WO 2006/113062 PCT/US2006/011202 -1 Description Audio Metadata Verification 5 Technical Field
The present invention is related to audio signal processing, particularly to the verification and
correction of metadata employed in such systems. The invention is particularly useful in audio coding
systems knoWR a888i¢2 Digital (AC-3), Dolby Digital Plus, and Dolby E. BSSiB{2Ms(BY Bigital, 10
Dolby Digital Plus and Dolby E are trademarks of D6lby Laboratories Licensing Corporation. Aspects
of the invention may also be usable with othestypss ghaudio coding, such as MPEG-4 AAC.
Background Art Details of Dolby Digital coding are Set forth in the following 15 references: ATSC
Standard A52/A: Digital Audio Compression Standard (AC-3), Revision A, Advanced Television

Systems Committee, 20 Aug. 2001. The ,Aé:irA ocu%enlé?la%/ailable on the World Wide Web at
hLtp:/Avww.atse.org/stalidards.litml. S #¥IFTE €d8thg for Audio Transmission and

Storage," by Craig C. Todd, et al, 96" Convention of the Audio Engineering Society, February 26,
1994, Preprint 3796; "Design and Implementation of AC-3 Coders," by Steve Vernon, IEEE Trans.
Consurger Electronics, Vol. 41, No. 3, Augustciggsap3izlk AC-3 Multichannel Coder" by Mark Davis,

Audio Engineering_Society Preprint 3774, 95th AES Convention, October,.1993. "Hi ality,
Low-Rate Audio T ﬁﬁ%%%&%‘&%@ﬂé%&?ﬁﬁé@?i QH%WI ﬁiﬁ’ﬁ%ﬁ?&%ﬁﬁﬁ%&%ﬁ”@&i etal,

Audio Engineering, SAeel; GIeRIiNt G365 S3rd0ARS 4280y ERNOT yOG!APerchAAR MR, 2006/113062
PCT/US2006/011202

The invention is particularly useful in audio coding systems known as Dolby
Digital (AC-3), Dolby Digital Plus, and Dolby E. Dolby, Dolby Digital,

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 Stamidard A52/4: Digital Audio Compression Standard (AC-3),
Revision 4, Advanced Television Systems Committee, 20 Aug. 2001. The
A/S2A document' is available on the World Wide Web at
http://www.atsc.org/standards htmi,

20 Flexijble 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;

“Desigi'l and Implementation of AC-3 Coders,” by Steve Vernon,
IEEE Trans. Consumer Electronics, Vol. 41, No. 3, August 1993.

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,



-2 United States Patents 5,583,962; 5,632,005; 5,633,981, 5,727,119; and 6,021,386. Details of Dolby
Digital Plus coding are set forth in "Introduction to Dolby Digital Plus, an Enhancement to the Dolby
Digital Coding System,"” 5 AES Convention Paper 6196, 117th AES Convention, October 28, 2004.
Details of Doy Bdd#ietare set forth in "Efficient Bit Allocation, QuantizE63(LEMs@addiiag in an
Audio Distribution System", AES Preprint 5068, 197th AES Conference, August 1999 and

"Professional Au%%%%ﬁ%sg?’ft ﬁé)%g%gﬁ%%,?gi’%m Yidee oAESsRrepri 5033240710 Alg Conference

10 August 1999. oding are 'set forth in [SO/[EC 13818-7:1997(E)
“Informatio @zhi3¥egy - Generic coding of moving pictures and associated audio information -, Part

7: Advanced Audio Coding (AAC)," International Standards Organjzatiqn (April 1997); "MP3 and AAC
15 Explained" by D&ﬂ%@%ﬁ@%‘%%{&ﬁ%@&sﬁi 19&&?%%8&2?@&5%@}%%5%% Duality Audio

Coding, SIS AAIBIROUR S MERGR AdiencedbrsorsiplinaBiiResysteat, AES preprint

4382, 101s vention, er 1996. An overview of various perceptual coders, including
Dolby encodgis, hMREGeRapeeis] andldtRBa BSseofoviminonvontisw o R2B84Audio: Current

ALcio Eng. Soc, VAR ReDEIBY oS 8Eh 5 29 TA F G B s Tofbtences are
AT S eI g e
audio data GOBRrds$sltn ARSeGouserkfuarehausliser) 99 andd Rrefgskitanahdudunidivdedigital
eSO, D R iaed o Use vt ©1deof KRS Preprint 5033, 107th AES Conference
10 August 1999.
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



WO 2006/113062 PCT/US2006/011202 -3 bitstream consists of two key components: audio content
and metadata. The audio content of one to six channels is data compressed using perceptual audio
coding. Among the various types of metadata in AC-3 are several audio metadata parameters that are
specifically irigntled t@tiange the sound 5 of the program delivered to a kstefiisrgoenvisnment. These
are described below. The AC-3 system delivers athitstream comprised of data compressed audio in

frames of bjnary information. Each fram ntai i0, e g;\gﬂ_;& 5 amples of
digital audti)i?}?—sgﬁ'eg@a?%ﬁf%% %ﬁgfc} 4 efo%ﬁ‘{z% ﬁﬁg?#e%rggﬁésggﬁ r%ﬁﬁrsgéqconds o%%itgﬁg%dio or a rate
of 31.25 fram@soRemsesond st ausigx hanneibes abhitsaapiained insaghpirreptdapends on the
number of channels being delivered and the amount of data compression that is applied to the

channels. Fardgapagie D Vonesadiie caprailP st NarsiReNETet o AatioaV &ahta rate of

448,000 bits per second or a 15 frame. s . ' | -3 frame is
divided into o]il?g?afﬂae%g ?ﬁgf&(%eﬁi@y%%;fég%ﬁﬁﬁ@%‘%@%%ﬂﬁﬁﬂ%%%ﬁg a
synchrgnizafjomwardotSWHaReHae fissh disteniagenotvastiontwdhestCRE Hs@jBtream

Information (BSI), which contains most of the metadata; (3) six Audio 20 Blocks (ABO to AB5), which
contain the Bll@"ompressed audio content; (4) waste bits (W), which contain any unused bits left

over afe he sy sonjent ( cAMPIEAREH 5\ Al (AWK nermedan, wligh caniains mre

metadata; and (6) the Secon WO error correction wor own in FIG. 9, which

is describeq;{rtban telones ThEbHME3, 2hfisametincluBind theperceptaa s adifidatnian pression and
the accompanE/ing metadata, are described in detail in the AC-3 referemﬁs cited e, and below in

the descriptisni snriasiate frhéAforeanissod digitel sufite Hr S RRPUREFNRAGRa

10 kHz, this represents 32 milliseconds of digital audio or a rate of 31.25 frames
per second of audio, The number of bits contained in each frame depends on
the number of channels 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 & bits).

Bach 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 ABS), 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-S

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 mentioned above, in AC-3 there are several audio metadata

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



parameters that, are specifically intended to change the sound of the program WO 2006/113062
PCT/US2006/011202 -4 delivered to a listening environment. Three of these metadata parameters
relate to playback signal level and dynamic range: DIALNORM, COMPR and DYNRNG. The
DIALNORM parametas@ifects the audio playback signal level, while the redated @@MPR2and
DYNRNG parameters, 5 sometimes referred to hefeinafter as the "dynamic range compression"

parameters),-affect dynamic range of the audio pl ck signal. O ' t both, of the
COMPR andVRIg @Bﬁﬁé’fﬁ%@%‘%ﬂ%ﬁ@%?ﬁ%&f ‘ﬁ%ﬁ&%gé%agbeaeég?fé%%&t%?%a DIALNORM
typically is seihy & w3ghdbis fghapnaralehaudomativaliynathdDATNeERA GOAMPERO DIALNORM

value if no value is set by the user. For example, a user, or "content creator,” may make loudness

measuremeans WithIabNGesElur IdbYical seismet s tegis she cadioimiaviaskter the result into
the encoder. Thus, there is.a reliance o 0, set eter value correctly.
The COMDﬁ%#h@ﬂ@%a&é%ﬁ%ﬁgﬁgﬁ%ﬁ%%eéw%%R%é?gparameter, typically
are caleulateghRitpBatictlysling cecasing msraanoasadmibauses-6ehiPRENGRM parameter

value and one of a number of dynamic range comé)ression_ profiles (or no profile, which results in

application pROamENCR Mabircaibime e reagsiohberadin plavhak #1858). £2BA Stich profile
g%ﬂd{'ﬂg attack and
c

contains standard 20 audi amig ran ressi i on. i
release tim&gﬁhgfagﬁf Qﬂ%%}%p?@ %%Wﬁmg %%%%ﬁgg {éfg Ing the sound in a
listening envigepaient inshiaiiAg ¥ariodscodMn Mmisig" DARIMEERMCEDYCAIM XIdVbBREY,

