Description Audi o Metadata Verification Technical Field The present

i nvention is related to audi o signal processing, particularly to the

veri fi catwonoend3mer r ecti on of netadata enpl oyed in suckrcIyste@n®i1i2ihe
invention is particularly useful in audi o coding systens known as Dol by
Digital (AC-3), Dolby Digital Plus, and Dol by E. Dol by, Dol by Digital,

Dol by Digital Plus and Dol by E ar descaiidinmn ks of Dol by Laboratories

Li censi ng Corporation. Aspects of the invention may al so be usable with
ot her types of gudio coding, such as MPEG 4 AAC. BackgroundArt Details of

Dol by Digital coding are se forha int foll ow ng references: ATSC
Standard A52/A: Digital Audké‘d@) ?@gﬂ%ﬁeﬁ?&}?g% (AC-3), Revision A
Advanced Tel evi sion Systens Conmittee, 20 Aug. 2001. The A/ 52A docunent is
avai l able on the Wwrld Wde Wb at http://ww. at sc. org/ standards. ht m

Fl exi bl e Perceptual Coding for Lo Jdr ) $Si on and Storage," by Crai g C
Todd,gjet al, 96th Convention of Afﬁ%ﬁ’ﬁﬁ:&??’%i neering Society, February 26,
1994, Preprin e ' | < t eve
Ver non, | EEE ipgiﬁ&%@?ﬁgﬁogﬁgg{ﬂ?ﬁgﬁfﬁQﬁ@f(ﬂ Q%E%i pﬁ%égﬁ%%%gu%l 5. "The
AC-3 Ml i [N o) ' i ' ' ' Preprint
3774, 95%%%%%@%@3& é’o&‘?(gzg(g?,@l’ %%%MH%EI%%EF{ fxm}_g&g%%% Audi o

Tr ansf or PLEqalBaLbRYs Padieilasly Wefalth Mulio edding SHBRIrhS knoans a§ Duibosi et

al, Audi o Engi neering Society Preprint 3365, 93rd AES Convention, Cctober,
1992. Uni pagitst A €s3 Pabelty Digh8BPRE? and IB8by0B5; Dol ey, Digitaly, 119; and
10 Dolby Digital Plus and Dolby E are trademarks of Dolby Laboratories
Licensing Corporation. Aspects of the invention may also be usable with
other types of audio coding, such as MPEG-4 AAC.
Background Art |
Details of Dolby Digital coding are set forth in the following
15 references:
ATSC Stardard A52/A: Digital Audio Compression Standard (AC-3),
Revision A, Advanced Television Systems Committee, 20 Aug. 2001. The
A/52A document.is available on the World Wide Web at

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

20 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;

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

25 “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,



6,021, 386. Details of Dolby Digital Plus coding are set forth in
“Introduction to Dol by Digital Plus, an Enhancement to the Dol by Digital
Codi ng Sywoeme/118&S Convention Paper 6196, 117th AES Comc@msizmmlrmz ober
28, 2004. Details of Dolby E coding ake set forth in "Efficient Bit

Al l ocation, Quantization, and Coding in an Audio Distribution stent, AES
Preprint 506d)nited States P aontsey 588;:9629\1596%2 00599, 632, 98pb; &&Eﬂi afAudi o
Coder Optim zed for Use with Video", AES Preprint 5033, 107th AES

Conf er erf; 82 N3Bfst 1999 Det ails of I\/PEGZ AAC coding are set forth in
| SO'| EC 13818- 7: 1997 "I nf or .echnol o

E)IAZE ;.II’ es and E@Eﬂ&gl gt%wmlgga ' Sn‘é‘? 158 arc Segi?lfth?nniﬂtfgﬁlggﬁ im; g\é: 28
Erplha& elg@ f‘ﬂgl% aBLE@E@?W% E@t Iﬁﬁ’ﬁy&?é t?iﬂ@%@%ﬁ S%t%frﬁ’?g né@con
Codi fig" %F%Geﬁveﬁtlon?ap%’-f&@?%ﬁ?éﬁ S,GBEvobfiih; SR 28 AUACer toper

VPEG encoder SOEBI 6t HaT e H e o e e o e o

is se er vi ew of MPEG Audi o Current

and Fut d ERsH
Br andenb ﬁsﬁggggﬁ}g,r ?I}]&a@r éisiﬁylﬁl.atnAﬁdﬁpg) ?ggﬂrbeoc %gftellg% AR Pﬁl 2,

Januar y/ 5ghg URFHh1RBS CGHPérehbé Abgvst t@@e@ndefmb&msnammam Elogler

| ncorporatecf y reference, each inits entirety Al though the invention is
not | m Opgichizedsfrisewith Viideo's xS ritrepcint i50 33, 11107tz AdES CComletence t he

environment of the AC-3 system AC-3 is a digital audio data conpression
systgm ugegukpil998e delivery of audio in applications
Details of MPEG-2 AAC coding are set forth in ISO/IEC 13818-
7:1997(E) "Information technology — Generic coding of moving pictures and
associated audio information —, Part 7: Advanced Audio Coding (AAC),"
International S:andards Organization (April 1997); "MP3 and AAC
15 Explained" by Karlheinz Brandenburg, AES 17th International Conference
on High Quality Audio Coding, August 1999; and "ISO/IEC MPEG-2
Advanced Audio Coding" by Bosi, et. al., AES preprint 4382, 101st AES
Convention, October 1996.
An overview of various perceptual coders, including Dolby encoders,
20 MPEG encoders, and others is set forth in "Overview of MPEG Audio:
Current and Future Standards for Low-Bit-Rate Audio Coding," by
Karlheinz Brandenburg and Marina Bosi, J. Audio Eng. Soc., Vol. 45, No.
1/2, January/February 1997.
All of the above-cited references are hereby incorporated by reference,
25 each in its entirety
Although the invention is not limited to use in AC-3, for convenience
it will be described in the environment of the AC-3 system. AC-3 is a digital
audio data compression system used for the delivery of audio in applications

including digital television, DVD video, and DVD audio. An AC-3



including digital television, DVD video, and DVD audi o. An AC 3bitstream
consists of two key conponents: audio content and netadata. The audio
cont ent oWoan@/118063i X channel s is data conpressed usi ngPperuse@soai2oaudi o
codi ng. Anong the various types of nmeBadata in AC-3 are several audio
nmet adata paraneters that are specifically intended to change _the sound of
the proditsiraieh icoasists obtwolkest eompgnents: r didieriontepcand M adatfor Thed
bel ow. The AC-3 systemdeliyvers a hit{stream conprised.of data conmpressed
audi o i raudiarcenterit of ore (o pix chamialy s dmmp%ea&ﬂ% ngmgl cont ent

;E‘é, T hiadiososiagc ?ﬁgzilgﬁ 5%@3{5&%%&%3'05%9@?%5%@3% SR 5 o5

. Githe . 5o %%
depends BHIDIES p‘?i‘le‘%:rﬁ%m%ﬂ%té‘a‘%s@%ﬁg%ﬂ%ﬁ«ié@%ﬂﬁt& I?ﬁ%ﬁ%%@ﬁ?()%@d”& a
Cypr ca 19t et pipirady FRyerEf b iprgl B irpnaldhl, CPIRER e dQyBSHC L 1S e

second C}gvjrama size of 1792 bytes (a byte being 8 bits). Each AC- 3 frane

is divid&d°Mito sections. These incl ude: (1) Synchronization Information

(SI), which coptai@s3 §y§%CgPGH§%BW(n§s)9é bfgtreaidcdBtisednt daie coinessdd t wo

error correction words” ( Bitstream Information (BSI), which

cont ai NsyAistinOfainds oPinga} Rifor@ativine Pacth fraBhe chataiABautlin é@blent whi ch
contain the data conpressed audio content; (4) waste bits (W, which

cont ai n gy mutnded fortlsSIcedamplesrofdigiial ahdiaubioo acampeling ratecoi? essed;
(5) Auxiliary (AUX) information, which contains nore netadata; and (6) the
seconnd okHiywhisrepresents 32 midhsewnmtls ¢iotighal andis er arretesabah.4hienss 9,
which is described further below The ACG3 franme, incl %’?i ng t he perceptual
audi o daper scoemdee$iadioanbhe nenzberovinbity cagtavaed i cach Arame dependa o1 n
detail in the AC 3 referepnces ci(i ?d abgve, %nd bel ow f& t he descr i(g)t I on of
FIG 9. thenumber of channef]s being delivered and the amount of data compression
that is applied to the channels. For example, DVD videodiscs typically
deliver six channels of audio at a data rate of 448,000 bits per second or a
15  frame size of 1792 bytes (a byte being 8 bits).
Each AC-3 frame is divided into sections. These include: (1)
Synchronization Information (SI), which contains a synchronization word
(SW), and the first of two error correction words (CRC1); (2) Bitstream
Information (BSI), which contains most of the metadata; (3) six Audio
20  Blocks (ABO to ABS5), which contain the data compressed audio content; (4)
waste bits (W), which contain any unused bits left over after the audio
content is compressed; (5) Auxiliary (AUX) information, which contains
more metadata; and (6) the second of two error correction words (CRC2).
These are shown in FIG. 9, which is described further below. The AC-3
25  frame, including the perceptual audio data compression and the
accompanying metadata, are described in detail in the AC-3 references cited
above, and below in the description of FIG. 9.
As menticned above, in AC-3 there are several audio metadata

parameters that, are specifically intended to change the sound of the program



As mentioned above, in AC-3 there are several audi o netadata paraneters
thai; are specifically intended to change the sound of the prograndelivered
to a |istwoizngs/@soser onment. Three of these netadata par aoetuseaeioei2at e to

pl ayback signal |evel and dynam c rande: DI ALNORVBCOVWPR and DYNRNG. The

DI ALNORM par aneter affects the audi o pl ayback signal |evel, while the

rel at ed dxlivRRedrto DNNRNGIDanvirensrent. skhrseiofdbese matpdataRAABIER R f t er as

Budi o bl afaisdio Paghack Stae devolemchaynamie taagc: b UALIOIENG CORER nd
DN P SRR 1L PSR 0 S0, eSSBS,
For oxantieeal oW il e ashhC e ekt Thay RREH3nlAeRE roasur eronts
Fesuis [iRBEhmelreief fo BhEiARes S the o 1aBEE cofitteb B8R (2051 f L
DI ALNCR ,

ot rouanPRATEELS AT Ui Eanke BB AR IRPA DHED LS

aut omat i ﬁé‘i&h?r ‘iﬂftir%{gﬂ HREOGF e C@W?ﬂ%@ﬁ(@ﬂm SAmMeRirs P4 ALSIORM

par anet er valde a one of a nunber o ynam ¢ range conpression profiles

(or no paetsdia: ,#ﬁgéﬁdﬁ@%ﬁ bddcddane médd.| DIATIND Ychlly igbkeobs a

reproduction o ul I” dynam ¢ range). Each such profile contains

st andar dygetdi- ¢t @ymstienheratedentomutizadiyoalthaugtrethere isnd defmtlt on i ncl udi ng
attack and release tine constants, and conpression ratios. Qher netadata
par anet eDI AAENOR Mhygatdeei fammaluieris et bytthaiusgr.e for ezample, 8 BSELAY t he
various "downm xi ng" parameters: CLEV, CM XLEV, SLEY, SURM XLEV, M XLEVEL
and M XLEu@ntznt SpedtonSunay alee Fstdness anepswraeats nath apipesss 9 a decoder

for downm xjing an original 5.1 channels to a fewer punber. of reproduction
channel sdewits externa tg tharsts3 engpdenametlen transfer the Tesult fnto the

encoder. Thus, there is a reliance on the user to set the DIALNORM
parameter value correctly. The COMPR and DYNRNG parameters,

15  although related to the DIALNORM parameter, typically are calculated
automatically during encoding in response to the user-set DIALNORM
parameter value and one of a number of dynamic range compression profiles
(or no profile, which resulis in application of DIALNORM but allows
reproduction of the full dynamic range). Each such profile contains standard

20 audio dynamic range compression parameter information including attack
and release time constants, and compression ratios. Other metadata
parameters affecting the sound in a listening environment include the various
“downmixing” parameters: CLEV, CMIXLEV, SLEV, SURMIXLEYV,
MIXLEVEL and MIXLEVEL2. Such downmixing metadata provides

25  instructions to a decoder for downmixing an original 5.1 channels to a fewer
number of reproduction channels, one or two channels, for example.

The DIALNORM parameter allows for uniform reproduction of
spoken dialogue when decoding any AC-3 bitstream. The subjective level of

normal spoken dialogue is used as a reference. Thus, the reproduction



The DI ALNORM paraneter allows for uniformreproduction of spoken dial ogue

when decodi ng any AC-3 bitstream The subjective |evel of normal spoken

di al ogue We 20&2d3®3 a reference. Thus, the reproducti onggstusaogairzobecones
a function of both the listener's desiSred reproduction sound pressure |evel
for dialogue, and the DI ALNORM val ue. Al though, jn principle, the DI ALNORM
val ue nesyshemegaihitegonmes aéuretien @£%Qﬂhﬂg@ﬁ§ it desiregercaPAYClient her in

T A A
lggilgl. \é\gﬁ)ﬁliﬁ‘;l O%r. eﬁﬁ%?ﬁ@ﬂt‘@g}?g Ry ??S.r"f‘m“]tegfrm {h%%‘iﬁpﬁ measur e t he |
aC'S provitceunet BulcoPstibey it fnd dighi Rt o M e Ry ARSI G
Dt ot caninst LB BaPR A Ucoticky Bipibafy bty e DLAENORM 2%l e

of the a%‘lhg iﬂgbggiélggitwhbﬁa‘i'ﬁ%ﬁﬁﬂt}fe%m &6%%513: %\éﬁi, Q/Hieh REM1aNEh

per form ng S neasurement wth an approve tering technol ogy.

Such a fadhxaeaEbPhEBRIRER daindescribed in United States Patent
Appl i catélﬂ%]nlu-ss. N. 10/ 88?, f% fgl led July 1, 2004 of Smithers et. al.,

entitled " Met iRl é eherecdreasseifiniotoote titanbesientlgusnbessibnthdagnserile Range of
AC-3 (Dol by Digital) Conpressed Audio Information.” Said application is

her eby i Il pdididleg Byaudiberement (aig), te Eulbydilyl 1 Othknueness nseter) amnd
different reasons why the DI ALNORM paraneter in _an AC 3 bitstream may be
i ncoto ecAC-3 pstvides nitadatartedcabwycthedgrnl atdmlegdusiag thes a def aul t

DI ALNORM val ue that is used during the generation of_ t ' mif a
DI ALNCRVDIALIN QR Vhperarseics) thees Gowe siad 6 wati b habihe IHAENORSA L
commonly chosen as -27dB, may be substantially different than the actual
di al og 1 %@ an 2\@2" g«’fts"trﬁ@%a]?ﬁﬁ ‘a‘?ens%%td%m‘,lef‘etééﬁnﬁfm%tc es e frue

dialog loudness value of the audio without fully decoding the compressed

audio to PCM and performing a loudness measurement with an approved

15 metering technology. Such a full-decoding approach is described in United
States Patent Application S.N. 10/884,177, filed July 1, 2004 of Smithers et.
al., entitled “Method for CorrectingA the Playback Loudness and Dynamic
Range of AC-3 (Dolby Digital) Compressed Audio Information.” Said
application is Lereby incorporated by reference in its entirety.

20 There are several different reasons why the DIALNORM parameter in
an AC-3 bitstream may be incorrect. First, as mentioned above, each AC-3
encoder has a default DIALNORM value that is used during the generation
of the bitstream if a DIALNORM value is not set by the content creator.
This default value, commonly chosen as -27dB, may be substantially

25  different than the actual dialog loudness level of the audio. Second, even ifa
content creator measures loudness and sets the DIALNORM value
accordingly, a loudness measurement algorithm or meter may have been
used that does not conform to the recommended AC-3 loudness

measurement method, resulting in an incorrect DIALNORM value. Third,



content creator neasures |oudness and sets the DI ALNORM val ue accordi ngly,
a | oudness neasurenent algorithmor neter may have been used that does not
conf or m twotzh@/mnawemrended AC- 3 | oudness neasur enent netrhoaiS200esui202 ng i n
an incorrect DI ALNORM value. Third,evén if an AC-3 bitstream has been

created with the DI ALNORM val ue neasured and set corr ly by . the content
cr eat or ,evien ifmyn AL mtﬁmmm&te@wmatqdnwmfg@tD%LﬁéBﬁW U€r ansmi ssi on

and/ or storage of the bitstream _ For exanple, it is not ynco n i

tel evi simeasHedarsbsetaaTroatly PEBe COnto FeRiorsitBANNAYS BReT s

nodi fi ed and, t hen re-encaded using Lncorre DI AL t .nf or mati on.
Ther ef ort®, arqué*rf‘&tmaiw%m%ﬁfaggf%s%?%@ %&ﬁ?@%ﬁﬁ ‘gﬁﬁi&% " bi t st r:aam
it may i ncorrect. or inaccurate an d . L ve i npact
on the e PEgmpfe e noCRERTREE LIS IO Biadtay ABpRcRUGRITE VD | TR,
to verif t.. th Lye. iy - hireléssn ‘hgen set

corr g(r:t |§653€1%{t” %@%ﬁk%&g@egh@@éggﬁa dgtgleaﬁ I‘c%::héange dusflii;l g distribution
and tra 1.SS] : Whhieat | alter the

st andar gﬁ‘?;‘/’?n‘féé’g Q@W%ﬂ %tlata gﬁhenta@nﬁ?%h? %étn}tfbﬁgf%}élf gﬁigéa% remai ns

conpat i Dhg AMNO RN %h@%f/éﬁ;wﬁyg%mhﬁhadﬁha@. AQadivarehnoiasy bl i ty is

preserved). Description of the Drawings FIG 1 is a functional schematic

bl ock di gorracklorafaedurangeng thefeforegengrladveng naghiive impact andbedi ng to
aspects of the present invention. FIG 2 is an abstract representation of

an exanpigaléfy of fler Histenimg erperidace verification data in a bitstream FIG
3 is in the nature of ‘a decisional flowhart show ng_det aiOLRSJMg @deci si on
¥

stepld the fl Thobatherefs Bngedsforiagvay tosvarytthat the IMALN Cofal
flomchart useful in understanding aspects of the invention.,relating to
assur i nganHsC-hbifistrearehas been sefg correctiy y a content creator and has not
been changed during distribution and transmission. Preferably, such
verification should not alter the standard syntax of the AC-3 bitstream so that
the bitstream remains compatible with existing AC-3 decoders (i.e.,
15 backward compatibility is preserved).
Description of the Drawings
FIG. 1 is a functional schematic block diagram of an arrangement for
generating a bitstream according to aspects of the present invention.
FIG. 2 is an abstract representation of an example of a format for
20 metadata verification data in a bitstream.
FIG. 3 is in the nature of a decisional flowchart showing details of a
decision step in the flowchart of FIG. 4
FIG. 4 is in the nature of a decisional flowchart useful in
understanding aspects of the invention relating to assuring that a bitstream
25 has correct metadata and matching metadata verification data.
FIG. 5 is a functional schematic block diagram of an arrangement for
practicing various subsets of steps 404 through 413 of FIG. 4.

