste or functions sh in
power sl i Aefrop gl p B° e Bk BPY < IPed g
approxintids Bk Siehj&eive hemwep@s offfulidriep) 6f tht @pdio@lgnhlUnct i ons

rat her than one step or function. It will. also be

appreci ated that various devices, functions, steps,
and . . : ' i e vari
2 O SRR 1 s ARt i Bl e oy o
process that inelydesafuhgtizatioaandisths power spacttie isvapredimated gutheat fully
. For_ exanpl. e, en inplemented by conputer software
decoding gngdecueniang s, various functions and steps
of the exenplary figures may be inplenmented by
mul tithreaded software instruction seguences runni ng
3i i\ swilbdhberdingite elairsilgnalaiprXdcessi ng 15 hardware, in

ich case th arious devices an unctions in.th
w6 S e soTHG BT B o T ROMEL B gaes finer
represenB@bdd GMAe Aldid h@dqsof tware instructions. Each such
conmputer programis preferably stored on or

wherein sradi epbrovimmtion of thyepovest spectumdeiithe audie igderived fiiom the
. areres}ﬁaftggﬁrrermr or r{}edi a, or magnetic or optical nedia)
Oarse TEPER tlloélsk% aé‘éiheral or speci al purpose progranmabl e

20 conputer, for configuring and operating the

conmput er when the storage

4. A method according to claim 3

wherein the audio is subband encoded using frequency subbands, each of the
frequency subbands having a scale factor and sample data associated therewith, and

wherein the coarse representations of the audio comprise scale factors and

the associated finer representations of the audio comprise sample data associated with

each scale factor.

5. A method according to claim 4 wherein the scale factor and sample data of each of
the frequency subbands represent spectral coefficients in the subband by exponential notation
in which the scale factor comprises an exponent and the associated sample data comprises

mantissas.

6. A method according to any of claims 1-5 wherein the audio is AC-3 encoded.
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media or device is read by the conputer systemto
performthe procedures escri bed herein. The

i nventive system may al'stu be considered to be

i npl enented as a conput er-readabl e storage medi um
75 R Ll Bae %p"t!'d{%'gtécta%ﬁ ﬁe%zaprogram where the
storage e SO con gure causes a 25 conputer

iy &icoded sudipBriictr prodiatisPasdel inhefttle poastefeprsehtAleRST the
to perform the functions described herein. A nunber

audio coprisp BB/ REIHAEIVERoeeieniRABAL i on have been descri bed.

ﬂﬁ%}rgﬁ%&ﬁﬁmoﬁ_& le Iau&)t Hfﬁ%‘ﬁ%i ?[gté&pﬂff?r}ﬁynbg La{sc‘socitaheéi with

ations na eparting from

ﬁmlkwasmmdkﬁvamﬁﬂﬁcbp@.of the i nvention. For exanple, WO

2006/ 113047 PCTNS2006/ 010823 -21 sone of the steps

descri bed herein may be order independent, and thus

SC%me%d%@EJrgfngqg clattnewérstﬁr di fferent fromthat

descri bed. -22 . A nmethod for neasuring the

ﬂtamxaraessproiena’fmanméthc @d@d compaiss ¢ speatrlodnveipa and

risin I OX the omer ectrumof the .

RS PR BRBRL T OF kbl spmari Bk RaTpaHeS assbdfied with
the spectelRh@{dp@t i ng the | oudness of the audio fromthe

approxi mati on of the power spectrum wherein

apprOX|nat|ng the | oudness i ncludes obtaining, by a

ne 0 ntacross fr a
i R T R R e e

the audictippladd 4l Eag b Reighily @ﬁter\t@u@emm&tsum of | oudness of

the audio signal. 10 2. A nethod according to claim1

wherei n the encoded audi o was encoded by a process .

1b! h al mbiﬂ‘c‘sh chg)‘?dlﬂg &y Ela IJIQ thlcg;e L oy@%ipegi\r{}%rwe? ﬁ’(ﬁ&i&lééﬁrﬁl&gure

appr oxi mat e hout
employs déﬂ’@u dnt dadnnthatibes lasmpe@cepﬁbleﬁﬁ’mbﬂmek adeeeticagtht power of the
laim 1l or claim2 15 wherein said data includes -
ﬁhmeda8@8ﬁ§@rF%5resentat|ons of the audio and associ at ed

finer

11. A method according to any of claims 1-8 wherein approximating the loudness of
the audio in response to the approximation of the power spectrum of the audio includes

applying a psychoacoustic loudness measure,

12. A method according to claim 11 in which the psychoacoustic loudness measure

employs a model of the human ear to determine specific
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representations of the audi o, and wherein said
approxi mati on of the power spectrumof the audio is
derived fromthe coarsé24épresentations of the
audio. 20 4. A method according to claim3 wherein

toudnes B PR B FERSTCY PR aHR)A b Mpfsg e homan

car.

scal e factor and sanple data associated therewth,
and wherein the coarse representations of the audio
conprise scale factors and the associated finer
re [
SRR ARk IR 1R B SOPR 0 ETDL oh R
tHé:QQibdlilcﬁ;giré sintlagtdnihé cyitiedl dandd dfahs Banen é@ccahdr and

anpl e data of each of the frequency subbands
ﬂi*%b?ryé%‘é%"??u%’ﬁé%%ﬁs BEETS Ry g2 medehed the Bwasyedsjo determine

Spanﬁcﬁﬁﬁg&gqﬁggﬁuﬁq&ggﬁggn in which the scale factor

nprises an exponent *and the associ at ed sanpl e data
conprlses 30 mantissas. 6. A nethod according to any
of clains 1-5 wherein the audio is AC-3 encoded. -23-
T A nethod according to claim3 wherein the encoded
audio is linear predictive coded where the coarse
representations of the audio conprise |inear
predictive coefficients and the finer representations
of the audio conprise excitation infornmation
associated with 5 the linear predictive
coefficients. 8. A nethod according to claim3
wherein the coarse representations of the audio
conprise a spectral envel ope and the finer
representations of the audi o conprise spectra
conmponents associated with 10 the spectral envel ope.
9. A nethod according to any of clains 1-8 wherein
approxi mating the | oudness of the audio includes
appl yi ng a wei ghted power |oudness neasure. 15 10. A
met hod according to claim9 in which the wei ghted
power | oudness neasure



enploys a filter that deenphasizes | ess perceptible
frequenci es and averages_t he power of the filtered
audio over tine. 11. A n#thod according to any of
clainms 1-8 wherein approxi mating the | oudness of 20

o PpRen SLNRERS Rt 5 pRERE e By ngeriomm the seps

of the mBHYE RO AGPHE dfGhd AHERES fH Measure. 12. A nethod

according to claim 11 in which the psychoacoustic
| oudness neasure enploys a nodel of the human ear to
I n_each

i ific -24- loud f
5T o DG SRR i eiRCRERR 4 B ERE v B v by e

5  machinelansts g mhéten. ler@tt thelsdepsAf iRl Moo @6£afybRDichims 1 to

1

-

3.

claim 1l as dependent on claim4 or 5 in which 5 the
subbands are simlar to the critical bands of the
human ear and the psychoacoustic | oudness neasure
enpl oys a nodel of the human ear to determ ne

speci fic | oudness in each of the subbands. 10 -25-

14. A neasurer of |oudness of audi o, conprising neans
adapted to performthe steps of the nmethod of any
one of the clainms 1 to 13. 15. A machi ne-readabl e
storage nedium storing a programthat when executed
by the 5 machine causes the machine to inplenent the
steps of the nmethod of any one of clains 1 to 13.