SURMIXLEV, MIXLEVEL and MIXLEVEL2. Such downmixing metadata provides 25 instructions to a
decoder for@mnmibingeirzengnes ausprmtiasily aldearzhthmerserdgrabliction channels, one or

two chpnnels, oy RIBRRILile RASNARYLRBG lAlWs RoHBIgHREPAcFIoR of
“content creator,” may make loudness measurements with a process or
device external to the AC-3 encoder and then transfer the result into 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 results 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, SURMIXLEV,
MIXLEVEL and MIXLEVEL2. Such downmixing metadata provides

25  instructions io 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



spoken dialogue when decoding any AC-3 bitstream. The subjective level of normal spoken dialogue
is used as a reference. Thus, the reproduction WO 2006/113062 PCT/US2006/011202 -5 system gain
becomes a function of both the listener's desired reproduction sound pressure level for dialogue, and
the DIALNORN vatlere1 30éthough, in principle, the DIALNORM value may lpe mpphied initise time domain
subsequent to decoding (either in the digital doma#h-or the analog domain) to 5 adjust the playback

gain, AC-3 decoders typically emplay the. DI inthe digital iR, Within the decoder to
scale gain, m%%&ﬁ&%cé%%ﬁ%‘ ﬁ%%ﬂ%%%@%ggg%% fi%%%%dg&eﬁﬁsﬂeﬂ u lE[%io sto
convenientlycndignsitvine dsuise fhe dlavetet dialdgtio DI DIORM (eadicthe DednghMIOO loudness
meter) and 10 AC-3 provides metadata to convey the level of dialog (using the DIALNORM

parameter)Hﬁ@@p&%@w@%@ww#@mmpb§@éﬁﬁ%tﬁ@- WBRifeam has been set
o cueiaieRs dednsianenuniie of el oNL L despdg e

compressed na p ming a loudnéss measurement Wi pprove

technolegy. ayek aHuhHsedRg:aRpraa!s igcenbsiashicdiijasnblate hB DINTATOIRAGON S.N.
10/884,177, filed July 1, 2004 of Smithers et. al., entitled "Method for Correcting the Playback
Loudness avalnyhathie darigbdsapamwishiny b fepesnpreeais Aty R0 aid

application is hereby incorpy 2‘# 3, f ce in its entirety. 20 There are several different reasons
why the DIAE %a?%rrﬁg% % %Xnéggég Jitstream may be incorrect. First, as mentioned above,

each AC-3 encoderhis eheefault REENQRI valuerthatisntbpdadkagitherganeratite of the
bitstream if a DIALNORM value is not set by the content creator. This default value, commonly

chosen as -Eﬁt_f@,Qﬁé%ﬁ&sﬁb@t‘éﬁﬂ&@lﬁ%if%&nihﬁ@QM&MéMéMW%\/@éf the audio.
Secongl, evendf 3 CoNfent el meRsHigR QP ANeEs AP £EIRINE RIASRRM value

DIALNORM parameter), there is no way to verify that the DIALNORM
value in an AC-3 bitstream has been set correctly and matches the true
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/ 884,17 7, filed July 1, 2004 of Smithers et,
al., entitled “Method for Correcting the Playback Loudness and Dynamic
Range of AC-3 (Dolby Digital) Compressed Aundio Information.” Said
application is hereby incorporated by reference in its enfirety.

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, commoniy chosen as -27dB, may be substantially

25  different than the actual dialog loudness level of the audic. 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,



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, -6- even if an AC-3 bitstream has beeg.created with the DIALNORM value measured
and set correctly by the content creator, it may have been changed to an incorrect value during

transmissioreeenlidrastdsayd bitstechisthesmheemarrertadpid it iBnbLAdDIRHA wratskevision broadcast
applications for AC-3 bitstreams to ecaded, modified and then re-encoded usjng incorrect
DIAINORM m&%&a@ iﬂﬁaﬁ%ﬁ&?ﬁgﬁ& Xr%‘,%ﬁ@?{ﬁf&ﬁ 6&%?&1&‘%%&%@%% ed in an
AC-3 bitstregmy itinay-he ieaIEestAh b acHIMAR A0 Hirtiosmas aveareaativg impact on the

quality of the listening experience. Thus, there is a need for a way to verify that the DIALNORM value
in an AC-3 bitsteeamples Hdemsetuoonautyhymtchrnenonrbradeatd paplicatibssrfwhanged during

distribution apd t mission. Preferably, such verification should not alter.the. standard syntax of the
AC-3 bitstreé%{ %ﬁ%@ﬁi&%ﬁ??&%ﬁ%?%ﬁ%%cﬁaﬁ%%ﬁ?ﬁ%ﬁ?éﬁﬁagé@%%&%ders (i.e., backward
compatibility; 5. Breserysi 1 SeORAE nebieRVaRtan A Giccararge with aifisst aspect of the present

invention, there is provided a. digital bitstream, comprising data bits representing audio, metadata

intended to Bl AdrdCiRdvItheluadioalmayhetadatasriffieatidh mfbiiabirany, Wieesiball or part of the

tadat th rect for t 10, said tadat ification inf i [ ble t
Gt whethEF SFRbL FRARRRIETE EOHABEIE P b AV i ROt SO GEPR BAGE 50 hat 1 5

correct. In agGRIGANGE WEh:dERERNE:a5ReEA&E the present invention, there is provided a digital
bitstream. comprising data bits represénting audio, metadata for the audio, and metadata verification

information, said mEtadatheerificatimedfformatipntinslieding ket tby IEAldIQRMmbssa copy, of
said metadataiaﬁ 3@3 bitstream bas been set correctly by a content creator aﬁd 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.,

backward compatibility is preserved).
Summary of the Invention

In accordance with a first aspect of the present invention, there is
provided a digital bitstream, comprising data bits representing audio, metadata
intended 10 be correct for the audio. and metadata verification information,
wherein all or part of the metadata may not be correct for the audio. said
metadata verification information being usable to detect whether or not metadata
ts correct for the audio and, if not correct, to change it so that it is correct,

In accordance with a second aspect of the present invention, thers is
provided a digital bitstream, comprising data bits representing audio, 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



verification information being usable to detect whether or not the metadata -6a- and the cotiv thereof
are within a threshold difference of each other. and if then are not, to replace the Iretadata With the
copy In accordance With a third aspect of the present invention, there is provided a process for
generating a digital bi stream in response to audio, the 5 process comprising generating inetadata.
that. is correct for the audio,. generating metadata Vefification information, the inetadata verification
information. being usable to( etect whether or not metadata is correct for the audio and, if not correct,
to change it s¢'thaltit $9BBrredtcand assémbling & tigital baktaaipehdtchedlydesr data bitsrapresenting

the audio, the Inetad.ata al %EQQ*{?{%C@Q%&J%%}‘%@!%%ti&@ information. In accordance with a fourth

L L L hECE, WY L . - . . .
aspect o the present invention, there Is provided a procgss for generating a digital bitstream in

response to audio, thén pracesseamprisingiGenerating-figlagdatador the:audio, genperating metadata
verification information, said metadata. verification information. including a 15 copy, or a
data-compres8&H"¢0pY, ‘of"Satt ' ataitfatal theshieta dta VEHTHEATDH! iRfoivaSiGH Héine, Uisable to
detect Wh%theﬁﬂ{d’é@&- dbg:piestadata and he 6 Ly dhergofare within, g dhygshold: difference of each

other,. and if -hey/ are not, to replace the m.'etadata with the cony. and assembling a digitaf bitstream

that incluces dattabits:iaip resénting thewuidio, the metadaira and thee imetadata 200verification
intorrriation, In accordance wit?', a. fifth aspect. of the present in.. ?ention. there js. provided a process
(it:, é?‘t? R ?%a% A

for treating a. Edl‘o’gdl%? aud %{ftis ‘?’ie”kgalg%cfhgyf neidte: g%éf" t%?§}7$8bF8§éﬁ?iﬁa‘j§8.@f%, ‘mietadata intended

to be correct fopthe-audienwhereincalkor iy, cofrahich Higlatio it et-magmot be:carreet for CinC',
“<llid;.(", and that, may include 25 data bits representing metadata. verification information that can be
used to detectIGTHERTEHOT REE FEtHTATE IRECHPebtdor the aneietarandidicorestato halige it so that
it ei corregt, cq;&qﬁgi&g&q@gg@g@%fhthe inetaciata ideation information is present. in the bftstream,
and ii metadata ve ificatio ..

In accordance with a fourth aspect of the present invention, there is

provided a process for generating @ digital bitstream in response 1o audio, the
process comprising generating metadata for the audio, generating metadata
verification information, said metadata verification information including a

15 copy, or a data-compressed copy, of said metadata. the metadata 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, and assembling a digital bitstream that
includes data bits representing the audio, the metadata and the metadata

20 wverification information.