FIG. 6ais a functional schematic block diagram showing an

arrangement for practicing the subset of steps 408 through 410 of FIG. 4.



has correct nmetadata and matching nmetadata verification data. FIG 5 is a
functional schematic bl ock diagram of an arrangenent for practicing various
subsets oVospep3i@4 through 413 of FIG 4. FIG 6a is a&cCusedliconth?
schemati c bl ock di agram showi ng an arfangenment for practicing the subset of
steps 408 through 410 of FIG 4.FIG 6b is a functional, schematic bl ock
gllzig[ ﬁm shﬁvmﬁ[g}.ﬁb &y a Amgethenal schematiccbioskrdjagram g0l st eps 408 and

roug of FIG 4. FIG 7_.is a_functjgnal emat i ¢, bl.qck.di agram
showi ng m@mm@dwmraﬁmlqgrﬁl@twhsﬁbofﬁ@m&@n@aﬁgtﬁﬁ%}ﬁgﬂrg@ n o?
device of FIG 6a. FIG 8 is in the nature of a decisional flowchart useful
i n unded8GrHi ng aspects of the invention relating to

verification- -awar.e decoding. FI G,9a,is:.a ' | agram

;:: IGustg [) ating fgﬁ-?&%ﬁe&@n%%é-%&%%t&‘r b&l‘fc!fe‘i“agﬁli&wn% gﬂi g not to scale.
IS a schematic di.agram.ibl Y ' | I

port ﬁon.%?a%%@}t?ﬁogé?rpghgﬂ%@f %‘let%@% %ﬁ%&‘w Pgﬁ(ﬁgéﬁ? 5@@%%& IG 9c is a

schemat |<?c diagramillustrating in greater detail the bitstream header

i nf or maty%n (BSI') portion of an AC-3 serial coded bitstream It is not to

scale. FIG %ﬂ['ss?sgxfﬁgé;ﬁ e Yragaastsidnal Slovedharg usefdriaat er detail an

audi o bl ock por i on C-3 serital coded bitstream It is not to scale.
FIG 9e mfd@fsiam@ﬁg %%ciﬁ QfanBlihvetion kcldtiag torvarifieatidGdateaveater or
encodi ng function.”Fl 10a is a hypothetical graph show ng the DI ALNORM
| evel angegbdiagl c range of three exenplary audio items. FIG 10b is a
hypot heti cal graph showi ng the DI ALNORM | evel and )

10 FIG. 9a is a schematic diagram illustrating a frame of an AC-3 serial

coded bitstream. It is not to scale.
FIG. 9b is a schematic diagram illustrating in greater detail the SI
portion of an AC-3 serial coded bitstream. It is not to scale.
FIG. 9c is a schematic diagram illustrating in greater detail the
15 bitstream header information (BSI) portion of an AC-3 serial coded
bitstream. It is not to scale.
FIG. 9d is a schematic diagram illustrating in greater detail an audio
block portion of an AC-3 serial coded bitstream. It is not to scale.
FIG. 9e is a functional schematic block diagram of an AC-3 encoder
20 or encoding function.
FIG. 10a is a hypothetical graph showing the DIALNORM level and
dynamic range of three exemplary audio items.
FIG. 10b is a hypothetical graph showing the DIALNORM level and
dynamic range of three exemplary audio items during playback.
25 FIG. 11ais a hypothetical graph showing the effect of dynamic range
control parameters on three exemplary audio items.
FIG. 11b is a hypothetical graph showing the effect of DIALNORM
and dynamic range control parameters on three exemplary audio items

during playback.



dynam c range; of three exenplary audio itens during playback. FIG 1la is
a hypot hetical graph show ng the effect of dynam c range control paraneters
on t hree wRenm/asl2audi o itenms. FIG 1lb is a hypot heti ealr/use@plhi2how ng
the effect of DI ALNORM and dynam c rafge control paraneters on three

exenpl ary audio itens during playback.Di sclosure of the Invention The

i nvention may be viewed as Bésclosuratofatheimyentsn aspects, all of which

i nvol ve audi o _nmetadata verification_information. es o tho%e&alfggcts
i ncl ude the fldia owengion(mpyde eleveerkas hauing ﬁﬁwﬂl%%ﬁﬁ GRS RS t
nmet adata and .information that verifies.the corrﬁctn ) off t |east a part
of the méughdnzofvy audiormetadatavegification WiPraenadReS AT Mded audi o

bitstream h vi.ng (aor ectl nmet.adata and information that verifies the
cor r ect ASBECISFngIU eeti‘é‘t ol -of the netadata; (3) a process or device

t hat t hat d ' | 841 d al
cont & ne T nfor mati on t RS epieoded Ui iRREaRE Babhly EotrefERREAIRLENC & PO
correct metadata: apd e 2iBHARGE IeANied TG EBrichalesdemAdeastty paREsTEd audio

bi t stream whet her "0r n netadata 1s correct, generates and
substitutes correqhgq?@@dg ta, and takes into account, if present,
I nformation that verifies the correctness of at |east part of the netadata.

Q her aspects of the i ;mratpmegs or gievideoitiab genetdtes ahancededdidiot he

witten description and drawi ngs. It should be noted that the audio

met adat a veri f i cathigsirdanh drawitig eorrect metadata and information that verifies
10 the correctness of at least a part of the metadata,;

(3) a process or device that assures that an encoded audio
bitstream has correct metadata and also contains information
that verifies the correctness of at least part of the correct
metadata; and

15 (4) a process or device that decodes an encoded audio
bitstream whether or not all of its metadata is correct, generates
and substitutes corrected metadata, and takes into account, if
present, information that verifies the correctness of at least pai‘t
of the metadata.

20 Other aspects of the invention are set forth in the claims and in the

written description and drawings.

It should be noted that the audio metadata verification information
does not serve the function of providing bit error detection and/or correction.
Bitstreams in which the verification information is carried typically have

25  some sort of bit error detection and/or correction, for example the CRC code
words in an AC-3 bitstream. In aspects of the present invention, the
metadata may be incorrect because, for example, it initially was not set
correctly or, even if initially set correctly, it has changed during transmission

or storage as a result of human intervention or otherwise, not because of bit



does not serve the function of providing bit error detection and/or
correction. Bitstreans in which the verification information is carried
typi cal | ywbave/gsose sort of bit error detection and/ or ecrnsetncon;20f or
exanpl e the CRC code words in an AC-39bitstream In aspects of the present

i nvention, the netadata may be incorrect because, for exanple, it initially
was not eg@irs ¢otrasihigsion, oesteragd. Indecidathy agdio nwtadatalverifieatifis changed
during transm ssion or storage as a result of hunman intervention or

ot her wi sefornutidrewandd moft servethapyurnosetafhis ereogidsicion 05 CRFECONdeed, t he
audi o netadata_verification infoggztion woul d not .serve the<%¥r@ﬁ§e of bit

error dbesgusoit Wrvevihepuinase ing meadat, dh 15 H05GOLr ngi ng
Wout 4 meostaptssiiec Bibpiobcpgestio VABK i orfe Bttt ac "
" o aesidats. deauig tieotsBel alliis WaiE Hif GRS B SRhGRpRasihg; catt on
A ¢ hougriudid S aanek Te BEkbf b RpER SR RIBES e et hes DR T VP e
encoded jauclh 0y Bbh SHRAMiAS bitsehibischiale! Aotddia Sotepopeasbritdiatssafn he

sets of a are el'at ed dynam c range control

net adat gy . ik ﬂlréﬁl%?{,é%i cation information corresponds to correct DI ALNORM
nmet adat a, aspects of the invention are applicable to other audi o coding

systems and tglfblgh ifREaEAbRSsIOT d3pests i inveatioh desdiibgddyeseimshe o her
audi o codi ng systens in which aspects of the invention nay be useful

i nclgde, efvdedbaudibebitsthennbos byD &ty Bi gitala@iCt hrenmrtedbusiceamsthen Wt h
respect to Dolby Digital, the netadata nmay be the downm xi ng netadata in
addi t i orset® of métadataarecthetPEA DNORMEMnshie] ated-dEprainEangs ¢ contr ol
nmetadata (in which case the verification informatiion also relates to or
rel at es inetadeda, and the vasficaiiondiglomation sprrespandsie FPE@Pf on i nformation

my be C]%rLrAsllﬁ\cIiOanl\/It Qneetae a%cgfi gsdpe%ltjsd of the invention are applicable to other audio

coding systems and to other metadata in bitstreams of such coding systems.
15 Other audio coding systems in which aspects of the invention may be useful
include, for example, the Dolby E system and the MPEG-4 AAC system.
With respect to Dolby Digital, the metadata may be the downmixing
metadata in addition to or instead of the DIALNORM and related dynamic
range control metadata (in which case the verification information also
20 relates to or relates instead to the downmixing metadata).

The verification information may be carried in the encoded audio
bitstream in such a way that the bitstream is backwards compatible with
existing or legacy processes and devices. In examples of aspects of the
invention described herein, the verification information is carried in the AC-

25 3 waste bits, mentioned above, that otherwise may carry no useful
information and usually are ignored by standard AC-3 decoders. Other
audio coding systems may have “waste” bits or similar bits that may be
available (sometimes referred to as “null” bits, “fill” bits or the like) and that

usually are ignored by standard decoders — for example, the additional data



bitstreamin such a way that the bitstreamis backwards conpatible with
exi sting or |legacy processes and devices. |In exanples of aspects of the

i nvent i orwoeseviibed herein, the verification informati oRCraseeecnird2in the
AC- 3 waste bits, nentioned above, thH- otherw se may carry no useful

I nformati on and usual ly are ignored by sta d AC: 3 decoder s. er audio
codi ng dieldesachag thaﬁatav%tsc@m E)]ietl%efgrmé\’&%aé'r‘t Méa frEer rﬁjﬁjﬁn&g&};ﬁi | abl e
(sometines referred to as_"null"™ bits, “fill" bits or tPE l kﬁ) and t hat
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I ncor pora y retferéence herein, inits entfrety. The verification
i nf or th]%'ihémbfTﬁgnﬁﬁ, eanl i wHidinpateat Rilkedbs iagdipotatédbyaaferenceuch a
€,

way that it i’'s "hidden.” For exarrHJI) the verification information carried
i n wast ehdtelrs ifiHYs bgtirngr ypted. H ding the verification data has the

advant age that someone who purposely changes a DI ALNORM val ue in an encoded
bi t st r eam wi | Theaesi fidticreinfoymationmayiaten becantied imdhe saceded andixhange,
the verification information. Al though not_every AC 3 franmge.my have

suf filci ebitstoeamdd stwhaa waysthes itcisrthaddenidi Fooexbmpleotheayesficatipns i s not a
probl em when t he DI ALNORM val ue .is constant ove ?f entj.re pr r{am- it is
suf fi ci eimformationtcaragdtinggaste Adtssmay %n%‘éméeiu lfiH}z‘:’eh}e &%aﬁga 98t a bits

to use for the yerification data Alteinatively, Lostead of GaAVORRE e
value in an encoded bitstream will have difficulty in changing, or will not be
able to change, the verification information.

15 Although not every AC-3 frame may have sufficient unused data bits
to convey additional information, this is not a problem when the
DIALNORM value is constant over an entire program — it is sufficient that at
least some AC-3 frames have sufficient unused data bits to use for the
verification data.

20 Alternatively, instead of carrying the verification information in waste
bits that may be encoded, it may be steganographically encoded into the
bitstream using techniques such as those described in United States P.atent
Application S.N. 10/344,388, filed (PCT) August 15, 2001, entitled
“Modulating One or More Parameters of an Audio or Video Perceptual

25 Coding System in Response to Supplemental Information,” by Watson et al.,
published Febrary 5, 2004 as US 2004/0024588 Al. Said application is
hereby incorporated by reference in its entirety. Steganographic encoding
has the advantage that it preserves backward compatibility and also hides the

data. However, decoding and re-encoding the bitstream may not erase or



bits that may be encoded, it may be steganographically encoded into the

bi t stream usi ng techni ques such as those described in United States Patent
Appl I cat iwo 28064.13660/ 344, 388, filed (PCT) August 15, 200PCTASR06I0er02
"Modul ating One or Mre Paraneters ofllan Audi o or Video Perceptual Coding

Systemin Response to Suppl enmental Infoymatio

publ i she&l@iﬁ‘brthar\gcrﬁicalmlri@rmtmd@ﬁ H,prrt?lgg\% &IW&:‘&EE}} Beis
hereby incorporated by reference in its entl rety. Steganographic encoding
has the GigsdyAniget hat it preserves backward conpatibility and al so hides
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Dl AL verification informati on contained In the unused data bits is al so

a const aypgrificaeen data fornhat istdphtpaalikehechilsy when wnlly ioplescans¢arinces of
DI ALNORM verification data in a series of AC-3 frames decreases the

li kel i hoDAATINORNMLssldedsmetliper emcedeil h@k®progranteas i typicanthat a bits.
I f the DI ALNORM neasur enent, netadata generation, and verific II on data
i nser@ i oPIAL NORME vremﬁcauoaanf@mmﬁomgantam@msmi‘/ ¢ yaused l‘l@ta 51§ st ream a

const ant DI ALNORM val ue across entire t hat
case, vedispiaeensantdixasky Jrnn'&@t 695G Eg ?‘1%? %@?B qg;@eg qr}“r anes
(that contain vari.qus .DI ALNORM net adat checkiqng that the
DI AL NCRI\bJ Ber IPétlegAA&t%%é Seﬁleﬁwf %ﬁﬁé ﬁa%‘ﬁﬁ Zi%creases the

likelihood that unused data bits are mistaken for verification data bits.

If the DIALNORM measurement, metadata generation, and
15 verification data insertion is performed in real-time, continuously, on an AC-
3 bitstream, a constant DIALNORM value across the entire program may not
occur. In that case, verification may be performed by analyzing a series of
AC-3 frames (that may contain various DIALNORM metadata values) and
checking that the DIALNORM verification fields placed in the unused data
20  bits, when they are available, match the DIALNORM values. A minimum
number of matching DIALNORM and DIALNORM verification data fields
| may be required in order to reduce the probability that random data in the
unused data fields match the DIALNORM parameter values.
A further aspect of this invention is preferably to allow only approved
25 processes or devices to write the DIALNORM verification data into an AC-3
bitstream. Doing so assures the validity of the verification data. Thus,
although the correctness of the DIALNORM metadata parameter value is not
guaranteed to be correct for reasons such as those mentioned above, the

DIANORM verification data can be used with confidence in its accuracy.



bits, when they are available, match the DI ALNORM val ues. A m ni nrum nunber
of matchi ng DI ALNORM and DI ALNORM verification data fields nay be required
i n order wo 2o@duses2t he probability that random data i n trhe/usausedi2dat a
fields match the DI ALNORM par anet er -al-ues. A further aspect of this

i nvention is preferably to allow only approved processes or devices to
wite tRearfBeAnyeRMhespiobileat om conteat DIALNORNL pammeter dee0nHBENg so
assures the validity of the verification_data. Thuys, .although the
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pr ocessi a“ver pitstream "clears” the verification data
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capabilities is the reprocessing, as explained below). These and
ot her agpes (§nks bRGppryead i20-ehtoder witht louduesenstasaderasnt hadf ol | owi ng
modes for carrying out the invention are read and understood. Best Modefor
Car nyi ngepificdtivn tapabilities iSeased doi the repraceding; as explainethbelay®).corr ect

DI ALNORM and matching verification data This aspect of the invention
relates to crEatsenandiothed-adpbrtssef thennveationakilhbe heties ungerst Spar anet er

val ue and that has matchi ng DI ALNORM verjfication datg.
the following modes for carrying out the invention are read and understood.

