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PESCR1PTI ON Met hod for Correcting Metadata Affecting
t he Pl ayback Loudness and Dynam ¢ Range of Audio

wo pdoeoom@myT on TECHNI CAL FI ELD The present i nvenP@DNS2085/011862
generally related to audi o encodi ng and pl ayback, and
pertains nore specifically tﬁ_controlling t he | oudness
and dynami c range of audi o information during

pl ayback. BACKGROUND AEI TherE ii a growi ng | evel of
di ssati sfacti on anong d audio
professionals alike with extrenme variations in the

| oudness Methodfaddireciing Methidataghidedtivigdle Blagback

br oadcast s Iamdness apd ®ynenor Ragead divdinbtfemiatilon Lar ge
variations in | oudness often occur as listeners tune

from one stationtoa&n&:h s_t rogramrecei ved
froma given station E@ﬁg§ibg g agrmi n feature
and i It '

ThOPIER hxi\)enﬁﬁe{ {3 éeh%%ﬁ? Rl1sted aNsLA@S eﬁdoﬁh&{‘{rﬁﬁ%@%&& &nd

media Tn their playback systens such as sw
pertaansweens sgedifiealbyntp conimplliog thti lsudness andi dyfnanentanpy/bbaudio
. fLi S .engrs arﬁﬁgf en forced to adjust the vol une
m PR CBIRE PYYBIF r ecei vers and pl ayback systens to
maintain a relatively uniform | oudness. One sol ution

that has been proposed to overcone this problemis the
use of control infor BAXGCKEROUNDARat 2" t hat

aoc - Lo . a
Chaf e Bl R RN g BB il

profgssiatisiaalikowith egpenle dasitipnain the laaintssaf thieudid ayladivkand

i fian Bpadaeadit s pe geutrd B Mtirinh LA ERon n 1t

oftekod ﬁ{‘ %&%@e@%ﬁgﬁof&?ﬁ@ sidtRR 6 @T&%ﬁ, & %?ﬁ@%%@ved from a

entit "Revision Ato Digital Audio Conpression
givé\@aBon Syiscigabdtwepn lblnmah situe god torRterc2@ @dverlikdngents, and as

g = R U A
cor%%’cf BisBs Ui FLRWPBVIDSS LaRAkrs| a8y Sfterpfiilcdd)td ABjust thdRERme controls
oth signal |evel and dynam c range affect the

of their sesdeivsts and pduBiacl sysieny tevedinigin aredytiyel unifgmmndpudngss.

referr . n . i t hat I Mt
it O S g bEERE BhopobRER BB bt doe ot
corthinfolmatoayh dfiletadagn flat hedotpaniea it didio ng@niation GdbRMuta, or
and DYNRNG paraneters to_control_ conpression of .
datg fhay, deseribes e andigyatanmmay bs peevided inafiraadoggor secorded signal to

congi?)‘é g}%ﬁgﬁrﬂaék Wt PRE! dufic il BBk DR GRMPRNSS this type of
metadata is described in the Advanced Television Systems Committee (ATSC) A/52A

document entitled "Revision A to Digital Audio Compression (AC-3) Standard"
published August 20, 2001. This particular standard specifies metadata that includes the
parameters, DIALNORM, COMPR and DYNRNG, which pertain to playback signal
level and dynamic range. Both signal level and dynamic range affect the perceived or
subjective level of a signal, which is referred to as loudness. Receivers that conform to -
this ATSC audio standard use the DIALNORM parameter to control playback signal
levels, and may use the COMPR and DYNRNG parameters to control compression of
playback signal dynamic range.

If this type of metadata is used properly during audio content creation,

distribution, broadcast and recording processes, the problem with excessive variations in
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di stribution, broadcast and recordi ng processes, the

probl em wi th excessive variations inplayback | oudness
wa@owbaodse7 el i m nated or at | east greatly reduckdr/us2005/011862

Unfortunately, netadata is sonetines m sused or not

used at all because it is misunderstood, because the

appropri ate people do not know how to use it properly,

r cause it.Ji.s ysed to create artistjc effects i
plaflinc KGR sobid B AR RriedoBAliRe el rbuy by,
me@BAe6 sodhetintl nRk@REBE nbikeA ki ANbé@uRY 101 HRUARsthOE because the

correction of playback |oudness and dynam c range of
appEQRTiate PerDl daamatdmonthovnty ysedsisapaly, Acbenadsanityistused irecreate
artidRPEHeAOh b ALARERL,d Nvention, 2 method for

correcting aybac oudness and dynami c range of

audi o information receives an i nput signal conveying

data representi ngﬂs first |oudness nornalization

level, a first d IYURFOBINVENEHIN| evel and

enc

ot oectn g 87 WY QLR IR RE A 1RSI Plor B CRRRELA G playback
loudypgsk b tymamio fange o€ andlo igfopnatiomsduring pldybackaput si gnal ;

obtai ns_a neasure of |oudness, from an angl %)iﬁs of the

decOSRHILEH 815 FPSFYALIRORreSHTA iYERtiQn. & maet gorrecting

play R MG &R ROMIRyh&Rld 1aRed SMRIId fnfiall6n FRESME &n Blput signal
oudness; obtai'ns an estinmate of a conpression profile

conysyidg dgtatrppresentiog a digstpeeinessndrmalizationd el \esfitst dynantie range

.d di o _inf I d f fi '
i PRER G 400 FatrdeR B0 SRR ana P fieed Byttt Bbsfis
obthiha Hecvdad bilidio Mefbhiat ATV 9n ApplecakioR bES eedodig prbess to the input
second | oudness nornmalization |evel and a ran

: | ge . . :
signpd; ehéaipepmepaye pf loydagss dipm an aadysitefdhe deceded audio information

i ' ' - . obtai
an LRETRL 00 TR e o SR o HEBRRgeofoudness b
an estinptesd ampesii gofilthsed by tleuscbdia prezsssofirorh lae analysis of the

present |nvention dits preferred enbogdi ment be
decsé%tf 1§y wleaan%?f%ﬁﬁﬂsrﬂ?mganrﬁggq YRe .evne?:y and
; e

gendtPGURT Bt 3p8lal AS: RRARTTRAINY ch&fbe&*ge Gith ng%fesaﬁth%g Redonlf

reference nurerals refer to I'ike
loudwase neimdlizgfiorelsvel Find acangcenijsstménttléne! pbiainediimgesponse to audio

. ~di Scussi o nd,the drawi ngs are set. forth as,ex | es
i3 AR RGP RIS BFBaRih Pl wBif HRaESr e
conprédsicai prefife. Upon the scope of the present invention.

BRI EF DESCRI PTI ON OF DRAWNGS Fig. 1 is schematic

bl othe varioys featyes pf e present inypatiop éadits prefesred gmbagiments may

T e TR —
drawifgg it whidhriike redetdncaudmeralsefor v like slemenis i tirdateral figuires.

may be used to correct the playback | oudness and
The co){ltents ofS tﬁe folﬁ)wing discuss}on ang the}/ Erawings are set forth as examples only

O3

and should not be understood to represent limitations upon the scope of the present

invention,

BRIEF DESCRIPTION OF DRAWINGS
Fig. 1 is schematic block diagram of processes that occur in a typical broadcasting

and recording systems.
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dynam c range of the audio information. Figs. 3-4 are

schemati ¢ bl ock di agrans of conponents within the
waelewicoeso7t | ustrated in Fig. 2. Figs. 5-8 are sSPOPIB1008011862

di agrans of signals conveying encoded audio

information and netadata. Figs. 9-1 1 are hypotheti cal

graphical illustrations of how netadata nay be used to

ect .the. | dd I, C . .of th . .
seqhient & biengal G OR AR R dfuiee PIOsiding an cibgsigpel with
audid infGrirfatioh AAA Sicfidtal thatdndy BE@RE 16 Batedithe I8y basiebulifess and

generate a franme of an output signal with nodified
dyngpéerrage opthegndiodpiormatien. 13 is a schematic bl ock

di agr f j - ' -

var B0 S A HEHUR 0Pl 0% o IR By
illuEARERYInNNGg@JT THE | NVENTI ON A, Introduction Fig. 1 is

sc matgg illustrati.on of gr,ocesses t hat oc i.n a )

t y ph €8 >-B AEFRFR SR hgagAms g¢ Sigapla gorvry g Rncadrd aidin ipformation
andRhQs&ss 1 represents activities that obtain audio

informati on by synthesis or by capture froma source

suckigas9-Al hieypnihstica lgrgpbrchbil lustratens of bew midtatptamenbe used to

The . distyibuti.o rocess epresents . de .range of
conege thgiQudness ank bl e ATt sReBr el BHiq RS or

0T RigS P2{CLSiagath iRaSRMRAL ARl In HproR&dsithAimdyBeSused to generate a

information into a finished program for broadcasting

frarge of arowtgnirggnal/wilbonodified metadate passnvabérs. as ot her types

o L BB ot AR AR PSR e

varid@k h%pebm aftiecmesenBinveig@sent s activities that cause
the finished programto be broadcasted or recorded and

subsequently delivered to the playback process 4.

During so ngﬁzﬂi I sl%fﬁi?ﬁ%l O

i nformati gﬁoﬁﬁgl{g‘%co e dl.'E)dr)(‘ieguce itsin totslﬁrati on

capacity requirenents sh Inhaductioean be stored in |ess

;Pﬁ%r ré%stcL%ngté%m é Itﬁgetgqtﬁ)gkg%éc%\éq%é o ggqvl\linr ?ftbg 'gipgcr;ﬂ broadcasting or
reccgrag%f L3, T%8 6 iBe P%@&Q 1%%&5@1@&&19%&% &5t SBAM arddlo fHfSrmation

Ows audi o content authors and audi o engineers to
by sypéleisisyor b tcaplateafroth atsodeskisneh asreelivernusida getfomghanss or sprdting

d m.c.r.ange of the audio infaormtio urj.ng,its . .
evefly AR U IR aRo st i Rearvith MRise 08 it itpasRceive audio
infdrimatiSMBohAS A Snork Rbsrcby AR RbenBit all 3k Part 61 Biid idIrmation into a

m stakenly used incorrectly or it is deliberately

finighegl psegranties binadeasting avreseiding. (Vides infemedon ayweldas other types
of i{fﬁ)gﬁggg’n &%9 aft8 %% oBlaiRA%nk Q@gen{ﬁé(d il?l?o fi %isthgd ﬁl%rgl}ﬁﬁ fna variety

of ways. The delivery process 3 represents activities that cause the finished program to be

broadcasted or recorded and subsequently delivered to the playback process 4. During
some or all of these processes, the audio information may be encoded to reduce its
information capacity requirements so that it can be stored in less space or transmitted
using lower bandwidth.