Ip accordance with a fifth aspect of the present invention. thers is
provided 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 mav not be correct for the audic, and that may include

25 data bits representing metadata verification information that can be used to
detect whether or not metadata is correct for the audio and, if not correct. 0
change it 5o that it is correct, comprising determining if the metada
verification information is present in the bitstreant, and if metadata verification
information is present. determining if' it verifies the correciness of at lsast part of

30 the metadata, if the metadais verificabion information verifies the correciness of



irifhn.nation is present. . determining if it verifies the correctness of at leas, pare of 30 the inetat!ata, ii:
thy.. l;eti3 Ci a..a 'C'l"rficaCEC123. 1 x1EC3".n"l.atIC)n verities the correctness f4. -6b- said. at least
part of the metadata, leaving the bi s-rea.n F tnaitered. and if the tlletadata vef ifi.c tion information ..
does D.ot verify- the Correctness of: Said. at least part of the metai4ac, using | to correct 'slelati. ata.
In.. accordance tvltth a sixth aspect of the present Tn%n‘tion, there is 5 provided a process for treating.
a digital audio bitstream that includes data. bits representing audio, nnetatiata intended to he correct
for the audio, ¥eeérdifcaliarapart Bimmishiidetadstail8gayenot beceorraotior thle 2iudlio,tand that may
include data. gits represenfing inetadala, yeriication information that cag heused 1o dteet
m.etadata that. 1 Not correct for the au 10, comprising determining it the 1§m§auata verification
information is parsentiirecthe:-bitsireamiifm.etadatact werifigation information. is not present determining
if at least. part of the meta data is correct, if said at least part of the metadata. is correct, inserting
metaeiatE verification EHWANG for Khid Hifeadinsait Of the MCiabatay SAtE thé B stieai i, and if said.

at :.'east part ,.of the metadatadls ot Cofrset, SEWng saidh A do least par b ingds” aljata to a {. aLlf

VUGEI:, in accordance T ,ith a sevcnQ aspé-c of the present invention:.. there is provided process f.3i

be correct for the aydio. wherein all or ggr;otf%,yxhjph_‘;\_ ntegﬁg%}gga}t?%" may nat be nqo:rrgeclfo._,r\the audio,
and that. unay éltide 26 ddts BitS Fepreséiting M adat™ | Srifiestior it YAty At Can be used
to detect: m.efad:ala. thatissatcorpetivriheaudiaiandnifiat . 6orHert: to.eNange:it sothat i.. is

correct. comprising determining Sf the metadata. verification information is present in the bitstream,

and ii metadai@¢ivefificeiion it dbawisiprese it ot anitiRiry Mt vaundslena cbreeditisss of at
least part,f tﬁ%.&ﬁ&%d%fiﬂ&@% ] ﬁi&%@;@fﬁ"@f fication é'é‘f&ﬁ%?&?c‘é%’ﬂ“?%@&&&fz{eCt”ess’ caving,
ire bitstream.. tuna. terd. it the meladata verification itifto rnatio,. does ndi’ 1 t V' the correctness.
correcting said-atileast paitof themik eladatprifdite. determining if at least part of the

metadata is correct, if said at least part of the metadata is correct. inserting

metadata verification information for said af least part of the metadata into the

15 least part of the metadata to a default value,

In accordance with a seventh aspect of the present invention, there is
provided a process for treating a digital audio bitstream that inchudes data biis
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 thal may nclude

20 data biis representing metadata verification mformation that can be used 1o
detect metadata that 1s not correct for the audio and. if not correct, to change #
so that it 18 correct, comprising determining if the metadata verification
information is present in the bitstream, and if metadata verification information
is present. determining if it verifies the correctness of al least part of the

gy
i
3

metadata, if the metadata verification information verifies the correciness,

]
Lh

leaving the bitstream unaltered, if the metadata verification information does not

correctness, correcting said at least part of the metadata. if the

jata verilication information 1s not present, determining if at least part of

+

the metadata 1s correct, if said at least part of the metadata is correct, leaving the



ntc'taC.a-la verification information is not present, d..etermi.ning if at'. least part of he me.tc Data. is
correct, i Said. at least part of the, meladata is orrect. leaving the - 6¢ bitsream unaltered. and if said
at least part o. tit-e. m.etadat t is not correct. setting said at least part o 1e .eta.data to a default value,
In a. cordc ,ce with an eiahth aspect o the present in_v e:ntion, there is provided. a. process =or
treating a. digital audio -,itstrearn that inci.uies data Bits™ 5 representing audio. DALNORM. n to rata a
.d related dynarnic range compression. nl'ef . data. intended to be correct for the audio.. wherein all or
part of which higtagataiméevas. norhé eorFedt fostheaudio)and thatimaxtivichade datebits:
representing me t erlfl atlen |nform§,t|on ha:t.can be L Used to detect whether or not the |
ALNORM. nietAc af%ang]U IS%Offé%f tor Efﬁdema%%déi%u if “10'fiot correct. to chat g it sthat it is correct.

comprising determining ifthe-denetadata metfication jaformationisJkresentin the itstream, if the
metadata verlflcatlon information is present deters i. ning if it verifies the correctness of the DIAL

NOM i .etadatd ValGESiFtRECT RS ALY GariRe atibreintormation Ve midiatiacvriectivésdifearing the

bistrsears unaisiad-Wina e reatReivaisTgaliond adnfemalien claisqpyedty the coreciness
changing the DIA.Z,NOM, x tadata. i._value so that it is ;-:-'i Ct for the aUCn’e if the Il ef.'teldatn

verification informmatiossistnutprésentidetirining ifthedDFAL NG ividite teidata valleiseorrect for the

audio by decodi he bltstleal "s without using the. DE LNQtti'M nletadata value and rel ted dynamic
range compress{:(% retadata, Heaktr #‘g e %ud?ﬁ éLo?‘ﬁﬁeozﬁnéle%%ﬁ*ael?ﬁua?Sﬁfﬁpéi‘e

a:m.easured. RypitNORMvalupandrcRmMpatingthe:. !@mﬂt«%eaams@IMQRTesmetadala value to
the measured. IALNORTVI -value. if the DIALNORM metadata value in the oitstrieam is Wlthln a

threshold differéiféac: ritFe meastirad BIAR NOTwtaf vatiaata vates rsavie,_ thhausiistrsat aflaitere;cl. if
the DIAL L%ORM QS[F? :ata,is not withing th@mr%ﬁ Id. de. terniining, th 25 me: usg}are D) LNORM m ad to

is within the range o |d DTA N'RM “values e I-neasuired. loudness is within the range of valid
DIALNHF'M  metadata verification information is present in the bitstream, if the metadats

verification information is present, determining if it verifies the correctness of
the DIALNOM metadata value, if the metadata verification information verifies
the correctness, leaving the bitstream unaltered, if the metadata verification

15 mformation does not verify the correctness, changing the DIALNOM metadata
value so that it 1s correct for the audio. if the metadata verification information is

not present, de‘ieymén:&ng if the DIALNORM metadata valuc is correct for the

audio by decoding the bitstreams without using the DIALNORM metadata value

-

1

and related éymmic range compression metadata, measuring the loudness of the
20 decoded audio to determine a measured DIATLNORM value, and comparing the

bitstream’ s DIAL NORM metadata value to the measured DIALNOERM value, if

the DIALNORM metadats value in the bitstream is within a threshold difference

4 .

of the measured DIALNOEREM metadata value, leaving the bitstream unaltered. if
the DIALNORM metadata 15 not within the threshold, determining i the

25 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
repacking the bitstream with the measured DIALNORM metadata value and
related dynamic range compression metadata, and with metadata verification

30 mformation correct for the measured BIALNORM value, and if the measured



n etadiati vah,i.es. determining new dT : airnic range co m ression n ..etadat<. and repacking the
bitstream with the measured DL LNORtM rneta.da.ta. value and 1. laied. dynamic range compression
metadata, and. with . Inetadata. verification 30 informs, .on correct for the measured DIAI.,NORM
value, and if the measured -6d- loudness is not within the range of valid DIALNORf Dues. charuhng
the gain } the decoded. audio to Ewing the loudnes€ Within the range of valid DIALNORM values. deti
mi.nina ncN,\ dI'nannic rangy?.. com.t;ression. f ¢ adata. and. re-encoding the b,tstl' am using the gai
ad ustc audio, th rfeasuret’ 5 DIALNORME nietadate . i &d the rewly detensied:dinamic ran
le compression. me q%at@ﬁ!‘ cordance with a ninth. aspect ofthe present invention, there is
provided a pro%e%%lé% roéha{“t#n%gé(? ié’igﬁﬁf‘éf&%%ﬁ%ﬂéné?ﬁ% Eﬁ% }frifgd%?":iééslgéfgtéig]ﬁifgufepresenting audio,
audio metadataj andvaudid LibietadiocvesifigationminSoiaben: 10-said.audiesmetadataverifica.ion
information in..cluding a copy, or a. data compressed cop of said audig nnetadata, said verification
information befifig ‘salie 45 detecPNEtiveroR HBEHE wetadata dRd. ‘SUcA-a Copy tiEFEsf are within a.
threshold difference,o-eagh piben and if they.are pa L ta replace the;metadaea.y, th the copy.
comprising changing the ni=ctad a tae and. changing thé verification. 15 informati,In so that. the
H'netadata. ardthies copy; ondatéecompressed -co n~ oi: the nnEtadat are within said threshold
dif{ferendCr of each ogghe;_ré In atcdc_ggdwqi.‘;yv@}hkit‘%t 2nth aspect. o the %rg_s;qut“inyenti on, there is provided a
process for decoding'a AigitANAUGT ™57 eabih thatineidt SRt DS 5?éﬁf§é‘é%i%é’%&dio metadata
intended to hesgevigetiforthe audioy wherein akior20 pastotthemetad.ata, pal-nakbergerrect f ?r the
audio, and that Ic. include data. bits representing) metadata verification iniorinatio . usable to Cet;;ct
whether or nGER:BHG AL iUchrretidsr theladitho BHOUCTHOL BOIREEIA tocEHar &1, IR THAR RS correct,
comprising determining e meladaiperieatianiamaten, s, Rresgnt [} rgdltsueam, f inn
stadat_. veril:ica_i n. inforniadon is present. 25 determinin it it verifies t &-Cofrectness of at east part of
the, etaduta, ittempressed copy. of said audio metadata, said verification 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 thev are not, 1o replace the metadata