Best Mode for Carrying out the Invention
Generating an AC-3 bitstream that has correct DIALNORM and
15 matching verification data
This aspect of the invention relates to creating an AC-3 bitstream that
has a correct DIALNORM parameter value and that has matching
DIALNORM verification data.
FIG. 1 shows an arrangement 100 comprising two elements —a
20 modified AC-3 encoding function or a modified AC-3 encoder (“Modified
AC-3 Encode’’) 102 and a dialogue level measuring function or dialogue
level measurer (“Measure Level of Dialogue™) 104. PCM audio 101 is
applied to both the Modified AC-3 Encode 102 and the Measure Level of
Dialogue 104. The Modified AC-3 Encode may be the same as a standard
25  AC-3 encoder or encoding function except that it is also capable of accepting
DIALNORM verification data and inserting it in the AC-3 bitstream in some
suitable way, as discussed above. The Modified AC-3 Encode provides a
backwards-compatible AC-3 bitstream output that includes DIALNORM

verification data. The Measure Level of Dialogue 104 analyzes the input



FIG 1 shows an arrangement 100 conprising two elenents - a nodified AC 3
encodi ng function or a nodified AC-3 encoder ("Mdified AC-3 Encode”) 102
a'rlld a di avogo@/118061 neasuring function or dial ogue | eveCTrsa®dner202
("Measure Level of Dialogue”) 104. PCB*+audio 101 is applied to both the

Nbdif!ed AC-3 Encode 102 and the Measure Level of D al ogue 4. e
Modi f i eBCAL; Bompnde thmgotrect REAS NG RIM ‘éalﬁ@aﬁﬂétsénd@lt?)(g"éﬁébgértogﬁeencodi ng

function except that it is also capable of accepting DI ALNORM verification
dat a anModified Akiy3iEncede h82AC-3 bitstreamin sone suitable way, a

b R L

X?:l geénéggicné(ﬁ%:;atz tggﬁﬁf@ f elef\igyt(?fetﬂ%d%wébg/&w g?lf(‘:ﬁaé}gt %é&ﬁ?l 1Eor gal

o S SR By SR R o gl el
cigé&%ﬁgels %}?égﬂziﬁ? ﬁ@rg@i@?ﬁgﬁ%e Biuldso RV &) Ladé eheahofEbitd audi o

frame iS4 _ _ audio 1s to code, the nore bits that
are useg 40, RGNS ALHieVE b 18vellbRybalityaned tigreadrerthetfoe/d ity that fise t hat
are unused 1n e codi ng process and avail able for carrying DI ALNORM

verifi C%Hu@@d‘i'ﬁgﬁe Cﬁaﬁﬁgpﬁé@gg!ahdtd\aﬁla@le for omhreing DIAMINORM therefore
have nore unused data bits available for storing the DI ALNORM verification

data. ThepEi@ition afta0pAudivkignals thas efelsimpthetitbiapalei will thencheradaNe i ed AC-3
encoder is the capability to specify a mninmumnunber of data bits that the
encadi ngnoreogaasedvilhta ivs avsidallerfon gtaning the PIAGNER MycefgrflORunber of

bits required to convey the DI ALNORM verification data (as,.degcyjbgd

bel ow% , dmm?.ﬁa"slmlrgfql'e; ail fxpm@n@bdwtmﬁéld r@@dﬁ%ﬁtm %@\W@@lﬁ@#@@-gr no

| mpact on e quality aof_the cod audi ' | . |

104 encoder is the cgpablhty to specel a mirﬁmslll nrzliumbg:/%e 5t dafa %ﬁ\sl%lllatqheu al ogue

encoding process will not use during encoding. Given the small number of
bits required to convey the DIALNORM verification data (as described

15 below), purposely retaining some unused data bits may have little or no
impact on the quality of‘the coded audio signal.

Measure Level Of Dialogue 104
A measure of the loudness level of the dialogue may be performed by

first isolating segments of the audio content that predominantly contain

20 speech. Such a method is described in United States Patent Application S.N.
10/233,073, of Vinton, et. al., entitled “Controlling Loudness of Speech in
Signals That Contain Speech and Other Types of Audio Information,”
published March 4, as US2004/0044525 A1, which application is hereby
incorporated by reference in its entirety. However, other methods may be

25 used. The audio segments that predominantly are speech are then passed to a
Joudness measurement algorithm. In AC-3, this algorithm is a standard A-
weighted power measure. Other loudness measures may also be used

including standard B- or C-weighted power measures, or those based on



A nmeasure of the | oudness |evel of the dialogue nmay be perforned by first

| sol ati ng segnents of the audio content that predom nantly contain speech.
Such a newbadodu3@escri bed in United States Patent Appl PCattiSeons811902

10/ 233,073, of Vinton, et. ah, entitlldd "Controlling Loudness of Speech in
Signal s That Contain Speech and O her Types of Audi o Informtion,"”

publ i shedybhoatoukticamodst0ofl@nineses The powiet measpre iacalsnlatedner eby
incorporated by reference in its entirety. Hg e ot her nmet hods nay be
used. Tirelatiwdito awegudin dlgltﬂétfuﬂrw&rﬁﬂ)&nwwe&&%\ggeqéch are then passed to a
| oudness neasurenent algorithm In AC3, this al H%i thmis standard
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of the a present. If the nethod is operating on a

cont i nuous bifrghe easthodeisieratiag oa 4 tontirubesbitstieats trathemthanias
measur enent may be continuously updated and nmay represent the | evel of the

di al oguefinft@lewthrtitstrediny thipnyedsheemant nisgnbe eontigsously updatedtaistl i s
operating on a pre-stored, finite length bitstream (such as_an audio file

storied omag represeni sk levdlaf thaeizloguee for expraplandpr valy e lastdewnd a
singl e DI ALNORM val ue conputed. MdifiedAC-3 Encode, 102 The i nput audi o PCM
i s encocsstonsisndf thvdiniétbad AcopesitngiPA@ PlfﬁaStQﬁésg{lH@ q%’é&@ﬁ@éﬁ?%}%w
Corpr 6as{sbahm AR AIpEIHOTE) S B HHk Bgn Lhe entie Progrart Hay be
analyzed and a single DIALNORM value computed.
Modified AC-3 Encode 102
15 The input audio PCM is encoded using modified AC-3 encoding that
uses the computed DIALNORM value(s) to set the bitstream DIALNORM
and related dynamic range compression metadata parameters. The Modified
AC-3 encoding may be the same as normal AC-3 encoding except that an
additional loudness measurement function or device 104, as described above,
20  explicitly and correctly measures the DIALNORM parameter value and
provides it to the encoder for inclusion into the bitstream. The modified
encoder also creates and inserts DIALNORM verification data in the
otherwise unused data bits of the AC-3 because, in this example, an
approved DIALNORM measurement process has provided an objective
25 measurement. The AC-3 bitstream produced by Modified AC-3 Encode 102
preferably conforms to the standards of an AC-3 bitstream defined in the

above-cited A/52A document, making it backwards compatible with existing

AC-3 decoders.



AC- 3 encodi ng may be the sanme as normal AC-3 encodi ng except that an

addi tional | oudness neasurenent function or device 104, as described above,
explicitlwoanah/asreeect | y neasures the DI ALNORM par anet epcralsa@ecanctopr ovi des
it to the encoder for inclusion intelhe bitstream The nodified encoder

al so creates and inserts DI ALNORM verification data in the ofherw se unused
data bits of If e MddifiedcAGs8, Encodenalso desrthe eapahilityfiosnegiiy el NORM
measur enent process has provi ded an objective nea urerre The AC-3

bi t st r e aminmmeKhs ¢ b %mms@dmmtﬁﬁ tsaean be 1 (ifbwh@&gh%gto t he
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audi o co |ng process proceeds as usual. Format of DI ALNORM verification

data I nqreerTApr VIERIDIAANIRWVBITR) eadithe alidia codibe proesssifroededsasi | y

and rea 1’—rom an—AC-3 bitstreamw t hout decoding, it 1s useful for the data
to have g wi@jdefined format. FIG 2 outlines a suitable format for storing
the DI ALNORM verification data in a byte-aligned way that sinplifies

| ocapi ng and readi ng tRermat af iDobh NORMderg IgCagt®it stream (either in a
real -time AC-3 bitstreamor an AC-3 bitstreamfhat is ator d as digital

file). The fdmnederdonthe PIALNQRNhyewiikationslatate bﬁ"d epHNGdAASEY As shown
" and read from an AC-3 bitstream without decoding, it is useful for the data
to have a pre-defined format. FIG. 2 outlines a suitable format for storing
the DIALNORM verification data in a byte-aligned way that simplifies
15 locating and reading the data from an undecoded AC-3 bitstream (eitherin a
real-time AC-3 bitstream or an AC-3 bitstream that is stored as a digital file).
The format is not critical and other formats may be usable. As shown in
FIG. 2, the example format for DIALNORM verification data consists of
several consecutive bytes. The first byte is a predefined DIALNORM
20 verification header byte. This header byte may take any value, however a
non-zero value (similar, but not the same as the AC-3 SYNCWORD) is
preferred because the unused data bits may have been initialized to zero
values in other AC-3 bitstreams. Following the DIALNORM verification
header in this example, data bytes are used to convey DIALNORM
25  verification and additional optional data. Because the standard AC-3
DIALNORM value is comprised of five bits, one data byte provides three
additional data bits and two data bytes provides 11 additional data bits. The
use of two DIALNORM verification data bytes is shown in the example of

FIG. 2. These bytes may be used to store information such as the type or



FIG 2, the exanple format for DI ALNORM verification data consists of
several consecutive bytes. The first byte is a predefined DI ALNORM

veri fi catwonotwasmse byte. This header byte nay take anyPealuseqochoizeyer a
non-zero value (simlar, but not thelsame as the AC-3 SYNCWORD) is

preferred because the unused data bits may have heen _jniLialjzed to zero
val ues wersibher 16adBets algordshmsusabpr othergnformnaionndiha h@ i #’Y@at i on header
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verific , two Internediate data bytes and a CRC byte)

passing a CRQ\gRecksbad paédiolisly, iPutaedifhal diG-Guasatiepresérvesly, if a

nodi fied AC-3 encoder reserves sufficient unused data bits to contain the
DI ALNORMeie drit @fuised ddsd bitsgo\comtainethet DIALIN@RM verifécation B3, 2, this
requires only four bytes or 32 bits for each 1792 byte AC-3 data frane,
whi g caqrivesphedsucturerdutlieddndfIG .1 thin quitasonlxsiouribyges aes2ditsac. 3
bitstream has correct DI ALNORM and matchi ng verification datg Another
aspect dbr_tdaehihﬂQé’nbyt@nACﬁabé&ﬁamCIWhﬂCh REITOP Y] 9813{1624? &C- 3
bi t st reatmtllsd c;‘[orrect and that the bitstream has matching
otal data.

Assuring that an AC-3 bitstream has correct DIALNORM and
matching verification data
15 Another aspect of the invention is assuring that the DIALNORM value
in an AC-3 bitstream is correct and that the bitstream has matching
DIALNORM verification information. This aspect of the invention is set
forth in the exemplary flowchart of FIG. 4. As explained below, either all of
the FIG. 4 process or subsets of the FIG. 4 process may be employed. Such
20 processes or devices employing steps of the processes may be useful, for
example, in the transmission or storage of a bitstream, subsequent to the
creation of a bitstream by a content creator and prior to a final decoding of
the bitstream for a listener. It will be understood that the steps of FIG. 4 or
subsets thereof may represent portions of one or more processes or may be
25 functions performed in one or more devices.
The steps of FIG. 4 may be performed on a bitstream that represents
the audio of a finite length audio item. For example, an audio item
consisting of a television program or advertisements that is stored in digital

form on a file server or otherwise. As used herein, an “audio item” is a



DI ALNORM verification information. This aspect of the invention is set
forth in the exenplary flowhart of FIG 4. As expl ained bel ow, either all
of the FIVD 21oqnsmess or subsets of the FIG 4 process mray/useoosnpi2oyed.
Such processes or devices enploying-dt’eps of the processes may be useful,
for exanple, in the transni ssion or storage of a bitstreﬁ]t supsequent to
the cresbhtinuofis pitid of aedio informetiongfer exampls, 2 SpEoRst 1algVISiPN nal
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bitstreamof AC-3 frames, for exanpfggazcontinuous AC-3 bitstream
representing the audio of a television station or channel. Testfor

Exi stence of A AhHQRMNVEIG! i cilel farst BedppeFoemedQiteyf 461 )Gs 6 determige 3) As
shown in FIG 4, the first step perfornmed (step 401) is to determ ne

whet her vhetheP ACNORIAENCR M Vesificddba dathsixists inan envooeddALE33
bitstream FIG 3 shows an exenplary flowhart for perform ng such a check.
As gbowbitstrdang FIG.thshowpan exenaplaszBwalas for perfosaing WifBIR can be
processed on a frame-by-frame basjs. Because the |ocation of unused data
bits wi tdlieckanAsshowi anBIGs3kiwwnputds py Abt3 sedie bistream, Fauch GAthn
exhaustive search _of an entire_ fra Qr bjtstream: the search y begin at
the st arhe procassed atisk rapre-9ysiamepasis. sn&he Jggakiany P’H‘éSﬁALNCRM

data bits within an AC-3 frame is known, it is not necessary to perform an
exhaustive search of an entire frame or bitstream — the search may begin at
15 the start of the unused bits section or sections. Although the DIALNORM
verification data consists of consecutive bytes of data, this data may or may
not be byte aligned with other AC-3 frame data. Therefore, the first step
(step 301) in the process in FIG. 3, “READ DATA FROM BITSTREAM,”
may require reading the data bit-by-bit and constructing consecutive bytes of
20 data from each bit read.
In step 303 of the example of FIG. 3, each byte of data read from the
AC-3 frame is compared to the pre-defined DIALNORM verification header
byte. If a byte does not match, more data is read and another byte
comparison is performed. If the byte value matches the header value, then
25  the consecutive bytes of data following the matching byte are read. If the
byte matching the verification header byte is near the end of the AC-3 frame,
as determined in step 302, and three bytes of following data are not
available, the search for data is aborted. The four bytes (including the

matching verification header byte as outlined in FIG. 2) are used to compute



verification data consists of consecutive bytes of data, this data may or
may not be byte aligned with other AC-3 frame data. Therefore, the first
step (stewo20dey118082t he process in FIG 3, "READ DATA FRENTRBISI®ERERM " nay
require reading the data bit-by-bit-aBd constructing consecutive bytes of
data fromeach bit read. In step 303 of the exanple of FIG 3, each byte of
dat a r eaRCochddkeinAep F04ankf the CRAbehenk passesdsieped Ok themths ALNORM

verification header byte. If a byte does not matc re.data is read and
a 2 Iot her Pgﬁ[d:l ﬁlﬂm{hvbﬂﬁcatmnp?{a exigg andfthe @@@Bﬁg@rﬁﬁ% t he header

val ue, then the consecutive bytes of data follow.ng the hing byte are
[ﬁ:dAcl gni?mmabmmn@gt%mrﬁgleﬁ’ﬁéWmﬁc&tamt%%%é?g%}lf@ E@%ﬁ%ralpglp end of

- rane, as | i

dat a ar oot WhadierARaL NWRVE Lariticorn pata e icd Diautral P4 es”

(i nclsudl ng the matching verificatioz Q§ftder byte as outlined in FIG 2) are
used’to conputea CRC check in step 6 7 1f the CRC check passes (step 305),

t hen the DI Al M ver.i f | ' i e .
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(202 LRl (i B e Mt e N e o data

exi sts (v{tgéhef'ﬂ%eﬁﬁcaﬁgﬂ Fd natthes BexA GReDIASINORMyalus. tAs det er ni ne

whet her e yerlflcatlon data matches the AC-3 DI ALNORM val ue. As shown in
FIG 9, swi REPBSe9, by difiwisséd fiomhet belowctheilovation ahdrfisamagiofithe nor nal

DI ALNORM data is known and can be read easily fromthe AC3 bitstream The
e e e o Carmar 20 114 e Yaica Tt Chen s
e e a6 e SR SO LB Mg e e
Pt eoif'en]gl]gat}/oarll ]%%?&LWI%}(I)I%(\%/I S/glrlllsels%%&: itsoa simple numeric comparison. If
the values match, then the normal DIALNORM value is correct and no
further analysis or processing is required. The values may be considered to
15 “match” sufficiently if the absolute value of a difference between the two
values is less than a threshold. If desired, this threshold may be set 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
20 possibility that the difference between the DIALNORM value and the
verification value would degrade the quality of the audio information during
playback. A threshold value of three (3 dB) may be suitable for many
applications. The AC-3 bitstream output may be stored, transmitted or
decoded.
25 Correcting Normal AC-3 DIALNORM Data
with DIALNORM Verification Data (Step 403)
When the DIALNORM verification data is extracted from the AC-3
bitstream and does not match the normal AC-3 DIALNORM metadata (NO

output of step 402), then the DIALNORM metadata is updated with (i.e., it is



"“match” sufficiently if the absolute value of a difference between the two
values is less than a threshold. If desired, this threshold my be set
equal to wenogé/tsic2i n preferred inplenmentati ons a threskrorasc@eohrsen to
bal ance a tradeoff between the accurd®y of the netadata paraneters, the
cost of the conputational resources needed to inplenent the present
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dynam c P4 ressron 1 nfornmation ould be analyzed and if it is

corr ect qeplily of BiciPhfilHaRMiSehadaidutia st gilalied Rddicbeloty lhe dynan c

range conpression irntornation is’incorrect, then it should al so be updated.

The det @ighpepfiof Weith ake § sheowitd4 LY oEHIGH 4GS ai6teadnd Ochher bel ow in
connection wth steps 409 through 413 of FIG 4, FIGS. 6a, 6b and 9c).