In preferred implementations of broadcasting and recording systems, each of the
processes shown in Fig. 1 allows audio content authors and audio engineers to specify
metadata that define the intended loudness and dynamic range of the audio information
during its playback. Unfortunately, even in these preferred implementations, this type of

metadata is either mistakenly used incorrectly or it is deliberately misused. The present
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pl ayback | oudness and dynam c range of audio

i nformati on during playback. The present invention nay
wheona®e®d7one or nore times in any of the proceBCEES1005011862

are illustrated in Fig. 1; however, it is anticipated

that the present invention _n?y be used nost

efficiently near the end of the distribution process 2

.__or.near,.the begi nni of the deliver rqcess._3. For
i GRrF et e helhoR o st o e Feaiped fo cortec the
play bR db@in@bs/and dyRamiCraREOSCHARS infEnfioh B6RAEHAYbAK. The present
. finished program |nplenentations of the present .
invepticamp e veesonetss tnasetimes imanyinddhe pracessessthpieare illinstrated in
. for .t h S I ing . ded di o .
el a8l RS SPIERALAR ORRAE D B mpmcinsy
neas thenghdrod theedikiribodion ploovs .2 drfiraicthp deginfins T the delivery process 3.
i mpl e tations_and,featJes are merely exanpl es. .
Forwweg thecprgsent H’éf%ﬁ“é’s‘é’ﬁr hansed dmpiedingsy peOY @dyoadeasting or
Wy It h essentially any form of signal
rec?%at cgﬂ@g@%u 1o information and netadata related to
t helmpladiretetoref thy pesdént imvangen ddsctibat balomdiinclude features
.nf or.mation, B. vi ce .Overview Fi.g.. Is.a schemat,
perl§ PR ROTa G BT TS CAR oy 08 STy o, Bt e v faat hat
corBSIRAGHith B ATBC BRERN nchAYRI b8 e, tTHke PRY g iMSREnéMations
correct the playback | oudness and dynam c rangé of
andgfigaliveesiand merdy Examples. iPrigciplea b thekpresehbingentianenaybe used

o R, e LU B0t B ST A Ao

metidhiadethred t6 RA66&RSs il Gynhaffi©rABE bPihat Al FERSRHAS an
out put signal along the Eath 18 that conveys encoded

audi o i nformati on and vice Qyvexgeddat a. The net adat a

r ePRESSE Lk zaLis .

R R I T —
of thé ptesentandintion ifiad twgythiearsed hwrdecthd ptaybackioodess el dyramic

in %@zi gnal to optain tge nme agat,a nd a decoded |
rans%gf Nideroaptiogrduring playback- The Bevies | Qreepilyeh @t mprhigepl from
the RbRERHDGSioh path A tﬁa@&ﬁ%ﬁ%@é&ﬁ%uﬁ% ih}g)glggﬁ% grlftgﬁ%taﬁacft@,d

to generate the input signal. The dec
processen thixtintommiatiomasd ganahtonan outputpsagial Aldng Theepatie 1 & tmt aonveys

[ ed along th t 4. 1f the device 10 i s used
enclod LTS TR g PR 2ty TR AT EReRsed Toudness
(e
audjy fdorypational | ocated to represent the spectral content

f ' j thj. I [ t
o Bl 8481 1 990k A5 B B oo

repasehtatpgl ofihe aydid efsirbationlUyaiesfotinghfote3S@\iRit @€ complementary

pectr al cogponents to generate decoded audiq o
to tﬁfﬁp@pﬁs&@q #y¢d to generate the input signal. The decoded audio information is

passed along the path 13. The metadata is passed along the path 14. If the device 10 is

used with an input signal having a format that complies with the ATSC standard
mentioned above, for example, the decoder 12 performs processes that determine how
bits were allocated to represent the spectral content of an audio signal, uses this allocation
to recover quantized spectral components from the input signal, and applies synthesis
filters to the recovered spectral components to generate decoded audio information.

Additional information may be obtained from the ATSC document mentioned above.
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Addi tional information nmay be obtained fromthe ATSC
docunent nenti oned above. The decodi ng process

w@esbooeyet by the decoder 12 differs only sligh€T/ySiondmise2
t he decodi ng process perfornmed by a conventi onal
pl ayback system because the «decoder 12 does not use
t he | oudness normalization I'evel and dynanic range

adj ystyrent, | evel netadata t ke, any adj ustpents..i
t hettgedcs & PFRCSFTREC 'Oaﬁ?fwﬁﬁﬁ%aﬁeérlﬁéle&'% onty slightly from the
dechdRg Efmf:%sﬁ{e;rﬁﬁpe& b a d6sRE8Ona %léil'bﬁékeﬁteﬁpﬁ&auw the decoder 12
fica y fro at it

si gni m conventi onal "decoders int

doesinetsisa the lvedude nommligattadevel and idynamicoamget ddprstientdevel
ti nedomai n i nformation. .| nst . 41 decodes the
mettd ok P T R AP o e spect  al
COMAQNRNRbMafVe inhsBhEMATLL ARf ddc6d@NDiffeRintdte @{FﬁifMﬁﬁﬁ erom
al ong the gat h 13 for subsequent processing. i's
Sl

conyendiegel desodaein il ibdessmet denede the snsodedcadia informetipa éntg time-
; £ . _

dorf il ABERTIT DU e ol G AB ot

spectadl compbmentr, trankPriacabficichls, whih drbpasssd aldag thixdattal 3 for

di scussed hel ow, but it does not chan t he natyre of
subgeqEer ERessEnm gl tihehanghidsiae LBRisEITataien ggrhfed%em(fﬂrﬁé attects
detdiRWARE l%m%ﬂé'ttiﬁﬁ €or. ﬂ}élo%ﬁéés! éﬁﬁyié?q sdge Q%ﬁ&nﬁ:%gh%koanalyzer 23,

I nfornmati on at i recei ves fromthe path 1
the dyteanin rangereakcutatords, theydalesl, and itetencodquds sgbdiatusseyl below,

t.h th.16. ti ' b d.i

but 2L P it R B b Rt ey e el ety
t hem%ua:%ya@il;(ieh €5 bRAIGNE $ife AR SudidIEbBiABh Yhat & receives
measure of the 1oudness is obtained by isolating

fromg éhgrpath 43 &4 obinia smensyre afflopdngss, srhiethihpasgpsalong the path 16.

BTty PSS TFAS A 05 R
affetOth? 33ctdsy Eithdy1ouiness dicadhre. BBfdrdtleth Moty ofl thé ydness is

Loudness, of Speech in Signals That Contain Speech _ and
obtaipgrkhy platins sezments of e pidip ipformationdha e ptedaminapty speech.

So@%ﬁhﬂ;&@h@lﬂ%gﬁ%ﬁ? bbRord4 1804 hed t DU 'atéﬂ?gpéﬁ‘{eﬁt% ftrmber

cation of segnments that a
10/383c0iBrbyndinttdry etsgdesntitied YCoratollissboidnabs dfifpeeth inSighdlg/That

i nproves the accyracy_.of the | ou ss .neasyre, |f N
CO@ﬁameMt%ﬁﬁg&ﬁpf Sudio _ ﬁwaﬂﬁﬁ@éﬁw R 2002 pyfdication
Y ARESHAIRAYS £ p@HlishEeVaRH 4,902@.%1& i8R Ofse@B¥nts that

provide a sufficrent nmeasure. The neasure of |oudness
are peedoménapbly apesetl i§ wot casentialthut & wsualoingproygsdhe ascuiacy whthe

bt ai f t f tiall | t
lou st R0t UerT Aot Pisseray St ot ash dRale o Rutpes
medsBFIBIAREeMBe @_ﬁﬁi@Hh@hﬁﬁi&ﬁﬁa}bﬁr&iﬁymﬁeﬁ&nw@ﬁfee _F’( t)
-frequency-wei ght ed sound pressure | evel of the signal

at ThemeasureotlopdnegtimAr Yo kiiied dor Fomie preie §§Prgéanll evimay
ve et 90 Rt Sy B RRL A e OB

lou&fels?mfgamﬂemycMegmchm&dI’ﬁay béreypressediaed is the so
called "A

17 P(t))
Leg, =10log,, ? -[[—P—) dt

0 0
where P(f) = frequency-weighted sound pressure level of the signal at time ¢
P, = frequency-weighted sound pressure level of the signal at time =0; and

m denotes the frequency weighting applied to the signal.
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equal -1 oudness” wei ghting. Standard B or C wei ghted

power neasures nmay be used, instead Alternatively,
w@ggelo@coust i ¢ nodel s of | oudness may be usedPETIUR2085011862

that described in "Acoustics ~ Method for cal cul ating

| oudness | evel ," 1SO 532 (19375). Preferably, the

measure of |oudness is calculated in units of dB

lafi to t litude of .a digital ."full-scale" "
ondfeflie peroame el ey vigfng W e Weg 8 of sy "
equilaBAM s Ol ciBRIiNg SeAIRRSE 8F Chyeifthed Ebﬂbﬂ BeasBRgtoiay be used.
digital values used to represent the audio

instpask Slternativaly, priichosenystie modghn af lyenessanas boesed suetessdbal
desz%rigr%g'iﬂ pk&o&'ti@@!MétﬁS& i’o‘%%glcﬁ{aﬁg% 2,5’439 ahbye 13 (g*ek%z (1975).

ness nornalizatron I'eve namc
Prefeeiblis ttheemtaduey ef londrassl Btcalcubual ivemitt HOAB trélatipsatolthd dmplitude

o S SERRS PSP T D, St L e
beidﬁoég%g&gﬁieﬁﬁﬁl%'ﬁh -%é]g%mﬁgﬂﬁl P ub&i 13RPreBER B Sk

ath out’put signal that conveys an
infoematated representati on of the audi o signal and a set

of tadata.that ma used tqQ, correct the lo es

a8 S ST Eeas P e BACoqUief ffprs e path
11, Bleayhdieks ndddititheiabyél ahd iy Sandit radpelAfRAh&# 18R] Aefidata

descri bed below. C. Signal” Format 1npl enentations of

recaivrsl femiteepath 1¢ hthe dasaded espresentetiomef heppdiodsiormationusgeived
< anal vith GER e
rorh 03 A 3l R B P A R By g

gen8itateR Abung thepithaised ouhay signdlliBaticopudyssh@neddedaapeicpesion of the

binary data that is arranged in franmes. FEach frane )
andiosign ARl 6 seict retadiin Bo MR PRt oR COReCt R 1QudgesS and dynamic

1 g S@Hfﬂlg romone to six channels
ran%e?ﬁ(}ﬁé%%ﬁg{; ﬂ%ﬁﬁ%ﬁ)& gha z’ﬁﬁﬁ%ﬂ net adata i s configurable
andAddiyional detaile of vl emrentatdon &radescabed belowvanguage of

spoken audi o content, t her _the audio content is
subj ect to copyri ght p%elno?‘g[‘f‘\r%?{m’&nd timng

| NfIREBh R onShHT A RARLID (BASPe HECHYEESerd ptaRdsiN@Saput signal

normal i zation | evel and a dynam c range adj ust nent
with enesided andia seforhnationgand|nastindatkdast cottveyedih aformat that complies

with BROATSE o3 bBRLlg S bR So b et i
arraR¥ BE B Pith &2 Fa ol frht @bfaink @AcddSl hudie GhfopRati Gl métadata

FI'g. 6, conveys a _synchronization word (SW and the
repreperiingd36 womplpe pf fam qnede i shagnebofcdigitatrugdip signals. The

e . i .
5 LRl PP bR bt
audicdncdritgnt, whetharthe ysdioositentfis fbgecintd efatighf motectien, fand tiening
. .Six Audio Blocks (ABO to AB5) L .
information. The metadata also includes a loudness normalization level and a dynamic
range adjustment level for use during playback of the audio information.

