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Descripti on Econom cal Loudness Measurenent of Coded
Audi o Technical Field The invention relates to audio
W@ e@nal3opr ocessi ng. More particularly, it rel ap@USHOEN 0823
econoni cal cal cul ation of an objective |oudness
measure of |ow bitrate coded audi o such as audi o coded

using Dol by Digital (ACBpscifpdiby D gital Plus, or
Dol by E. "Dol by", "Dolby D gital”, "Dolby Digital

Pl us”, ghehndaldal Ioudbess Meagairenicht of Qed&Y Audio

Laboratories Licensing Corporation. Aspects of the

i nvention may al so be usable with other types of audio

codi ng. Background Art Details of Dol by Digital coding

are set forth in the fbethniowd Fieldrences: ATSC

Standard A52/L: Digital Audio Conpression Standard )

( ACEhe imwentipnelatesitaaudie signal psocassisast Mare particularly, it

Comm ttee, 20 Auq. 001.. The, A/ 52A doc rregt is \
relalesito a8 eC ROmpRA \p@fcptgaupa@fmboélectwe oudness measure of

lovweliBiats Gl Gatiti Heh Snpunls SoUrd Heing LIDIRATISig465-5)
DofiyTo@i Bjusaer Doy Foi 3y se DBySafily, ot sRgial
PiugEy Al ThE AT ARE el Dafis; ERPElAoys LighRg
CoppofHRR ARER R T8 el g WEITEL ORI glfEf types of
auﬁ%@?&hhsg’ T?g:]gfbg: m égglang fI;:r g?r %glm! ts)sll on
Background Art

Details of Dolby Digital coding are set forth in the following
references:

ATSC Standard A52/A: Digital Audio Compression Standard (4C-3),
Revision A, Advanced Television Systems Committee, 20 Aug. 2001. The
A/52A docume:nt 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 Engineering 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 Multichannel 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 et al, Audio Engineering Society
Preprint 3365, 93rd AES Convention, October, 1992,



10

15

20

[ g
9]

and Multinmedia Applications,” by Bosi et al, Audio
Engi neering Society Preprint 3365, 93rd AES
w@ooveamoson, Oct ober, 1992. United States Pat enPGI/US2006/010823
5,583,962, 5,632,005, 5,633,981; 5,727,119; 5,909, 664,
and 6,021, 386. Details of Dofby Digital Plus coding

are P htahidt ' b \ glokal 110-
e MTHERLS BvEi e 6 Ry kg samio

5,96664nwantd,0n138®wr 6196, 117th AES Conventi on,
Oct ober 28, 2004. Details of Dolby E coding are set

f or Details"dEDothyetigRal PAlY emtihpare s@uéovth 4atiatrodaddon to
Coding in an Audio Distribution System', AES Preprint

DalbgaD1 ditatt PluaEsn Gnlfarcenvant tdubaddolbgoPigival Coding System,”
" Pr of essi onal Audi o Coderth(ﬁ%i m zed for Use with
AKRBdeonyemties Papgr 61065033, ABItGorEniunf @ctobsa 28) A004.
1999. An overview of various percept L'J'al coders, )
i ncldetaHg @D@%k&%ﬂ&%@@&@ﬂ@@@eﬁiﬁcm Bit fdlecation,
set.forth in "Overview of MPEG. Audi 0. rrent )
QU7 AL QLI 1 BB 10 TSE DRGan G T3iaHg AL Preprint
rl.hein depbur g and i Bosiy, J~. Audi o Eng.
SOER 1 0060 A S CRERRnGE, Miabr gt apytessiPharA il Coder
Qe . - £ ..y af ne h N 0 .
OMIRIRRIE Cak Shih VD AR S TR ENY e FREBCAES EoPterence
jrctively measuring the perceived | oudness of
Algl@idsltg@s%nal s. Exanpl es of nethods include wei ghted

POV 1y TRRPUHSS of%?ig)uﬁg)aéggﬁ@gal-ﬁﬂﬁers%?@hdg?c Eﬁaygy hcoders,

psychoacousti c- base 0 ouliness

MPEG®Uatbaers, adtdtherd RrscEEbAH! it 1O EBISTIEGEA udio:
| SO 532 (1975). Wi ghted power |oudness measures

Currentearsd FineureBtandauds forsi.gnaBibRaeppludioCading," b%’|
y

predeterm ned filter that enphasizes nore percepti
Kathsinzi Bmafdeabueg aindsMahinacB dsie fpAariia ibp. | $=s, Vol. 45, No.
18 Tamary February 107

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, LeqB, 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 into frequency bands that mimic the

frequency response and sensitivity of the ear, and then manipulating and
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frequencies, and then averaging the power of the
filtered signal over a predeterm ned |l ength of tine.
w@2goeho®eDust i ¢ nmet hods are typically nore conpCEKSZNE010823
aimto nodel better the workings of the hunman ear.
This is achieved by dividing the audio signal into
integeafieg tyesedvatsds whtlenfakirg irtte écbeqn.epsyclﬁ@mﬁ% and
sensitivity of the ear, and then manipul ating
phenamensgr sitdngs fieguenby s tehiparal midsking rMowaticagiic non-
. psychoacousti ¢ phenonmenon such as frequency and
lincakpereaptiamsef hydnessweith vasyingesigoal iritersity pdiheeging of all

) . . : tv. Th . ¢
objaqtt Gufcuciness MeuRebeT B pairinto Aot denumerigal
[ i f | Qudness that .
m%%ﬁ;i:é%%n&?Eﬁ@@?%é%ﬁ%fo&%?fﬁ%t&é«zsc@%s” S?@Wﬁ@@d@@ﬂ of
' ' |, I [ owbitrate
lo@ind3 Bl RufiedBBatoni v used ¢ o data. compr ess audio
[ iCi | n_an
3Lk E] S 6os AR SRR ES Bhafidily used to
afgEbURRL ARG, & BEEE 8L RSN o8 R Oy 815h Snd delivery
in hppheademd §ech Be b%&’d@ag% 'dg@%l teltAsidh érft{ AEBAAB Internet
space where both redundancTes and signal conponents

salereft masi. PByRp lifalalchi i
di scar dedl.o The ?gﬂa@rﬁln% Eﬁbn%mﬁ %ﬁ?‘{lgﬁg%?xﬂéb’?%ft‘%mé“g the
audior signabintbidreinforsiagionapaice fwheretbeth. reflibianties.and signal
nmeasuring the | oudness of the audi o represented by
compRuignts diaé ato peyichoatiaustiegllymmasldst oan be ddsédyadidcarded.
back into the time domain (e.g., PCM, which can be
The gemainmgondpryationds giacked iotes streasvor filewfdigital e
infgercept uai,- C.odﬁd signals contain information that my
I

Bvgdany | YRioa!lys fnsysingeiaedpudarss ebthraudichepeesented by
lo i eafed RERi ReauisraSpdingiths ity PaFk misthedame
dogfii{ee. BEMG Biigh G B otheitatiodey iefmSive owerer
some low-bitrate perceptual-coded signals contain information that 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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per ceptual audi o coders divide audio signals into
over | appi ng, w ndowed tine segnents (or audi o coding
whb@eks3o4t hat are transforned into a frequencyPdDIs2006/010823
representation. The frequenpx_donain representation of
spectral coefficients is expressed by an exponenti a

maédslasf mmg;nnﬂ Yised t@ﬁ@n@fm@h@?m% Wis§ﬁ§ Abahetoded

manti ssas. The expone , which Tunction in the manner

audfo sirahm. fidpbardecoding thekegdonehes bftcunpadedidng the coded

stream The mantissas represent the spectral
audoestreaineand theftt passedeiirtagle tie smmegrereepad niydéle

exponents. The exponents are then passed through a
deﬁf@‘ﬂ@i@sﬂwmd@pa&g theanamijssasd Uerhansisgasaré teramnpacked,

g@gk éhe. Hﬁﬂtissas into the coded audi o stream Upon

cogrupef yith the exppBARIS o ceatam pigsreacy damaerepsgsentation of
audi,0 stream and then passed thrqugh. the sane .