Ver ithi cationDat a Not JigrifibetiokciRimi Not iretira HCASNKIRVIrddmadat a Correct (Steps
404-407) As shown in the exanple of FIG 4, if the DI AL M verification
data i s not contai nBAALNMRM Metadata Gprreet 636eps 404p44d) NO out put), then

As shown in the example of FIG. 4, if the DIALNORM verification
data is not contained within the AC-3 bitstream (step 401 NO output), then
the AC-3 bitstream is decoded to PCM without applying the DIALNORM

15 parameter and the related dynamic range control parameters (because those
metadata paramaeters may be incorrect) so that the decoded audio content is
at the same level as that input to the encoder that was used to create the
bitstream) (step 404). The loudness of the dialogue is then measured to
determine the correct DIALNORM level (step 405). This measurement may

20 be accomplished by the device or function of the Measure Level of Dialogue
104 described above. Following measurement of the level of dialogue in
step 405, the measured value is compared to the AC-3 DIALNORM
metadata in step 406 (details of such a comparison are given below). As
shown following the YES output of step 406, if the normal DIALNORM

25 metadata is correct, then the only action required is to format and store the
DIALNORM verification data in the AC-3 bitstream (step 407).

As discussed above, the number of available unused data bits is
dependent upon the complexity of the audio and some AC-3 frames may not

have sufficient unused data bits to store the DIALNORM verification data in



the AC-3 bitstreamis decoded to PCM w t hout applying the DI ALNORM
paraneter and the related dynam c range control paraneters (because those
nmet adat a warametigreg nay be incorrect) so that the decodedraisdeos/ocnt ent i s
at the same |evel as that input to the-encoder that was used to create the
bitstream) (step 404). The |oudness of the dialogue is then asured to
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based on the magnitude of subband exponents, is disclosed in a United States
Provisional Pateﬁt Application of Brett Graham Crockett, Michael John

15  Smithers, Alan Jeffrey Seefeldt, Attorneys’ Docket DOL157, filed the same
day as the present application. Said Crockett et al DOL157 application is
hereby incorporated by reference in its entirety.

FIG. 5 shows an example of an arrangement 500 for practicing various

subsets of steps 404 through 413 of FIG. 4. As shown in FIG. 5, AC-3

20 | frames 501 are decoded by a modified AC-3 decoding function or decoder
(“AC-3 Decoder”) 502 into digital audio 503. During the decoding of the
AC-3 frames by AC-3 Decode 502, the DIALNORM parameter and
dynamic range compression information, although recovered for potential
other use, as described below, are ignored for the purposes of the audio

25  decoding so that the decoded audio 503is at the same level and has the same
dynamic range as the input to the encoder that was used to create the
bitstream. A dialogue level measuring function or dialogue level measurer
(“Measure Level Of Dialogue™) 504 receives the decoded audio 503 and
calculates the level of the dialogue 505. The Measure of Dialogue 504 may
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25

frames with a sufficient number of unused data bits are modified such that
the unused bits are updated to contain the DIALNORM verification data.
Alternatively, the decoded audio produced by AC-3 Decode 502 may be re-
encoded, reserving a sufficient number of unused data bits to insure that
verification data fits in each frame (in which case the Update Bitstream 506
includes a modified AC-3 encoder such as Modified AC-3 Encode 102 of
FIG. 1).

More specifically, in performing step 406, the Update Bitstream 506
compares the measured level of the dialog with the level of the dialogue as
indicated by the DIALNORM parameter. The DIALNORM parameter has a
range of -31 dB to -1 dB inclusive, in 1 dB increments. If the measured level
of the dialogue is within that range and is different from the value of
DIALNORM from the bitstream, the DIALNORM parameter is
conditionally updated with (it is “conditional” upon determining if sufficient
unused bits are available to carry the verification information) the measured

level, rounded, for example, to the nearest 1 dB. The measured level of the



dynam c range control information. In performng step 407, Update Bitstream
506 al so searches the AC-3 franmes for unused data bits. AC3 franmes with a
suf f i ci enworoosbiesosdf unused data bits are nodi fi ed suchpchats2adeeiznzsed bit
are updated to contain the D ALNORMpRerification data. Alternatively, the
decoded audi o produced by AC-3 Decode 502 may be reencoded, reserving a
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data bits, they are replaced with the DIALNORM verification data,
indicating that an accurate and approved loudness measurement process has

15 taken place and that the DIALNORM value embedded in the AC-3 bitstream
is correct.

Verification Data Not in the AC-3 Bitstream
DIALNORM Metadata Incorrect
Loudness Within DIALNORM Parameter Range (Steps 408-410)

20 As shown in the example of FIG. 4, if verification information does
not exist (NO output of step 401) and the existing AC-3 DIALNORM value
is incorrect (NO output of step 406), then it should be determined whether
the measured loudness level is within the valid range of the DIALNORM
parameter (step 408). The DIALNORM parameter does not have sufficient

25 range to convey the level when the measured level of the dialogue 505 1s
outside the valid range of the DIALNORM parameter as allowed in the AC-
3 bitstream. That is, the measured level is less than -31 dB or greater than -1 |

dB. If the DIALNORM parameter has sufficient range to convey the level



DI ALNORM par aneter, Update Bitstream 506 al so searches for unused data bits
in each AC-3 frane. If a frame contains a sufficient nunber of unused data
bits, theyoan®/rskaced with the DI ALNORM verification earaS2ecadirati ng
that an accurate and approved | oudr@8s neasurenent process has taken pl ace
and that the DI ALNORM val ue enbedded in the AC-3 bitstreamis_ correct.
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step 401) and the existing AC-3. D ALNORM val ue i s incortect (NQ output of
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changed and the DI ALNORM vegiigeatD il MeRad/i6G2rted. As noted above, the
exanple of FIG 6a is a variation of the Update Bitstream 507 of FIG 5
thap i s usefThe faluepef floe BIAGNORNM gaanidor istextracteddiiom dre £A033 6a may be
described as follows. Extract D ALNORM 602 The val ue of. t he DI%LINO?M

par anethitsticanexas audieatedrloyFIGS. Acusl 6a — the undecoded bitstream 1S

applied to the DIALNORM-extracting device or function 602 (“Extract

DIALNORM?” 602).
Determine Dynamic Range Compression Profile 604

15 As shown in FIG. 6a, a dynamic-range-compression profile-
determining device or function (“Determine Dynamic Range Comp. Profile”
604) receives the DIALNORM parameter value extracted from the
undecoded bitstream and the output of the AC-3 Decode (502 of FIG. 5) and
determines a dynamic-range-compression profile. The dynamic-range-

20 compression metadata in an AC-3 frame represents gain changes that can be
applied to the audio content during decoding. That metadata exists as two
different parameters. The COMPR parameter in the Bitstream Information
(BSI) has a range of -48.14 dB to +47.88 dB and is a scaling that is applied
to a whole frame of audio. The DYNRNG parameter, one in each Audio

25 Block (AB), has a range of -24.06 dB to +23.94 dB and provides a means for
independently scaling each block. One or neither, but not both, of these
parameters is used in the decoder, depending on the decoding mode.

As mentioned above, the COMPR and DYNRNG parameters are
calculated during encoding using the DIALNORM parameter and none or



bitstream as indicated by FIGS. 5 and 6a - the undecoded bitstream 501 is
applied to the DI ALNORM extracting device or function 602 ("Extract

DI ALNORM'wOeQa)e/11Bester m ne Dynam ¢ Range Conpressi on Profciraise@é/of0shown in
FIG 6a, a dynam c-range-conpressi or4profil edeterm ning device or function
("Determ ne Dynam ¢ Range Conp. Profile" 604) receives the DI ALNORM

par anebae ofa n&nﬁ)drmfd}etmmioomm@e&mnmwmjpmﬁl@& dzaehapiofilee out put of
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paraneters. This is best acconplishe . . . .
the bitstream, an arbitrary profile may be chosen (including disabling

dynamic range compression all together), or the profile may be inferred from
the original COMPR and DYNRNG values in the bitstream. Inferring the

15  profile may more closely match the content creator’s original intent with
regard to dynarnic range compression.

In Determine Dynamic Range Compression Profile 604, the decoded
audio 503 and the original DIALNORM value 603 are used together to
calculate multiple sets of COMPR and DYNRNG values — one set for each

20 profile that is known to exist in AC-3 encoders. The index number of the
profile whose set of COMPR and DYNRNG values most closely match the
COMPR and DYNRNG values in the original bitstream is output as 606.

If this method is operating on a continuous stream of frames, the

profile index may be continuously updated. For example, it may represent
25  the most likely profile for several previous seconds of frames.

It is possible that the estimated dynamic range compression profile is

not the same as the profile originally used. Therefore it may be desirable to

update the DIALNORM and dynamic range compression information only if



wi th know edge of the dynami c range conpression profile used to calcul ate
their original values. Because information about the profile is not present
i n the biwetn@armgosan arbitrary profile may be chosen (i mciraszovg/odizeabl i ng
dynam c range conpression all togethe&5- or the profile nmay be inferred
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DI ALNORM val ue is greater than a threshold, as nentioned above. Calcul ate

New Dyna3i3 (withoat tné otdBIIAJINGORMPahd mhytnianm caangedorepressmincapplied New
Dynam ¢ Range Information") 607 cal cul ates new dynam c range jnforpmation.
The 1oeastorit), aind: the newdI1ALNOBM tvaduel (rovsgied ﬁb%) amew ssi of COMURed and
becones the new DI ALNORM val ue. A rounding to the nearest 1 dB has been
found usad BYNRNGugslueritdS aregalcelated.cal . Using the profile index 606,
t he decoded audi o 503 (w thout_the %,d DI ALI\%/I and dynam c range

conpr essi on appl i ed Repack Bitstream

A bitstream repacker or repacking function (“Repack Bitstream™) 609
receives the undecoded AC-3 bitstream 501, the COMPR and DYNRNG

15  values 608 and the measured dialog level 505. As above, the measure of the

true level of the dialogue 505 is rounded, for example to the nearest 1 dB,
although this is not critical, and becomes the new DIALNORM value. The
new DIALNORM value and the new COMPR and DYNRNG values are
updated in the undecoded AC-3 bitstream 501. Additionally, if sufficient
20 unused data bits exist, as determined in the Repack Bitstream 609, then the
DIALNORM verification data is used to replace some or all of the unused
data bits. The new updated AC-3 bitstream is output as a new bitstream 610.
Details of Repack Bitstream 609 are set forth in the example of FIG.
7, which may be described as follows.
25 Determine Available Space 701
A function or device (“Determine Available Space”) 701 identifies all
unused data bits that can be used for updating the COMPR and DYNRNG
values and for including the new DIALNORM verification data. Both the
COMPR and DYNRNG parameters each require 8 bits in the AC-3



toit), and the new DI ALNORM val ue (rounded 505), a new set of COWR and
DYNRNG val ues 608 are cal cul ated. Repack Bitstream 609 A bitstream repacker
or repackwogodamsiszon (" Repack Bitstream') 609 receivesprChasavdacrded AC- 3
bitstream 501, the COWR and DYNRNG-\28l-ues 608 and t he measured di al og

| evel 505. As above, the nmeasure of the true |evel of the djalogye 505 is

r ounded bifstreanxafpch aosurteacaaditbese parmnetars hes greanditional Heist it cal |

d b th DI ALNCRM va| ue. Th | AL ! .t
COVPR oAt eV RERE OMEB pamenaipaares COMAR T Hegebabdl Acs by tidicaam 501
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he. CoMIE SRR S B e 8 e ver 11 cat on
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AC- 3bi tstream Each occurrence of these paraneters has a conditional

"exi st s"frihads sEheo COVRR her dsider rbasesatheMYRRN Gy albafiomftheet to 15
i ndi cates that a COVPR paranmeter follows in the bitstream Simlarly, each

DYNRNG pgaeeimishblocks Ehi®GuR@Eohhbprastace of COMPRantd DIYRMNEes that a
DYNRNG paraneter follows in the bitstream |If the DYNRNGE flag in the first
bl 0aR ofparahretens inscavht frameaneahs thatthedotad auimbesohbys aseddt i al  DYNRNG
value of QdB. If the DYNRNGE flag in any of blocks 1 to 5 in a frane is set

to 0, tHeOMRR ged SYENRH(5BEWY HADYNRNG val ue from the
Because the total number of bits required for the new COMPR and

DYNRNG values may be greater than the total number of bits used by the
old COMPR and DYNRNG values (because the existence and values of

15 COMPR and DYNRNG are dependent upon the value of DIALNORM), it is
necessary to determine if there are any unused bits in the frame. These
unused bits can be used for the new DIALNORM verification data as well as
to move information within the AC-3 frame to make room for the additional
bits required by the new COMPR and DYNRG values.

20 Reduce Dynamic Range Compression Information 703

A function or device (“Reduce D.R.C. Information”) 703 receives the

identification of unused data bits 702 and calculates new dynamic range
information 608 in order to reduce the number of bits required by new
COMPR and DYNRNG values if the total number of bits for these values is

25 more that the sum of the unused bits plus the total number of bits used by the
old COMPR and DYNRNG value. The output of function or device 703 is
the new COMPR and DYNRNG values, as may have been adjusted in view

of such bit requirements.



previ ous bl ock. This conditional presence of COVPR and DYNRNG paraneters in
each frane neans that the total nunber of bits used by COWR and DYNRNG may
vary. BeocwoO=eodhsoskot al nunber of bits required for thePoewSSOWER20Nd
DYNRNG val ues may be greater than the&7t-otal nunber of bits used by the old
COVPR and DYNRNG val ues (because the existence and values of COVWR and i NG
are dependenfTherens arvonstrain that existautrngach AG-3 fiawes SBIG. 92 SHeWSr ni ne i f

there are any unused bits in the frame. These unused bits, can be used for
t he newt®bAaRNp@RdaTieSR the A/ ﬂgtsafr@me\mqn 1 @Q‘?ﬁ%ﬁﬁgﬁ’ﬁeﬁi thin
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and %YNMW?&F%‘%M} ﬁlet 5/@3 tgﬁﬂ %&ﬁﬁl@%@? g?ﬁ{se @%rrn teke.ge v;ﬂeges I's nore that
covpr e BERERT MR vaheR ifnidio BRicks QIR istyeatdrthiAtHo B 08 0
COVPR agg% tﬁsﬁ%ﬁggsg&# 5ta Bty TR LIRS BIBERS 0Astid!$ ttds e Mumberfofbieh bi t

require constraint that exists for each ACG-3 franme. FIG 9a

shows t el ORIV NRNG!ieud & iudip Blouks henddatberitdolluvpoundar y
bet ween Audi 6 Bl ock 1 and Audi o Bl ock 2 (AB1l-AB2). The constraint is that

e, nardlar ookl fnmdStodS e mspyek et bt Bl o L
For 10he VIR 65503 fimme bondaxy, Bl docarsd then thameaber ofis t he- sum
of the unused Skip Data bits in Audio Blocks 0 and 1plu he nber of bits
used by reqaireddDiNRNSWRIYISBN G valaesisb Q)aa& d Q’}O‘ﬁﬁé?? QIHJUICG b ows
This can be performed in a variety of ways.
A suitable method is first to analyze the new DYNRNG values and
DYNRNGE flags for Audio Blocks 0 and 1. If only the new DYNRNGE
15 flag in block 0 is set to 1, then this flag is set to 0 and the new DYNRNG
value of block 0 and block 1 are set equal to zero. If only the new
DYNRNGE flag in block 1 is set to 1, then the flag is set to 0 and the new
DYNRNG value of block 1 is set equal to that of block 0. If the new
DYNRNGE flags in blocks 0 and 1 are set to 1, then two comparisons are
20 performed. If the absolute difference between the new value of DYNRNG
for block 0 and 0 dB is less than the absolute difference between the new
values of DYNRNG for blocks 0 and 1, then the new DYNRNGE flag for
block 0 is set to 0 and the new value of DYNRNG for block 0 is set to 0.
Otherwise, the new DYNRNGE flag for block 1 is set to 0 and the new
25  DYNRNG values for blocks 0 and 1 are set to the minimum value of
DYNRNG from block 0 and 1. This reduces the number of bits required for
the new DYNRNG words by 8 bits. If one of the block 0 or 1 DYNRNGE

flags is set to 1 and further bit reduction is required, then the process above

is repeated. After any bit reduction is completed, the new DYNRNG value



that making roomfor the additional bits may push the ABl- AB2 boundary
beyond the 5/8th' s franme boundary. If this occurs, then the nunber of bits
requi red W9 20éve118@% DYNRNG val ues in blocks 0 and 1 showca/useoos@tizoed. Thi s
can be perforned in a variety of ways28-A suitable nethod is first to

anal yze the new DYNRNG val ues and DYNRNGE f| ags for Audig Bl ocks 0 and 1.

| f only fohblodw] Dynangsreddg tha W%B(YNRNCS@@ uector blogleR. tHithes¢ ag i s set

to O dth DYNRNG val f .1 t

1 only vah @Smg%wmm neuONNBRGR Hag Sosbfods i3 sehard. i@ﬁ%“a@ s set
to 0 and DYNRNG val f. Pl ock | ock O.
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conpari so are perfaorned. If the absolute difference between the new val ue
of DYNRNE %or block 0 and 0 dB is less than the absol ute difference between

blach 0 YZ": M@ﬁ%{ AT %ﬁﬁ*;q obsgHga ks Of! A BrGHs T 29
Q her w ABqu QKQWMH@ an@ DYNRNG valusels ﬁ1%r9 tRAdheh@im®f DYNRNG

val ues are set to the mni num val ue of DYNRNG from bl ock

0 and 1. Heos1dt ONPR B WG wor ds
by 8 bi ttgw@sgﬁgdigfﬁl s?ﬁg&%%ﬂé@%ﬂ%fg&i’%%ﬁ%ﬁ&%@?%s Is set to 1 and further

bit redupyNIRNG \f&ﬂﬁé‘ﬂi rthen it ﬁeﬂieddseangr eceshicelihe ewinsbeeptbitedequiredr any
bit reduction is conpleted, the new DYNRNG val uefor block 1 is conpared to

t he new Byl Wi%&l%rﬁ@tersbl’ﬁhis &an bé pebfrrmediue vasiety efjwedys.t he new
DYNRNGE flag f lock 2 is set to 0. If the new DYNRNG val ues are not
equalo, the nei dytdRiSE¢thad ikdo lobkak the newsEtYNRNGvaue&ang at the whole
frame of six blocks; if the total nunber of hits_ required for the new COWR
and DYNRRENRNGE ﬂagsmemsmsrthc sméughm%lf%kﬁénmﬁ@w %ﬂ(f grouRithe he t ot al

nunber of bits used by e old COVWPR an
blocks into reglons w ere each reglon represents a block with a DYNRNGE

flag set to 1, or the first block if the block 0 DYNRNGE flag is set to 0, plus
any following blocks with DYNRNGE flags set to 0. It follows that the

15 number of regions could be as low as 1, where either all blocks have no
DYNRNGE flag set to 1 or the first block only has an exists flag set to 1, or
the number of regions could be as high as high as six, where every block has
a DYNRNGE flag set to 1. The value of DYNRNG for each region is
compared with the value of DYNRNG in each adjacent region. The adjacent

20 pair of regions with the closest values of DYNRNG are then combined into
one region by firstly setting the DYNRNG values in both regions to the
minimum value of either region and secondly setting the DYNRNGE flag of
the second region to 0. This reduces the total number of bits required by the
new COMPR and DYNRNG information by 8 bits. This process is repeated

25 until the total number of bits required for the new COMPR and DYNRNG
values is less than or equal to the sum of the unused bits plus the total
number of bits required by the old COMPR and DYNRNG values.