Each input signal frame is divided into sections as shown schematically in Fig. 5.
The Synchronization Information (SI) section, shown in Fig. 6, conveys a synchronization
word (SW) and the first of two cyclical redundancy codes (CRC1) for detection of bit
errors in the first 5/8th of the frame. The Bit Stream Information (BSI) section, shown in
Fig. 7, conveys most of the metadata for the frame. Six Audio Blocks (ABO to AB5)
convey the encoded audio information and additional metadata, as shown in Fig. 8. The

remaining sections of the frame include a Waste (W) bits section that conveys unused bits
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convey the encoded audi o i nformati on and additi onal

nmet adata, as shown in Fig. 8. The renai ning sections
wo@tooblesofT ane i ncl ude a Waste (W bits secti onPCTHYES2005/011862

conveys unused bitsremaining after the audi o content

I's encoded so that each framg_has a constant nunber of

bits, an Auxiliary (AUX) section, which may convey

Lt d .h t. to th
T O O —
bity, e nstiiaey $A‘IOX§ SectioRGrhich %ay‘i%h@%ﬁ adINicHal RicladSiatRitSs hit

the last 3/8th of the frame. Loudness Normalization
pertipgnt fosfhe paesentigpvesttionasns the sepend eh iy evdicalaederstancy codes
f h is a | oudness
(CI%’%‘%) ?rlgﬁlégéa%t{oglr? ?rbﬁteegﬁ&?ma[ﬁ%géﬁgurl ng éNﬁaygack Thi s
paraneter is |ntendeﬂoﬁcbzeser%r®ﬁﬂzEaﬁJzﬁ average or

re s of speech or dialogue in the

gu df’gnbﬁf%iﬂﬁﬂﬁ% p ?f‘ @?@%@%{WE agﬂa pemeter refgered to as
D R il 1 { RRRSS Rl AN R0 bPUNRERe MaybiB This
parpmeter isdntendeddodidicite ﬂ@rmtabgo or piedbmasnt foodnesx afigdeech or

. 1 h io f.or 30:secopd t el evi |on adverti senent or

diafope iRk Pudid InfBrtichs T B chSeofi b teengf st fier ey Spresent
an PietdgelGudnbsshf tBe britird caiitMUfGalandiol itésd. 18 1200 Oitend ©RARknterval

| evel s for three hypothetical audio itens. The

of augjofpfosmatien, alfch ass fop sxampladhe andie fer a3Q-pesondipiléviside of

tude of a
adv'gft% gllg[ ? ﬂlll{é Q'Fédng ﬂﬁ%lgééé fE(]g-l%%ﬂL%?ngﬁFﬁ 'Xi mum and
m nF 1gu9rlsa graphicdlélledtmitibn ol sigadl 1austs for t}&%ﬁi’oﬂ)@bﬂ%didhtems
w th the value_ of its DI ALNOR

re. alon
Thepgﬁ el daeel  gath QA b amplinde ad s a%PénﬂOfremqrsrelatwe
t
o ML O R Sl R (DB g S AR NP
signpd tgvelstfreeaghpiidivlitber ok shéven i the digufeorlony with dokvaioe mmaat

D SR SPHBRRENBRyTOSGE ek B S RSHLEE e

unifgf ocess graphically. The playback process 4 adjusts
the signal in each audio itemso that its |oudness, as
dPeingplayiack Hbe Qlaé(bmdﬁwppﬁgs 4msesahe valge of Hied ATNORM

parrﬁg%/{@]{ to %gﬁr%g fkt)h:er aglq Jiee %{fethe S ?rhpdls 8}5 52 Ehaz )}iete lf%eﬁ,gc%gedeloudness
of sp&toh lis ébnéﬂfdnt Bﬁm?@zu ﬂfff@?xﬂ t%ﬁcﬂib @tehﬁ;/Eﬂg I@M{iﬁﬁh’t@s cess
€ 1 nput signal may conve
ikl Py BT ED oy 4 PGS tha s i RudRG eRaL i
loumko@ Rs quﬁcéw@ g‘t ?@?I@P%gjl P%@%ﬂ% i gé/a%dsto SG%ﬁ?l%sr%&éfnce level

duri'ng pl aybac
of -3kdB |F(Sn bes rafef&rmerkvnhgfm btodahﬁmt@l iEMPplayback system to match a

desired sound pressure level.

Dynamic Range Adjustment
Each frame of the input signal may convey metadata parameters referred to as
COMPR and DYNRNG, which are dynamic range adjustment levels for use during
playback. Referring to Figs. 7 and 8, the BSI section of a frame may include a COMPR
parameter that applies to the entire frame and each audio block may have its own
respective DYNRNG parameter. The values for these parameters are determined during
the encode process using one of several compression profiles. Each profile includes

typical compression parameters that specify operational characteristics of a compressor
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paranmeter that applies to the entire frane and each

audi o bl ock may have its own respective DYNRNG
w@asoaetoeT . The val ues for these paraneters arBCT/US2005/011862

determ ned during the encode process using one of

several conpression profilesg_Each profile includes

typi cal conpression paraneters that specify

' . ch terigti f h
oSS B S S GRS e
cordpdssioth IThé walted AR BREe HPRantie FRIRTBhPPessibl aMMdi&s afetletermined

.1 hese dynam c_range conpression paraneters are .
Wltél s¢fereneiodhePLALNGRY @staneter solhatthoviwioRd lpadressofihe gudio

iterh nah@fég%&%()c Coskigydness of the audio itemis

unal tere npression. Referring again to Fig. 9,
t heRefexing ageirtd Rig.idl, thamatigngd addevtlisuiQigdad&els for three

h t het i, dio iteps_are shown in the figure al ong
byt e e A R P i tharueiar feg

DL%LN@PM baraldagrd |[ﬁi§$%‘§ia aQIQQEé?Ig}/ng%%é Pi%ssuﬂ ag(atyggﬁe COMPR

araneter or the parane nmpress
pargrhefandr the DYVRNGaukarsetetsttatompeessliheaignal foaplgback so that the

o5y o out LB bR SR B Sl

pro@dssl U @omipR¥beaahd Kighallil Sadly AN ferh 36 865 R dyh BRI AUHEG of the
items are nore uniform The ability to réduce the

audiniherhs @remTgBENIGPrmaN audio itemis useful in a variety

of . e, 1t 4s often desirahl.e to.

et LRy U Retub O e b of Gy el bR iy of
situbibresy Fai exampte) friaoftépdesiableto r@hbe tHeewiiiogliybaol vel of a

di st.ur bin | eeping fam |y menbers or occupants in

MUY BIEWHE OIS 1SI Mg OSIeHer Bfierntght viewinafgasowl digigbingslgeping
fu ) T rd B R cfilidetnd HPULRRRe, Dlen WRING B e o very large
dynlamwe_sge gebme i typial foolenginhationgiaties cadirdsg e lhaydhck level to
keep [ Jolfisy efish it B GshlecSvel, e Sufeai dg bdifficult o

heaf@idl d@obtSBhobIble eslifderithl. DRNIRESANS cditedsdMHERbe used to
segnents, allow ng playback | oudness to be set at a

redygeghelouflesse pf the lotdest selgmenisatlbayving gleapback lowdneleto be set at a

: .addi ti dynam ¢ _r.an coupressi on.can
nigeRSEES Bl ok BB B BR Baere PO SRR B it
confphiessionicginbe 0dded Wh €ase dlie BAINRAbHqEYISgRBRNs @t riighiSRherwise

| n,the playback environnent. Proper operation of
not b?ﬁ%ﬁ‘f&@v?ra%@%er&éﬁ&ﬁé%g?%%ayt@&]&m‘é@nalept-oper setting

for W : LRAOR 21 e
is Psrgéﬂt% io%rr%{gper f t ﬁg‘g&lﬁe CPSB{/%%H Pél‘@e Iey %‘%t% t %{ﬁ%‘gﬂfoé the
DIAIQRM:parpmetss i16theDIALNORM pirheeidi &l seQiugprbpstdl, then iﬁifs very
[ [ ing. | tance 0
likeg(?tggtgyn%zgl%{félgge cr:]é)ntlllyr%segc?ll v%ﬂ? arl]l?er ?lg]en(?igllogge levgipig ra manner that is

noticeable and annoying.

Importance of Proper Values
When the DIALNORM parameter is set properly, a playback system can provide
a more consistent and predictable listening experience by reducing dramatic differences
in loudness and dynamic range that otherwise would exist in the playback of different
audio items. Annoying differences can be eliminated or at least greatly reduced between
television advertisements, television entertainment and news programs, and between

different television stations.
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When the DI ALNORM paraneter is set properly, a

pl ayback system can provide a nore consistent and
w@e@dioetoabl e | i steni ng experience by reduci ng PCHIB1008011862

di fferences in | oudness and dynam c range t hat

ot herwi se woul d exist in thegplayback of different

audi o itens. Annoying differénces can be elimnated or

| Ly Leduced b Levisi
v T ol fResdbe s e i Bad R aeivapudio conten

authoogmdrmdiossngideeisue e tHe Dﬁ&LEI@RM%Jr?érEA R'Iﬁgd been anticiepated that
stations. Until now, broadcasting and récording systens
theayeEaas o8 Pregopinant dialogugileyet obarncandiaiteth ovaildbelmeasired correctly

i | t had b
R ORN B8 W I R B ity i
DH‘\éMt STMLPN%amﬁs Goﬂntte&mammﬂ :ilgplg)@eﬂ}? t@ﬁhﬁt%ﬁpﬂe@ﬂ& l@@tE WhickGuses

e ar er wWou e se accordi n
Plat‘ﬁﬁ?%‘r styg*ﬁg‘ts &9 V,Ee 3 Sl xelNerbor Pdpenpsersiate. & hkwﬂ%lsgsrpe@sqepancy
. Ty | \
betwteh BREEVY iRlic2&d b ﬂﬁrﬁﬂﬁ,\}\gﬁ)gg/f ?e}]rg%léf.%p a2 %3%1%* H%é%lgﬁk

systens to use a default I'S 1 nappr

diafigug ie theswdioa witicharreyetcgr dbmgmleiﬁrpatrh thel 2fbvllﬁb oifla@lz?@&ﬁﬂsystem
the DA M par aneter and the actual |evel o
to B0 G eY S e ey epehierent audho s,
| "p&nder & cabinhbthilceR] cadh MatieRBh e 3 uifIT ts? fog E)gﬁé%&?eré’lfor

consi stent |istening experience between di
lougpefs sormaimstionaebdynasye raige edivstozant dwt amdich td alhoieannels;
i r ters for |qudne
ho R OMRE NS ATST A Bl ¢ BRERELSNGy h3tmpsft SPfpparameters for

eachhhires it otvad-tharharsyelesi. Re@ENE o Fighe MISCHN 20684 bt of

0, convey a separate set OF araneters

|1 f
parfelRESarh shavi AP LAFNQ RN GRS andy Y RN G thero figping

dis&i ter r.e shown

o KB < NS ST e, WHREIR S 8 hre
preging éergsirame, thd sacend sitpf paratrieterd isnséd Sethe edm@aa et eesfirst set
OfV\V‘len Lo sets of paraneters are present for a frane,
Iﬁgaemgggd%gseget of paraneters is used in the sane way

that the first setpiog ﬁﬁg%hﬁf@ hsabsed. D. Qut put
Si gnal Generator Fig. Bﬁi s a schgmataltb% bl ock di agram

of Fige3 éin gnliemstiehlaick dingeana b bthe 20tpit signalpederatvo 26 distussed
3 [ | 1 §. R .The co rator 2.1 copypares . .
obof R ROV P, T8 o SOERT b BBty SR R matization
level€DEALBIORNIp metddatapasdivediian thd hifh 1 ahy 8- FRBISVERaSfe of
|| oudness received fromthe path 16, and generates a
loudngiss Fesrivedt Frm thgpathl & ped penterrtena enaol sigrial edangsthe path 22 that

_ . o Fw ol
indi¢fiRt et BN N RADPARELPLs shitiddtily BL &Rl e DIALNORM
parggdfétfﬂ whehe b%ns:ﬂmw saifﬁciieﬂtl)t d{nauﬁab?ﬂ‘ Y a&;lstﬂ@wfarl]ﬁé offa difference

| rence et. en e WO, I.IN S. IS essS an a
beteangbh B Gmpps iiess (g o thitsaold it SeHisn hiratpresbold snayees s equal

to zero but in preferred implementations a threshold is chosen to balance a tradeoff

between the accuracy of the metadata parameters, the cost of the computational resources
needed to implement the present invention, and the possibility that the calculated value of
the DIALNORM parameter and as well as the values of other metadata parameters are
incorrect and their use would degrade the quality of the audio information during
playback. A threshold value of three (3 dB) is suitable for many applications.