thf‘pevé@pﬁ}ﬁéus %&36@@%5@3 ﬁpﬁ@eﬁs%a@lqmpaaam demain

. n%{i“[saﬁlg)s. The manti ssas are then unpacked, conbi ned

TeRee nexponents to create a frequency domain

CPFSISRERLA R sl 008 R B8
SR RO SRS A B
pabSEace ey shagid oo desechnsy oy Lo i

detoded imforatationiGuchsast he RAVEF ﬂ?ﬁ_ﬁ?&ﬁhﬁi"ﬂ% th@ 16ihess
I on |

| oudness neasurenent. The inve usef ul whenever

médserement.aTheddventionds usefull ovBaesEeriiera i a heed ¢6 9€asure
the audio. It exploits the fact that a | oudness

loudisess hartenitt toalecodk¢heseds. Enexqppitsxthodhet thet silondatss

the audi o, such approximation not usually being
meaguterpent ton male vse af anAppaspinateoverstom pf dseandio, such
invention is the recognition that a coarse X
appeprertiamppbuselly heinggiitablarfos fisteniagaiAamispect of the
Wi t hout full?:?;E ecodi ng.a bitstreamin many audi o _ .
Presgat HyY S RsthedgrogRElon thalm eppise X PRERSEBIAtEM phehe audio,
whidh S a? ﬁgtt)l%u\xrplthg% fﬂlﬁy lcjiséggldﬁlg a bitstream in many audio coding
systems, can provide an approximation of the audio spectrum that is usable
in measuring the loudness of the audio. In Dolby Digital, Dolby Digital
Plus, and Dolby E audio 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 coefficients 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.
The invention provides a computationally economical measurement of
the perceived loudness of low-bitrate coded audio. This is achieved by only
partially decoding the audio material and by passing the partially decoded

information to a Joudness measurement. The method takes advantage of
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in measuring the | oudness of the audio. In Dol by

Digital, Dolby Digital Plus, and Dol by E audi o codi ng,
wez@ones provi de an approxi mati on of the powe€T/US2006/010823

spectrum of the audio. Siml grl y, in certain other

codi ng systens, scale factofs,” spectral envel opes, and

R RN A3 TNR g o s e
ex%ﬁﬁ%ﬁ%saﬂfjmwf '1%}2?%5??5115’5“?5& gﬂ&??hgé? %ﬁdqgoltf}ﬁﬁ audio coding.

venti on w er “undeérstood’as the foll ow ng

S u”‘l@ﬁ’rsﬁﬁﬂa#ﬁ%ﬁ"{th@‘ih@@nt@én G uREETid Rihdaiess bfaddédéncoded

understo e invention provides a conputationally

ineCongResal thae asstadeedateofrobh oviieh a@i Mgstokaondtieasofothe power
| ow-bitrate coded audio. This is achieved by only

speatruablfYhelandit oan bbeleairdidowntitost ifallyatetodyng #us andio by
the partially decoded information to a | oudness

derbangrthempproTimatien efdhe posecrapestivagy o fohe pudie fiom the
.%opert ies of the partially degoded gudi o. pformation ,

bitstisana wvitheuefdbhdegading theiandio) and determyniig ph gppspximate
Pl us, ana Do‘iyg,y E audi o codi.ng. A fi.rst. as&gﬁt of the

londnest pbGRUAI BTOERRNSS FRIHS SPRHOXAIRIP TR BIFROVRY o
bi tstrm t hat,.i ncl udes data from which an

SPEEHIEX 16 GHAM- ¢ he power spectrum of the audio can

dor 19, #RPPRb oSRR sk HedhuRERt: (8 SfafEfets cogrse
L BEMA IG5 HECTLNG: A et 0 g audi,

. the: ' . i - .
o A P ATAPUTRUGA bR B of iy be

dé@&ﬂﬁio@ﬁ éhé E@aﬁb@ﬁ%gi’@ééﬂtﬂ‘ibﬂ@@f €9ang&ig, epr esent ati ons
of t

e audi o and associ ated finer representations of

t he Buglifasthiavpect bfaheéntbgtiempihexdudidbiencodedtihe bitstream
power spectrumof the audio may be derived fromthe

magdissuliisniksacéddd andiodiavting aphirality of freéquenbgrsubbands,
aspect of the invention, the audio encoded in a )

cduilt subbeard hayingen sedlb dactosranddseanpleddataresspeigted therewith, and

~plurality of frequency subbands, ) .

in which the coarse represenfations of the audio comprise scale factors and

the associated finer representations of the audio comprise sample data

associated with each scale factor.

In yet a further aspect 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 aspect of the invention, the audio encoded ina
bitstream may be linear predictive coded audio in which the coarse
representations of the audio comprise linear predictive coefficients and the
finer representations of the audio comprise excitation information associated

with the linear predictive coefficients.
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each subband having a scale factor and sanple data
associ ated therewi th, and in which the coarse
Wo epeas®mt ati ons of the audio conprise scal e fRCI/US06/010823
and the associated finer representations of the audio
gonprlse sanpl e data associ aPéd with each scal e
actor ...{ n : i |
scatd Il R gtfeh osiifonE hETERGh, fiEoR e REpREentdtons of
[ Y3l 1 f A |
thE FOFT By, PBRERIR B O SRV QA hisfopy BRa e Bher

reggér%hhﬁ?&lsa{?f MPANE MAYEOhErise §?§¢t@éle@b1ﬁpﬁﬁbﬁtsd@‘saciated

_ rises mantissas. In“yet ‘a further aspect of the
W1tﬁ"[ﬁ€ta‘t%‘ast_tdﬁ%_ sHed@l enceligk.in a bitstream may be
I near predictive coded audio in which the coarse
r eprigsgtll gkt afartber bbgectuwdi thednmpniien, deteenining an
predictive coefficients and the finer representations
appfrokmateitiminesspfithe avdio irarésponiseftetha@pproximation of the
associated with the linear predictive coefficients.In
pawer spectfumt dietheaaptiotmay ineladerplyinga Wmﬁ&‘ﬂp@wm’
representations_ of the audio y gonprise at |east one
loydeesy gicaspia| dpe \ﬁm‘fﬁﬁgppwr Oﬂé}agg%@’?@é%‘%‘eoﬂ@yo?mpr%y a

S RSB A L L v
r t ™ i i i
ot Bfibret Ao MVei®st Y he audi o i n responge Lo ¢ he
approxi : . :
hel fECER DR goh B in B R A LA upp TMimate
loﬁﬁﬁeééf b??léf %g%%@%ﬂ@@ $S the %g?f&ciﬁ?éti&{f@f e power

zes less perceptible frequencies

s I ABe idis lﬁé’y"?ﬂclﬁﬂeta@%li'iirﬂg £peycloationsoedoudness

tinme. In yet another aspect of" the invention,
mRaEEeFaT The g)s?@hé@wmiqm_nlegy dressreindyheapdop amodel of the
response to the approxi mation of the power spectrum of
h1|tn|iiﬁéla¢ail 10 dutgrinitgd syecifipdbyidnessinpsacthofie plgraligy of frequency
oudness
bands similar to the critical bands of the human ear. In a subband 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 Drawings