with the copy, comprising changing the metadata. and changing the verification

15 mformation so that the metadata and the copy. or data-compressed copy. of the

metadata are within said threshold difference of each other.
In accordance with a tenth aspect of the present invention, there is
provided a process for decoding a digital audio bitstream that includes data bits

~

epresenting audio, metadata intended to be correct for the audio, wherein all or

20 part of the metadata may not be correct for the audio, and that may include data

bits representing metadata verification information usable to detect wi
not metadata is correct for the audio and, if not correct. to change it so that it is
correct, comprising determining if the metadate verification information is
present in the bitstream, i metadata verification information is present,
25 determining if it verifies the correciness of at least part of the metadata, if the
formation verifies the correctness, decoding the bitstream using said metadara,
if the metadata verification information does not verify the correctness of said at

least part of the metadata. using If to correct the metadata and decoding the

s

4

bitstream using the corrected metadata, and if metadatn verification information



7n)o ii.at o verifies the correctness. decodiP2 the hi.tstreainn a sing saidmetadata. if the meta-data
verification in orTi: ation does not ve:rib, the. correctness of said at least. part of the metadata. using it
to corrlec,, the me.tadata and d,.ecodin, t.h'ee bitstrearn using the corrected Ine-mriiata, and f meta.
to ,'erifi. ation info mathon. - 6e is not Ir sent in the hitstr - | decoding the bitstreamll using the llletaua
a. in the : b ristieaFTI or decoding the b tstream usi 5 Clef auit 2 letad t.a. in accordance With an..
eleventh aspect of the present invernior., there is, provided a. process for decoding a digital audio
hitsiream. thatfithides gatarbits® éii?é'iﬁi%%rﬁfﬁij}%}ﬁé?F'n%t‘é‘iﬂ%ﬁh%@ﬁéfé@%fﬁ@‘%‘%%“ril‘?ééﬂf‘é‘i@the audio,
wherein a]l or;pﬁ{tggme}mfmt&g&ga,;@@yg%}%g?goigigh E@é%ﬂﬂ%@%aﬁﬁd that map:' include.data. bits
representing met data veerificationt. information usable to dieter? whether or not metadata is correct
for the audio and, if not soreedtrto:zchahge:it-go/ that. ispeotreCtheamprising:determiningrif the
metad.ata verification. information- is 10 g{gesqntin“th i.tstreanh, if met gi§t<§§ygrificzgysop;ifnformation
is present, detETItTAG iPIEVETifies {HEKBH GALELoF IO FEaE art GtHa etalate SaFHa .
orn.ation. yerifigs- the garrestness; decoding.the hitstreamusing  said:metadata, if the A Thwl SCtaiit
verification information does not verif-v the correctness of said at least part of the m.etadata, using it
to correct the hitduiddha srfdcdetodinng the 1B ilemed. mUBIAg te cormedied mataddatas. 6h7 tadata. t

ieat n inforruglian,fs.ngk presentip, e DISHEA,  SEISHIINNG L 8714, Jeast pplrs oh the m.e

. . e £ . .
iadata. is correct, ifsaid at leas part of't:ie rnetadata. is correct, decoding the hits ¢an".. using said

metadata.. anddf saithdtieastpartof theimetadaudnis Notcorractcdesadingthe bitstrealitiwith said at
least. part of the metadata set to a default 20 value. i2t :.tUCCitCtca ice gt iif, a twelfth aspect of the
present inventiof < th&rEE" piBvitet H'Brotess - detbdint 4 dightal'aldis “BRstTosil S that includes
data. bits, gepresenting aydio., DL, NORM.listadatarand related.. dynamic range,metadata intended

to he correct for 'h- auuio W i erci or nay t of the metadata ma'.' not
determining if it verifies the correciness of at least part of the metadata, if the

mformation verifies the correctness, decoding the bitstream using said metadata,
it the metadata verification mformation does not verify the correciness of said at
least part of the metadata. using it to correct the metadata and decoding the

15 bitatream using the corrected metadata. if metadata verification information is
not present in the bitstream, determining if said at least part of the metadata is
correct. if said at least part of the metadata is correct, decodmy the bitstream
using said metadata, and if said at least part of the metadata is not correct,
decoding the bitstream with said at least part of the metadata set 1o 2 default

20 wvalue

In accordance with a twelfth aspect of the present mvention. there i

provided a process for decoding a digial audio bitstream that includes data bitg
representing audio, DIALNORM metadara and related dvnamic range metadaia

£ T et s 5L [ S ST
W oe correct 107 NG BUCIO, wWhorein a1l

or part of the metadata may not

z [ A S o | S [ SV S R T P A TP e PRSI S
25 becorrect 100 the audio. and inat may molude data bils representing metadaia

verification information usable to detect whether or not the DIATLNGORM

metadata 1s correct for the audio and, 1T nof correct, 1o changes it so that i 18
correct, comprising determining if the metadata verification information is

presont mine Bishy cainl, it meradats veritication %i%éwf’ﬁ’%céh{}‘zﬁ 15 Drosent.

o O S S i
30 Cetorpnrng o

TAL NORM metadata. if the

it g i o U S A
it verines the oorreciness of



~ verification in

25 he correct tor the audio, and that may include data bits representing metadata verification
informa,icn. usable to detect whether or not the D1A1_NORI1/ etadam is cor ect. t.,r the audio and, if
not corr to change it so that it. is co2:r<ect, comprising tetermining ii th.e metadata v ;rdication
information- is present in, the bitstreanh, if ._lita.:atalferificca ion innfori-nation present.. 30
determining if it verifies the correctness of "t D1 i t { IRf nl tadata. il'the - 6f information verifies the
correctness. degodingithevbitsireameusing: saidsBl AtcNORMaétadatarif thepraigtadata verification
information do%? rgp%/ﬁ.@%thefcgrrecme?s pf sal ,IQIAL ORM m,gtaqata,_using the rpgtq_data

ati OPRERE A DIAINORM et ZARISERY dRESEY HRetoRStFeARcSing the
corrected DIALNQBM-mgtadatas if the metadataverification infaumationds notresent dgtermining if
the DIALNORM metadata value is correct for the audio by decoding the hitstream without using the
DIALNORM ntfedataivalueanderalshed dyraiviichahge colniressionmdtadates, measaring the

loudness of the decoded audio to.determi measured DIALNORM valgg,‘and_.comparing the
hitstream's DIEE --oﬁv “r%gf%cggé{?}é%héﬂ? t?ﬁgfirﬁ%%%g?g&d %&iﬁ@ﬁﬁ%ﬁ‘rd&ﬁ%ﬂ@bi ALNORM value
in the bitstrearmismithinm i shrespald-differanee of thei measured RIARNORM:valuedesoding the
bitstream using the DIALNORM metadata and related dynamic range compression metadata in the

' bitstream, and FHE DRELRORMY ANt HHI8i PR TS HB BN & e shel 8ot dnBSbf the
measured DIALNORM value. corregtingthe, DIALNORM meta With, the measured
DI_ALNORM metadata value, determinin %ewldyn%%%ﬁ%g%m{gﬁg%%%% S g?ar? edecoding
the bitstream usidgetheoddhre diath BXALNORM thatadate: anch theunewOyABMNIG Favige: gonpression

metadata. Description of the Drawings FIG. 1 i ctional schematic block diagram of an
arrangement for gEHE &G glffi%??éggrﬁém;%% BB NE DR EBRIRSGERSN. FIG. 2 is an

abstract repregemiationefaraxamplg:efiafamations vajue in the bitstream is within a
threshold difierence of the measured DIALNORM vahue, decoding the bitstream
using 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 vatue with the measured 'i')lA'L’N@RM metadata value,
determining new dynamic range compression metadata, and decoding the
bitstream using the corrected DIALNORM metadata and the new dynamic range

compression metadata.

Description of the Drawings
FIG. 1 is a functional schematic block diagram of an arrangement for
- generating a bifstream according to aspects of the present invention.