The signal assembler 30 receives the control signal from the path 22 and the input
signal from the path 11. If the control signal indicates the DIALNORM parameter is



10

15

20

- 25

30

to zero but in preferred inplenentations a threshold

is chosen to bal ance a tradeoff between the accuracy
wo@Roobloesonet adat a paraneters, the cost of the PCT/US2005/011862

conmput ati onal resources needed to inplenent the

present invention, and the_E ssibility that the

cal cul ated val ue of the DI Al M paraneter and as wel |

s the val ues af other. netadata,_par ers are
sutf e antitoltn et eb PR LB 20 i e ggntrol
sigriald fhdaeiisQhd DIAT NBRNG ?aﬁﬁfe&dﬂﬁls oravREdatlyAct L RS el stbnal

val ue of three (3 dB) is suitable for many )
assesphier Thweses the detived slegsite obloydngss secedrd fivspthequatlt Heto provide a

L+ S I t . and the i nput signal
mo&?lgénﬁjtiﬁ%ﬁpa pfga.rn?%r f?ﬁgﬁ%&lﬁﬂ%gﬁgﬁ@l gnal indicates the
DI AvNehiviep teaiaiicart thsBUALNORV phiantetatlis etigdged, heisilikplytthe
ignal is passed to the path 18 unaltered._ |

f th
valigs tha CeMJiannd RANE @ Paranstes ApquiRIISp he shunsesr. The GOMPR
end Y RO Bl phoRECHE Ryt kB B0 AR B b Lo ¥ 136D den in.
con¥éntiomabpleybadk spsterndlie @OMRBAhAGRptcp aepacsehisra scaling faetor that
t put.. Si | ... WA el th I f DI ALNORM
mag e Bplied 18 P o herigay ofortor fhebieyopared ook o eghrepune. The
D Y_I_Q@h e% C@%%&YWN%%@&W@%@fO%I@Mb&SQ{@ 2 sOfing TANGEMat may be

R and DYNRNG paraneters represent gain changes

applipdito thamudie infophatéan thyt ia ddesled dron thataudimblenk. onal

R R R L

input{g@enaht ofigihilatalues c6le¢ BE Rt naléredih thObithet digraliBut iffi8 Gikely the
DYNRNG paraneter in _a respective audio bl ock

decpdipg e g resuliing enipuhyenah by 8 conveationghplagkack spsteraqvauld eanse

> &9 ity ; o . h .
sov@il $afd ARLAEIR ARl P GAHCR S AR rdlieL
implhymdritetion nd degiesehidhvaeior paivaits hivdifiedpatues fog tied COMBR and/or
original values could be left unaltered in the outﬁi?t
ROHA pangtieters when if isparianted e These Bredifigd aplughare geasrpier By the

dynBhHi P8 hsiier BY ﬁa? ARMNAM ORRe JSHI&MQQP%SBF}%%%‘P, Witk

cause Severe gal ['uct'uati ons” and possi bly clipping
valgghs cahbe gentirgied imgmadccuratgly éf asiditmghal imfdrenation asn baolthined ebout

esent ., i nventj r ovi des i fi,ed values for the
hovBfig AR P PR T R AP WHER- 1§ [ v r ant ed.
Thepge sastidnabrhforalates tia 8 R RiRScdipreffoiHOAT that the
range arﬁal %zer 23 and the dynam c range cal cul ator 25;

encpdraed. Unfpdiately thisiinfosmation saohermwerdds thpinput signal. The
B EARE L e 340 BRO MR R 988 18818} o

by atalyiisy thd DEAANOR VO CMPRfaad DM NRNG fdimetsrsieesded] frém the

t he conpressjiaon profile that %]H,e encoder used.
path bt apd ths deeqdpd rempsentatiog ofthe adiq eformatien rrrelyed fiom thepath

5 0B e T R VS PO S RS e
by the encoder to calculate the COMPR and/or DYNRNG parameters for each
compression profile known to be used by current encoder implementations. The profile
that yields calculated parameter values that are closest to the original values conveyed in
the input signal is deemed to be the compression profile used by the encoder. An
indication of the estimated profile is passed along the path 24 to the dynamic range

calculator 25.
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by anal yzi ng the DI ALNORM COVPR and DYNRNG par aneters
received fromthe path 14 and t he decoded

WO eoms@nt ati on of the audio i nformation recei REDUR2005011862
the path 13. The profile may be estinmated by
repeatedly using the same cglicul ati on process used by
the encoder to calcul ate the COMPR and/ or DYNRNG

Pa LA Selchaet BF e 3o bTBh B THR B e ieted Wieagh Gapper it may
be fl}litﬁiltedylleﬁ ﬁi&;luéﬂﬂlﬁ mh@tfﬁﬁu%@ﬁﬁt 18 chRENBDADRE a¥afeoff between

closest to the original values conveyed in the input
accuragy and cempwighierpl complexityie conpr essi on profl l e used by

ng 1t dﬁgﬁgongﬂﬁﬂthe '%gt{i 1&%@18&118{%&1&%9&%1&? glay élg()OITCCt ﬁleresfore it

may hb dedimbter todhsefthrodified metadatafinioltie 6P &%l @Hl Eﬂfel vaBue of the
. d for each fra it may_ be

ori B ATIRNE Poraiionce i iy Ty nob SuRgeely pepurate o

dishiakayiRva tradeoff between accuracy and conputati onal
conplexity. It is possible that the estinated .
corrpressi on profil & MapweSignaloAssentblext herefore, it

' . L1 d he
o, D EE8 R % Rl indihe gD Bt giohhe resuting

outptALMNAIRM duid dtEbed toVa?H ﬂé@m‘ré‘néﬂwﬁﬁﬁ)s%@ bP ?hélQTSC standard This is
suffici entIy accurate as di scussed above. E. t put

accamptished y<barbigas! aprrarhlersiO. A@cﬂlﬁeﬂﬁdVﬁﬂnﬂdeatatlen of the signal
assélﬁﬁlgf fseiﬁ%gt{ﬁliiegi ﬁllﬁ QUL AU C%F %ﬁ%lg}qo t he resul ting out put

Mormto a Ui'r ement s i nposed by

the ATSC st andard TOipui SighelFopptiinged by the signal
assenbl er 30. An alternative inplenentation of the
si ghtf Stersdla e eFocess thatmat bewsed te germrje am oxipyt SIgnal that

confiraf4s %@A’@Sb‘%‘f&ndg}dtlp fust?btg@ﬁi Fée PRGEY gcusrs]eed e‘BS in

one process t hat e used to genera e an o
si g¥tap 50 ldatermoes w&m’nhet ar Itdt theAT&0e of thedatpit bignal is to be generated

l %&t@gﬁﬁpﬁ? 'p 12 ﬂ‘és?qﬁé%%g’d}%ecio%\g Mgzsﬁeygplmng whether
the shgmai DISLNORM p&%ﬁ%&%ﬂle% t ﬁéleﬂgg b(g}u?ﬂe B ASNHEM above. 1f

par anmet er val ue. This nay be done term ning
no mpdifisation ﬂ@éhQDI@LNQRMIpAtaﬂm#I phuedsetaied va Idelsereldsthe process

i.C. t urat e ,as descri bed abo
("OnﬁhltflofI fv|v1l(t:15§le%§l,?(gt TESHI INOFSRF SRpUvss gﬂt\(l\?gﬁpu{zl i s needed
or Stegist ebange theaRRAIFShEOALNORM Watatheddr&R 2 Frhme of the output
hervvl se, the process continues with step 51. Step 5

signgl. % GRM pargaetey istrepresoniRdNorR Ll dita i ald sighal faa;mes that
onb 20 S, 9200be I 90T AU Bl s

signal can be easily mod1ﬁed by merely changing the values of the bits representing
original DIALNORM parameter.
Step 52 determines whether there is any change in value for the COMPR

parameter or for any DYNRN G parameter. If not, the process continues with step 61,
which generates a frame of the output signal with a modified DIALNORM parameter
value. Otherwise, the process continues with step 53.

The steps needed to modify COMPR and DYNRNG parameter values are more
complex that the step needed to modify a DIALNORM parameter value because the
COMPR and DYNRNG parameters are not always present in a frame. Modifications may

change the number of bits needed to represent these parameters. Step 53 determines
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conmply with the ATSC standard. The val ue of the

DI ALNORM par aneter in the output signal can be easily
woreas00@d7 by nmerely changing the val ues of theP@i/US2005/011862

representing original DI ALNORM paraneter. Step 52

determ nes whether there is;,any change in value for

t he CC]\/PR par aneter or for any DYNRNGparameter | f

e process contin th ste

whell it Sl SFinsran b RIbG of Bt nSHIER 1 TehreS RN edified SOMPR
parane%r'\g%M ?'ﬁ%cﬁﬁed’?'YMN PRk Sraldeh B o, Qﬁ@ﬁﬁ)cess continues

continues wth step 53. The steps needed to nod
withGONPEO, avhd cIDINRMNGS thase patameteysiby s erting tlnmmedn“mﬂprbblﬁs value into

T R TR R -

Wlﬂﬂdt WV ddREINORM parhimee valkbahd beadr Mo mhsdified aslges for the
t he nunber of bits needed to represent these

COM&’ Y NRNGE ppragwtedet er mi neswhet her there is any

T

reprpmnaaaicﬁhﬁachCOMPR pammieter vilee pr memsdxfmdﬂ)‘fiNRN@\parhmeter

h nodifi ese par anete nsert.li
valuRn HOp Al EH b STATGH BRI 45 BreOmEHate, b shiees. Tn ks
paﬂicﬂ%ﬁﬂnﬁ%&iatﬁoh%ﬁaﬁé&qn el ﬁﬁn&r brblieRedBd &S RbRSerdt a parameter

frame of the out put “signal with a nodified DI ALNORM

wmnéyvﬁ‘taepararabtamsmhercaddecbor repoxedrifigny 4 &drn@alif a@srdngter is to be

A DU YR Syt ) AR

remb 8, d5@NE nRdVEPHitd HRGpsEIMABaRA bR RS Rmovad Perafiteany
nmodi fi ed DYNRNG par anet er val ue, then data nust be

noVWHERDIREH uaaffrramﬂxe& QMPB g RY NRN{& patgrstfas are each
85 SRR 7hOPLSUROLACNOerHAIRES: 1 e BB by o
onebiPEOMRRE flag SWhkih b to adtle CONPREMagddditatosm éiO‘MBR@arameter

is piesedh fhss DS b ctier by Br caal frpmg: Th Srbes of 8 TEVERIS
pardrfdBVR reggaécﬂvé §ucﬁ@ ¥k (AR 1 !&%s§ m%&&@&@&%%ﬁ@b&%%gNRNGE

renove et er . en present frame
ﬂagan%@%NﬁNG?\ﬂEnaﬁm dr s DAfNRN&dhlagpdestes adlY BRNG phrameter

bits. The |steneof ar in aframe.is .
valth 3 iesPgn B SOMEs ACIOPIUERAT PN R ILPEaBElef § ! Pigsgt in
audmagAﬁoag dbfadit patagted vEVIBRORM @R ﬁ{prés‘éloﬁf RIfPlied.Nf a

section of an input signal frane.