FIG. 1 shows a schematic functional block diagram of a general
arrangement 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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nmeasure. The psychoacoustic | oudness neasure may

enpl oy a nodel of the human ear to determ ne specific
woowdne®g7 i n each of a plurality of frequency P&mnus2006/010823

simlar to nme critical bands-of the human ear. In a

subband coder environnment, the subbands may be siml ar

to tPRGSr 34 hadl3panes Rhehlifidfifticial Hieek Birams of two

psychoacoustic | oudness neasure may enpl oy a nodel of

géﬁwamman%@m%nt@fdiecteﬂcmaﬁ@xfgsmgbjeio@ixieomm_egs hieasaedusing
of the subbands. Aspects of the i1nvention include

weitted popvacdnid psgchdeeoalstivally+trased ansasuresnespectively.
practicing the functions, apparatus practicing the )
met HOlds, 4 ahdws caommarefreguegenweightingd usadavhen measuring
conmput er -readabl e nedi um for causing a conputer to

logdness acearding to dle apiengement @tithe expavefalddiG obes.
TRl b G s RSN e
e fehi GRS i R r RSP B auai
ind A ERE wlioaRor bl "L ow schemnt e o
for HIPE%%a BhAh A SRR 0L Ful AR BIBCL HiAGRARIRE e more
ectRlonicay aRAYREnfIH fB?YlEéH%ﬁ%g%sfdu‘a@ﬂeké’ iR PO ram #i¢foudness

respectively.” FIG 4 shows nmon frequenCy wel I Ngs

arv@eEerinbey JRAGH A Tllle eRbAIMIES 0 ATIOISI 3R dP3bhA accordance with
arrangenent of the exanple of FIG 3a. FIGS. 5 is a

aspebyef ihe nwentiomnal bl ock di agram showing a nore
econoni cal general arrangenent for neasuring the
| oudness of &Gesedladefor Caraving orntiee Imvdéntesmpect s of
the invention. FIGS. 6a and 6b are schematic
f uncAitmeifithfaspedtcof despresenhinvientioneisdhemeagurement of the

arrangenent for neasuring.loudness_ incorporatin e
IOI\Jélﬂﬁﬁ%Qgﬁaerélﬁ@é%ﬁd@d withauidhenged o ’%ggly the

3113 10%3‘1’8&/1) \Qh?c%cgég&ﬂ%% i\rllméfurhes expensive decoding processing
steps such 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 présent invention are usable, for example, in
environments such as disclosed in (1) pending United States Non-
Provisional Patent Application S.N. 10/884,177, filed July 1, 2004, entitled
“Method for Correcting Metadata Affecting the Playback Loudness and
Dynamic Range of Audio Information,” by Smithers et al; (2) United States
Patent Provisional Application S.N. 60/xxx,xxx, filed the same day as the
present application, entitled “Audio Metadata Verification,” by Brett
Graham Crockett, Attorneys’ Docket DOL150, and (3) and in the

performance of loudness measurement and correction in a broadcast storage
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aspects of the invention. Best Mdefor Carrying out

the Invention A benefit of aspects of the present
w0 powentioen i s the nmeasurenent of the | oudness PET/US2006/010823

| ow-bitrate coded audio withgut the need to decode

fully the audio to PCM whith decoding incl udes
orﬁ#%%ﬁi’#@ﬁﬁ&%@ﬂ'iﬂ%{ifc‘?lcfcsc%'sg % Eltu? BEcSdd 288114 not needed and

gquanti zati on, a nverse

is pggaééﬁlglgr%t iQNd SN 1008R8 0 2hd kbRl AReeREY¥MDBERSt D150
uce

e processing reqpl rements (conputational
apgtlsﬁ%‘éﬁﬁﬁg hre E,Bi'éogﬁﬁw&ﬁéfhtéé reféiegicelinwheir entiretglness

asurenent is desired but the decoded audio is not
needfth pAsRESIng svihps ppoeigiediby ayseuts of the enverrbirealso help
for exanple, in environments such as disclosed in (1)
males il pessibliettochefamdonidnessineaswiconent avul Bratadata correction
Application S.N. 10/884,177, filed July 1, 2004, )
(egn,t clgamgking l\ae‘g)ﬁAiN OR hparsectes tasha gairgchvalie)iingeahime on
ayback Loudness and nam ¢ Ran of ., Audi o
a langonmbesrgf lowmtqwd%@ famﬁrﬁjssgg)auém ignady. o Qften, many
Pat ent Provisiopal .Applicatio .?.N. 60/§xx XXX
KinTexed Aol

o i it St Mgt €0
O bﬂ}%fﬁ%ﬁrﬁéé eatReseabaCtird b8 sgests of the
penenl B anena ke | AR e BT r i RO Al
o687 6B G AR Geing Ao ThaRERERIENhE cBfiparcd to

th?‘é‘%éﬁﬁ'&:%ﬁ?gf ﬁg]ﬁ | Rl ;/l?é E}ﬂﬂﬁﬁ'@@édi AFHOREARAIBI0BCM to

rence in entir e processing savi ngs

pé}f@ﬂthé 15YaRsRafkas@entdift, i nvention al so hel p make it

possi bl e to perform | oudness neasurenent and net adata

cor refs i PRhO®st priohangamangereAt RiRMepsurngtthe loodnéss of
correct value) in real tine on a |l arge nunber of

cddud ddivat@oded digicalpmedioathtawdiinfaingataos 10d seeh apamgiio that
halts(r)l:/-a:ﬂ?lpinr\gégtn%?edgga?}lijgcii,oisscilggoﬂesd g{f% dn[cuclotdielfrJ lo?)&%%oag]r?g function
(“Decode”) 102 into, for example, a PCM audio signal 103. This signal is
then applied to a loudness measurer or measuring method or algorithm
(“Measure Loudness”) 104 that generates a measured loudness value 105.
FIG. 2 shows a prior art structural or functional block diagram of an
example 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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transport streans. The | oudness neasurenent according

to aspects of the present invention nmakes | oudness
worr@sut®aent in real tine on a | arge nunber of PCT/US2006/010823

conpressed audi o signals nuch nore feasible when

conpared to the requirenents9of fully decoding the

whighundts il OF pich Sy aiifahg AR RET HHE mantissas are
ar rangenent i i .
N e
(BeDREPe JMRRUSERT 211 A Dok PRt BACK p the Re fomatn by an
in&ﬁlésge%fggﬁ@%c FeREMoAUhetish (Rivek88 Filtbibank"y24R. ilnverse

to a | oudness measurer or neasuring

FilRibatk o12al1a9ovefapé adasms apartdoass the kidrardtdnverse
generates a neasured | oudness value 105. FIG 2 shows

FiltePbade result stittutitepmvions Invese dhkerbandolesdl t{gh dimey to
an exanpl e of a Decode 102. The structure or functions,
crettesthevdecrdedraptiosegnalt 107 bt prattisal degpdar Impigpgntations,

Digital Plus, and Dol by E d d F
signiﬁcm;r_lauomrfm\mtingireswsg&i s rasmurashby (ha ght Kalogiion, De-
unpacking function ("F S . De [
Qaiee mmmsaawglévezéé‘%ﬁm%”° afises AE oy Marg
I nt.o exponent ta 203, ' .
defpds el bR Geaodtit PEIGess A Re ARBR A GY St aithyetited

regx onent data 203 is converted into a | og power
8m 206 by a device or function ("Log Power

T R T
ol R O SRUGH PR STl BBp LAl et o the

MEBRLLE i%%d@{;@% 4 g&ﬂ@. quant itaedcR I G i avedl 3bi show eeamples,

expo_nents" ce of function ("De-Quantize
1'&%@%&@&@50? t&ége@@ﬁalq%wgmiesi obabledtivd lomdriese mieamiring
y an inverse filterbank device or function ("Inverse
tefohhinti §ui & ke chaice of a]?arﬁeullak lobgedimreknzpguehgdeohmiqugps not
and sunms a portion of the current |nverse , .
critical to the invention and other objective loudness measuring techniques
may be employed.