As indicated above, it is possible for all of the unused data bits in an

AC-3 frame to be used for the updated DYNRNG and COMPR parameters,



DYNRNG val ues, then it is necessary to reduce the nunber of bits required
by the new paraneters. This can be perforned in a variety of ways. A

sui t abl e wetzb@id18®2t 0 | ook at the new DYNRNG val ues andPDYNRbi@E/0f12az)s
across the six Audio Blocks in a fra®®-and group the bl ocks into regions
where each region represents a block with a DYNRNCE flag set to 1, or the
first bitedebyfleavingmocnusedbiimnoE the AP ALNERM yeolfigation &a{@- % | owi ng

bl ocks with DYNRNGE fl ags,  set to O.th éollovvs t hat th@kpnu r of r.egions
coul d béiseussedvpaeviouslihdhis isi exnacted angdoer Hoh 46AueE tiskgsRBENEF3 9fset to 1

or the first, bl ock an exists flag set to. 1 or .the n r,of

| egi ons 1B¥RIFPL ezl%fi‘gié{‘agi’[h‘f 1%831%1? dat &1(938 e%%q{eﬁggﬁgfﬁNRNGE
flag set to 1., The.val ue of DYNRNG for each region is conpared with the
val ue oﬂ“ﬁ?ﬁf&%ﬂ@%ﬁ“é&éﬁﬁadj acent region. The adjacent pair of regions with

t he ¢l osest val ue?&?%@%@@%:Beg’?&ﬂypk%%ﬁia@%&ﬁ%&iéﬁgi on by firstly

setting the DYNRN ons to | mum val ue of either

regi on and secondly ' ; ; nd region to O.
tagﬁ?t }%T%%é\? @WWQ‘% ﬁéﬂ"ﬂg@?’n’lﬁﬁ) BF09

Thi s reduces the to equi réd by the new COVWR and DYNRNG
i nformation gazd%v?ééér fliétoR (‘AT datd DIAENGORM, IMR.C. khd total nunber of

bits required for the new R and DYNRNG val ues is less than or equal to

t he sumpfAl RRORMSEErifichHonlTugoinhatidnt )l 0 huedevestheuhdecadpd A€d-3by t he
ol d COWR and DYNRNG val ues. As indicated above, it is possible for all of

t he unussithtetaing 501t shé neanCAMPR aadiD YNRN G vatugso? 04 has mayahaste DYNRNG and
COWPR paraneters, t hereby | eaving no unused bits for the DI ALNORM

ver it ciéemradjasted iasvigivs ofi bierequirements) gnd the measussddialeg lavel does not
reduce that useful ness of inserting the DI ALNORM verificati,on data in those

frames v, auipdates tee biistreanyadAALNORM paramster: 4yBRRIKERRES Dy nani ¢
range Coprzt%frfegcé:ros? agadlng)clar% WI\\[I%I&M %ghh%gjd%cﬁl o%niagtrforz %51 the
bitstream.
Because a frame always has a DIALNORM parameter, the new

15 DIALNORM value can be written into its predetermined location in the BSL
However, updating the COMPR and DYNRNG parameters involves
possibly moving parts of the AC-3 frame around to make room for the new
values. If the total number of bits required for the new COMPR and
DYNRNG values is greater than the total number of bits used by the old

20  values, the lengths of some of the SKIPD fields and possibly the waste bits
(W) needs to be reduced. However, if the total number of new bits required
is less, then the length of the waste bits (W) is increased. If a sufficient
number of unused data bits exist following these parameter updates, then the
DIALNORM verification data is placed in the unused data bit locations.

25 To update the COMPR parameter, if the old COMPRE flag is set to 1,
the old COMPR value can be overwritten with the new COMPR value.
However, if the old COMPRE flag is set to 0 and the newly computed
COMPRE value is set to 1, all the binary data following the COMPRE
parameter should be shifted by 8 bits to make room for the new COMPR



A device or function ("Update DI ALNORM D. R C. and DI ALNORM Veri fication

I nformation") 705 receives the undecoded AC-3 bitstream 501, the new COVWPR
and DYNRN@Owvadama306Z04, as may have been adjusted in vi eRCofUskoos/011202

requi rements, and the measured dial e§0level 505, and updates the bitstreant

ver! {1 caaium The GIGMPRE HAEAnERE TS EaMeraitia eond (RS AV 2 a
E Ir Qlc_i E?e?;*\f/l u%rslgn\%gfr&m 153?5 tﬁ?ﬁ%@l@éﬁ%ﬁbﬁ? 9%‘31365% ﬁ%*ﬁ%@%%@%f’ DYNRNG
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wast g Di ' é!&é[%{% RIPRIfarhfifetéPhallonpebexised new

bitsgreahﬁl@ﬁ?gﬁﬁg%%ﬁg}t*gﬁgfﬁe er?gtt of the If/vaste bits ( I S i ncreased.
If a Suﬁﬁkﬁé%t‘r%@“”ber of unused data bits exist follow ng these paraneter
updat es, then € DIALNORM verification data is placed in the unused data

bit | ocationsyy gadaRAAEDYNREAYRRArameterstiarcachf Audio BlocloaimReoldag i s set
to 1, the old R val ue can be overwitten with the new COWR val ue.
However DYNRNGBIth Fofl,abe iodd EBY NRINGamalueheambajoy eswiistanewtovPRE
value is set to 1, all the binary data follow%;he%ara ter

shoul d tihe siehf DMINIRNG value. tidomsveryiddhe obd LR ¢d0 Urhe cavPreE
flag in the frame is then set to 1 and }@e r%g)w COVER Vf| eis ﬁqitten into
t he 10ewlandciheancsy BYINRNGE Hagisesetite k1l Hhediaaipapta %@O‘Wén% ®to 1 and
the new COWRE flag i.s set to Qgthen_the RE in the.fr is set to O
and al | IDB@IBN@Ewmmt@whwﬁ& M%@agﬁﬂaﬂmt rg‘r?o@% be shifted by
8 bits, BWGtV% me?qﬁ)llg IBW@E ﬂgg L QD98 Frafid $¢ then set to 1 and the

new DYNRNG value can be written into the newly-created 8 bits of space.

If the old DYNRNGE flag is set to 1 and the new DYNRNGE flag is set to

15 0, the DYNRNGE flag in the frame is set to 0 and all the binary data
following the DYNRNG parameter should be shifted by 8 bits, because the
DYNRNG parameter no longer exists in the bitstream.

The SKIPL parameter indicates the length of the SKIPD field in bytes.
To reduce the length of the SKIPD field, the binary data to the right of the

70 SKIPD field should be shifted by a multiple of 8 bits. The SKIPL parameter
is then updated to reflect the new length of the SKIPD field. Occasionally, a
SKIPD field may contain optional information that is not officially defined
in the AC3 standard (see, for example, the A52/A document, cited above). If
the first bit in the SKIPD field is equal to 1, then information bearing data

25  follows in the SKIPD field, otherwise the bits in the SKIPD field are all set
to 0. If information is present and the SKIPD field needs to be shortened,
then it can only be shorted up to this information. This allows the

information to be maintained within in the AC-3 frame.



in the frame. To update the DYNRNG paraneters in each Audio Block, if the

old DYNRNCE flag i s set to 1 the old DYNRNG val ue can be overwitten with

t he new DvbORbs/madeae. However, if the old DYNRNGE fl ag iP€TASR006O10ANd t he

new DYNRNGE flag is set to 1, all thelbinary data follow ng the DYNRNGE

paranmeter should be shifted to nmake room for the new DYNRNG val ;ﬁg The
e
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t hen i nformati on Eearlng ollows Iin the SKIPD field, otherw se the

bi ts in ghedad DPALNORM parahleteebnibededlifi thefACARbitstream.pr esent and t he
SKIPD field needs to be shortened, then it can only be shorted up to this

information. This allows the i pdmetCRCsdKe maintained within in the
AC-3 frane. Fol | owing the nodification and updating of the unused data bits,
t he 101 ALNORM Thee upilated AC-3abitstoeampwhiel énclodes RIALNORMised bits. As

di scussed previously, this data can take several forns, jncluding a

dupl i catverrfiedtiomnformasiomisanphed fa eanerer C%T?ﬁtl%f‘ﬁ"?féi ggReratin

synehro ncilezv%z:é: %rr] fﬁggti(i)g %H{Jipfdia%g Hﬁ’&’s"%%i n{Kﬂ{erﬁaﬁ{eogataTiﬂi an A3 Babhe
has changed, the two error detection words CRC1 and CRC2 should be
recalculated. If only data up to the 5/ 8" frame boundary has been changed,
15  then only CRC1 need be recalculated. Likewise if only data from the 5/ gt
frame boundary to the end of the frame has been changed, then only CRC2
need be recalculated.
Verification Data Not in the AC-3 Bitstream
DIALNORM Metadata Incorrect DIALNORM Range Insufficient for
20 Conveying Level
As shown in the example of FIG. 4, if verification information does
not exist (NO output of step 401) and the existing AC-3 DIALNORM value
is incorrect (NO output of step 406), then it should be determined whether
the measured loudness level is within the valid range of the DIALNORM
25  (step 408). As mentioned above, the DIALNORM parameter does not have
sufficient range to convey the level when the measured level of the dialogue
505 is outside the valid range of the DIALNORM parameter as allowed in
the AC-3 bitstream. That is, the measured level is less than -31 dB or greater
than -1 dB. In this case the output of step 408 is NO. One way to correct



DI ALNORM verification decoder process to search the unused data bits,

I dentify whet her DI ALNORM verification data exists and conpare it to the

st andar d WDALMORBIspar anet er enbedded in the AC 3 bitstreamustipdat 20CRCs 707
The updated AC-3 bitstream which ing@2udes DI ALNORM verification info
nation, is applied to an error correction word generating devjce_ or

f unct i othis"dihdion BROstPdAte The THALNQR Maparameter inche frameeviihdhehanged,
the two error detection words CRCl and CRC2 should be recal culated. If only

dat a up claseshabidstaluey amdesssihashaljoves Hoseey e Hrganay deave sy &Y need
end of - biebweeathe T b SEAR M RYIang o TSPl G B ARG E ke e
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level is less than -3 1 dB or greater than - 1 dB. In this case the output
of step BREndiisNOmMvn WaFIGS. 69nanddl htaimsthaisame mesmedtiveupderencehe

DI ALNORM paraneter in the frame wwth the cl osest valid val ue, as descri bed
abov®. Haweeeal, this may | eave sone error between the DI ALNORM val ue and
the neasured | evel of the dialogue. A suitable alternative that mnim zes
such error is to perform steps djusa@Gmin 611
Decoded audio 503 is applied to adjustable gain changer or gain
changing function (“Adjust Gain™) 611. A suitable gain change may be
applied to the audio to reduce error between the measured dialogue level and
15 the DIALNORM value (step 411). For example, if the measured dialogue
level is -36 dB, the DIALNORM may be set to the closest valid value, -31
dB, thus boosting the audio by 5 dB, from -36 dB to -31 dB.
Modified AC-3 Encode 629
The gain-adjusted audio is then re-encoded using modified AC-3
20 audio encoding applying it, along with the new DIALNORM and dynamic
range compression information 608 (step 412), to a modified AC-3 encoder
or encoding function (“Modified AC-3 Encode”) 629. Modified AC-3
Encode is characterized as “modified” because it is aware of the application
of the DIALNORM verification data capabilities and it inserts such data into
25  the unused data bits following the encoding process and prior to final
bitstream packing. This re-encoding maintains all of the original BSI
(except for DIALNORM, dynamic range compression information, and

DIALNORM verification) and AUX metadata from the original bitstream

501 frame, and includes calculating new error detection words.



and 413 of FIG 4, as described as follows with reference to the exanple of
FIG 6b. As noted above, FIG 6b is a variation of the Update Bitstream 507
of FI G 5woOhadé/itsoeasef ul for perform ng steps 411, 412 aou/usi®s6/0Tire2

el enents of FIG 6b that differ from3dhose of FIG 6a nay be described as
follows. Elenments common to FIGS. 6a and 6b retain the sane respective

ref erence nu@ther fuddfioss amdidevides aEldeob anay besbs samappthed to

adj ust abl e gain changer or gain changing function ('Adjust Gain") 611. A
sui t abl eogaispondingyfumetionseanpdeviegsod Gauas semionssl @O r or * bet ween

th d _di al > | I
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and pri %r‘h‘?aﬁ}l' ﬁg%li@hﬁéﬁﬁ.eam packi ng. This re-encoding maintains all of the

ori gi nal BSI (‘ex

cept for DI ALNORM dynam c range conpression infornation,
Frame, and I ncludes cal cul ating. new er o det ecti on vwor ds. O her funct ons
and 1devi ces oAs FhéatiGiredrabobe, dittersabef e Fhe. dgmosspoad pubsats e thens and
devices of FIG 6a as nentioned above. Practjcing steps 4 115412 and 413
may | eadFlG 4 precesssar dévisesiamploying steps of the processes may be
employed.
One useful and inexpensive subset of the FIG. 4 process is to employ
steps 401 through 403. If verification information exists in the bitstream
15 (401 is YES), steps 402 and 403 operate as described above either to leave
the AC-3 bitstream unchanged or to set the DIALNORM value to the
verification value. If no verification information exists in the bitstream (the
output 401 is NO), DIALNORM may be left unchanged or set to a default
value.
20 Another useful subset of the FIG. 4 process is to employ steps 401 and
404 through 407. This is useful when there is no verification information
and it is desired to add verification information when the existing
DIALNORM is correct. If verification information exists in the bitstream
(401 is YES), the bitstream may be left unchanged. If verification
25 information does not exist (the output of 401 is NO), steps 404, 405 and 406
determine if the existing DIALNORM is correct (the output of 406 is YES)
or not (the output of 406 is NO). If the existing DIALNORM is correct,
verification information may be added to the bitstream. If the existing

DIALNORM is not correct, DIALNORM may be set to a default value.



quality due to the decoding and re-encoding of the audio content. It
therefore may be desirable only to re-encode the content if the absol ute
error betweenodhsosaeasur ed di al ogue | evel and the cl osefCTIS2BORY al ue i s
greater than a threshold. A threshold4val ue of three (3 dB) nmay be suitable

for many applications. Subsets of FIG 4 As nepntioned abgve I.ther all of
the FIG 4 pAamdher nseﬁldlbb@&&)mﬁmﬂém@ex@e@ﬁb‘@e@%é?t @gé}‘ecgfé'e | oyi ng
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AR DIALN
unchangeg. ]Ilfgve%‘lifl cation Inforfmation does not exist (the output of 401 is

NO , st %R?stﬁ%DIﬂEN@)I@NFQ@n@?&&&B&@ DIATNGRM insay bg sot &b AcRfauk correct
(the output of 406 is YES) or not (the output of 406 is NO. If the

exi stinga&LNORM i s correct, verification information may be added to the
bitstream If the existing DIALNORMis not correct, DI ALNORM may be set to
a debaul t val ue. Anot her VexdfioatiobDatarhwaze Decadidgensi ve, subset of the

g!sGJ ugt > Ocesz&sng‘{heg%\gi)gce:ts olf "cshet Sreesgrq{ i%fe%tti%%sisdi)or%)pteﬁgloélgc%d‘%gg 'an%@-gt on is
bitstream whether or not it has correct DIALNORM and matching
verification daia, but utilizing such verification data when it is present. This
may be referred to as “verification-data-aware” decoding. T his aspect of the
15 invention is set forth in the exemplary flowchart of FIG. 8. As explained
below, either ail of the FIG. 8 process or subsets of the FIG. 8 process may
be employed. Such a processes or devices employing steps of the processes
may be useful, for example, in the decoding of a bitstream. Steps in FIG.8
that generally correspond to steps in FIG. 4 employ corresponding reference
20 numerals (e.g., “801” and “401”). It will be understood that the steps of
FIG. 8 or subsets thereof may represent portions of one or more processes or
may be functions performed in one or more devices
Test for Existence of DIALNORM Verification Data (Step 801)
As shown in FIG. 8, the first step performed (step 801) is to determine
25 whether AC-3 DIALNORM verification data exists in the AC-3 bitstream.
This step may be performed in the same manner as step 401 of FIG. 4,
described above (including the details thereof shown in FIG. 3).
Test Whether DIALNORM Verification Data Matches AC-3 DIALNORM

Data (802)



descri bed when the verification information exists (the output of 401 is
YES), but when the verification information does not exist (the output of
401 i s NAQVO 284611306404, 405 and 406 determne if the exi PCTN$2@6ALNCRM i s
correct (the output of 406 is YES) of3hot (the output of 406 is NO). If the
existing DIALNORM is corre
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devi Ces errpﬁﬂ%yl ng ‘e processes may be useful, for exanp in the
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in FIG enpl oy corresponding reference nunerals (e. 01" and "401").