DYNM Bnltamedﬁr mnmmm; manamﬁﬂ@rsubwqaem@yé@chlw@ AdicoABS,
therf 11 g@r é-lEr;%g{ue EA Bti%t a e gékglt%tni%%llc%)(ly Bﬂﬁﬁ%ﬁ? §eN1‘G%1ue of

the ififtegiatedp pRcEdNRDocRar amet er val ue is present in the
respective audi o bl ock. If a DYNRNG paraneter is not
pr eXep 4 icplculates the net change in bits needed to represent a change in value for

each of these parameters. This may be expressed as:
Ak) = M (k)-O(k)
where A(k) = net change in bits needed to represent parameter £;
M(k) = number of bits needed to represent the modified parameter & value; and

O(k) = number of bits needed to represent the original parameter & value.
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audi o bl ock ABO a default paranmeter value of 0 dB (no

conpression) is inplied. If a DYNRNG paraneter is not
w@e@som97i n any of the subsequent audi o bl ocksP&BUS1005/011862

AB5, then a paraneter value for that audio block is

inplicitly equal to the pargreter value of the

i mredi ately precedi ng bl ock. Step 54 cal cul ates the

A s PR e T s BBl DR hsion
pardd1ére DS ebrassporty 16)the DMMNRNGhatdietthfor 8udib dlocks ABEtto ABS,
change in bits needed to represent paranmeter k ; MKk)
wgmea:nd PRramietey Grosspends tq %K&Mﬁ’%

respecty . : qui'@n?ﬁ_ﬁ’iii fied
o REE D Sl nd R a8 for Boblnolerl PRI Bq Bbeie G

promé@tﬂodiﬁdaﬁomd}r]lbeﬁlﬁei af theQOMBR patahetearahd det BYNRNG
paraneters, In this notation, anefers Q-5

peripP RO QOFIﬁSeA%Q TP HRBOLEE VB it deiess the
5/8@51@3%2%%%6 SBRESH r¥flids AP heRRLAMRY BEtwRof ALdIB HIRRIAB1

paraneter. Step 55 uses’the A(A) val ues
andfAB2 jrea frame erst Occut wathih e fiost §étte phthabframet I ¢lre number of

roposed dj fications taq.the val.u COVPR
adafloR RS R o R rskraaesTisi aInes rais SONPR peraf i paor the
DYRRR@ ?Qraﬁ&%‘teré!\dd dudid BodkscABbahd AB M6 QH r&fhife® HEVees of data
the 5/8th Rule. The ATSC standard requires that the

in aftngerithet viplateadlenS/SthuR vlepiher fhe prgsessppptinpes with step Sqpwhich

Q i1 D f ] / f
U e LB oo B B e b
valuss dDfheplisy,aheip® cércohtitueCGiRtgpsAMet er and/ or the

DYNRNG _par aneters.i n audi o, bl ocks. ABO.and ABl1 woul d
" eqRiFP 80 Py hiinl SrdgHemIn the aumbarrfg b é’Fe“%%‘&P agnzesent the
mo@g@d MN ?g{_lxcfl‘zamétgﬁrln L0&o PIRkS ?x%bﬁé?f‘ABﬁ‘ugﬁ(sj Y!t %&e%&%ﬂalyzmg

ces the nunber o its neede
the peypoesienodificaticrs tortireeD YNRIN{EE Hagofiir findid bpeokaddileand AB1. If

onty e i, BIAR G Ak inPu PR RRD ot ool e Frag i
resddtd 6. IF8RNAHe hRd IR TTERRNGE BafRdifdieB10 WRNGS to be set to 1, then

paraneters in audi o bl ocks ABO an ABl1. This is done by

thngflha@ iy zisntgtOt(h ﬁf the gpd’sfe@ YNRNGR flaghin hosh awdio bladenaB0 and
[ | AB . . .
9 e BB RS AP e o g

t 0 [Fithd dtsolutddiSfefdna@bitivetretiRtmddifi€ DYINFINGypatdigeter value for
nodi fied DYNRNGE flag . in audio block ABl is to be set
Oa‘égil

t o audiq hlepk AR0sand (P issleysdban thegbspluterdifferencedistyseadhe
E g'\gg&[eg Wﬁgﬁgﬁ’ﬁﬁ e Fgélﬁ%sgflgp %@% S%@k@ﬁ%@%@d ABE théh the

ac cmbdified DNONRNGH gi?ge ﬁ)?daﬂ@ioﬂﬁﬁﬂcA]B@ ist I;e:et;;gg]t)thbswise, the
? L,Iltngcrli%ggl %Ybl\ellt{IV\\I/e GeEnﬂ;gh ?orrartg iiofbiloec A[_')g {\Iﬁl\gser% %0 rerlg(tl the mvg(siggd
DYNRNG parameter value for audio block ABO is reset to the lesser of the two
proposed modified DYNRNG parameter values for audio blocks ABO and AB1.
If the DYNRNGE flag is to be set to 0 in both audio blocks ABO and AB1, then the
COMPRE flag is set to 0. The parameter that is associated with a flag that is reset to 0
will be omitted from the frame of the output signal. The value for the corresponding net
change A(k) is adjusted to show a reduction of eight bits.
The required number of bits is reduced further if the initial reduction is not

sufficient. The remaining DYNRNGE flag in audio blocks ABO and AB1 that is to be set
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audi o bl ock ABO and O dB is less than the absol ute
di fference between the nodi fi ed DYNRNG par anet er
wQ ad0am8697Dr audi o bl ocks ABO and ABl, then theP@DUBI00#C1862
DYNRNGE flag for audio block ABOis reset to O.
Q herwi se, the nodified DYNRMGE flag for audio block
ABl is reset to O and the nodified DYNRNG par anet er

val ue. fo udi o bl o i, reset ta.the | esser of
o ¥ RebBle S R Y NS rieRRetat ] ecobni6d R B grame of
he@utiu®siphacka (BRI b AR %Na}%fﬁpj"
' esettb ,U?(S)lgoﬂi natgot h 1au%i)iro beloéﬂgégdr%g%qgnd Al E,A(t hglr?ajtuﬁféed%smw

a redugipparofqighy bits. The oneprauorgedugtionsmaadsrinthia stepare guaranteed to
. i i th i s O il
ekl T N AT e

Ruleor the correspondi ng net change A(Jc) is adjusted to

sho educti on of, ejght bits. The required nunber of
oi 1 & thedyriaic pase GrleRlaforp clcalafed amadified SUGYRDIH Sag for

. reudeed e ; . ;

BRS040 DIt i

assgmptidrethabs modidted D YYRN G pramatee value i dudiveblock AB2dvould be
nd the v

f the frame ,of .t he out.put  signal | ye for

eavp] & the paramslS oG foremdimhlRge Bl ARy charigas me fp s matified

D YRGB Glaig® forahid @l WHeksABG andTAB 1 96 SatREy 1HRISERY RAKGHAAND Erobably
made. in this step are guaranteed to satisfy the 5/8t

viokaig WispsgynRics, casingamintested ¢hangaisuthe ENGRRNG prrametet yalue for

3 A, U ey A 0 e e

whera lcﬂﬁealnbfiﬁe& D@BQRNIG% flags igﬂbkfnﬂé girllﬁ;)%éodgb\ B {1@%}3 Lwere o be set
u I oNn S rror u SSu |

to It s 1o mNaH iy bl SPONHSEset 0. disarl ofiesgituatisns, a

pre%%:é%l ﬂgﬁﬁem%ﬁféﬁbn bf e Yredet ﬁ@tﬁ% (ﬂ{‘?{.“églf%@{&?ﬁgh\?fﬂg ggg or audio

Any changes nade to the
blo¢loAB3 ugifesetiib d clod tiBOodifd ABINRN Gspdrinabigr vilae & Bt edvial ® the

woul robably violate this assunption, causing an
PP d‘%é“ecﬁ%%%eéﬁygr?e@ﬁmﬁt%@%%@%ﬁ@? 2éal ue for

audiie Rhafnd\Beps thBis PRdkssSpidtab iR gehbati i

viol ate thi réga‘gsgsulnptlisgr;mi ?SI% he ca;,m{eg e\/\heflgﬂvteﬁglg%g{u% Flggal
enspyeNrMERient agmbene! bitstdre avadiablelid oepiresenBdl modifieBlcomprassion
parﬁxﬁet?x% set to 1 but the flag for only audi o bl ock ABO

was reset to 0. For all other situations, a preferred

| mpsteprshdeteimineofhettbial MiAbe R bithMeabd erdphRenRtli frbgsted

%SIRNGE flag for audio block AB2 is reset to 1 and the_
mo ?t¥qné§° @?NF&WTB*&]P&I?@W@?CW aalyes pad ﬁ@ttof@bmaanr@fmn@sed bits

Rt e

thaQBPLAPEDEIR JYARfe FLbHah BB LRI E T ARC

pr i Bre total himeberanfditatNzonthaf art heeded tipiprasegindl prepsdsde a

fficCi ?nt nunber of bits are aXai | abl e to represent
mo@#f:at}%tai 4 PURPLERIR paramgters may be determined by calculating the sum

6
Nror = Z A(k)
pary

The total number of unused bits N,y that are available in the frame to represent
modified compression parameter values is calculated from information obtained from the
frame. Referring to Fig. 5, each frame usually contains a number of unused bits that can
be used to represent new metadata parameters added to the frame. Some of these unused
bits are within the W section of the frame, which are unallocated bits that remain after the

audio information is encoded. Some unused bits may exist in the Skip Data (SKIPD) area
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paraneters. Step 57 determ nes the total nunber of

bits needed to represent all proposed nodifications to
WO b@6oaypT essi on par ameter val ues and t he tot aPCTURIPE$/011862

of unused bits that are available in the frame to

represent these nodified payjameter values. The total

nunber of bits N that are needed to represent all

of B Toek Hown B TbDRES 5 froRg A b S KRG b aremele] g ingicates
the Tén@if Ot Bt SRUPD@feaQh SURLERES Bh § ohlé%ttsﬁ@ial,ﬁrfﬁg%a! bl ® 1,

inthe frame to represent nodified conpressi on
mdmﬁaﬂm%ﬂwqimetma@athc assacietbd {SKIRD) arbaexnisit Ifcarrespectlve audio

blofPh R Rk R bR AR sRTnE bt fdaad 110 Bt hen

the SBMPDQtréh&ﬁdhét@esfp%@lﬁ\%@ﬂio blevk eaitatdal @bpas an%d Bits Thd @asl
to the frane. Sone of these unused bits are within the

numfes of pigsied Bits tfhfeﬁﬁmﬁﬁéﬂ bgAptermized by adding theredpesiof il SKIPL
parfirf B unfls ohe UG R it R WL S REREEE)

ar €8lod nuanbea wfl bibs an khe Wasehti@GKinRpba cﬁaula&d dsmothired latcbwn
i.ndi cates the | en

SKI PL t th
vatydse Tagpipbyalyes o et 27 ofhe SR DG idS grinter pl i, which
canerQﬂldJﬁ?éd frdth paindi@s bonve)ed FALESI E&ﬁo@&" e RRREIBRE §lecify

he associated SKIPD area exi st. a respective
Saﬁaﬂlﬁdra@e @IS rans] fransKsime FRVISH.ECOD). ofxddmmal infSichFtion may be

to 10 en, the,SKI P .
obtBREE i the, AT adcmett il Qe s Specd SRl }S R fReg af bits
Np 08ed80 réjirésent the@ataloaleydd i @ie SIfantBSI 8ectidink,Sall dhdeo HloSKEABO

can be determ ned by adding the val ues of ‘al | SKI PL

to A3 anithe(RGhin the firmenthe Bindnaluemtherlergth Blaiof therAPKesepfion
e e e

endfofrth& AU seetions. Tﬂm&aloetagmh nidly toef explessddraane expressed as

a nunber of ,bits, which can be cal cul ated from
par et Vs~ Q&mv e)jlnthe SI section of the frane

(FroveD SE e mma%@ha% B0 SPRPST PR RO Do BEEIgEM to stsfy

the ﬁdt@lrﬁdn%r Of6its ﬁ?&%@@dgd 6 'réﬁgseﬁpﬂ’x\é Snodlf\G RGRBGI a&'ﬁneters If

he nunber of bits TVo used to represent the

a s%mwwbm of bigs Bp aypithbBsthesproedss pentinaks with dep 6ok Efaioi, the
CRC2 in the frame. The third val ue

pm?esssfﬂlglq S%B'fﬁsﬁp!}% the AUX section of the frane,

expsiep 5S¢ shafped one!dib@bredhodifits corﬁbﬂemblepﬁmhetess t@QBd/tﬁ:)éQﬂe
in the frane at the end of the AUX secti on.