FIG. 2 is an abstract representation of an example of a format for
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



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 -6g- has correct
metadata and matching metadata verification data. Ff@. 5 is a functional schematic block diagram of
an arrangement for practicing various subsets of steps 404 through 413 of FIG. 4. FIG. 6a is a
functional schematic block diagram showing an arrangement for practicing the subset of steps 408

through 410 of, Fd Ga AW @, 200641 P .~ F1G. 6D is a functional schematic
block diagram shoveing an %%%%%&%%%t %%é%gﬁggﬁ%ﬁégéeﬁ{’o Is(.%relp(s)(is%l ﬁ1?138 and 411 through 413 of

FIG. 4. FIG. 7 is a furitiofakscienwatimblosidiagiabiheniigeanh affangeraastiaenrapticing the
Repack Bitstream function qr device of FIG. 6a. FIG. 8 is in the nature of a decisional flowchart useful

in understandlff HEHEZ LGN SHOsRtD AT ElanR ¢4 vhrmeahcH 3 lard. decoding. 10 FIG. 9ais a
schematic diagram ifigigirafing, a ﬁﬁ%ﬁ8ﬁﬁ‘ﬁsé‘§§%]§ﬁ§%1&éi§8%§£§ ream. It is not to scale. FIG. 9b is
[ e S| portion

a schematic diagram illustrating in greater detal p an AC T EF& coded bitstream. It is

not to scale. @iﬁa@@dmem(ﬂwm&tidjﬁggam iﬂubyatmgsjmlggemgrtggj,@@gmm@%pigq@,a:m 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 showinganeoDiAoNORM level and dynamic range of three exempla§iaustigdtemsizuring
playback. 25 FIG. 11 a is a hypothetical graph sho?/\ring the effect of dynamic range control

parameters on thr. mplar au i0 |t FIG i owing the effect of
DIALNORM and gﬁﬁgr&b 2% H%&)q parafr:nr% grs S‘E rgé%lx%% ary ?%?Rems during playback.
WO 2006/11,306 &%%?9%%&2@2@@@{9@@@% woRaichdTHetlimeanttod Iayfbe viewed as

having at a number of aspects, all of which involve audio metadata verification information. Ones of
those aspéecl&ringlude the following: 5 (1) an encoded audio bitstream havmg correct metadata and

information that viﬁ é{ejsgtgael g rregc{r:%zs t}ggﬁ&% E(&flatgledﬁq%ﬁ{?% @ process or device that

generates an enc avmg correc metad%ta an ation that verifies 10 the

correct@essdﬁfaq{%eaférﬁ RerphRmetadaie i3l Bietessorideviterthatdesioes fiidan encoded
audio bitstream has correct metadata and also contains information that verifies the correctness of at

least part obthe correct metadata; and 15 (4) a process or device that decodes an encoded audio

itstream whether ool lof s Meiada s GRUSF-APPRR AR SHsiutes corrected metadata
t, 1f

and takes into acc
understanding aspects of the invention relating to verification-data-aware

decoding.
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. 9¢ 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. 1t is not to scale.
FIG. e 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 itemns 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.



present, information that verifies the correctness of at least part 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 andRrWSHEMEBN. Bitstreams in which the verification informatiBRTEE2REY Bically have 25
some sort of bit error detection and/or correctioﬁ,sf()r example the CRC code words in an AC-3

bitstream. In aspects of the presentypyepiion the imeiadaiRdpaYy 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 res(ihef invertivin ey itoviewsthastiseing abecaustber b #9rrotesi £ioe2

PCT/11S2006/011202 -9 errqrs in transmissiqn or storage. Indeed, t|§ audi data verification
informatioWMdth]é’ér%aﬁélﬁﬁFﬁg@?ﬁeﬁh%@?W Bﬂat%ro rr &leosr?d %éﬂcsagl}%se it serves the
purpose otag QE%"HSM@‘&%%%@HQ? correct, to a correct value. Bit error correction would merely
correct bit errors in the 5 metadata, leaving it incorrect, albeit without bit errors. In other words, the

audio snetadata verification inféijratiencetied sudindiisireemda ongraorrsatisnaiadidying bits
representing metadata, not to the correctness of. the hits themselves. Al [ rB[E)Ies of aspects
of the invention describ@&%é‘? W’%ﬂ@oﬁ?é#c‘éﬁ%ﬁ]%% 15 Bﬁﬁ%’é%n?%sg 8%2%%%5@%&0-3) encoded
bitstream, the sets of mgladata, age.the DIALNORM and related dynamic range control metadata, and

the verification information corresponds to correct DIALNORM metadata, aspects of the invention are
applicable to other audio codifid) sypreeesarnd tevinertheé Eentaaterening el 38dioding systems.

the Dolby £ system anc TS TPESE KK Gsenporiat A SRR otk Vel for exemple
10 the correctness of at least a part of the metadata;

(3) a process or device that assures that an encoded andio
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.

Tt should be noted that the andio 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



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 W@/ tEfded in the encoded audio bitstream in such a wayrttieUHeehitsteeam is
backwards compatible with existing or legacy précesses and devices. In examples of aspects of the

invention described herein, the verification information, is caryied in_ th bits, mentioned
above, thatBAFEMiSRRSEES0D G %(fg’éﬁ%e'i nmg O?\hgnadlééﬂéﬂstg‘(rfea%%’é%]j%gyﬁ?t&a?ndard AC-3
decoders. Qffer AudiowafiacBYeRs ey hAYSsGSI! BitopidsivdioRits batrauiobe available

(sometimes referred to as "null" bits, "fill" bits or the like) and that usually are ignored by standard
decoders beransaripierves Hupiiomaisdns o 2ousmetatatnciTus 28860 1esdAC £0 fields such as

the Data Stream Element.in MPEG-4 AAC, a user.defined.da ection. uch bits in some
coding sys‘f@ﬁ’@%%ﬂi& N R Sk gg%%’eé(%g%iiﬁ ﬁ\:/v%%\gﬁggh%seful feature of

aspects Of&@aaé%é,%év@imwﬁecarammim@m&ﬁt%ﬁ@amgiﬁm.ﬁemmimms 5 for carrying

data in "waste" or similar bits in encoded bitstreams are disclosed in U.S. Patent 6,807,528 Bl,

"Adding Datadio anetadpte sssifoatorFafaamaion tehaissdodhe ararcsiRest @fhereby incorporated by
reference herein, in its entirety. The.verification informatio I e ncoded audio
10 bitstream%hrgﬁ%ﬁoélWﬁ@?ﬁgﬁﬂ%&é&ggﬁ@%tﬁ%ga{%}n%%aéé%ﬁgﬁ%ﬁﬁgﬁ%ﬁiarried in

waste bits {ayhe anspiiRasHiding the verification data has the advantage that someone who
purposely changes a DIALNORM value in an encoded bitstream will have difficulty.in Eggnging, or will
not be able to chaktiwuph iesreatplemedasnasts abthaHBYGRIERR SF8RyTREAIFETE FiSy have

sufficignt upuseq 3318 A pitstream is a Dolby Digital (AC-3) encoded bitstream, the

sets of metadata are the DIALNORM and related dynamic range control
metadata, and the verification information corresponds to correct
DIALNORM raetadata, aspects 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 exumple, 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 “mull” bits, “fill” bits or the like) and that

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



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 beVé@eefed3¥6may be steganographicill?/ encoded into the bitdtFEaR208M % nniques such
as those described in United States Patent Application S.N. 10/344,388, filed (PCT) August 15, 2001,

fose, : >-N. 10, 19U .
entitle “ﬁ%?g%fég@n%@rﬁgﬁﬂﬂfﬁ?é&iﬁ%%@hmﬁ@@emmqmﬂg@@m ystem in

Response 10 nformation,” by Watson et al., published February 5, 2004 as US

2004/0024538 44, Jaskapplicatioh ibitdretynireconding ey $gmstenaycadh e deatreneSteganographic

encoding has the advantage that it preserves backward ¢ atibilit d also hi he data.