It will becodensihgdes EXiatingOIATNORWM dridael Stedrdyniiaii farideameaddatay

represent portions of one or nore processes or may be functions perforned
in one ogs imiieatddvinasp 34 tlous frovdtiane detodeAANORVavdio bitsatamm Dat a
(Step 801) As shown in FIG 8, the first step perfornmed (step 801) is to
det er ni nWhétheher naCilse DhliieNCRMteh”ihay i detedminedhy svkether they a3
bitstream This step may be ioerformed In the sane nanner as step 401 of
FI G104, wéthinianbaesiinddeag explaiaed gbore inepanpstionayidbihe ﬁ@wmomqﬁl 3) .
Test Whet her, DI ALNORM Verificati onData Matches AC-3 DI ALNORM Data (802) As
shown i nSt8Pel¥B01 of FIG 8 when DI ALNORM verification data

Correcting Normal AC-3 DIALNORM Data
with DIALNORM Verification Data (803)
When the DIALNORM verification data is extracted from the AC-3
15  bitstream and does not match the normal AC-3 DIALNORM metadata (NO
output of step 802), then the DIALNORM metadata is updated with the
verification DIALNORM value (803). Because the normal DIALNORM
value has been determined to be incorrect and should be updated, it is
possible that the related AC-3 dynamic range compression metadata is also
20 incorrect. Therefore, the dynamic range compression information should be
analyzed and if it is correct, only the DIALNORM metadata parameter is
updated. If the dynamic range compression information is incorrect, then it
should also be updated. The details of such analysis and updating are
explained herein in connection with steps 409 through 413 of FIGS. 4 and
25  6b).
Verification Data Not in the AC-3 Bitstream
DIALNORM Metadata Correct
As shown in the example of FIG. 8, if the DIALNORM verification
data is not contained within the AC-3 bitstream (step 801 NO output), then



exi sts (YES output of step 801), the next step, step 802, is to determ ne
whet her the verification data nmatches the AC-3 DI ALNORM val ue. This step
may be pewbanesed3ier t he sane manner as step 402 of FI G pd/use@einiirzezl above.
If the values match, then the normal-3BI-ALNORM val ue is correct and the AC 3

bitstream applied to the process (input of step_801 y. be_decoded usi ng
its exi the AGC3 bitdioEamamey sl é@mﬂ&@ﬁ@a&hﬂ@or(&r@eP@Yw@ &%dlpS(iﬁ@Rt ed in

step 814, thus providing a decoded AG- 3 audio bit tgeani Va%té{her .or not the
val ues 804) ovithorbapnlying theDIALNORINEpametes gndtoeieiated AYNafiEshol d, as

Nof ral | REAS CPRURCRMABEBITHIR ORMNCIRNCPUFY FRoSs METdath (RABSF Sen (he |
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dynam c Tange conpression nmetadata 1s also Incorrect. Therefore, the

dynani ¢ SRGE ﬁ%mr&%mmomaﬁa' o theaanse be perfdriredby e Measures
correct ,nrlon yet e DI ALNORM net adatjz; par anet er ig updat ed.?lf the dynam c

range cquEREsTDIhlbEhe 1 0BtdeRuribedi dbene; eEbllowiieg méassemlent aff she bevalpdat ed.
The details of such analysis and updating are explained herein in

Klg [mect i&rdiwld%.léirﬁmp%,tthe ougsu4ed valud-lscmpared) isisfep 9661 10 828 i onDat a
in the ACG-3 Bitstream DI ALNORM Met adata Correct.  As shown in the exanple
of EbG AC-3BDIAENDRM@RMadats vakuetobihe input AC-3 bitstream. As shown
following the YES output of step 806, if that DIALNORM value is correct
(YES output of step 806), the original DIALNORM value and the related
original dynamic range compression information of the input AC-3 bitstream
are applied to the decoded audio produced by the AC-3 Decode of step 804
15  to provide a decoded AC-3 audio bitstream to which the correct
DIALNORM and dynamic range compression parameter values have been
applied.
Verification Data Not in the AC-3 Bitstream
DIALNORM Metadata Incorrect
20 When the existing DIALNORM metadata is incorrect (NO output
from step 806), it is necessary to set the DIALNORM value to the measured
DIALNORM value of step 805 and determine new dynamic range
compression information from that measured DIALNORM parameter value.
This may be accomplished in step 815, which step may be the same as step
25  412. The measured DIALNORM value and the dynamic range compression
information determined by step 815 may then be applied, in step 816, to the

decoded digital or analog audio provided by step 804.



data is not contained wwthin the AC-3 bitstream (step 801 NO out put),
thenthe AC-3 bitstream nay be decoded to audio (e.g., PCM coded audi 0)
(step 804youmadmasds2appl yi ng t he DI ALNORM par anmet er and whe/usedoatoertozlynam c
range control paraneters to the audi-37(-because those netadata paraneters
may be incorrect) so that the decoded audi o content is at the sane |evel as
the input to the encoder that wiighsegedf/fdGcrdeate the bitstream Next, the
DI ALNORM | evel of the decoded audio_is_neasured (step 805). Suc

measur enent ﬁsm@mﬂ@w%@lmmt%&rgm% S § e?%ﬁgﬁl?ee Level
of D al %%ue 104 descri ped above, Foll ?wl ng asurenent of the |level of

di al ogudl(h &prasesomr devacerRBRIGHNgAteRS PE G RERGSSSCS Wysl?%p 806, to the
AC- 3 DI ALN%M tadata value of the input AC-3 bitstream As shown

fol | owi #PRINYCYES out put of step 806, if that DI ALNORM val ue i s correct

ot g ﬁéi:t Payndang uSERTaminsRBeByH s hAEIG) BBoBiis SREBIRY PC  cam
o ovi 6 kA0 OESET nd {14 I PAEAION inRnfilich DREEER e RoRM and
dynan ¢ 1R P01 48 37199). RIEATENZI S0P hiES bYEeies as dppbiibed above to

Veri ficati onDat int Bi t st ream DI ALNORM Met adat a | ncorrect Wen

t he exi gidcodeRhALACRYbIRtRMAL. Alf o veeifioation infermatipntexiistsinshep 806), it
IS necessary to set the DI ALNORM val ue to the neasured DI ALNORM val ue of

step 80Dimtbadet(igbupud 1dpHa)sthebistreampmay Hieodedadeast wsingdts f rom t hat
measur ed DI ALNORM par aneter value. This may bhe acconplished in step 815,
whi do stexisting INEALNORMwahse snépelated dynannesgnge OMPRERRIRM val ue and t he

e e S, LT LA R B
step 804&%&%% ?arﬁcge (I::cgn%presssion parameter values.
Another useful, but somewhat more expensive, subset of the FIG. 8
process is to employ all but step 815. This avoids the computation required
15  in determining the dynamic range compression information related to the
measured DIALNORM. Operation is as just described in connection with
FIG. 8, except that when step 806 determines that the existing DIALNORM
is not correct, the input AC-3 bitstream may be decoded by setting
DIALNORM and related dynamic range parameter values to a default value.
20 Additional Background
AC-3 Bit Allocation and Unused Data Bits
A simplified AC-3 encoder block diagram is shown in FIG. 9e. PCM
audio samples are input to the frequency domain transform function 902. A
512-point modified discrete cosine transform (MDCT) with 50% overlap is
25 used to window the input data to avoid block processing, edge artifacts. In
the event of transient signals, improved temporal performance (reduced
transient pre-noise) is achieved by using a block-switching technique in

which two 256-point transforms are computed in place of the 512-point

transform. The transform coefficients from function 902 are applied to a



As mentioned above, either all of the FIG 8 process or subsets of the FIG
8 process or devices enploying steps of the processes may be enployed. One
usef ul amsioizn@xpseesi ve subset of the FIG 8 process is troTarspiepiRbeps 801
through 803 and 814. |f verification38formation exists in the bitstream
(801 is YES), steps 802, 803 and 814 operate as described abgve to decode
'E Pﬁ AC- folbbk ggrled!mg point rprﬁows 904 thatwegmgnds each dransfoansaehiicieatpi t st r eam
e out put is NO, the bitstream may be decoded using its existin
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that the exis% :I g DIALNORM i s not correct, the input AC-3 bitstream may be
decoded 'ng DI ALNORM and rel ated dynam ¢ range paraneter values to a

defaul t val uleﬂléggg% gﬂadlkgglgirgg{) OCkl9§3§Pﬁhbiﬁbg@ﬁ@tsy@nommsed Dat a

Bits A sinpl enc lagrami's shown™in FIG 9e. PCM audio

sanpl es @heki sdlct {ie huimbueBEVidaIRIdatéd enehol mantisshiinm §iZn A
512-point nodified discrete cosine transform (MDCT) with 50% overlap is

used to figaency benidnMépaatiagton theodxteht of kngskingssimg manigssaamayacts. | n
the event of transient signals, inproved tenporal performance (reduced
trang entecpive verysfow ibitsamhéearedo bytsuatialh ahis vaducesithe mumgberehbitgue in
whieh ¢ \Afeq%?fe-dp t%l Fetprte;g{‘]csﬁlg rsgflrger gu((i:i%r,r%% ttl?ed eyicger?sleagf ag(fieci ?t%o%lg%_ poi nt
inaudible) noise. -
Unlike some other coding systems, AC-3 does not pass the bit
allocation results to the decoder in the compressed audio bitstream. Instead,
15 aparametric approach is taken in which the audio encoder constructs its
masking model based on the transform coefficient exponents and a few key
signal-dependent parameters. These parameters are passed from the bit
allocation function 908 to the bitstream packing function 910 for passing to
the decoder via the bitstream, requiring far fewer bits than would be
20 necessary to transmit the raw bit allocation values. The bitstream packing
function 910 that generates the encoded audio bitstream also receives the
exponents and the quantized mantissas for inclusion in the bitstream. At the
decoder, the bit allocation is reconstructed based on the received exponents
and bit allocation parameters. This arrangement constitutes a hybrid
25 backward/forward adaptive bit allocation.
The coding efficiency of AC-3 improves as the number of source
channels increases due to two principle features: a global bit pool and high
frequency coupling. The global bit pool technique allows the bit allocator to

distribute available bits among the audio channels on an as-needed basis. If



transform The transformcoefficients fromfunction 902 are applied to
abl ock floating point process 904 that segnents each transform coefficient
i nt o expowernocansoerant i ssa pairs. The transform coef fi cipemtuSeenai 29As ar e
guantized in the manti ssa quanti zati-@3-functi on 906 with a vari abl e nunber
of bits assigned by the bit allocation function 908 that operates on a
par anet bine drithoat Cheanélsarevnactivarat a2 spoeidis tme imstantothe FaBaliRg poi nt

exponents. The AC-3 bit allocation nodel usezﬂg)ri nci pl es of psychoacoustic
maski ng chengelsgeceticemoterbits thanphey otheyuae &PWld. each mantissa in a given

frequency band._ Dependi ng. on the extent of ski. sone nantissas may
recei ve veryIndhepies’ éﬂg&ﬁweiﬁl‘?’% systegp, U e%}PgIIPQ@IBeB?rPﬁ%SSnunber of
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function or passing to t decoder via'the bitstream requiring far

fewer biyjsdt ORenOHid aliocAEBASSMOY able i assalliofithe availabi¢ bits) theaebpn
val ues. The bitstream packing function 910 that generates the encoded audio

bi t st r edenpingoumeesl cewaktel Bitponents and the quantized mantissas for
inclusion inthe bitstream At the decoder, the bit allocation,is

r ecanst r uct edAbassei ssed pheviossky, wdA&xpaeeial soded avidio Miistieam tn
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bit al | anade ap. offhsegacheyotfianesernstaictadas shapvbgese r of
source channel s_ i ncreases due to two pri nCii?lltgrvgfg%%gg%?él\@lsgrtflallesbi t pool
and hi ghBach AC-3 frame represents a constant time P
across all coded channels and contains six coded audio blocks (ABO through
ABS5), each representing 256 new audio samples. Each AC-3 frame has a
15 fixed size (one of several sizes in numbers of bits in the range of 64 to 1920
bits) that depends on the PCM sample rate (32 kHz, 44.1 kHz or 48 kHz) and
the coded audio bitrate (discrete values in the range of 32 kbps to 640 kbps).
The synchronization information (SI) header at the beginning of each frame
contains information needed to acquire and maintain synchronization. The
20 Dbitstream information (BSI) header follows the SI field, and contains
parameters describing the coded audio service. The SI and BSI fields
describe the bitstream configuration, including sample rate, data rate,
number of coded audio channels, and several other systems-level elements.
Following the coded audio blocks (ABO through AB5) is an auxiliary data
25 (AUX) field. At the end of each frame is an error check field that includes a
CRC word (cyclic redundancy correction code word) for error detection.
Additionally another CRC word is located in the SI header.
Although the width of the bitstream elements in FIG. 9a generally

suggests a typical number of bits in each element, the figure is not to scale.



frequency coupling. The global bit pool technique allows the bit allocator
to distribute available bits anong the audi o channels on an as-needed

basis. | fwoeoewviiswee channel s are inactive at a specifi ecCriuseotcnstzant, the
remai ni ng channel s recehe nore bits 44an they otherwi se would. In the AC 3
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sanpl e rat 32 kHz, 44.1 kHz or 48 kHz) and the coded audio bitrate

(di scret@lm{m%nhﬁtigm(ia@n'gpeaﬁhBR)dkbps to 640 kbps). The synchroni zation
information (SI) header at the beginning of each frame contains_ information

needed to acqkkeapldideddnthaiaboygrcitecdhi.3aPatent 613&7,6285 unvaed bifSor mat i on
(BSlI) header follows the SI field, and contains paraneters_describing the
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placed somewhere in the frame in order for the frame to have a mandatory

15 fixed size, the encoder inserts dummy or null bits in the bitstream in order to
fill- out the length of the frame. Such null bits are inserted in a “skip field” in
one or more of the audio blocks (as shown in FIG. 9d) as well as in the AUX
field. Each skip field accepts null bits in 8-bit bytes, while the aux field
accepts up to seven null bits to provide “fine tuning” of the frame length and

20  to assure that the final CRC word occurs in the 1a§t 16 bits of the frame. In
practice, the null bits are random bits. Such null bits are wasted bits that
carry no useful information. It is an aspect of the present invention to use
the values of some or all of such null bits to carry information-bearing bits
related to some of the AC-3 parameters contained within the bit-stream

25  (particularly the DIALNORM parameter shown in FIG. 9c).

Null bits in skip fields and in the AUX field are skipped or ignored by
the decoder. Although an AC-3 decoder is able to identify null bits and
ignore them, the number of null bits and their location in the bitstream is not

known a priori (their number and location varies from frame to frame, i.e.,



Addi tionally another CRC word is located in the SI header. Al though the
width of the bitstreamelenents in FIG 9a generally suggests a typical
nunber ofwbizo&/iiBoeeach el enent, the figure is not to scace/Ush@ecnurzber of
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(as shown in FIG 9d) as well as in the AUX field. Each skip field accepts
nul | bi tfotiggsferedbibybebit alotationy Bixed dathds acudprofionpof parganetersiul | bits
to provide "fine tuning” of the frame Iength and to assure that the final
CRC1vor canacflags including bk ewitohtftags; conplingdntormatipn.atperents gadny| |

bits are randombits. Such null bits are wasted bits.t r no usef ul
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the D ALIQ%?% N SiZe of 533 Bifs, 1£'it oS5 coftdin null bits. A one-bit word, the

minimum contents of a skip field, indicates if the skip field includes null

15 bits. Ifit does, next, a 9-bit word indicates the number of bytes of null bits.
This is followed by the null bytes. Following the skip is the mantissa data.
The size of the mantissa data is variable and is determined by bit allocation.

Whether a particular audio block contains a skip field having null bits

is determined by the following rules: 1) the combined size of the

20 SYNCINFO fields (namely, the SYNCWORD, the first CRC word, the
sampling frequency code word and the frame size code word), the BSI fields,
audio block 0 (AB0) and audio block 1 (AB1) never exceeds 5/8 of the
frame, and 2) the combined size of the audio block 5 (AB5) mantissa data,
the AUX data field, and the error check field never exceeds the final 3/8 of

25  the frame. The 5/8 and 3/8 configuration is used to reduce latency (the first
CRC word applies to the first 5/8 of the frame, permitting faster decoding).
In principle, were it not for the 5/8 and 3/8 configuration, all null bits could

be inserted in the AUX field without a need for one or more skip fields.