nungbgr ofi Pids thehargapedsd texpnressatidenis Thimay be doge r’gyrmyvmg the
DYNRNG parameter from one or more audio blocks and associating those audio blocks
with the DYNRNG parameter of a preceding audio block. The modified DYNRNG ,
parameter values and DYNRNGE flags in the six audio blocks of a frame are used to
group the blocks into regions. The first region includes audio block ABO and all audio
blocks immediately following it that have their respective modified DYNRNGE flag set
to 0. Additional regions, if any, each begin with an audio block having a modified
DYNRNGE flag set to 1 and include all audio blocks immediately following the
beginning block that have a respective modified DYNRNGE flag set to 0. The number of

regions can be as few as 1 if no audio block in a frame except possibly audio block ABO



10

15

20

25

30

Step 58 determ nes whet her the nunber of avail able

bits NAV $ sufficient to satisfy the total nunber of
wWb2as/009TOT needed to represent the nodified PCT/US2005/011862

conpression paraneters. |If a sufficient nunber of bits

are available, the process ggntinues with step 60. If

not, the process continues vvlth step 59. Step 59

SNBSSy B SR 7 e RRo B B et

eveiy&ildio Dloick inEhe RendRne ﬁMdlﬁ@ﬂrWN‘lgN GrendX NG . All audio blocks
paraneter fromone or nore audi o bl ocks and

in ayegionishate r@g:ozmmDmI&Gmawn@ewam Hfithe DYRWRISGE flag for audio
bl.ock...The modified . .
woEARES 84,06, M50 08 AR B R S ppanea

abozadi o0 bI ocks of a frane are used to group the bl ocks

i nt gl ons. The first ion includes audi o bl ock
B T4 8T Mok isEtons Faiek dhanthe theradang dified mowwq parngte

vahli@fb? thd\@bénd I%gﬁo 2&3 l:chﬁ eﬂ@&j bvflt‘hqge %ﬂ!gﬁ 1fﬁe an N dllaarameter

di tional eac
Vahhﬂ fm: kadhoadj awgma'egmdl Th@palﬂ‘xﬂ\iiag\ﬁﬁs ﬁdt\agg &mtclds@st]vahnad are combined

d R
i R vise Bk (Bt NV g s ol et o Boclc of e
pretddNNGEioh! @ thesitalleP o Dthe THE niBﬂ'Pi‘?&fDYNKl\?G %ﬁle‘fﬁ'rl/apﬁf?&?rthe

fewas 1 if no audio block in a frane ex 0SSl
twogggions dbrsiktingsitth Y MRNEH flagt OvNRNGESt hidig bim:k af (subsequent

a eat as six if..e
regl-gggl“fgig cﬁsot.%e E(ft%l e? %ﬂ%g ee‘aﬁg @Prgaerﬁmwaﬁ ?QQLNRNG
paranétetsdyleighhlblts. Ml@lshhﬂcﬂ)’écdnﬁbﬂed’ RGhRinfneF entd (RO Rumber

meter value. |f the DYNRNGE flag for audio

DYNRNG
of bifs der %@gﬂ? to represeny ﬂ(lﬁ modiified DY NRNGopargmeter valges i dess dhran or
cqubito TRk ok B bif ] MR SreXRNANB 9 BB Sadd LIRS cuty two

nore regions exls
reglpasmwmer val ue for the second reg| on is conpared Wi th

e\gg {W <?ree§r?cg1:§fele%g@1 ’flsé a?@@%ﬁr@ ngw%e’&fg?q%lé %lgecclz)mbmed as

des@ﬁ&ath %&é@fn oA Pagt |ned into one region by setting
t he DYNR paramster vaI ue in the first audi o bl ock of

th eWibPle erlyiong regien exists and ey isrteds|tean Mfort hfurthaoreduction is

a2 G BRSPS o bR A B 1 e

this iﬂa(g@k OafillsehreAggPby Ebi bits. IfihisFlapesneRdy shao0rat resettmg it
nunber of bits needed to represent the rmdlfl ed DYNRNG

to Ods pefipfiacientfhen thernlprempinips ghangs thai gabbe d@m@s met:esetﬁhe

COMP‘I?eg?%‘% ] g%mrelgéetn%g?% 19%&&&%@%% I N it rer%l rslinents

providédiibs framd afibe inpansignal éxtially sanisfibetht @it&bqtﬁwmlts of
bits N A Vthat, are avail abhle for representation

unt k4e p6?]c|:e§s {;(chmp%wgh step ,Qéyl}en step 59 reduces Nror so that 1t is less

than or equal to Nyy.

Step 60 moves data within a frame when necessary to accommodate the addition
or removal of compression parameters.

To modify the COMPR parameter, if the original COMPRE flag is set to 1, the '
original COMPR parameter value is replaced by the modified value. If the original
COMPRE flag is set to 0 and the modified COMPRE flag is set to 1, the data following
the COMPRE flag is moved toward the end of the frame by eight bits to make room for
the new COMPR parameter. The COMPRE flag in the frame of the output signal is set to
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When two regions exist and N Ag is less than N TOT ,

the two regions are conbined as described in the
w@e@ooaiony par agr aph. When only one regi on exi BECBHUS20d5/N 1862

AV i less than. N TOT, a further reduction is made. |If

the proposed nodified DYNRNG=m fl ag for audi o bl ock ABO

is set to 1, resetting this flag to O will reduce N

Af this.f i | Q
PN PR Afs ek Bl bl B0 b
COMRREMaggs sétang gnﬂ {ll_ﬁimoi&lﬁe? €CﬁgPRleEIf|&Sgtlg ﬁé;;ei g: tgtgﬂ ﬁ%eOCOMPRE
| S as C
flagig F@E&F‘t%‘gf t{:ﬁ? putpahignal eset to (béﬂ%sgiihé datatthBowingrthe 6OMPR
paﬂaﬁ%r i$in80&l toWakd ’ch%'b'eémﬁ%% ﬁ&ﬂ%@ %% rghg[gg KL SIERE oMmPR

he process continues-w
PammIMgWx1$©1mﬂmtﬁMels Iess t han or equal to

aco AMBUDETE NS SARIphngler el AW blashnf dosenondl

DYNRNGE R4Sis sdiGo MO Heloti glrkke DYRRR AR £ b
&gﬁil%l nal %&PR% I eg |gté set to 1, t%ﬂaorl aud a}n%d\/e’]ﬂced y

thegapdified splucdf the ariginad pradRY QR flaghis smanfanddhe/modﬁiedl f

D IRNRE P8 se O YClie st D BN, d Repvesumpard e

end bfibe aﬁdlmb‘ll(ﬁﬁi byagtit itk AemARElrddin 7 ehd ﬁe’%@”ﬁWRﬁt%%‘iameter The

its to make room for the new COVWR paranet er

D RE fagdy theaudie blogliksebto 1 wred the npwtDXNGMNGF valge sewritten into

e o s T T T

DYaRINGldflagod sétite 0, thEaVRREDYNRINGE flagtin the ffhmé bfhe bbi®ut signal is

et EE U b S R o B St ke o of
the HRNRD 16 RVBF Qéﬁotr\%ts%gédﬁe KHED (l)(‘l\f@ ﬁgfaﬁfé?er% 181’15%'? te%(%fs il the

because the R par anet er ger exists
blogk.ane. To nodi fy the DYNRNG par aneter in each audio

or 1 Bt B S ke e e B e eurssel scmedied

DYﬂl‘IRNGIIﬁfhnYétéMﬁ a rb§pebt|i‘&t Adibloat m@ngg%ﬁfeh 3¢ ﬂla‘i(nzéeéhahges
the nodified DYNRNCE flag is set to

OnIYéql ﬂ)@w%o blesk DY nmiitds mayde doge ﬂvwéﬂxstlwﬂ:emu;nb@r teﬁbitsom the
mit or e new

Smg%ﬁ%%qpar amﬁfgkdﬁé/‘?ﬁhg‘%%k@btch gﬁ?%sm BATARGIeh S sbRnged to
indicatesh¢ revised lmgch ofihe SEUPDYINRNG EMBYNRNQ Whanidt@Ms tdBePadded to

space. If the ori |na DYNRNGE fl a
an ol B0 Ind i kPR SRS Brsens' fhenyunused bits ms
obtélhsdlfrb&%ww&ﬂ%f& ﬂgni ﬂ‘) hga? ahdi ?%ﬁ & the output

the da 0]

signal is set to Oa ta ow ng the DYNRNG
par Step bt gengaten v Eunteafdhaotpe sippgl. ifnagerkiata parameters are

modified, the output signal frame may be identical to a respective input signal frame.

When any data in a frame has changed, one or both of two error correction codes CRC1
and CRC2 for the frame should be recalculated. If data is changed in only the first 5/8th
of the frame, it is sufficient to recalculate only the CRC1 code. If data is changed in only
the last 3/8th of the frame, it is sufficient only to recalculate only the CRC2 code.
Re-Encoding
According to the ATSC standard, the DIALNORM parameter must have an
integer value within the range from -1 to -31 dB, inclusive. It is possible that the measure

of loudness obtained by the loudness analyzer 15 is outside this range. This situation
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the audi o bl ock by eight bits because the DYNRNG

paraneter no |longer exists in the block. It is
w@owsionoe7 t hat t he change in the nunber of bitBCTEsIeEs011862

to represent a nodified DYNRNG paraneter in a

respective audio block nay bg satisfied by making

changes only in that audio block. If so, this nay be

e, by.adj ustj.ng..t of bits. imn the SKIPD area
co B AR b SRt TR e o Rl A e
rangadban®perfericdl sohRidgastd Raletbd Sli@irfbienatioviane dedl€N@thestire of
the SKIPD area. If a DYNRNG paraneter_is to be added

loudgessso St the B NORAM pAgmskar pen g¥aessithe prreect measuse phigudness.

. tad 7 . .
o, 0 PR AR PP AREr ORI QP ant ABLNE ot sudio
infarrhatmmean be bbestediby i idBssoghat|the inbdified MHAAMNDRM parameter value

ramet er re nmodifie t he g jgna] frane.nm
car e Seprato fus Brarest i a0 s b B, Tl Rlusion ferisgn gt the
de@iéd 48di8 ihBrAat JrP B8 CATRR 96ing ONEs RlayRtddchplished by using
error correction codes CRCl and E’:RCZ for the frame
an ghplgingniation ettiesignal asdemblier 3R awstiosndndigeéld in only the
first 5/ 8t f the f hi i ffici 0. .
r e bt 1 BB, dheRier 3b eTeste el bodif infrmrion
redefVlell filohethedath Y BlrBspdisd Wahé tabEatell indasurs Bf {dudh&Rtreceived from
only to recalculate only the CRC2 code. Re-Encoding

thematly 261 T seeJed pedinidormatignda passed plenpihe ERRA fathg waeaster 33,

o . il ) .
N T T N e
adjubtel cusiresst fobtheisbalthgmndtpassel ow theesispua sinylzfermdtberid® for

. outside this range. This situationcould be handl ed by
incdusiqn i9ghe HUPE) $ENBRM par anet er to the nearest val ue