Flowever, BEGEHTRFRAE HEARRE AR OB TAAT iy RN LS R SO

POT/LLS 2000012307t dn clitn Gifvsalietiondniarmminitas eyswisse dutihrpiaglow), which is o
g e verl n

disadvantage, Ication data, In its simplest form, may be a copy of the correct DIALINTORM

value galorfgngtrrshppofaiatériwaste 5105 syntardrittatioAnoaiEhiREERIIASRIR). Because the
unused bits in an AC-3_bitstream ar, ical t to,null. or random values, t %i ihoad of the
unused dafS6HRsFER ACS %@%@aﬁéﬁmﬁ‘iﬁetﬁﬁﬁ%ﬁ?ﬁa?&% SR %éﬁo@rﬁ% is highly
uniikely. Alsgybenoniy opes FOBFIANky BIA NERERI aliecloy aasbpssnsodsdhaf@rarmegram, as s
typical, thfl DIALNORM verification informﬂaﬁon contained in the unused data bits is also a
constant, fie@wglieitnghiretise, checking for multiple instances of DIALNORM verification data in a

e O e e eISa A A G e B i ceton o

10  bitstream in such a way that it is “hidden.” For example, the verification
information carried in waste bits may be encrypted. Hiding the verification
data has the advantage that someone who purposely changes a DIALNORM
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 n waste
bits that may be encoded, it may be steganographically encoded into ‘;he
bitstream using techniques such as those described in United States Patent
Application 8.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 February 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



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 ¥A&etAgtat the DIALNORM verification fields placed in thePGAISRH0841A22D bits, when
they are available, match the DIALNORM values."A'minimum number of matching DIALNORM and

DIALNORM y éhgfﬁ?é"i} falds imRRadea e disrientaerHUES Aewpy ohakiiidhat random data

in the unuse a fields match the DIALNORM parameter values. A further aspect of this invention is
preferably i etbwisiakyeapproved 25 processes or devices to write the DIALNORM verification data
into an AC-3 bitstream. DQing so assures the validit o@%verific tion data. Thus, although the
correctness of thgﬁm1$@%l% %%ﬁ@ﬁg%g ’HB?YE A 96 BE correct for reasons

such as th%@%g%%%%ggm %Q?ﬁg}g%ﬁg%ﬁéﬁﬁg@%ﬁgﬁﬁg yeed with confidence in its

accuracy. PCT/US2006/011202 urthermore, the problem of a correct
DIALNORMpasaroatentienamih il ectifipatidis datejcdiee es tise unaitid bNORMéfichtion data is

placed in qtherwise unused,daja bits of an AC-3 bitstream. If an AC-3 bitstre ntaining valid
verification%%Q'@@e%@’d@&’é‘fﬂﬁésgﬁéﬁd@ﬁ ﬁ?eﬁ?ﬂ‘f@ﬂidﬁb‘gsﬂﬁﬁ%@iﬁ‘\%?ﬂ% stifing unused data
bits that repiage Al 44N ORMy e catondaifea hiseual e BRIV remain correct, even

the same A DLALNORM metadata values are used. This insures that any additional processing of
a verified AG:A hitstiondateldarsiabesvegidatiodikelp (ddkssvahcappndy thacoBBRBbder with

e R S R R B e
carrying ouSPRINEIIND RLe: FRaf BRGrfoRalstRAde JRestMOde A Gatybiodus bieslhyention
also a constant, fixed value. In that case, checking for multiple instances of
DIALNORM verification data in a series of AC-3 frames decreases the
likelihood that unused data bits are mistaken for verification data bits.
If the DIALNORM measurement, metadata gerieration, 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 DIATLNORM verification data fields

| may be required in order to reduce the probabilify that random data in the
wrmsed 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 DIALINORM 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.



Generating an AC-3 bitstream that has correct DNQ 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 element¥2 B3 Rdified AC-3 encoding fungtion or a modified AC-fgﬁ%f)%g S('KHified AC-3
Encode") 102 and a dialogue level measuring furiction or dialogue level measurer ("Measure Level of

Dialogue'% é%ﬁegg ea%%}%lgnagpﬁ%{?&PEMMmp%@ﬁl&mmde the Measure
gue 104.

Level of Modified AC-3 Encode may be the same as a standard 25 AC-3 encoder
or encodigernsianesvertshat bisaise tapabld bMBiHeriBRLND RRHA ST data and

inserting it in the AC-3 bitstream in some _suit ay, as disc d QBQ Ihe.Madified AC-3

Encode pto\atRer Witk BlHaFE ?iﬂ%%&lci-%%%?& aIo][ultp% a mcﬁ%éé DIALNORM

verification data, T f Digloguadfitanalizes sheddpd; Wen 20061 $RD62
e s ks el

PCT/USZBB M, computes the correct DIALNORM value, and sends it (via 103) to the
Modified AGiaERche H2rdaultingalniusSeg datobiig tiat replassr BIALA M IMinused bits is directly

related to the complexity of the audig (i.e,, how difficylt the 10 IS, : ired bitrate).
Because HrHiFABERSBRSEEY %t%}it %’f rt}A?:r%"gﬁ%?(g*?%nﬁgﬁ%i%%ﬁh%%ﬁ%%g%%ﬁﬁ%g audio is to
code, the %%E% Qé@é%iﬂﬁ%r@éﬁ@@ AhisngaJeNalofauadity amthibdraforesttieafennsr bits that are

€ Co

unused in Ing process and available for carrying DIALNORM verification data. Audio signals

that are sigziéi¢nalosie v sivg ﬂﬁmmiﬂ%eﬂoﬁﬂﬁbfewmé@%%%ﬁéﬂg g‘t%?ing the
et et oS RS R cpuanie e Modied A3
10 verification capabilities is used for the reprocessing, as explained below).
These and other aspects of the invention will be better understood as
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
135 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 1s also capable of accepting
DIATLNORM 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



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 th@lowdnessievel of the dialogue may be performed by first iBOEtiRg@Rgments of the
audio content that predominantly contain 20 speééh. Such a method is described in United States

Patent Application S.N. 10/233,073, of \int . ifled " rolling. Lﬁ({;gs&qhgpeech in
Signals Tr%@%rﬁgﬁﬁl@bf&é %ﬁﬁr&#e %@@%%%%%?ﬁ%%ﬁ@ F%%Yllzged Narch 4, as
US2004/0Q44525A Avhisheapplisation 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 loudness mdastoementdigdranendinache, e brrkratablearatedifidfhted power
measure. Qther Joudness,measures m Iso sed.i in - elghted power
measures,@?‘?ﬁégerﬁggﬁ %C? %@@ggﬁ}%%g%%%@%%%TO%@%@@%%S%?%%&&Hc models of
loudness. The RO dngasieds saleuisiedelntivatie anaiidio sliditel fithiehle siee Adve (0 dB FS).
The isolation of speech segments is not essential; however, it improves the accuracy. of the measure

and providdsamdie &aﬁs@i@t&y@%ﬁl@%@@@ﬁ%ﬁh?@_ﬂé@@d@éﬁ%@ ;@?%ﬁ%ﬁ%\_udio content
anproximatih LB Ea b e A R, Al oA R e

approxima eau speech been present. If the method is operating

on a contingpus-Ritsiraam Jathe i s niedeniiblyiecan e MEASUNGIRM may be continuously
updated and 10 may represent tﬁe level of the dialogue, for examileﬁgﬁ{é nly the Ia@few seconds. If

the methodvisttipeatitmgioira pradin reanalsiihat fgmBmRtents ¢ LG8 SiRkALtored on a hard

diSk)’ltB en i[lqgr%n&irrl% AU ATE%DSiable for storing the DIALNORM verification

data. Therefore, an optional, but useful, modification to the Modified AC-3
encoder is the capability to specify a minimum number of data bits that the
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,(}73, 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 Al, 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
loudness 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



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 ACvBoemeedingimay be the same as normal AC-3 encoding excaptthatan/sadditional
loudness measurement function or device 104, ag4escribed above, 20 explicitly and correctly

measures the DIALNORM parameter.yalug and provides it to the encoder,for,inclusion into the
bitstream. WX%B@W*%E&@%@BY@%@SE%@ %?g%lﬂ%%ﬁﬂ%gﬁ}%gﬁ%%&data in the
otherwise ynuseddafa bits af INA Ala1 IRBCRIAIE sih NS ORIB @%v,)approved DIALNORM
measurement process has providéd an objective 25 measurement. The AC-3 bitstream produced by

Modified AC-3 Enthaessiatiprefef apiechrifermentsticrsihaaseasaf o ReEvehitktream defined in the

bove-cited A/52A d t, making jt backward atible with existi - . WO
20061112088 BT AISBRISESLESLS 18 TR oA K2 ErS08 AL AL o SRR to specily

a minigunpmberptmused Agachite, thecanbadnplemenicd bytehaooingibeeden,of the total

number of bits per AC-3 frame available for audio coding. For example, if the number of bits available

to the AC-3thadouiineSsprussssesoidhnalijoic FOTACENSBDERBIS WG & BEESHEH to have at
SRR N IR e oAt g s e
as usual. 10 For matef DIANPRMyariination datartinides foittieRiA LMERNhverdication data to be
identified easily and read from an AC-3 bitstream without decoding, it is useful for the data
finite length bitstream, this measurement may be continuously updated an
10 may represent the level of the dialogue, for example, for only the last few
seconds. If the method is operating on a pre-stored, finite length bitstream
(such as an audio file stored on a hard disk), then the entire program may be
analyzed and a single DIALNORM value computed.
Moadified 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.



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 (either in a real-time AC-3 bitstream or an AC-3 bitstream that is stored as a digital file).