FIG. 3a shows an example of the weighted power measure
arrangement 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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Filterbank result with the previous Inverse Filterbank
result (in tine) to create the decoded audi o si gnal
wae®s/1134practi cal decoder inplenmentations, siPoi/ibwae010823

conmputing resources are reqﬁllt ed by the Bit
Al l ocation, De- Quantize Mintissas and | nverse

offel AEIPIRE G FETINs, THNEkAABRe, pBYEntiFh FHrhé pRHORDE

I Ag process nmy be foun

si1@ﬁe¥%rcﬁhtt%inggﬁsnﬂé_a%-thEla@%ra 1 and 3b show prior art

arrangenments~—for objectively asuring the | oudness of

an Fugichoatenaic-babed eomiieseate yfteh aldorisedio hwasure
Measufe Loudness 104 (FIG "1). Although FIGS. 3a and

loB8n &S0 VFEX aRplshews e pacal yaby attfarawsgasst of such a
categories of objective |oudness neasuring techniques,

psybhoatmisti-bhsal paangemeat. Auj evdiovsigmahiQBiisndiltered by a
technique is not_critical to the invention and other
tragispeissionefiltondn & teringafunation (‘Eotansyussiondiiliee”) 312 that

enpl oyed. FIG 3a shows an exanple of the i ght ed
repmmn%/%mﬁﬁqu@mmgwgt M@BRHBAE FeSRAFE Qfmﬁmﬁég and

o B SIS R S
ﬁlféﬁ)%ﬁk#fﬁ@é t | O ST RPN Dl b i, frpguency
oI BT MR et o
ol RS R AR TR U O
infIERIAE, fo CRARSIEALY dftererd RHTRACyalfbHE AOET) and
thﬁlgg??ﬁpiﬁg?ﬂleeﬂﬁéﬁﬂﬁ@é‘é&i bhARdintd Wdids dpprbRimaaakithe ear’s

i'ed versions of the FIG 3a arrangénent areoften

critied banlds (Avdh bhd@RBoos Batloscaleampleernatieebntthigniayniee
periods of silence frombeing included in the average.

acReyl tshedusy nsihgkdohndpassiftjtesfoarachfERB @t Barly beﬁ?it Each
barlrl?iaissutilgn converted by a device or function (“Excitation”) 316 into an
excitation signal 317 representing the amount of stimuli or excitation
experienced by the human ear within the band. The perceived loudness or
specific loudness for each band is then calculated 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 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

| oudness. FIG 3b shows a typical prior art
arrangenent of such a psychoacousti c-based
wa@eocangeaent . An audi o signal 103 is filtered ByT/ES2006/010823
transm ssion filter or filteyjing function
("Transm ssion Filter") 312 {]h'at represents the

SRS T8 TR o R (et s o
D %ggpgglshyhgw tHe %&ﬁ&a}? Hekoling iséé@f&”@ﬁﬁlédf ﬂi@:cxteisggin%loudness

ilterbank™) 314 imto frequency ban that

meifireBOYAl8be Wery Similaf (ORIt Hdiakacdydhe¥ayne hi,ttheal
bands. This“may be acconpli'shed by perform ng a fast

lofidHessemdasars 108 waldHaled froni the eompledly Hocodediandio signal
y a discrete frequency transform (DFT)) and then
14§ (FliGE np). t hrethe ceateky of Dalby Digit, Dalby Digital Plus and Dolby
approxi mating the ear's critical bands (as in _an ERB,
E ompBzmientationes of aspents af the iyventians pastiabdecoding may include

acconpl i shed by .a single bandpass filter for ea ERB
therorgissiombahthe éat:mbm@qns D%E}\w@éﬂ@eMa@@Sﬁ@s an@ EW@'@C

or functiopn ("Excitation!) 316 into an excjtation
Fificghanl devies agmetiong [ aasuMSToc fihe xmple of FIG.
excitation experienced by the human ear within the
<pand. The perceived | oudness or specific | oudness for

Cac 38 Sy bR bIATh I RISRABHR e
o RFAL P BHNERY 16137 R g5 R some Parial

Déwﬁ’% Sgﬁ%f‘l‘é[i%nocgr aande eéaSchllQl%i'y. HR 8 WMTERGtVIRESS® Loudness
may take [ I

I nt o consi deration various perceptua

501 Fesdtfon bPdetMliRaf HEGESRY, Rekhfiple beiny sghilgato the
I npl ement ati ons of these perceptual ngethods,

exdraple bERIG. 8ammd ok dmahe FESOGucaanaple bcﬁngisﬂleﬂlafrmo the FIG.
the transmssion filter and auditoiy filterbank. FIG

615 eshoyea btk ediaayles) thic Rartias Bectodef SAhexpraetseonly the
e)lggl\frtea% 853£033&&d©§é% %ﬁo@éﬁéﬁm%%ﬂ&'pwle%s tihse exponents to a
power spectruin 206. Such extraction may be performed by a device or
function (“Frame Sync, Error Detection & Frame De-Formatting™) 202 as in
the FIG. 2 example and such conversion may be performed by a device or
function (“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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("Partial Decode") 502 and the | oudness is neasured

fromthe partiallydecoded information 503 by a device
weroobampyt on (" Measure Loudness") 504. Dependi POT/US2006010823

the partial decoding is perforned, the resulting

| oudness neasure 505 may be ¥ery sinilar to, but not

A R o R B iy s
daggitdhe U VESRAGRE Filoraifictts e Bdld AL (CRARY ey as

l : : i i -1 : 2
ook R R TSRS ot

. r i i i
RSB R L RTigspin thepente it oopefaonog oo

asBAdawaReaTaties Bhnilindae vabies and it oferates geaearai-linear
arrangenent of FIG 5. Al though both may enpl oy the

1‘a|$;1@ﬁettﬁﬁrz_t liabaPéequens92chlencThefraguedeyiwelg PONESE
ave a different Measure Loudness 504 function or
s;f%mnn 602|1 isamfenrcm‘nmn%ldcio Bne@mwﬁbaadisnglmp& a4CckPsY o
e exanple of FIG 3a and that in.th |G, 6 I
ff;aﬁga%qs 'tand:mgag%d aggqss@me BYex 41 o T mng%ﬁ Sum
artja
ﬁMm‘&gﬁ’)c@&m‘;ﬁb’gng, Gurassnioa Fobton & (9IB%Gx SORATRDUt s
0.a powes spectrum 2 Such extraction may b
al%eé\tbﬂ@ﬁtﬁ‘@df& éﬁsaéf@in%ggp'functi on ("Frane Szncfe Error
ection & Fra - For.mat ti ng" '
oo Sl SSAFERS, PR3 Ui E gt ThStih moy
evi ce.Qr o f LONe 4" : .
oEReEREE EIShRRD o ORISR LA, feaing
- t e ol e H t H ~
I O, O g o et
. i . . . .
L IO i I ey
tl \ii2:! fi 1547 i@ abig gomdetirtasia dbgrpobet h j
}%messcgeasnarer %:I Iigﬁdnegss mez;sﬂ?i r%\éthfeuﬁgﬁ onetof&lues "

egiblﬁbgfliahé[hirbsdlh'r&t,eﬁwﬁl(é, 3l emadipfle epphies gheighging filtering in
the time domain. Although it operates in the frequency domain, the
Modified Transmission Filter affects the audio in the same way as the time-
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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applied in the frequency domain by increasing or
decreasi ng the power values in each band by a

wowdoghtiony filter or weighted filtering functiP®T/US2006/010823
("Modi fied Wi ghti ng Filter"i 601. In contrast, the
FI G 3a exanple appliesmeigh:%hg filtering in the tine