Null bits in skip fields and in the AUX field are skipped or ignored by the
decoder. Although an AC-3 decoder is able to identify null bits and ignore
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mant i ssapdpdades ANE i618Es ekisthbepeteding tabit wordandimhtes thedengthiefer ni ned
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haviipg nhklausidata had dee aext peeteding bitsfare thoiangdata. edullihits,Hé apyati ned si ze
of the SYNCINFO fields (nanmely, the_ SYNCWORD ”11.&;‘“ ra;@ISCRC V\Dég t he

sanpl i ngutn poeeadeythecaixdata dn dhel AV fielshelidheauxdiedd hasao auxdatgs) i el ds,

audi o bl ock 0 (ABO) _ and audi 0 bl ock (ABI ). never ce f,the frane,
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may or may not be null bits it the AUX field. There are no null bits in the

15 AUX field if there are no unused bits (it is possible for no unused bits to
exist in a given frame but the probability of this occurring in many
consecutive frames is extremely low) or if the number of null bits is divisible
by eight and, thus, all of the null bits are carried in one or more skip fields.

In the standard AC-3 coding arrangement, null bits in the AUX field

20 and/or the AUX field and one or more skip fields, are unused or wasted bits
(i.e., they carry no useful information). In accordance with aspects of the
present invention, as discussed above, some or all of such unused bits are
replaced with information-carrying, metadata verification bits while
preserving full compatibility with existing AC-3 encoders and decoders and

25 avoiding any degradation of the encoded audio signals.

The new information-carrying bits preferably conform to a known or
predetermined format or syntax so that they can be recovered by a metadata
parameter (for example DIALNORM) verification decoder process. The
replacement of wasted bits with metadata (DIALNORM) verification bits



the frame. The 5/8 and 3/8 configuration is used to reduce |atency (the
first CRC word applies to the first 5/8 of the frane, permtting faster
decodi ng)wolnoendesei pl e, were it not for the 5/ 8 and 3/ @czarstéogonedv: on, all
null bits could be inserted in the AdX-field without a need for one or nore
skip fields. The AUX data field has two functions. One functjon of the AUX
dat a fi e bermebngplishesbafier any vabdpA6vd gacader aecatenangd\6f3 t he frane
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I f auxdata exists. whet her or not there is auxdata, there may or may

not be nybliaPi fSchdngddie(sbee b alichf theand] bits are chahped), ttheichecksumUx fi el d

if there are no unused %lts (it is possible for no unused bits to exist in
a gi ven fff @@ echtite fae@ivhataldilbtedodnd thesemmd ER(QG wordyavlyichanpdiast i ve
frames is extrenely low) or if the nunber of null bits is divisible by

ei ghy and thé lensire &tdmof istteplaned witht & naweCRAF ward, andoHedasp 1pdhe 1ERY p

fields. In the standard AC 3 coding arran?er%lralt&, nul | q%ihs in the AUX field
and/ or 38 ofilefframe iarchangedothenalrasksunpian thagporiaen afthe SATBE Sast ed bits

(i.e., they carry no useful information). |In accordange wth ects of .the
present reodlenlated angsthe Beid<RE wesdeWhidhappliesfq ﬁg&}\ﬁ%&ﬂ@gd bits are

replaced with_ information-carrying, adat,a verification bits while
pr eser vigney s alé@rfﬁﬁi@%? W@l%vp?% Q&W%& AC- 3 encoders and decoders and

Alternatively, instead of replacing some or all unused bits in an AC-3

15 bitstream with information-carrying bits following standard encoding, a
modified AC-3 encoder that includes additional analysis and metadata
verification capabilities may insert information-carrying bits in some or all
of the unused bit positions of a frame instead of random null bits during the
encoding process.

20 Whether the AC-3 bitstream is modified before or after the encoding
process, the resulting modified bitstream appears the same to a conventional
AC-3 decoder. An unmodified AC-3 decoder receiving the modified
bitstream ignores the information-carrying bits in the same way it ignores or
skips over null bits in the same bit locations. The information-carrying bits

25  that replace unused bits can be recovered either in a modified AC-3 decoder
or in a special AC-3 metadata analysis process that identifies the locations of
unused bits in a frame, detects the data in the unused bit locations and
reports the results of the metadata verification analysis performed on the

AC-3 bitstream. In either case, recovery and analysis of the verification data



avoi di ng any degradation of the encoded audi o signals. The new

I nformation-carrying bits preferably conformto a known or predeterm ned
format orweyntcanM3®me t hat they can be recovered by a net adatus2@anarrer er (for
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I nformation-carrying bits in sonme or all of the unused,bit dtlons of a
framo i nsidethe intentaofcihis parameier $s ﬂtatubﬁormn@ndwim@glpﬁ%@g& et her the
AC-3 bitstreamis nodified befgre or aftf ge encodln roce t he
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parameter in each frame of the bitstream containing the compressed audio
item. During playback of the bitstream, the AC-3 decoder uses the

15 DIALNORM parameter to modify the playback level or loudness of the
item, such that the perceived loudness of the dialogue is at a consistent level.
FIG. 10a shows an example containing three different audio items.
The Digital Level is the level of the data compressed audio content relative
to a digital full-scale sine wave (0 dB FS). The maximum and minimum
20 level for each item is shown, along with the predominant level of the
dialogue. The DIALNORM parameter for each item is the level of the
dialogue, rounded to units of 1 dB. FIG. 10b shows how, during playback,
the decoder scales the level of each item such that the level or loudness of
the dialogue for each item is the same, or very similar. For the AC-3 system
25  the reference level to which the dialogue of each item is scaled is -31 dB FS.
This reference digital level can then be calibrated in a playback system to a
desired sound pressure level.
The use of the DIALNORM parameter in AC-3 provides listeners with

a more consistent and predictable listening experience by reducing dramatic



skips over null bits in the same bit |ocations. The information-carrying
bits that replace unused bits can be recovered either in a nodified AC 3
decoder owoinoéai1s@eci al AC-3 net adata anal ysi s process trhatuseaentizhz es t he
| ocations of unused bits in a frame,-4fetects the data in the unused bit

| ocations and reports the results of the nmetadata verification analysis
per f or nddudnesshdiffe@efces that exash batweentdigferentsaudiodtems thabaig cigategsi s of
the verification datareplacing unused bits in AC-3 bitstr does not
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and re-encodi ng. t he tziststream (al though this may be necessary and useful as
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fﬁdimgntioned above, includ &n%z?nz{crhllga@ -%g%élﬁlg?g%ggﬁadata I s a paraneter that

ates the |l oudness le I'al ogue contained in the

conpr essed aug) g, inEi fe P AEATT-3 fafil hRLAAMOBLARGGbanient of this

paranmeter st ore an audi 0 emis encoded or data conpressed, the
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measur e used to | ALNORM paraneter in each frane of the

bi t st r eameGRIMiSiconféhtt MEhSORPHR&®ehedvdder '\%aRﬁmof&he iandip qaydter kndfthe he
bitstream the AC 3 decoder uses the D AL M paraneter to nodify the

pl aybackyhiey phrtstoflthudinedss loddé¢rh eThesndysamic range comppessieilved | oudness of
the dialogue is at a consistent level. FIG 10a shows an exanpl e contai ni ng
thra® dipdrensetersari calladeGOMPR aDd D YNRNG @ndi aretavdomafisallyt t he data
conpressed audi o content relative to a digital full:s ine wave (0 dB
FS) . Thecatamlatedndaniognibei ennodieg eif aoh Ceadtstreami Sesril, Sal ong w th the
Phe I evel of ‘The i BbOLENGs JAGSY M GHADECAH CLKOR 1> EFerULIBs SRR how
during p(l)fa glil%&lgtli((’)ns. For example, when watching a movie late at night, it is often
necessary to listen at a reduced playback volume so as not to disturb sleeping
15 family members or occupants in adjacent dwellings. Because movies tend to
have a very large dynamic range, the reduced playback volume results in
much of the movie being too quiet to be audible. The use of dynamic range
compression helps to increase the quiet portions, making them audible, and
reduce the loudest portions, making them less annoying.
20 The dynamic range compression parameters are calculated in
reference to the level of the dialogue, as indicated by the DIALNORM
parameter. This ensures that the average level of the dialogue is unaltered
and that only the louder or softer portions of the audio item are altered.
FIG. 12 shows an example containing three different audio items.
25  FIG. 12a shows the average dialog level and the dynamic range of the
unprocessed audio items. FIG. 12b shows how during playback, the
application of the dynamic range compression and the DIALNORM
parameter result in a consistent average dialog level, and a reduced dynamic

range output signal across all three items.



t he decoder scales the |level of each itemsuch that the | evel or |oudness
of the dialogue for each itemis the sane, or very simlar. For the AC 3
syst em t hwonedeersmwee | evel to which the dial ogue of eaclkrCirtusooe®1R0al ed is
-3 1 dB FS. This reference digital |le#el can then be calibrated in a

pl ayback systemto a desired sound pressure level. The use of_ the DI ALNORM
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of situ or exanp n watching a novie late at night, it is

often necessary to Iigmg@wgdgggﬂq{@uhacpmmc‘aw as not to disturb
sl eeping fam |y menbers or occupants in adjacent dwellings. Because novies

tend to have @nder mostrdrudisantes, thogeC-3 Besteadusesiagimgleatiklomicune
results in nmuch of the novie being too quiet to be audible. The use of

dynami ¢ Feseband engingkssetrofhdymmiordnger imdermatienaramepenstfosasl  maki ng t hem
audi bl e, and reduce the |oudest portions, naking them | EI@? a nog}ivng. The
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dynami ¢ clamgeelsoffrwesen et inaludes anapesaling medel that $

| evel of the dialogue, as _indicated the DI LN(RIYI .
channels to o%erate 1ndepen(fentfy; tﬁ%t 1S eac éhanne has independent

dialogue level and dynamic range information. In this mode, the second of
the two channels uses the DIALNORM2, COMPR2 and DYNRNG2

15 parameters. (See FIG.9.) Because DIALNORM2, COMPR?2 and
DYNRNG? are interpreted and used in exactly the same way as
DIALNORM, COMPR, and DYNRNG, only the operation of the latter is
described in this document.

Implementation

20 The invention may be implemented in hardware or sofiware, 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

25  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



parameter. This ensures that the average |evel of the dialogue is unaltered
and that only the |ouder or softer portions of the audio itemare altered.
FIG 12 swowsoean3@zanpl e contai ning three different audiPaTiusemms/01BhEs 12a
shows the average dialog |level and t+#7dynam c range of the unprocessed
audio items. FIG 12b shows how during playback, the appljcation of the
dynani ¢ leastgene datar doragensyston: (aciodmsioriatple andknen-vvalatilea megarktonsi st ent
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way as DI ALNORM COWR, and DYNRNG only the operation of the latter is
desci( bekinignaghi s document. | nplementation The invention may be inplenented

in hardware or software, or a . .
It will be appreciated that some steps or functions shown in the

exemplary figures perform multiple substeps and may also be shown as
multiple steps or functions rather than one step or function. It will also be
appreciated that various devices, functions, steps, and processes shown and

15 described in various examples herein may be shown combined or separated
in ways other than as shown in the various figures. For example, when
implemented by computer software instruction sequences, various functions
and steps of the exemplary figures may be implemented by multithreaded
software instruction sequences running in suitable digital signal processing

20 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

25  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



conbi nati on of both {e.g., programmable |ogic arrays). Unless otherw se
specified, the algorithns or processes included as part of the invention
are not iwbenentiBys2rel ated to any particul ar conputer oPCotusesocappaz at us.
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witten in accordance wth the teachings herein, or it may be npre

conveni eoimputer systenu¢o operatespecspacifie anddpredstined(magner tpeEgPETed
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t hat various devices, functions, steps, and processes shown and descri bed
in various exanples herein nay be shown conbi ned or separated in ways ot her
than as shown in the various figures. For exanple, when inplenented by
conputer software instruction sequences, various functions and steps of the

exenplary figures may be inplenented by nmultithreaded software instruction
sequences running in suitable digital signal processing



har dware, in which case the various devices and functions in the exanples
shown in the figures may correspond to portions of the software

i nstruct iwooodaast2such conmputer programis preferably gCorsdoosnirn2

downl coaded to a storage nedia or dewi49% (e.g., solid state nenory or nedia,
or magnetic or optical nedia) readable by a general or special purpose
programmabl e conputer, for confi gurChynbﬁhd operating the conputer when the
storage nedia or device is read by the conputer systemto performthe
procedures described herein. The inventive systemmay al so be considered to
be inpl enmented as
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to detect whether or not metadata is correct for the audio and, if not
correct, to change it so that it is correct. 2. Adigital bitstream
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3. A digital bitstream, comprising data bits representing audio,

15 metadata for the audio, and metadata verification information, said metadata
verification information including a copy, or a data-compressed copy, of said
metadata, said verification information being usable to detect whether or not
the metadata and the copy thereof are within a threshold difference of each
other, and if they are not, to replace the metadata with the copy.

20

4. A digital bitstream according to any one of claims 1-3 wherein the

metadata verification information is encrypted.

5. A digital bitstream according to any one of claims 1-4 wherein bits
25 representing the metadata verification information replace all or some of a

plurality of bits in the bitstream that ordinarily carry no information.



verification information including a copy, or a data-conpressed copy, of
said netadata, said verification information being usable to detect whether
or not theormacadaica and the copy thereof are within a tircealsedod/odi2hi er ence
of each other, and if they are not, 1t¥teplace the netadata with the copy.
4. A digital bitstreamaccording to, any one of c af'ms 1-3 whereipn the

met adat a ver i6.i Aadiigdial bistieam peeoiding fe apyrang o5claimg; kviergin 81§ eam
according to any qne qf clainms 1-4 wherein bits representin he net adat a
ver i 11 canpedainyenheeon inLpMBREoR if SEEaug R ThRORaHPL YIS bi (s i n t he
bitstregmthat ordinarily carry no information.6. A digital bitstream
accor di ratﬁtstt’éf’ag?‘ry one of claims 1-4wherein the nmetadata verification
information is steganographically encoded in the bitstream 7. A digital
bitstream according to any one of clains 1-6 wherein the audio is
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bitstre iiRQ; i one of clains 1-7, wherein the decoder
decodesa%%deladgtag%?tagﬁﬁg%\érégg%@@bhg audi o using said netadata and said

met adata verification information. 10. A decoder according to claim9
wherein the decoder in decoding the data bits representing audi o changes
met adata usirg] ai encedadiiag geaeidibsatdiginal bitsireaniinmceoddaseswithch changed
nmet adata in decoding the audio. 11. A process for generating a digital

bi t st r eagny one eSpbaines 167.audi o, the process conprising generating netadata
that is correct for the audio, generating netadata verification

i nfdiomati on, the nmetadata verification infornmation being usable to detect

whet her or not netadata is correct for_ the . .
9. A decoder, receiving a digital bitstream in accordance with any one

of claims 1-7, wherein the decoder decodes the data bits representing audio

using said metadata and said metadata verification information.

15 10. A decoder according to claim 9 wherein the decoder in decoding
the data bits representing audio changes metadata using said metadata
verification information and uses such changed metadata in decoding the

audio.

20 11. A process for generating a digital bitstream in response to audio,
the process comprising
generating metadata that is correct for the audio,
generating metadata verification information, the metadata verification
information being usable to detect whether or not metadata is correct for the
25 audio and, if not correct, to change it so that it is correct, and
assembling a digital bitstream that includes data bits representing the

audio, the metadata and the metadata verification information.



audio and, if not correct, to change it so that it is correct, and
assenbling a digital bitstreamthat includes data bits representing the
audi o, thwormacadaica and t he nmetadata verification inforrariuse0&®11202 pr ocess
for generating a digital bitstream i-blr-esponse to audi o, the process
conprising generating nmetadata fqr the audi @, generating netadat

verificati on 12nf Arpracesmiorsgenerating dadigiiné bitsiream Hhr‘?WﬁéPi%‘ﬁﬁ?ﬂcl udi ng
a copy, or a data-conpressed copy, of said netadata, the netadata

veri fi cé¢ pro¢assnompileMebei ng usabl e to detect whether or not the netadata
and the copy thereof are &“hfk)n ﬁ@t hr,eshol d difference of each other, and
if they are @eRCrating pptadaiaiort 284102 with the copy, and assenbling a

et adat a and SRETHUNAAIA00E Vi A TR bRl SHd BRhdRaCect oo go[) ding
LA Taver .

on & medeti ot DR B o BB e o

measur e oft il ,ﬁggbgeﬂaﬂaﬁa V@I"}ﬁ?éﬁi?ﬁfinfé’rﬁxét%&ﬂ%ﬁﬁg afablbeoaleieet 15. A

process ‘accordi any one o ains 11-14, wherein the netadata

verifi C%&g@k Bk HoTedheometiiRith @ntaheaiopst thereb taorengithiehatiatsholdc! udes a

copy, or a data-conpressed copy, of a correct version of such netadata. 16.

A procesifRecIbNadly othint, and i6ths/ atemsot] to t8plaethe metadateewiith thet i on
information is encrypted. 17. A process according to any one of clains
11-16 V\hﬁj’rgi,ﬁnﬂi ts representing the netadata verification information
replace all or sonme of a plurality of bits in the hitstreamthat ordinarily
carng no i nf crssemibding 8 digitak bisstsearadhat tickadesdatabisheenesentingdha 1- 16
wherein the verification information is ,%te anQ%raI%Qi cally encoded in the
bi t st r esamdio, the metadata and the metadata verification ihformation.

13. A process according to claim 11 or 12 wherein said generating
metadata generates metadata based on a measure of the audio.

15

14. A process according to claim 13 wherein said measure of the

audio is a measure of the loudness of the audio.

15. A process according to any one of claims 11-14, wherein the
20 metadata verification information usable to detect and change metadata

includes a copy, or a data-compressed copy, of a correct version of such

metadata.