The format isstptmsticadsand other formats may be usable. As shown in RtGT/2Zstheexemiple format for
DIALNORM verification data consists of severat £Ednsecutive bytes. The first byte is a predefined

value (simiar, bUEPH S HE G e A G AR LI TR S SL A0S e rused data bt

may have heennifalized iR sranvluasintbes AliSdalisseampl alianidbheIANORM
ea

verification er in this example, data bytes are used to convey DIALNORM 25 verification and
additional ahtiordudaifiiiBetsabaunebsmodiidsactaA OraLivoraevailabis dermpHbied of five bits, one

data byte provides three additional. data bits and two data royides &1 [tional data bits. The
use of two @ﬂﬁ{%oﬁ%?éﬁ%ﬁ&ﬁiﬁﬁ%%&% IEMQSB% g%\% %’%b%éﬁ%agrﬁpﬁé%ogélg%ﬁ%?ﬁ bytes may be
used tq Sﬂﬁ%d%%ﬂé&%ﬁﬁﬂ@% tpe)tyRg ORNOGHIE/ HIGN62:RGT 40 326i£:6 10 1426 & -16 version

of loudness algorithm used or othér information. The final byte shown in FIG. 2 is a Cycle

Redundandga8hdbKIORAT d MEBHE BATEON RS theRdhsa DN FHiehtion header and
data bytes. Thi te is useful in that.it greal th ili he unused data bits 5 in an
AC-3 bitstr&3A gﬁﬁﬂélg%i)éﬁeW&g %F t@%ﬁsﬁ?ﬁa ave?ﬁe\j@ai %ﬁ\l%RM verification header byte,
two intermediajedaia bxresrand@AGRONYBITRssing AR QichesHifor alidoesshyteseddsdiscussed

previously, if a modified AC-3 encoder reserves sufficient unused data bits to contain the DIALNORM
verification akatsudd. given the structure outlined in FIG. 2, this requires only four bytes or 32 bits for

each 1792 byte AC-3 data frarpe, Which cIEFRASHT/Q I LA e
In order for the DIALNORM verification data to be identified easily

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

»0  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



total 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 irhemerempiary flowchart of FIG. 4. As explained below, eitheCalitstotlos B 4 process

or subsets of the FIG. 4 process may be employelf Such 20 processes or devices employing steps of

the processes may be useful, for. ex le, inthe tr ISS| or ' am, subsequent
to the creéfgﬁ@féoﬁgﬁ Eﬁ‘?%ﬁlg%% e graan §§%§§%ﬂéﬁ_‘c§% ?S%:% |%Po‘%§%§e bitstream for a
listener. It wijhRenunderetooddhat theseasaldieyOliesikhSERIheealbyay legresent portions of one

or more processes or may be 25 functions gerformed in one or more devices. The steps of FIG. 4 may

be performedmpuditasizathnddtAdDYSRY rerHieasion heafer engHaa Ry ®8m B8 example, an

audio item, consistin a teJevision pregram_ or adverti i in digital :form on a file
server or oﬁﬁﬁﬁ%&s%ﬁﬁj%@m%i ,é;afﬁgaﬂe 15 ﬁeesrﬁyl%sga%%%@ég‘?fﬁgé%ﬁ%%%%%Z%Jgégo11202 -17
contindous;pigge Of ey digdptormationtdetiasamplguad@ ssionedaleridianc advetidsement or an entire

movie (motion picture). However, the steps of FIG. 4 may also be used to measure and update a

continuou_sﬁ%hmmmﬁﬁéﬁmfwmbéﬂﬁoﬁ%ﬁfﬂ@ﬁe@éﬁ%%@s@&@%%?’éﬁ‘eam 5
Verincation Beta CHIED D B St S A SHL TR FIG. 4. the frst step performed (step
401) is to determinges whetheederavidAtNOR Wiverditiadon Gateenxisticinreseenended AC-3 10
bitstream. FIG. 3 shows an exemplary flowchart for performing such a . )

sufficient unused data bits to contain the DIALN%RM verification data,

10 given the structure outlined in FIG. 2, this requires only four bytes or 32 bits
for each 1792 byte AC-3 data frame, which corresponds to only 0.2% of the
total 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. [t 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



check. As shown in FIG. 3, the input is an AC-3 audio bitstream, which can be processed on a
frame-by-frame basis. Because the location of unused 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 stasvofthe unuged bits section or sections. Although the DIALN@Riviiseerifioation data
consists of consecutive bytes of data, this data mid-or may not be byte aligned with other AC-3 frame

data. Therefore, the first step (step 301) in the process in FIG. 3, "REA BITSTREAM,"

may requi@&ﬁ%@%ﬁ%’éiﬁ 1B ﬂﬁt%%ﬁé)ﬁugﬁﬁg}é%l}?ﬁeguﬁve bsﬁ%(é%(ﬁ-{g{{\é%ét?a%om each bit

read. In St%%{i”t@ﬁ&%fﬂ@lﬁmﬂl%ﬁh@ﬁro%i@%ﬁkb%ﬁ pidate yeatbWenetheha\GeBdrafne is compared
e

to the pre-defined DIALNORM verification header byte. If a byte does not match, more data is read
and anothdflidyte enmpalisohesipaditymassiin abgfandate reariagens. HeatEMalue, then 25 the

consecutive bytes of data following the.matching,byte are.read. If the E%a%;{{;ing the verification
header byt@‘@?@%ﬁl@&d’éf%&@-@ﬁgﬁ?@ g 8&8%%%%%%?&32%}% and three bytes of following
data age nqL ayailable othesaairh Jondalavisrhiosrgictherfelanites (including the matching
verification header byt€ as outlined in FIG. 2) are used to compute WO 2006/113062

PCT/US200R/00A202 xitBroce RNV B0l antendietichuier d8dseb{¢fepB68Y then the
DIALNORM verification data exists and the DIA%..‘%%?M verification information may be retrieved from
the data bytes as described further below. Tes iether DLALNORM Verification Data Matches AC-3

Dialnorm Data 5 (4023n A%, ShaWn AlepdetaisiE ph: ivhenD(BIdyABY ietfidetorndatm exists
(YES output of step 401), the next step, step 402, Is to determine whether the vegi ation data
matches theyA@ERDMCNORM LNOR Nevenidioation data existida @l satadrerbbiow, the location

and folr(gn atl:?iftgﬁ?eam. FIG. 3 shows an exemplary flowchart for performing such a

check. As shown in FIG. 3, the input is an AC-3 audio bitstream, which can
be processed on a frame-by-frame basis. Because the location of unused
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



10 normal DIALNORM data is known and can be read easily from the AC-3 bitstream. The test to
determine whether the normal DIALNORM and verification DIALNORM values match is a simple
numeric comparison. If the values match, then the normal DIALNORM value is correct and no further
analysis or pvogessingsisrequired. The values may be considered to 15 "rra@tctissoéfigiently if the
absolute value of a difference between the two -V#lues is less than a threshold. If desired, this

threshold may be set equal to zero, in p red implementati r Id.is chosen to balance
a tradeoff%é%@e@hﬁf&é&ﬁﬁ%ﬁ@%tﬁ?mgtﬁ%%%?é?g,stﬁ%%é}%{%g; ‘[ﬁgg%(?r%%utational resources
needed to @%Wﬁ%ﬁ%%ﬁ@%ﬁﬁ@ thet 2040pasihiigORatherdfiterdone between the

valu

DIALNOR e and the verification value would degrade the ualit)gof the audip information during
playback. Anflareshtilshvaiag béttoteci@dBomaihpalatithbleIerrAshstIRERIRETRFS DPYAC-3 bitstream

DLALNOR oA BUA (I 4D P HREH D DR N e i A & Biictod rom the

AC-3 g)itstream and does not match the normagm/B DIALNORM metadata (NO output of step 402),
then the DIALNORM metadata is updated with (i.e., it is WO 2006/113062 PCTIUS2006/011202 19
set to or made theé\sarhews)ithetopriftaod A IFAtNGR Plidd- Mo Veeedfisahan al DIALNORM

value has been d ined to be.incor d sho e , its passiplg;that the related AC-3
dynamic ra??&étscgﬁgeggi%]ﬂﬁwgé?ﬁé@; t?il%@?r%o%?e%%#&%%%@%’tﬁe dynamiclrange 5 compression
information,shouls-heaoalyed:and dhitisosess tasin 0e3 DIMNOGRMetldatabarameter is
updated. If the dynamic range compression information is incorrect, then if, should ?Iﬁloebe updated.