VPR A bR I3 BV RSHE AR eREY TaBiniesion
Figg%mgmﬁﬂeg% & R Tonegad6iiabhides d:Sbé@iﬁcofroﬁHﬁess 318

r 601 is "nodified" wth respect to

fof ehtkbad@arf a Suin 33@ adid e é}@ﬂﬁ?ld HEFIG! 3bperates on
| og anplitude values rather than Tinear values and it

operfEsrethectrange@nehisstown & FEGS, ieanamd bbpsi@nificant

frequency scale. The frequency wei ggt ed power spectrum
cobfguiasioniad sacimpsere edhiovdd becauspdhe deandingidaesinot require

across frequency and averaged across tine by a device
biballpaation omantissmderquarnsizationsuet agdnyesgFiligapia glowever,

for exanple, Equafion 5, below The qQutput_is an, .
foegqoéh,tth@ IGOMFIGL ab as‘tﬁgzg%@ltéxgweéumngrp&e%ve
i ncl udes a Measure Loudness 504, whic

lopdaess @M?@n@# l@ray]tcw %%@Fébéﬂ}%%%‘ngg%BE?P%%ﬁSQ?m
' i FI G. 3b...l 1 thi , :
e R 0 SRR B o, oy bR Bt B o
infB0A605 % AR RIS M i orhRnBaeg by he
mdSEER R YRt ED hkaleet of aRSfrchantiniition ar
aﬁygiédefd DS1bY Didsial ) Dslwgom%{)tal Bludherdiolbly BpeictiRmtista

e frequency donmain, the dified Transim ssion Filter

infdiragtion iy divadd @l andidity sheeonmel pubhezed mrgomennvalues are
Transmi ssion Filter of Fig. 3b. A nodified auditory

retaihedr TnkDotbyf Digiaband DolbytDigital Muosithe edlvesdareaqyantized
Fil terbank") 613 accepts as I1nput the |inear frequency

tohaorermpatsedf 6 dif poddor Spaby i theyaresghantizad ta orsemants of 3
these linearly spaced bands into a ) )

dBr hecsmablanqueptization steps indRelhby Exeskltiardisgr quantized
filterbank output 315. dified Auditoiy Filter bf‘riqk

expomeat yalues and, consequently, a more accurate estimate otf 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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converts the | og-domain power signal into a |linear

signal for the follow ng excitation device or function
W@ Q(Exﬂ'l;{oml on") 316. The Mdified Auditory FilPEr/ba1ke/010823

613 is "nodified" V\nthrespect to the Auditory

Filterbank 314 of FIG 3b inl4dhat it operat es on | og

lo‘ddﬂl@gg]g%ﬁ%lﬂu 8552%%% t Jﬁgqv%é E@gv efrn%&ﬁl near vn} l}’e

AL B L ORI Sk 1 R oo o
rag!? H/gotf%aqﬁnﬁé%grag(eg n%flg}ﬁpltﬁ#lg M?%l'lél]‘ Blbcks Qﬂﬁdﬂz&@b@ Blocks

so i ncludes a
' f1E spasileans dabdmadzessathe larger
aq%ﬁgﬁ dﬁq)éﬂ&l?@Sﬁ%lﬁf@ltgg Folrlblt he g??grf;ggnentas shovvr? s

niAbEL gﬁbaﬁﬂ ar)@'lt@@rat%ﬂﬁ'thbM@hs@mmdﬁdnesmaﬂaymuepgszarymg
are ac |eve because t he decodi ng does not require bit

biBlekatAd 8 a tiaggardingty dndii fdter mg,m«tltanomspe@&c
t er bank. wever, for both the FIG 6a and FIG 6p
lo@ﬁh@@g@ﬁ&ﬁragmg ied semhiigprassisses, ifor ekamplesky adjusting time
nmeasurenent may not be exactly the sane as the
comsaantsenent cal cul ated fromfully decoded audio. This
is because sonme of the audio infornmati i s di scarded
and t hus the a[f[(dfgﬁf&fﬂfpcﬂmﬁt4‘(61\?‘3%@63('6%6’?1@’]@

EFEK&E%%%%E%%&% oéafgip?;e?% a5 Sndpey BT
oo s AL SO BN s mod my
S i T R RO sy
Lgﬂ%? ﬁ%ﬁnﬁ‘gggﬁé?%oﬁoﬁqh@é’l é{a?nﬁféﬁ%wﬁ‘i’e hﬁahﬁﬁé@&ﬁ bAents

er quanti zat st'eps i'n Dol by

céféﬁa‘ﬁgéd i a]f I')Bﬂ:;v ﬂ}igﬁhl BRSrexRoReNisedadsuas estihate of the audio

e accurate estimate of the power

ofasare. d&igaedidsdhe additional
s%‘?ﬁgﬁsbéﬁiguﬁg Effeb@ﬂn grdeignesend 9

h of the overlapping tine segnents,
céhﬁ%tﬁﬁbhﬁﬁrédiﬁréih@ﬁis of performimpbjtiatiadationdo recreate the

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
bitstream is 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 samples 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(%) and converts the unpacked data to
256 quantized log power spectrum values, P(k), which form a coarse spectral
representation of the audio signal. The log power spectrum values, P(k), are

in units of dB. The conversion is as follows
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certain characteristics of the audio signal. For

exanpl e Dol by Digital uses two block sizes - a |onger
whb@ek1i7 512 sanpl es predom nantly for stati oPEr/ys2006/010823

audi o signals and a shorter bl ock of 256 sanples for

nore transi ent audio signalsldThe result is that the

nunber of frequ y nds..and corres i nu r of
| og pomerPQQétTgaﬁfagﬁ@%§2206 varieéygﬁggagby gﬁzck
When_the bl ock size is. 512 sanpl es. there are 2 .
WhetOY = 236, AT SEATP BB G THEPILS fpF Eaclt Plgein 2
e 128. b s. There are Prono :
DfiBHBagiRRDHRasaTEs Loni sty kel SPathu B BRgRfputation
hzes a ch I S Lanid an . ;
ofbE et § Baned IS ol Rl heloe nqyer specpium s
-SpriaRa -, B-or
wlird S Ap L AP ERGIOUURSS Buble, RUChaisSofthe 2
CQQE@H& cﬁ‘ive@vﬁf 09 FIG, 4 lrethssrehs@rihb! powe measure
| ar ger ocks and spreadi ng the power fromthe snaller
is 'Bé'ifﬁg rcoﬂﬁeﬁ@ﬂ%@ﬂfe@éﬁ)rb hige I/pnveeiphringharrvefis bppdspriate. The
Al'ternatively, the Measure Loudness may accept varying
108! 96 e bpestramdyaidies 7 amowdigiuled Whaddirtg theen tagliscrete, A-
excitation, specific |oudness, averagi n&gand sunm ng
wpightans éequency esedngs, ef (Y, aldp intinity of B asonst ant s.
Wel ght ed Power Measurenent Exanple As an_exanpl e of
aspects of Ep@)prREatdilbvention, & Rikghi¥ecokdhi cal
version of a wei ghted power |oudness neasurenent
met hoHe niycrese ADwtdightingifrequeniclystaleass mfid, argecreated by
wei ght ed power |oudness neasure LegA. In this )
chmghtingehendrweighting gpineyalugs for the disgittedsequencies, fuisorte
exponents contained in a Dolby Digital bitstreamare
wheeel as an estimate of the audio signal spectrumto
performthe | oudness neasure. This avoids the
addi ti onal Gonput iLgngl requirenets tof Noer f ¢3)m ng
bit allocati8f*toXecreate the mantissa infornation,

whi ch woul d otherwi se only provide a slightly nore
where

F=c 0<k<N (4

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

power estimate Ppoyof the 512 PCM audio samples as

N-

k=

<

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-weighted power, Pror , of the audio low-bitrate encoded in a
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accurate estimate of the signal spectrum As depicted

in the exanples of FIGS. 5 and 6a, the Dol by Digital
whrdiosiit®am i s partially decoded to recreate anPiCEKB2086/010823

the |1 og power spectrum calculated fromthe quantized

exponent data contained in -tle bitstream Dol by

ng%@m@%@%éﬁ&ﬂ%%ﬁ%%%ﬁ AP Radbonprovalues
S s, an ' - . .
acpss ABNS BasRaERG it U DT el el AR elin AP RGhR0 11

| ow-bitrate coded aydi o stream The partial decoding

performed ip F PapdmPa unpacks the expor(éht dat a
E(lc) and coTﬁ(/erMsmzjhe unpacked data to 256 quanti zed
| og power spectrum val ues