Wi T Bl e B, fl‘%%@o&%ﬂt%%ﬁgﬁfn% ra[lgﬁftoﬁgéﬁﬁﬂ #hé ES¥ PP EBDEsections

the audio i nformation and sca nmeasure o
of thefchmesexcspt fohtite RIAG.NIDRIM\GRMnpizr. dhetegror camedatioprecedss CRC1 and

e R R R
DYIRNG 416 @ecdfcul &1 @sul?g @13 ‘%‘ff%\‘ﬁ E&hﬁ’d&l Bale gfoRRAFINadcdedfrom
1Tl e

dB so that the nod M&ar ameter value can
theppeatls 87. Thds reeencpding pradess mew degrads i parogivied quality of thegmdio
. Jhi s. sol uti equiy es t _the ' . .
i3l B el Raph s FRRa01E s, PUTRy ropepeoding only i

theas i) (DIBMNORYI prbmgtet s congii@o® RbEsuifddiently ddderatd gnHscussed
assenbler 30 as shown in Fig. 4. In this
abP¥epl enent ati on, the seal er 31 scal es the decoded audio

i nf ' d ' . '
{ he THERALRRI TEBAUR i bk BnBAldbatEs) o AESPARE Gkl formatter
40pwhich 2&mathgenscandsenh nplitsignal domgpthe pathi 18 thaismadeys theige-

t he pat.h.32 to.the encoder. 33, ich encodes the
encailt BRI GRPE R SIS AP URTERE B r e of
| oudPBS SohtPol signal received from the path 22 indicates the original DIALNORM

parameter is sufficiently accurate, the audio information does not need to be scaled and
re~encoded. In this situation, the output signal formatter 40 generates the output signal by
modifying the metadata parameter values in the input signal received from the path 11.
F. Hardware Implementation
Devices that incorporate various aspects of the present invention may be
implemented in a variety of ways including software for execution by a computer or some

other device that includes more specialized components such as digital signal processor
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adjusted to account for the scaling and passed to the

out put signal formatter 40 for inclusion in the output
wae@nabed7Pr ef erably, the encoder 33 maintai ns BECT/US2005/011862

information in the BSI and AUX sections of the frame

except for the DI ALNORM paragreter. The error

correction codes CRA and are recal cul ated and

€. CcQ res n rretadata
(DB i TR PO EEH o SIGHe SBRHE 0 00 fo (e SRRActir PRy
condpier! MEOrIEhisQibniafie BlOCR Widaf AT E DEVRAUD tBeft méEJBeSused to
re-encodi ng process may degrade the perceive uality

antfﬁnqnh@pg@sjofihﬁ pfe@mtamveohoxd dhe digital sigrshptocess )73 provides
d f |
congbi s e Aok B AR T IR TRARD ed by bidDsp

72 fétl fotéskiapt R @MVETL e Risent@Sont oot eﬁpﬁsetbmvseoragmce asndé dnly
ormation i s passed alon t he 4. tg th ou“e%R
me@mgr{g OMderetories p@@fﬂ%ﬂ@@# i) PH%W@ fest/8@sngd Rossiiy, thr

g%ﬂ{ 8‘# oA Hs gﬁk&‘? oPﬁfe%ré’s@nt%tl ) INEYshitloNPs TpRIRERE Biferface

t1on and the nodi ed net adat a par anet er
circusityue seceive andh tragsorit mglialsb}gww ofrth@mrmedmmtmm chhenelssitdy 77. In

22,1 ndica t ori DI AL a
the Giipodtie Sy et ot SR e BANARTS PR I  ouhighmay
repREEEmbR: tﬁ@n &Q@ﬁlﬁt@loﬁl@ 16 ?ce@ BELUBWever, b Blkiaschitebtiirtik 86t required
t he out put signal for ter 40 generates the output

to @p@mnttbypmmtﬁlwen@ort he mst adat a par anet er vaI ues in

t hel&lﬁg‘ﬁ)gdl'l gsnlﬁg%r N& qngfelﬂs fﬂ?ﬁas{%%ﬁl Tor sy o¥steim additional

con&@hb&yﬁlaﬁﬁ@ afliled ffoﬂlﬂt%rf@(ﬁ@@@rﬂevic&/@ﬂh hoa ké§&?j)a1b1&)r mouse and a
impl emented in a variety of_ ways including, soft

displey, and &g Gontenlinga %FO’@Sﬁ‘é%Ml%eﬂ RV saPCdEv e pfapenetio
tapé &C(ili’f{j Sﬁaﬂ@{etl?%lé?%@g@) T%?e%@%rggémgﬁﬁﬂtlﬁ? edo I‘Eb&‘dg)% grams of

try coupl’ed to conpon
mstmdﬁbhsaﬁ)r beerdthpagstemundilities andgpplicatibag andmay irchdepregrams that
) 13|sasch%mat|c bl.ock di amofadwceg d
implSrRe KRB SRR LU ST EHERN ORI CORPBIS BT By bR made

tolerdhY ﬁ{ﬁddr&’xgare FiRrdl Oht day i GBRh tRE 86 Bé 85nd iPEDrovidle redundant

provi des comnputi ng Fesour ces.  RAM I's syst'em random
conaness suvhran dyal(pmw sumh$ dmgl rcdwdmetomefd@wcpﬁr, endkiogise gn

t h
opesEE SEREB G SRR O GeFoF B SROPRAD b gr ams. needed
to PRefuatitons RRuiley t&;ﬁac?tﬁe FRGoURASSICR| of tHeQfredenf inyértidn @bt be

vari ous aspects of t resent invention. |/O control
perfosmedpy eerapansnisithas presiow emmtedum pyvidevariebeatveays ipluding discrete

oA 0B Bl o U KSR Ay OO

pro6&Eae MEHtsarmen iewhich thdsb €otpsnefitslare idﬂpléﬂﬁeﬂﬁd iy |y rimpenint to
nore than one physical or |ogical bus; however, a bus
the prespRttiByantied i s not required

Software implementations of the present invention may be conveyed by a variety of
machine readable media such as baseband or modulated communication paths throughout
the spectrum including from supersonic to ultraviolet frequencies, or storage media that
convey information using essentially any recording technology including magnetic tape,

cards or disk, optical cards or disc, and detectable markings on media including paper.
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to inplenent the present invention. In enbodinents
i npl emented by a general purpose conputer system

wa@daeooenal conponents may be included for intPeTf/ES2008011862

to devices such as a keyboard or nouse and a di spl ay,
and for controlling a stor device 78 having a
storage nedi um such as magrietic tape or disk, or an
opti cal nmedi-um The stopigf negiun1nay be used to
record prograns of instr A 1 or operating systernmns,
utilities and applications, and may include prograns
that inplenment various aspects of the present )

i Niem irethod Thecaroming playbscktlendness/arsedymanéc tapge ph#die o

. _hardware fail ures, e way in ich this nay be done
inforraatiqy, WE‘SW’%I@E E%f’d’i}?fggqﬁpr&%ﬁﬁ%}ﬁ%@‘f‘% such as dual power

suppl i egeQiek 4 al fﬁa@&ﬁﬁ/@?@@t& ﬁ%&;seﬁ‘t{it?g 4 frsy $mdaess
etectin

operating systemthat is capable_ of g and
r eanotmaligation leve, edirstiheamigrengoriustasti lewd and fsvtaeqeded

borpaiaR TR it witsrif a e oty e S S Bk HimCvas produced by
v atrajn%}f!(t)cﬁfég PRYEss] t{izﬁﬂ @ﬁé@@ddﬁ@ﬁfsééﬁ:glﬂgsg hmiig /mr"pmnairm' siccording
Integratea circulrts, one or nore and/ or .

o dg PAYALEBHRIFE Praeriples e drRner S ST dSRAIF Tappeustment

: R ggxgel P f@?&%@ {5 afli& 1ﬂfﬁﬁh§ﬁﬁ inhdfe, THRtfirbtBRddeahorhalization

fesent | nvention. Software inplementati ons of the
pr deeditand rvenipressiomgpyrofile spesifieypendyr morgperstipngfcharacteristics
mm@fadabl e nedi a such as baseband or nodul at ed
co PHAPISERORs t hr oughout the spectrum i ncl udi ng

from supgyisAAkESoded atliforiattrhiedn fr6aGHPpliCSion Of aslecsdige
medi a that convey information using essentially any

r ecaodisatp thedtmubsiggel; i ncl udi ng magnetic tape, cards or

di sk, t.i.cal d di s , .
on’ mect TGP s ey R b SR BPLE EBidedaio
COr in@siiafion BhdyEacka dcatthipadnandotytiantien leseldeonothe measure of

audi o informati on, wherein the nmethod conprises steps
t haloudpaesgiei ve an i nput signal that conveys data

repres en{,]_l,tgig a4 efséiﬁﬁfe Jgﬁﬁgéﬁﬂf&%ﬁkﬁ%ﬂkk@ﬁy liRVé@lcodiflg process

first dyhamc range a and first encoded,
audfremi dafaaelysisiodthe ddecodel audidmfatatation emd Epmcthp firstidgnamic
i nput signal was produced by an encodi ng process that
gen’é"\nﬂt’é‘guftﬁ@nﬂef"élé encoded audi o i nfornation

accor di nge6.p5) GRBAFQMS ifat Boiby Bl Seraasindigd UM dIoddness

the firs ynam c rangé adjustnent |[evel in response
to nodiatizativroevels 4 trirdadypRiniaage adiestmienslevel od Higbencoded

T S5 e R BPR P BlaPUEbL ey
a si@RRky:conpressor;
if a difference between the first and second loudness normalization
levels does not exceed a threshold, the third loudness level represents the
first loudness normalization level, the third dynamic range adjustment
level represents the first dynamic range adjustment level and the third
encoded audio information represents the first encoded audio information,
and
if the difference between the first and second loudness
normalization levels exceeds the threshold, the third loudness level is

derived from the second loudness normalization level and the third
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obt ai n decoded audi o information froman application

of a decoding process to the input signal; obtain a
wore@so@7df | oudness from an anal ysis of the decDusz05/011862

audi o informati on and derive a second | oudness

nornalization level fromthg;measure of |oudness;

obtain an estimte of the conpression profile used by

t he enco roces fro n _ana of the ode
hudi o DS TGRS AR ROk A Bhtted i eshiiice 8 R0
adj ust mepfforhR¥ich amPEAREAHE tiaR RUlRids némwabmhhmel and the
conveys data representing a third | oudness
nor mal i zestinwte @ghépomﬁfeﬁﬁplﬁﬁﬂ)@%am c range adj ust nent
| evel and third encoded audi o information representing
the audio information in an encoded form wherein: if
a dif Ths ertedhdicltan wheeih ifihe difitdrehee beteh ek thetrfasisand second
nornallzatlon evel s d not .exceed a thresho
lougipgs aonm}@ﬁ%@s ew%ks echegi)ﬁ’@ gphold e ?hlﬁdsﬂewi%ﬁlgg%m?omaﬂon
1C
is e3RHRY f Habcting féocod Aulld inforBUGIA ol @RER psychoncoust
pﬁmd@hstnent | evel and the third encoded audi o
information represents the first encoded audio
information, and if the difference between the first

and3 seseRgHAuEesS I"Whéin, Zdhd Giffetdée baiwess BrGrst il second
threshold, the third | oudness level is derived from

loutlhess seuvaltration tivels sxersdstiicithrgshalé, the thitd engeded-amdio information
n n dj $Q§ | evel is obtained in
repfeg%tgﬂi i%g% el}cﬂ@ (pgléﬁo It 1%“ on anplitude, the third
| oudness nornmalization |level and the estinmate of the

conpreSS|on profile. 2. The nethod of claim
i f fhdhg meﬁl@dé}f@@uyelt Whergin: the mpuf signal canueys girst numeber of bits

repke%gﬁic%} @i%t 'ﬁgééré cffLV fxgénﬁé\?é? GRS the B E%ﬁ@lqls Jenerated

enc rmation 1S generate
w1thrﬂamdemngartgeé tal modmmbchtwh secomd mumhﬁ:rloé |b1ta mpmsamm@ ths third

choacoyst | c 3...The of ¢
b et sttt v aETRUR RGBT 8t i S than the
secofg ARsbLOMdNgSS nornal i zat i on | evel s exceeds the
threshold, the third encoded audi o infornation

represents the first encoded audi o i nformation.

5. The method of claim 1 wherein the input signal conveys a first number of bits
representing the first dynamic range adjustment level and the output signal is generated
with data rearranged to accommodate a second number of bits representing the third
dynamic range adjustment level, wherein the first number of bits is less than the second

number of bits.