16. A process according to any one of claims 11-15 wherein the

25  verification information is encrypted.

17. A process according to any one of claims 11-16 wherein bits
representing the metadata verification information replace all or some of a

plurality of bits in the bitstream that ordinarily carry no information.



19. A process for treating a digital audio bitstreamthat includes data
bits representing audi o, netadata intended to be correct for the audio,
wher ei n aWbD 2006/m3062 of whi ch netadata may not be correctcfras2eda®ieozii o, and
that may include data bits representisag netadata verification information
that can be used to detect whether or not netadata is correct for the audio
and, if not correct, to change it so that it is correct, conprising
determning if the metadata verification information is present in the
bitstream ai8.iA precesmaccording fxany omeioff Jamusildnlovhersir e det er mi ni ng

if it verifies the correctness of at |east part .of tgﬁ gaég%\dat a, if the
met adat sevificatiopamiformatipsrinataesnogsnicaly neodsd B AAMISUGRANL,; 4 at | east

part of the netadata, |eaving the bitstreamunaltered, and if the netadata
verification informati on does not verify the correctness of said at |east

art _of the netadata, usikng it.to_cor t . or

!to reating a diqgi't pr&@&?%kﬁ?gﬁl@%%@ﬁgﬁf%H@ﬁu@@gﬁg%ql;tﬂﬁ ﬁgﬂﬁgggggtegnti ng
audi o, t adata inten t rs ' ;iR all or part
of whi cﬁ?ﬁe‘:@ﬁﬁe&t’r@gﬁcﬁp’ g’é@%&%@@?ﬁ%ﬁ;ﬂ%%g%@é? ?%rn t Lg%la?ray i ncl ude
dat a bi ent | t g ' ' ' iocandbe used
o det et A A T B e e R

det er m phtmaly {nBfudelad it iprbbemaig aicthdbtar vefication ipfogentiori thathe
bitstream Tt netadata verification information is not present, determ ning

if at | eagthdasdd 6f deheet Wticttiet or not awtadata, isfcosedad far theeasdiopand, idf t he
metadata is correct, inserting nmetadata verification information for said

at heasthopajorredft, thehamgaitatoathiabitostdoerdst; compaisingnd i f said at | east part
of the metadata is not correct, setting said at |least part of t h% nmet adat a
to a defaul t detbrmining if the metadata verification information is present in the
bitstream, and
if metadata verification information is present, determining if it
verifies the correctness of at least part of the metadata,
15 if the metadata verification information verifies the correctness of said
at least part of the metadata, leaving the bitstream unaltered, and
if the metadata verification information does not verify the correctness

of said at least part of the metadata, using it to correct metadata.

20 20. A process for treating a digital audio bitstream that includes data
bits representing audio, metadata intended to be correct for the audio,
wherein all or part of which metadata may not be correct for the audio, and
that may include data bits representing metadata verification information that
can be used to detect metadata that is not correct for the andio, comprising

25 determining if the metadata verification information is presenf in the
bitstream,

if metadata verification information is not present, determining if at

least part of the metadata is correct,



21. A process for treating a digital audio bitstreamthat includes data
bits representing audi o, netadata intended to be correct for the audio,
wher ei n aWbD 2006/m3062 of whi ch netadata may not be correctcfras2eda®ieozii o, and
that may include data bits representi5s8g netadata verification information
that can be used to detect netadata that is not correct for _the audio and,

i f not correif saitlatdbastgeart of e niesadate is sotisct.desertingrmratadaig det er mi ni ng
if the nmetadata verification information is present in the pitstream and
if met a@raﬁﬁoaaomiuﬁannaﬁonrfﬂbswdtatdﬁa$@qﬁ@&éﬁ@ mefadatadieABeit it verifies
the correctness of at |east part of the netadata, if the netadata

veri fi chitsteammfagdmati on verifies the correctness, |eavi ng the bitstream

unal tered, if_the tadata verjficatian.information es n ify the
correct ness, 1Esaifdaat F’ﬁﬂ@é’tﬁ(ﬁ&lﬂe p@@éé}ﬁéﬁpogﬁw?ﬁqﬁﬂgts ?& F“\‘/ﬁ‘{aﬁ net adat a
verification.jnfornation is t . Rr nt, determning if at |east part of

t he fret Q&gt%fhge W?‘i@??oiafd%%}lgvfﬁageast part of the metadata is correct,

| eaving the bitstreamunaltered, and if said at |east part of the netadata
is not correct, setting said at |east part of the netadata to a default

val ue. 22. A~gro I el e : ' It any Hatarcl udes

data bits re&lﬁ1 éséﬁ?lﬁ)r%ggagéﬁr @?ﬁ%ﬁgﬁ@%\%mﬁ%tﬁgﬁg?gmg%%hrtgagt ed ggﬁa% C

rangeco'ﬁ?tt{sﬁiré?%rﬁﬁﬁg’ﬂgﬁ'&i%, nfdigagedntendinl &Pbé eoirecoffot e audiop, wherein all
0 I ch nmet-adat

or part a may not be correct for the audio, and that may

i ncl ude v@l@él@ilbhllsom@ﬂ%f@ﬂhidh%mmWﬁot be cattent fonfle aediogantdhat can
be used to detect ether or not the DI ALNORM net adata value is correct for
t he 1pudithatamy includs detw bies tepresentimg peetadataoverification infoasaratiog: that
conprising determning if the netadata verification information is present
in the can be used to detect metadata that is not correct for the audio and, if not

correct, to change it so that it is correct, comprising
determining if the metadata verification information is present in the
bitstream, and
15 if metadata verification information is present, determining if it
verifies the correctness of at least part of the metadata,
if the metadata verification information verifies the correctness,
leaving the bitstream unaltered,
if the metadata verification information does not verify the
20 correctness, correcting said at least part of the metadata,
if the metadata verification information is not present, determining if
at least part of the metadata is correct,
if said at least part of the metadata is correct, leaving the bitstream
unaltered, and
25 if said at least part of the metadata is not correct, setting said at least

part of the metadata to a default value.

22. A process for treating a digital audio bitstream that includes data

bits representing audio, DIALNORM metadata and related dynamic range



bitstream if the netadata verification information is present, determ ning
If it verifies the correctness of the DI ALNOM net adata value, if the

nmet adat a wenrnddaaiszon i nformati on verifies the correct nessjuse@awirng2t he
bitstreamunaltered, if the netadatab5derification informtion does not
verify the correctness, changing the DI ALNOM netadata value sgo that it is
cor r ect chaiprebsioaudetadatd inteaded tadetcorvesti for the audio,nvberedriadlos s not-
present, determning if the DI ALNORM net adata val ye is correct for the

audi o bpareebeihich nhetadatesmaymathie eRIwECET he Ereio) 2MAERIARY adat a val ue

R S
ot Ol S ORGSR A T e
't the ERARNERARG: HRLEATEGHoP @?Q@%ﬁisﬁ’eﬁ’% 8 it ae‘?‘é‘&’%%q@%g if the
Varues, it 1t AERBTEAPHE ittt S Sl [obRRE Rifrt o

nmet adat q&f/s@llelé , determ ning new dynam c range conpressi on netadata
andr epacking e bitstreamw th the neasured DI ALNORM net adata val ue and

rel ated dynanyehd aE8dS@NREEESARh ifordaition RNstesbit) devdradaimg veiti fi cati on
i nformati on (rzigrﬂ}ect ?or ﬁ:%e neasur ed D ALNO?Mrp\j[aI ue, and if the neasured

| oudnes syerFfidothebditedtnels of dng DI MONMdmBtaAlaOR e ues, changing the
gain of the decoded audio to bring the |oudness within

10 if the metadata verification information verifies the correctness,
leaving the bitstream unaltered,

if the metadata verification information does not verify the
correctness, changing the DIALNOM metadata value so that it is correct for
the audio,

15 if the metadata verification information is not present, determining if
the DIALNORM metadata value is correct for the audio by decoding the
bitstream without using the DIALNORM metadata value and related
dynamic range compression metadata, measuring the loudness of the
decoded audio to determine a measured DIALNORM value, and comparing

20 the bitstream’s DIALNORM metadata value to the measured DIALNORM
value,

if the DIALNORM metadata value in the bitstream is within a
threshold difference of the measured DIALNORM metadata value, leaving
the bitstream unaltered,

25 if the DIALNORM metadata is not within the threshold, determining
if the measured DIALNORM metadata value is within the range of valid
DIALNORM values,

if the measured loudness is within the range of valid DIALNORM

metadata values, determining new dynamic range compression metadata and



the range of valid DI ALNORM val ues, determ ning new dynanic range

conpressi on netadata, and re-encoding the bitstreamusing the gain-adjusted
audi o, theorreasusesd Dl ALNORM net adata val ue and the newpygTdstewvirzez

dynam ¢ range conpression netadata. -23.- A process for treating a digital

i, ik st e S . o
izl bl it SR bt
AT il Al s PSR T, e el
o T iror .
Pregtr:égzvﬁ eSd@bBBgH]f g“edgélnt%jf gu(g‘%o G‘b%ftsl{rlez;[mt a‘? Illér?gﬁil}iggg ﬁglftt% bits .
The ?&&gygﬁgahﬁ%ggpg@ongyﬁ@ﬁﬁg% utBfinffhp R dghahile rargeo, wherel n

all or neta correct Tor thé audio, and that may

| nc! ude ARl SrBbioh HRPIRRATAMD fe BRLBMH e tdthetiing the pait-adjusisdbl e t o

det ect er or not netadata is correct for the audio and, if not

cor r ect a9 CifRNgeairedDIARNOR Msmetidats vahuoand ilsé ngudy cebémiingdi f t he
netadata verification information is present in the bitstream if netadata

veri fi cajyramicvaapeaiomprdssiqn awtadatadet ermining if it verifies the
correctness of at least part of the netadata, if the information verifies
?nraltealgg'[ ;e\(;tepiefsis&a;jiec?]di n]g the bitstreamusing said netadata, if the
23. A pl(r)ocelsg f81rr ’[rr%%’lcigg adgiegsitarll %tud¥g ggsgregrqlethca% rlﬁcel%tdrég data
bits representing audio, audio metadata, and audio metadata verification
information, said audio metadata verification information including a copy,
or a data-compressed copy, of said audio metadata, said verification
15  information being usable to detect whether or not the metadata and such a
copy thereof are within a threshold difference of each other, and if they are
not, to replace the metadata with the copy, comprising
changing the metadata, and
changing the verification information so that the metadata and the
20  copy, or data-compressed copy, of the metadata are within said threshold

difference of each other.

24. A process for decoding a digital audio bitstream that includes data
bits representing audio, metadata intended to be correct for the audio,
25 wherein all or part of the metadata may not be correct for the audio, and that
may include data bits representing metadata verification information usable
to detect whether or not metadata is correct for the audio and, if not correct,

to change it so that it is correct, comprising



of said at least part of the netadata, using it to correct the netadata and
decodi ng the bitstreamusing the corrected netadata, and if netadata

veri fi catworoeanfisoerat i on i s not present in the bitstrearcTdsea@dion20t he
bitstreamusing the netadata in the b stream or decoding the bitstream
using default netadata. 25. A process for decoding a djgital audio

bi t st r eam t hatetemminidgsf dae meésadatarepifteatinn mfosmation wargaentaln hicended t o
be correct for the audio, wherein all or part of the netadata may not be
correct Witstreame, audi o, and that may include data bits representing netadata

verification information ysahl e.tP det ect . whet heé r _not .rret.ﬁgtata S
correct for tihanefadatn werdlicationdnIrgatiy) 1S PICSER r?g’éemclmslﬂgtl it is

For dkEIAA Sakt CARORR RIS B dortigEdhd it is
or sent Ve Rt SQRPCHIRES PR ShikaiBRE. QLTI MEAIAN, | nf or mation 1S present,
det I Ni if 4t | fi th t : h

motadat o, 1 e ibEEmAf ke oRRhEEORREEGS, Seeo R mETikRAR T

bi t stream.usi ' tadata, if the netadata verification information
does noturg}ﬁéis%iﬁﬂéég% fectness of said at |east part of the netadata,

using it to Ci?gﬁ?‘fﬁel?ﬁﬁtﬁ%ﬁﬂ%ﬁoﬂﬁﬂfmfgﬂ‘%é@ﬁopi\’bﬁ‘fy ¢aercopiectndsae
tadat a, |

corrected ne netadata verification information is not present in

the bits 184K PHrDbAthé Metadstaatisingsisto partecothé heetndatadaich i s
correct,@?ﬁglaai d at "l east part of t he %adata I's correct, decoding the

bi t st r eafedesling theibitsiaadasmg thedcirtected dnetadatgsandpart of the netadata is
not correct, decoding the bitstreamw th said at |east part of the netadata
set 1o a def aiflrhetadate vetificatioprinfesation isinobptesgns initlag bestraam, o
bitstreamthat includes data bits representing audio, D AL M net adat a and
rel at ed dgorating thamgtstream using the metadata in the bitstream or decoding the

bitstream using default metadata.

25. A process for decoding a digital audio bitstream that includes data
15  bits representing audio, metadata intended to be correct for the audio,
wherein all or part of the metadata may not be correct for the audio, and that
may include data bits representing metadata verification information usable
to detect whether or not metadata is correct for the audio and, if not correct,
to change it so that it is correct, comprising
20 determining if the metadata verification information is present in the
bitstream,
if metadata verification information is present, determining if it
verifies the correctness of at least part of the metadata,
if the information verifies the correctness, decoding the bitstream
25 using said metadata,
if the metadata verification information does not verify the correctness
of said at least part of the metadata, using it to correct the metadata and

decoding the bitstream using the corrected metadata,



met adata i ntended to be correct for the audio, wherein all or part of the
net adata nay not be correct for the audio, and that may include data bits
repr esentwogometiamat a verification information usabl e t@caatSe@s/onizet her or
not the DI ALNORM netadata is correct-§0or the audio and, if not correct, to
change it so that it is correct, conprising determnjng if the netadata
verifi cati on if niciadata verificatpor seformatiorhis motrpeseninn the bisstsepna
verification information is present, determining if it verifies the
cor r ect etermoiningdf prid sidrrstarh @4the metadata iSHBFeRti i on verifies the

correctness, .decoding the bitstireamusjng sai d DI,AL ta a, if the
met adat a ver iif paigk @ aﬁhpaﬁtr?iﬁh@ﬁn §J°an%thr'é?(?tf decy n@oﬁ%e@gﬁt@nof sai d
DI ALNORM net adat a, u‘i;ng tge net adata verification information to correct
the DI AMNGRE/SHK: BEARGAI3NANAecodi ng the bitstreamusing the corrected

Gorotn ! st AR LT e o e
decod ol TS, LOSYhaHS A R CERY eyt oph ve and”

decoded audio to determ ne a neasured DI ALNORM val ue, and conpari ngt he
bitstream s DI ALNORM net adata val ue to the neasured DI ALNORM val ue, if the

D ALNORM val ugg i i\ hiscdyisifor "d%@miirfg[ agg&%ﬂta Audibrissiedam dhit iectidess ddtat he

measur ed DI ALNORM val ue, decodi ng i tstream usi ng the DI ALNORM net adat a

and r el Bigglrépreasiing andeo,dOTRT BEORM metaakisd and meldted diynatrieaangand i f the
DI ALNORM val ue in the bitstreamis not wwthin a threshold difference of the
measuy edmetAldRMendedeto mocoreti for theewidiey wibenein all or part of the
metadata may not be correct for the audio, and that may include data bits
representing metadata verification information usable to detect whether or
not the DIALNORM metadata is correct for the audio and, if not correct, to
change it so that it is correct, comprising
15 determining if the metadata verification information is present in the
bitstream,
if metadata verification information is present, determining if it
verifies the correctness of the DIALNORM metadata,
if the information verifies the correctness, decoding the bitstream
20 using said DIALNORM metadata,
if the metadata verification information does not verify the correctness
of said DIALNORM metadata, using the metadata verification information
to correct the DIALNORM metadata and decoding the bitstream using the
corrected DIALNORM metadata,
25 if the metadata verification information is not present, determining if
the DIALNORM metadata value is correct for the audio by decoding the
bitstream without using the DIALNORM metadata value and related

dynamic range compression metadata, measuring the loudness of the

decoded audio to determine a measured DIALNORM value, and comparing



nmet adata value with the neasured DI ALNORM net adata val ue, determ ning new
dynam ¢ range conpression netadata, and decoding the bitstreamusing the
correct edwDI200M@BIM2 et adat a and t he new dynam ¢ range cecprss@iconi2oet adat a.
27. Apparatus adapted to performthe 5%t hods of any one of clains 12

t hrough 26. 28. A conputer program_ stored on_a conputer-re e medi um
I ﬁr caﬁﬂé@ bitstreanys IRIALNQRM enetadata mlue;d@sth@fmaa»surgdd)b‘hfgf@ 11
roug 6.
value,

if the DYALNORM value in the bitstream is within a threshold
difference of the measured DIALNORM value, decoding the bitstream using
5 the DIALNORM metadata and related dynamic range compression metadata
in the bitstream, and
if the DIALNORM value in the bitstream is not within a threshold
difference of the measured DIALNORM value, correcting the DIALNORM
metadata value with the measured DIALNORM metadata value, determining
10 new dynamic range compression metadata, and decoding the bitstream using
the corrected DIALNORM metadata and the new dynamic range

compression metadata.

, 27. Apparatus adapted to perform the methods of any one of claims
15 12 through 26.

28. A computer program, stored on a computer-readable medium for
causing a computer to perform the methods of any one of claims 11 through

26.