, P(Jc), whi
hose b eguaishreset vasheht Ehashimiel i GBI
power spectrum,val , P(l . ' '
Digtidienme s rerpsaarrigr is heprifHed Snyif of BB as
foilﬂg??(' 1_) where N = 256, the nunber of transform
Yicients for each block in a Dolby Digital bit

i 5 BBIELS SEEE TR S (B,
wlisp? 6ok aaﬁt@?i@ngfj%gy @1}?3@%@&\“@&%@ R %@l‘%%h%"w}e fgansform
e L AL P e S

(Sjlpgg r ;Jm val ue SW@&’?@’%%%{”LSZ’Q@ gfdﬁl(z%g@t ﬁg\rl%e: 0

0 S8 o VL0 TSRS g Ancontidhoa gy
e@é‘i@’?ﬁ%ﬁ b‘?lé\?nrgﬁf 1|1 %%ﬁg&%ﬁg@% Ect&:l%ng@ss 1AvhiyrenzeTE method may

. gai n val ues for
ug@ ?QEZ&D%@IM@E&@M and o piyehoateustie ieidnass1easEek In this
highly-economical example, as in the previous one, only the quantized
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 allocation 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 values, P(k), derived from the partial

decoding of a Dolby Digital bitstream may serve as inputs to a technique,

such as in said international application, as well as other similar
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where F - 0 < /c<N (4) 2 -7V and where the sanpling

frequency Fs is typically equal to 4 8 kHz for Dol by
wore@eiiadod7 Each set of weighted | og power spectPCIUS2006/010823

val ues, PwWOO> are then converted fromdB to |inear

power and summed to create -tlHe A-wei ght ed power

g S LA .
TR HOSG1 Ji Prgmithisd Eﬁ%ﬁ“}a @ dprithology
o e PR IR 0
o0y eﬁxﬁgﬁﬂ@%ﬁﬁ@%ﬁ%@w% e T e
ing SCet R i B R e eI e
Sp%h%?ggh%@é s Ry geam The average power is then

units of dB as follows. where Cis a

const ant : eygtvohanges performed | he
transfor I@Mg zl encodi ng of the Dol by D(Bg)lttal
bi t stream Psychoacm | stic Measurenent Exanple

wﬁl%gi P?%e)conoamﬁs ehe fspensy etspdrescpoBthentr ansmeeml% filteg and

m cal version of a wei &t\]t ed power | oudness

HIRRP 98 RRESSTRY festurencyusspooshof Digbesilamnesihiaasdt a
nd a psychoacoustic | oudness neasure. In this

1dea91*aJ %&?@gﬁbﬁcﬁﬁ b t@Xaitidad baad b rbdthaemo@vsasdselngesampled at
only the gquanti zed exponents contained_in a Dol b

{3 flehjaknby cotrespondire teskansforanbiski M the Q&@‘éta&lﬁ’&ﬁo
signal spectrumto performthe | oudness asure.
cbhespohding to all transforms in the Dolby Digital bt rge tstream are avelaged

to produce a total excitation:

E(b) = —A%ZE(b, ) 9)

nt

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, z<b>)" -
N(b)y=G| | 2421 —1 10

where 70, 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= N (11)
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exanpl e, this avoids the additional conputational
requirenents of performng bit allocation to recreate

Wo b@sfreotT ssa i nformation, which woul d ot her wi BET/U81096/010823
provide a slightly nmore accurate estimte of the
si gnal spectrum Internationdl- Patent Application No.

ggﬁf@ﬁ%ﬁq’@g%S%sféﬁéigi:ii%ﬁ“‘@%@?i@’%ﬁéDéﬁéfﬁ‘@? wyghto
ot i T e
sigaalgvaiy theloufics GrancevedAEERATHEl FufiEience
lopdpevS ol ofs taspigt PTG RS RET RV ETURURR toFhdfatoe
B S BB P s ORI B e
RS BRER oyt EYEIRRRBHRL AT . docs o
o BB R s PSR BRI e g povticarion
R PTG 90 R R S tcd and
e ST PG5 P U R ponding o
R, Bl AR PA ey osupaapenensence
lc{ugﬁ%ggg%}{%g?f@g g@ﬁ%t?énsgt(ﬁth?ﬁﬁﬁigyﬁggﬂ%?g@ eg%)trﬁssed in dB with
o GRBF BB R Rext he-excitations o

corresponding to al Ilt ansfornms in the Dol by D gital

bitstr eay) ar mlaggfégﬁij’]t o produce a total excit atli2on:

Other Perceptual Audio Codecs
Aspects of the present invention are not limited to Dolby Digital,
Dolby Digital Plus, and Dolby E coding systems. Audio 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 quantization of

the logarithm of the MDCT spectrum coefficients. There are a number of
sources of error when using these values as a coarse power spectrum.

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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E(b) -~ E(b,m (9) Using equal |oudness contours, the

total excitation at each band is transforned into an
we@btizdonon | evel that generat es the sanme | oudPEEESANG6/110823

kHz. Specific |oudness, sure of perceptual

Ioudness di stri buted across ]f equency IS then

soERR I, Eal O G D SRR GRE TR LR nd the
payp rg&@gggggagg@yagé%gwﬂvﬂﬁe N RIAEIHN S THiSRban

ta generated from
y E‘B‘W ue e?ﬁﬁﬁédi EﬁnQ@fﬁ@n by bbenasipotitedfinto th
erﬁﬁ‘ nes y, the ?otal Iougng[s%r L, reﬂgreseentlcreldo ©
cdﬂ%tdiﬂ'dﬁs&fCSQ uatidCPrabted by summing the specific
l'oudness acr oss bands: L N(h) (11)For the purposes of
adj Sddondl, unelcaeditairs signal condionms; suchmsttnartsmemst exponent

mat ching gain, Gvhtll , which when nulti
vaues arsggmgledakess tfteeNemsrr(ee@rrﬁd tchas & staém aDéh50 "modes
equal to sonme reference | oudness, Z, , as neas red

intthe ahesieribedi A5 chdacwueni . bt icing BetaacgeaHency causes
(hoaHpuR EKDORCH! eBpBE PrdePoRERESEDIE 41 @ﬁ%%ﬁ%dlfﬁcufi? to
acopu ot b@gﬁs%ﬁﬁngciﬁ%&@% seRstRR CotEaRgtioR . In practice,
IR ehF 10 (B GroleTie iy BY TRt Rty d Bpshih @) dhe ef6uping
1s|t1f§feanré1§€fl%f' ath&ng?w E%m{e ott’tﬁ% %%lg tg lgﬁgﬁgg'%auﬁﬁfg" s used
relsﬁg@gﬁ & 151%%191%%1‘?1% REG HAKYD s?m%ag toTt’l‘ﬁ ﬂdiilﬁ%fé%é@lf case.

e expresse respec
t he reference as: L dB Ii%ﬁ?é?ﬂenmtzon

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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10 (- - J (12) V Match ) Ot her Perceptual Audio Codecs