6. An apparatus for correcting playback loudness and dynamic range of audio
information, wherein the apparatus comprises circuitry adapted to:
receive an input signal that conveys data representing a first loudness
normalization level, a first dynamic range adjustment level and first encoded
audio information, wherein the data conveyed by the input signal was produced by
an encoding process that generated the first encoded audio information according
to psychoacoustic principles and determined the first dynamic range adjustment

level in response to audio information amplitude, the first loudness normalization
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4. The nmethod of claim 1l wherein the input signa
conveys a first nunber of bits representing the first

waywane7T ange adj ustment | evel and the out put PGI/yszl5/011862

is generated with data rearranged to accommobdate a
second number of bits representing the third dynamc
range adjustnent |evel, wherein the first nunber of

bits i.s greater than t second nunber of bits. .5, The . .
et 208 iU Bl D ER B (i Or ey et parh st
firsts HEEPESmpresddit S representing the first dynamc

range adjustnent |level and the output signal is )

gener at eebtain dacafied audiednformatian fromaocpniertienef s deeeding)
nunber o its representing the third dynam c range
adefg?%R‘{t%Fér\lpéﬁt,Si%Rﬁér ein the first nunber of bits is

| ess t hagbtiiha mesoRbGMoiddess fodm hh bialyss ofthealepadedtandio

for correcting._ playback Iougness and, dynam ¢ range of
audnTafoR AR JEH e ageeonsd lqudngss %‘b‘ﬂ%ﬂ%&?‘é@‘ %&ﬂrﬁr% the measure of
ci rgllidsy. adapted to: receive an input signal that

conveys data representing a first |oudness

nor mal i zetithiomnlestimhte of tie comipresgivatirefilcangbbuntieumicoding process

| evel and fjrst .encoded .audi o_i.nfor.nati er.ein the
dat BOBGREYES ) T C?(f?&@ggq igfatmetig o Bomab By dygpetic
encodbogdRdReRSIevdnat generated the first encoded

audi o 1 nformati on accordi ng to psychoacoustic

pri nci pl genemheiandeutpuirignad thah eorvieyssdata yepaeaentingy ghird loudness

adj ust nent.. | evel in.r onse. to O '
P 4 Bt ARG ehet AR R R UR encoded
C OMR{RS Hifexnation réprescafieg tHeydudw iafemationhy a apedal foanal

characteristics of a signal conpressor; obtain decoded
audWbetel¥ or mat i on from an application of a decoding

process to thg.i d?ﬂé’[refxéé eRake @Eg@é&ggg aéelg)ﬁa 46 1Rin8s normalization

| oudness froman analysis o audl o
i nf or mat levels dnek ke ckveed a theslwld, the thdrddesdness keakl reptesents the

| evel f h . of. |1 oud .. ohbt ai n. tid. mat
of ' the cBblesdurs dopnajatien Feh i & Blisamny ) Eben
Process fdQfeafds @ik Hrst @Ba&t&aﬂﬁ&ﬂ%@hﬂ%&l and the third

information and fromthe first dynam c range o .
adj ust nmeencoled aidio ipdormation represantsthe fisit gnedded lgpdio information,
conveys da(* a representing a third | oudness

normal i zZ89 on I evel, a third dynam c range adj ust ment

| evel and thi {fdheaigReREde Beitkicen itif fasn@id setordelpudssnt i ng

the audio information in an encoded for mh .
normalization levels exceeds the threshold, the third loudness level is
derived from the second loudness normalization level and the third
dynamic range adjustment level is obtained in response to the audio
information amplitude, the third loudness normalization level and the

estimate of the compression profile.

7. A medium conveying a program of instructions that is executable by a device

to perform a method for correcting playback loudness and dynamic range of audio

information, wherein the method comprises steps that:

receive an input signal that conveys data representing a first loudness
normalization level, a first dynamic range adjustment level and first encoded

audio information, wherein the data conveyed by the input signal was produced by
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wherein: if a difference between the first and second
| oudness nornalization | evel s does not exceed a

wa booesbort, the third | oudness | evel representBCT/I82005/011862

first loudness normalization level, the third dynam c
range adj ustnent | evel repr_ggents the first dynamc
range adjustnent |level and the third encoded audio

|t O PR P HE bhetie it el iR Aud TEiedmpfign pocording
an dto%%?él’fd&cd)&% PERSiIplERfalid Weeahined tHeef_i/ked ?fn@?fﬁ@% e bdli@stment
threshold, the third | oudness |l evel is derived from

t heleyeldn mesppassdn audioripionmptiomamplifude jhye firghlpudpess mapmglization
dynam.C._ Lange ' . ined in. . .
o B o SO PEBle 8Yipk §n08} RRE e iR AR foisic
nor ofd sigedlicomptesy@t and the estimte of the
conpression profile. .7.. A medi um conveyi.ng. a ogr a
of i nst r AR¥pIgiesodedAudiasingrmation FrR Wéila%wncg gdpooding
per ﬁkggs%ﬁgti%ﬁ%\“;correcti ng pl ayback | oudness and

a

dynam c range I'o i nfornmation, wherein the nethod
conpr i sesbtsingpeedsuat of loednessy fromrani anplysis Oif greadecodet audio

OO Foh BT SO ehb) S B Bt rem e of
| evRluda&d: first encoded audi o i nformation, wherein the

dat a conv’ey_ed by the input signal was produced byan

encodi ngoptincemsestimate offbeeqraprespiqrprofila used by dajenigoding process
audiq i nfor [ i N0 ! ' .

o LGRS RAL AR R ARLEBRSALSH b ot aymamic

adj pmgeedjusthevelevel) response to audio information
anplitude, the first | oudness nor rral i zation |evel dapd
8 rd loudness

a conpr eB¥ICERC pR GPPLESighAl dhat gPREYS Aata deprRisnEng a thi

opef At 2984 a | Rk ' ht 1E0ARLE BRI encoded
obt g%ﬁaﬁgg%odglggéluglﬁgfdz %gﬁl ?r%%%ﬁa‘g{rl%?néan appl i cat e(:)r}]co ©
of audie dxfotnmajioprrepresanting thdmdionipdiernsiignéd an edxoded foam,
measyre. of | oudness froman analysis of the decoded
audM@1®tor mati on and derive a second | oudness

nor mal i zat i onif £¥%eferdntOBRtivaEn HRFF M dbcdndUsiRESs normalization
obtain an estinmate of the conpressi ogdg:lofl | e used by

t he encotiivaly doepetssxcéadontheasheldathy ¢hi dnese leyebispeagents the

audio | nffi(r)srt T(?l} .n(e)sns naorﬁ%afizra%rcr)]ntlerz]v%l,ftﬂé ﬁﬁrd%ﬂ%ﬁlccrange adjustment
level represents the first dynamic range adjustment level and the third
encoded audio information represents the first encoded audio information,
and

if the difference between the first and second loudness

normalization levels exceeds the threshold, the third loudness level is
derived from the second loudness normalization level and the third
dynamic range adjustment level is obtained in response to the audio
information amplitude, the third loudness normalization level and the

estimate of the compression profile.

8. The apparatus of claim 6 wherein, if the difference between the first and

second loudness normalization levels exceeds the threshold, the third encoded audio
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range adjustnent |evel; generate an output signal that
conveys data representing a third | oudness

wmeroambdozat i on | evel, a third dynam c range adPCBEUS®NG011862
| evel and third encoded audi o information representing
the audio information in an,gncoded form wherein: if
a difference between the first and second | oudness

. hormal i zation level s does not ceed. a thr.eshol d,. t he
infqTRiopen S ARIFELY PILGePaing Tredeendel SHID inforinatig diserdion 16
psyCREBhdiePrineipldsevel , the third dynam c range
adj ustnent | ével represents the first dynam c range
adj ustment | evel and the third encoded audio

i nformation represent he. fi [
S FB PERREE BTN § o of Bk SEREGE LR Ine frst pna
secafidiloneean dohRalFAass 1sv6ls R ded atheahrebll )| the thirlbsndsdddwedio
_ threshold, the third I qudness |evel is derived from
informatige seniepenis tan Bt crrodad PydiainfermatioPel and the third
dynam ¢ range adjustnment |evel is obtained in response
to the audio information anplitude, the third | oudness
nor h@al ThespparathesfadlaianG whireiretht inpet eigodl doheeys a first number of
.conpressio rofile., 8. The, apparatus of . clajm& .
bits peBiearHing tho {rs6 duRHiE Fj@f}ﬂéé‘sﬁ‘é&’%‘é’é bt oiliog} genal is
ger%ﬁc{ﬁgi;ﬁi(ﬂ'l g%qgﬁ%aﬂge& IRAdcd A odBtel 068b:R1 RIS GF bitd fepresenting the

, the third encoded audi oi nformation is
thigelyeraiedngyadngoditigvel heheteindtie frsh odinber offtdisringicater than the

accordin 0,_psychoacoustic principles. 9. The
Secapy ﬁ?rﬁt’?fg)fg’fts'cl aim6 wherein, if the difference

between the first and second | oudness nornalizati on

| evel s exceeds the threshold, the third encoded_audi o

i nf bF-nEh¢ apparaipy ebdpinms6 pherein the dnmay: sigaal Logyese first number of
.1 nformati . . r j LiBniihe

i RSO A0SR A 54, e BIERE L
gerieePe@withtdatageianged ts tcodymaniate o wogel adhbstofbits répeesehting the

.and the output, signa] is generated with data .
i raiBEEt By s wheroaB e At Coftsgs Jegs than the

b gg}t'mghe third dynam c range adjustnent |evel,
Sec\%\);ﬁergllin t(he fsl rst nunber of bits is greater than the

second nunber of bits. 11. The apparatus of claim®6

wh in, the . j | first b f
bi t 421 AP BEAHER AR | PYFLEn df ta drerphck s The flsgand
sedoBY BdudRBe doRfarHiiBH levelsOikabedk $he threshold, the third encoded audio

information is generated by encoding the decoded audio information according to

psychoacoustic principles.

13. The medium of claim 7 wherein, if the difference between the first and
second loudness normalization levels exceeds the threshold, the third encoded audio

information represents the first encoded audio information.

14. The medium of claim 7 wherein the input signal conveys a first number of
bits representing the first dynamic range adjustment level and the output signal is
generated with data rearranged to accommodate a second number of bits representing the
third dynamic range adjustment level, wherein the first number of bits is greater than the.

second number of bits.



generated with data rearranged to acconmodate a second
nunber of bits representing the third dynam c range
wa@eajoaseayent | evel , wherein the first nunber of P@I/US2005011862
| ess than the second nunber of bits. 12. The medi um of
claim?7 wherein, if the dif{erence between the first
and second | oudness normal1Zation | evel s exceeds the
threshold, the third encoded audio information is
generated by encodi ng the decoded audi o i nformation
acqar %H%Qnéd\?h}]lﬂ%f china it inBel RS codvdys 4 FRstRebeRbL
of claim 7 wherein, if the difference between the
bitsfrépretentingl thedosintynemicirmegs adivstmen| leueliaod thequwpy sisnebisds

t he threshold, the third en L0 L. .
senindl Ul e L Uk RGAER o D bl B IR Aefffcntiog he
third H?haﬁﬁd iratBeQdjuatraénil ok eliatiedin tHehfersi mpuber oif Hitals lesriuaythe

a first nunber of bits representing the first dynamc
secomgriganberjofibitrent | evel and the output signal is

generated with data rearranged to acconmodate a second

nunber of bits representing the third dynam c range

adj ustment | evel, wherein the first nunber of bits is

greater than the second nunber of bits.15. The nedi um

of claim7 wherein the input signal conveys a first
nunber of bits representing the first dynam c range

adj ustment | evel and the output signal is generated

with data rearranged to acconmodate a second nunber of

bits representing the third dynam c range adj ust nent

| evel, wherein the first nunber of bits is |l ess than

t he second nunber of bits.