Aspects of the present invention are not limted to
woeiobs1iyi tal, Dol by Digital Plus, and Dol by BECT/US:006010823

systens. Audio signals coded using certain other

codi ng systenms in which an -a&%v oxi mati on of the power

D e bR Se PRI AEE i Y ABAFEN Emputer
di ct.i fficy

lobeanstingfadiBEanafity ielthr Y IR PRG TAcE b Hcat, or

t.o produce audi y f
oA R PR R
L e g L e s T e
laﬁ%uﬁ > MDCT spectrum coefficients. There are a number

of "sources of error when using these values as a

Coarf Sy oY apphesi htednthatsosie steps Dofopctibns showntinghe
qguanti zation process itself results in nean ejtor of

exapplty Tiheley peribraBnvwidple substepagndisay alspbeshoprras
power spect rum generated fromthe expon

midtiplel stepd ot donoednarthenthasbore sief) %g‘r{ciiéﬁ Fﬁt‘ggl,also be
e s e ey 5 RS ERSE v anc
O b e RIS oAl b gPanea
inz wiv@%é $§Iﬁ§f g’ﬁ% g 5 °”5354§3!v%§%u%2€%@fﬂ%2§f&r§%éﬁﬁfeﬁ e
AR S ARSI T LR ALy ncions
SR SE 5P P LS b racs punipdoaeuded
sOfcalt ffstruction sequences running in suitable digital signal processing
hardware, in which case the various devices and functions in the examples
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,



ei Tor due to this grouping nmay be ignored for two

reasons: (1) the grouping is used rarely and(2) the
woatoanesoat the signals for which the groupi ng PET/USHA6/010823

results in a nmeasured nmean error which is simlar to

t he non- averaged case I mpl eHent ati on The invention

soyy%g?ﬁggﬁh 5 fQ%e qgﬂpﬂﬁéﬁgfgﬁﬂglﬁg%bgaggﬁ pd flpss can
coheicageed i isaﬁd&%p‘ﬁifeﬁéﬁdﬁS?P?}neC’?’%@%ﬁ’??ﬁnogre not

|nherently related to any particul ar conputer or other
apparatus. In particular, various general -purpose
machi nes nmay be used with progranms witten in
accordance with the teachings herein, or it may be
nore conveni ent to construct nore specialized
apparatus (e.g., integrated circuits) to performthe
requi red nethod steps. Thus, the invention may be

i mpl emented in one or nore conmputer prograns executing
on one or nore programmabl e conputer systens each
conprising at | east one processor, at |east one data
storage system (including volatile and non-vol atile
menoi y and/ or storage el enents), at |east one input
device or port, and at |east one output device or

port. Program code is applied to input data to perform
the functions described herein and generate out put

i nformati on. The output information is applied to one
or nore output devices, in known fashion. Each such
program may be inplenented in any desired conputer

| anguage (i ncluding machi ne, assenbly, or high |evel
procedural, logical, or object oriented progranm ng

| anguages) to communicate with a conputer system 1In
any case, the | anguage may be a conpiled or
interpreted | anguage. It will be appreciated that sone
steps or functions shown in the exenplary figures
performnul tiple substeps and nmay al so be shown as
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mul tiple steps or functions rather than one step or

function. It will also be appreciated that various
walewcae®47 f uncti ons, steps, and processes shownCEHOS2006/010823

descri bed in various exanple§7herein may be shown

conbi ned or separated in ways®other than as shown in

the various figures. For eyxample, when inplemented by

conputer software instruction sequences, various

functi angmetRdd THERseRbrinkehensihasyof he#EendBYedh a

i mpl emented by nultithreaded software instruction
bisstruaanclest inehidetodata ot which gh apbadxithatieh of the power

processi ng hardware, in which case the various devices
spaottuiw o€ the aadio cih deaderivd dewitiomrfully déveding the audiy,

correspond to portions of the software instructions.
COPaprisggch conputer programis preferably stored on or

down| oaded to_a storage nedia or device (e.g., solid

st atderidngrspid appreximaien ahineppwvesspsptivsant theagilio from

readabl e by .a general or specjal purpose programmabl e
Saé@%ﬁéﬂ'@ﬁm ¥a 1%@1@@3@9@1%&}1%%5&:@@ t he computer

when, t he st.orage nedia or devjce i ead by.the

conplA SNy SEdh BDB TR uAtcss ST LhE Alig dd desmanse to the

herein...The d.nventive system al be considered to
ap&)éo‘}%?g%rﬂf ﬁe&%ovgelb lﬂ?-oﬁﬁﬁﬁﬁ‘lﬁzostor age nedi um

configured with a conputer program where the storage

medi um so configured causes a conputer systemto

Oper.?t A hittRod ﬁéégﬁi@gjﬂ%w’l‘rﬁq%ﬁ@ﬁﬂﬁb‘%ﬁ g%tat hdGaESESArse

t he ynctl ons . her el n. .
repfhRAtdRi S0 Pihd HEdioMED Qi NBY Fi AR pHERGARSHS of the audio,
vertheless, it wll be understood that various

anipgrhtreiatdadd appryxipeatids o f \thé pouterdprafrummofiheautheis

spirit and scope of the invention. For exanple, sone of
derheedsfreps tliesoaiskadpheseatationsyo btheoauidio. i ndependent ,

and thus can be performed in an order different from

that described.Clains 1. A nethod for neasuring the

| oudness of_ audi o encoded in a bitstreamthat includes

dat &-f Aomelhed aceprdpgreilaim iowhereintibe sawée encoded in a
bitstream is subband encoded audio having a plurality of frequency
subbands, each subband 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.

4. A method according to claim 3 wherein the scale factor and sample
data of each subband represent spectral coefficients in the subband by
exponential notaltion in which the scale factor comprises an exponent and the

associated sample data comprises mantissas.

5. A method according to any of claims 1-4 wherein said bitstream is

an AC-3 encoded bitstream.
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spectrum of the audio can be derived wthout fully
decodi ng the audi o, conprising deriving said

wappeaxionnt i on of the power spectrum of the aupPkDUR2006010823
said bitstreamw thout fully decoding the audio, and
det ermi ni ng an appr oxi mat e 1Budness of the audio in
response to the approxi mati on of the power spectrum of
the audio. 2. A nmethod according to claim11 wherein

sai d_data includes r epr i f iR

and s dodiethien 4 FefiREa RIEER PR Bekah el checaedif o
wherein sal Qxi aat ib B8 WIRltBrthererirse feresentations
b%@%d? ii%]egr ggﬁl\géggﬁdg%ataﬁ@%ogr se represent at ipgﬁs

{58 WRprise 1 Rl a6 QoRtfcicnes shaithe Zindrer ei n

Oft&lg %Ed&lagq}en %gcél |6§Fg bi tcst reamis subband encoded ,
re@géb&nmgﬁ@ §f thPhuaR bompoiseloxeitationyindatinatids assaciated with

ubband having a scale factor and sanple data
thessesdrgiredidther evéffitiensd wherein the coarse
representations of the audio conprise scale factors

and the associated finer representations of the audio
conprise sanpl e data associated wi th, each scal e

f act 3r A snethodedesddingisr ey 2 yharainihe Gearseffpiesentations
scal e factor and sanple data of ~each subba gﬁrﬁ%‘rgsent

of ez avndio compriseiasieastione Meckia FANAIARF a&% fe Ch
notation in jch the scale factor  co ' : :
rejXgevRiAtionR olhé dudie sPRIRIpesshRsal $APEP Qs Asgqeiated with
mantissas. 5. A malt hodlaccordi ng to any of clainms 1-4
sRdeatdeAS AR HSBF G IEIPRC.an AC- 3 encoded bi t stream -

23 - 6. A nethod according to claim2 wherein the

audi o encoded in a bitstreamis |inear predictive

codeq aydj gy LGl y SeRyidrende®miihéng an
audi g c%ﬂjﬂgﬂ@ea %‘\?én(gg}ﬂ ?%gﬁgtﬁsceléigggqu?ci ents qnd the

a{)bp&{imate loudness of the audio in response to the approximation of the
power spectrum of the audio includes applying a weighted power loudness

measure.

9. A method according to claim 8 in which the weighted power
loudness measure employs a filter that deemphasizes less perceptible

frequencies and averages the power of the filtered audio over time.

10. A method according to any of claims 1-7 wherein determining an
approximate loudness of the audio in response to the approximation of the
power spectrum of the audio includes applying a psychoacoustic loudness

measure.

11. A method according to claim 10 in which the psychoacoustic

loudness measure employs a model of the human ear to determine specific
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_refpr esetn_t ations of the audio conprise excitation
i nformation associated with the |inear predictive
weo@bflidents. 7. A nethod accordi ng to cl ai m PCTIs2006/610823
the coarse representati ons of the audio conprise at
| east one spectral envel ope-éth the finer

L e T

one spect ra

veI A et hod according to an
y of clains 1-7
bamaépﬁﬁe é%f}rF?ﬁ ng an approxi mate | oudness of the

audi o in response to the approxi mation of the po
we
spectrun1of t he audi o i ncludes applying a V\/elgﬁtedr
Ir2 | % H@é’&‘d‘i fig t8 an dﬁilbﬁﬁs 8c$ avldérein detarhznme an
e 3
IC me ght ed power | oudness neasure enpl oys

ap%r «f)k thife. lbﬁﬁhegfﬁﬁﬂﬁ@ﬁuéﬁﬁlﬂ gspopse tephe Bpproximation Dt the

equenC|es and averages the power of the filtere
AImtdfbe al@io Ancleides apptyingd pgy@lmwsap({oudness
cla| 1-7 wherein determ ning an approxi mate | oudness
mehsuree audio in response to the approxinmation of the
power spectrum of the audio includes applying a
psychoacousti c | oudness neasure 11. A et hod
according to claim1Q in

e mebodsctaplops! iy ORGP o 0e
ik SE5EA URITIo hefoo l
oneds AarisEs RPARIAGS drnaPes Ok e RgCERE O IGpRPRE Specif
IS o B er NS baes applying a

psychoacoustic | oudness neasure. 13. A nethod
according to claim12 in which said subbands are

14, Apparatus for measuring the loudness of audio encoded in a

bitstream that in:ludes data from which an appr oximation of the power
spectrum of the audio can be derived without fully decoding the audio,
comprising

means for deriving said approximation of the power spectrum of the
audio from said bitstream without fully decoding the audio, and

means for determining an approximate loudness of the audio in

response to the approximation of the power spectrum of the audio.

15. Apparatus according to claim 14 wherein said data includes
coarse representations of the audio and associated finer representations of the
audio, and wherein said approximation of the power spectrum of the audio is

derived from the coarse representations of the audio.

16. Apparatus according to claim 15 wherein the audio encoded in a

bitstream is subband encoded audio having a plurality of frequency
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simlar to the critical bands of the human ear and the

psychoacousti c | oudness neasure enpl oys a nodel of the
wheovan1m®ar to determ ne specific | oudness in erchusfo06/010823

sai d subbands. 14. Appar at us_for nmeasuring the

| oudness of audi o encoded i h*a bitstreamthat includes

ta f . . .

el SO AL pATRIPE SO BB o BT aBPEG e

OB FRTASLS EeCaEepta ol o o comprie seale

faofhd ﬂd fHef d@a@@bi’ﬁté& Terireptascenisisef tieawdidi compeind sample
nmeans for determning an approxi mate | oudness of the

d@dHsQotiatéESAAN88CH Qcdleefaarpt oxi mati on of the power
spectrum of the audio. 15. Apparatus according to
cl aim 14 wherein said data includes coarse
representations of the audio and associated finer
r epr b3 e pparatss atcardngtalclainahd wikeresn the sgale factor and

approxi mati on of the power spectrum of e audjio_is
sampla/daitafQMthmM@m‘ém@maﬂl 6ﬁ§ftflé}flem$ema@@i gibband
16. Apparatus according to claim_15 wherein the audio d
byrexpesantial aotation Hewhich the seals faeios SOPAPHSE 80 RXPPAGNL an
a plural iéy of f:ﬁ@%uenc subbands,. each subband havi ng
the assqciated saBIPlg Aata SAPINIISESTHARUSSS: at ed t herewi th,

and wherein the coarse representati ons of the audio
conprise scale factors and the associated finer

ass Li??%ﬁﬁ%ﬁlﬁs Bedrifd e ia?ﬁ??ﬂ@? ila‘i‘\pf’fi;;"ﬂﬁ%‘ﬁ:aid
oSS B A R o O, e ont. cpectral

coefficients in the subband by exponential notation in
whi ch the scale factor conprises an exponent and the

assogatRep saies GcéGiding eoelaines Srmhereis abe ahdio encoded in a

Apparatus” according to any of clains 14-17 wherein .
béetrdam is linear predictive coded audio in which the coarse representations
of the audio comprise linear predictive coefficients and the finer
representations of the audio comprise excitation information associated with

the linear predictive coefficients.

20. Apparatus according to claim 15 wherein the coarse
representations of the audio comprise at least one spectral envelope and the
finer representations of the audio comprise spectral components associated

with said at least one spectral envelope.

21. Apparatus according to any of claims 14-20 wherein said means
for determining an approximate loudness of the audio in response to the
approximation of the power spectrum of the audio includes means for

applying a weighted power loudness measure.
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bitstreamis an AC-3 encoded bitstream 19. Apparatus

according to claim15 wherein the audi o encoded in a
whrdiosiit®am i s |inear predictive coded audi o i nP@IUSIV06/010823

the coarse representations o% the audi o conpri se

| i near predictive coefficien & and the finer

represe It@r?!rgﬁl% ﬂcoﬁ‘@@g@ﬁjﬂ%lﬁgﬁpfﬂ ik thi %e%iggiéed power

i nf or'a assocl a I near predic

lo%ﬁﬁfeié Hle@Bhfe %ﬁ lofPRAT R Uhab acOPHASI AR 1668hEcEBtible

erein the coarse’ representations of the audio =
fre@i@idiesant dveasteihe spRet bathefiterepaudhrotbetimaer

representations of the audi o conprise spectral

conmponents associated with said at |east one spectral

envel ope. 21. Apparatus according to any of clains,

14- 28 whAgrpeiratusadatondingstof any dé ciimsl hglawherein said means

approxi mate | oudness of the audig jn response to the
foxsletemimang en aFproramatidaudness of dhe gudigen sernanse to the

i ncl ydes ne for applying a weighted.power |oudness
ARAIASURALION OLABEAIGW Sk SRACSEID, Qﬁ@&t@lailm@drfsmemﬁ [

t he. wei ght e ower. | oudness neasure enploys a filter
annlginkra oneae PR i RUTRERS BB r oquenci 65 and

averages the power of the filtered audi o over tine.

23. Apparatus according to any of clains 14-20 wherein

the darinanas e RPeRRnGER U MlEh dhe BROPfRfectiic
loRELs ARy ThRIORS R AU oL IR HOFRITEAND dgfmine specifi

1oﬁaae§saﬁpéaé% _6%%1&92115121 &t ﬁb%@ﬁ”cy Banhs stmilBeto Flleo$1'1%1ﬁ21

psychoacousti c I"'oudnes§s neasure “enpl oys a node

bandsesf g hdagdedagr m ne specific | oudness in each of a
plurality of frequency bands simlar to the critical

bands of the human ear. 25. Apparatus according to any
of clains 16-18 wherein said neans S
25. Apparatus according to any of claims 16-18 wherein said means
for determining an approximate loudness of the audio in response to the
approximation of the power spectrum of the audio includes means for

applying a psychoacoustic loudness measure.

26. Apparatus according to claim 25 in which said subbands are
similar to the critical bands of the human ear and the psychoacoustic
loudness measure employs a model of the human ear to determine specific

loudness in each of said subbands.

27. Apparatus adapted to perform the methods of any one of claims 1

through 13.



for determ ning an approxi mate | oudness of the audio

in response to the approxi mati on of the power spectrum
wo@tooshesoaudi o i ncl udes neans for applying a  PCT/US2006/010823

psychoacoustic | oudness neasure. 26. Apparatus

according to claim?25 in whi€h sai d subbands are

o e o FobisE b 30804 s SR e o

AP i T PP, PRl S5, 0 cmER o roveh

13ret hods of any one of clainms 1 through 13.28. A
conmput er program stored on a conputer-readabl e medi um
for causing a conputer to performthe methods of any
one of clains 1 through 13.