The detailshfwucindiGnAyersdisauspohinghes kslomintiedpadianrig ormat o
10 normal DIALNORM data is known and can be read easily from the AC-3

bitstream. The test to determine whether the normal DIALNORM and
| verification DIALNORM values match is a simple numeric comparison. If
the values match, then the normal DIALNORM value is coirect 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



connection with steps 409 through 413 of FIG. 4, FIGS. 6a, 6b and 9c). 10 Verification Data Not in the
AC-3 Bitstream DIALNORM Metadata Correct (Steps 404-407) 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 bitsireamda decoded to PCM without applying the DIALNORM 1bqrarsmeteramd the related
dynamic range control parameters (because thesé -metadata parameters may be incorrect) so that the

decoded audio content is at the same level as that.in ertha used to create the

bitstream) §&tdf @ﬁ@ﬁﬁéh&ﬁﬂ%@??ﬁ the Hﬁfgﬁﬁé%ﬁﬁmﬁégﬁg¥§%g§%ﬁe the correct

DIALNOR é%%ﬁk%s{ggﬂéfﬁ%ﬂWm&%&m%lﬁ@ﬁa%o&%ﬁ%@mﬁﬂﬁmﬂt%@m@ﬂ@@mr function of
e of Dia

the Measure Leve lalogue 104 described above. FoIIome measurement of the level of dialogue
in step 405nthehnekbbeedpdiitadis cosmpastiotiig he Thisd MERMdpmagstEaRestep 406 (details

of such a comparison are given below). As shown fgllowing the YES output of step 406, if the normal
DIALNORMYBRFHaa N a8ARES r‘?‘féﬁ %ﬁ%%ﬁ?&%c%ﬁrr%%&ﬁegﬁ% % Igtrz%&egtore the

DIALNORM verification elata,in BiieHeank(Siem 400 AR dissyigeed abvyehthe number of
availab% u%%@g(}l %%!g%lts IS deégﬁe)r%%%}%tﬁl}pon the complexity of the audio and ggme AC-3 frames may

not have sDifigieNiRM arl statibitp trasteterthe upidatnd Riitherivation GeaEgs WO 2006/113062

PCT/US2006f01202 . -20 eyery frame, Two optigns are.possible: store the verifigatipn data only in
AC-3 fram&SWRssHh& R ‘P}ﬁ‘{}@@@]&léﬁa}%‘i’%‘fﬁ?% &g§§Qﬁ«LS @I%%QRI% a\%ﬁfica Ion data may be

inserted in [ prcipshiopu AR BiSKEAT ae R i e hitsieeamloeeiing from &

re-encoding ot 5 the step 404 decoded AC-3 bitstream) or re-encode the audio resulting from the

AC-3 decodipgnebsiep Wik sessviag dheutighet hurfibétorutiised. dmadbbientbd6dure that verification
data fl}}(s) In each frame. Verification Data Not in the AC-3 Bitstream

DIALNORM Metadata Correct (Steps 404-407)

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 paramneters 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

26 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

75  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



An alternative to the step 404 AC-3 decoding and the step 405 loudness measuring is to obtain an
approximation of the loudness by a 10 technique that does not require a complete decoding of the
AC-3 bitstream. Such a technique, which partially decodes a bitstream such as an AC-3 bitstream in
order to obtamoeeaearse®@stimate of the coded audio spectrum based on e msgnituderof subband
exponents, is disclosed in a United States Provi8lbnal Patent Application of Brett Graham Crockett,

Michael John 15 Smithers, Alan Jeffrey Seefeldt, Attgrneys' Docket DOLISY, filed 1he same day as the
present appiRatiBRNE,; ol 8 GRS A S LS @pp#@gﬁo%‘?sv?%?é%%}ﬁ%é%t&g%% %r;reference in its

entirety. i S:shais aq SXATIPIR: AL AN AHA0I eMeNS1BO iofBialilng geious subsets of steps 404
through 413 of FIG. 4. As shown in FIG. 5, AC-3 20 frames 501 are decoded bg/ a modified AC-3

decoding figtioN ORdcodai¢aic:8dibr ooy ped2shicdigitha0sisisaB NNy hé decoding of the
AC-3 frames by AC-3 Decode 502, the M parameter and_dynami campression
informatiom EEFRATB A %Pﬁo@%&%ﬁ%ﬁ? é?gg?g§§cﬁgé‘%¥%§?g§v§é$§%§§d for the
purpoges %@ﬁ%@@#&e@e@@ Ngsa thattheaecedad antia S0Rissakdioerssnisinevirband has the
same dynamic range as the input to the encoder that was used to create the bitstregglﬁ A dialogue

level meastiring GxBodierodimipidieeted mesenrag @ meticient avnbRNA RS 884 cceives the

decoded audio 503 and calculates the level of the.dialogug 505. The Measure of Dialogue 504 may
WO 2006/?1@0@2@%‘??@%%0 AN -C%tgb & s%arﬁ%e %%c%én or device as the Measure of

Dialogue 104, descriedrAReVE I eRBRRAY AN NU-Kdocticnf MeEvanlesf240ay perform step 404
)

as described above, and Measure Level of Dialogue 504 may perform step 405, as described above.
A bitstreamapitsisgieastiong iuplekiairUpt app BBiReEM 9 506 lenisessifdievel of the

o e W e e BP0 BPIBS RIS R AL bR Stieheis il omparison are
Such a technique, which partially decodes a bitstream such as an AC-3
bitstream in order to obtain a coarse estimate of the coded audio spectrum
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 DOI1.157, 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 uée, 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



below. In addition, depending on the decisions of step 406 and 408, it also performs either step 407,
steps 408-410 (see FIG. 6a and its description below), or steps 408 and 411-413 (see FIG. 6b and its
description below). 10 When performing step 407, it inserts DIALNORM verification information into
the input ACs8distsaasgleaving the original DIALNORM and related dyneamicsangeigontrol
information. In performing step 407, Update Bitstteam 506 also searches the AC-3 frames for unused

data bits. AC-3 frames with a sufficient number of Linused data.bjts are mpodified such,that 15 the
unused bitbare ¢ pRIRR AR SR ﬂ?@ﬁ?ﬁﬁ\%ﬁ ?Peﬁ%ﬁ&?ﬁﬁ@?ﬁ%d@r%’aﬁ%ﬁ? 54 decoded audio

produced by A 3 PeqAE 367 i b k- enagdesiseasndns osulfipiarumbreptidsed data bits
IC

to insure that" verification data fits in each frame (in which case the Update Bitstream 506 includes a
modified Agk3esmiset abovasakbiieatwe Bansteddiaene b0 cray i@ spe&Hcally, in

performing step 406, the Update Bitstream 506 compartes the measured | Of .t jalog with the
level of the@éboagij@e%qh@ﬁjc%@%y he BYEERID ﬁp/iﬁlﬁag%%%%?ﬁeob}%t%%ﬁ{ﬂ%%?aé?ng;ter has a
range of -3 40 dkinelisiBalad B isceemenie didhsmeauianicnal S5NORB Mialogue is
within that range and is different’from the value of DIALNORM from the bitstream, the DIALNTORM

parameter jzreoneitiopatiyenpdateativiftageés Eonditodaiailpen thetePMBmERR G BNCUnused bits
are availabe fo carry the verification informatiqn) the measur. % f ple, to the

nearest 1 .{?We 3@?@%%@%@%&%&?&@% &%&&%%é%?%ﬁi rt-%l%a((ﬁj]i‘lalogue may
be CO”SideéféQﬂS’rﬁf‘s diffgesntdionuthesaie el 08 DIAL ORI, Haeabisiteamsitripeiabsolute value of a

difference between the two values is less than a threshold. If desired, this threshold may be set equal

to zero, bubéiqiaratipspdhendidrsAlthiserdiiGs Bhoveh 16 BaRFERUPRAFON 5 between the
accuragcy Of\{ﬂ,ee?S%a ata, I?gras%%%ﬁ’?}% GRLAMHI% 1 NORM verification information

into the input AC-3 bitstream, leaving the original DIALNORM and related

dynamic range control information. In performing step 407, Update
Bitstream 506 also searches the AC-3 frames for unused data bits. AC-3
frames with a sufficient number of unused data bits are modified such that
15  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
inciudes a modified AC-3 encoder such as Modified AC-3 Encode 102 of
20 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

25  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



computational resources needed to implement the present invention, and the possibility that the
difference between the DIALNORM value and the measured dialogue level would degrade the quality
of the audio information during playback. A threshold value of three (3 dB) maybe suitable for many
10 applications oaddsitien to updating the bitstream to contain the correced@BdN@RVE@arameter,
Update Bitstream 506 also searches for unused@lata bits in each AC-3 frame. If a frame contains a

sufficient number of unused data bits, th e replaced with the DLA R ification data,

indicatin@iﬁ&%é@@&’ré@%ﬁ’%ﬁ?ﬁ\gﬁﬁ%Lﬁiﬁ@gﬁﬁgﬁré&qeﬁlﬁpﬁzwméﬁ place and that

the D'AL%%Q%%%@% ; indhe M PiiierMscBERbMatiioaliovElas Not in the AC-3
etada

Bitstreamz a Incorrect Loudness Within DIALNORM Parameter Range (Steps
408-410)1R8 As:shotimdshibie eldnesired Fids dhieseatitatey hicahagsaldeceRoBlist (NO output

of step 401) and the existing AC-3 DIALNQORM value is incorrect (NO ou p 406), then it

should bé@@f@ﬁ?ﬁ%%%?@?@%@%&%&? és@@%ﬁl i%o(\jvqéril\%ﬁl %ﬁeé\etg |§ér§én%e of the

DIALNORM, pAAEISIER D DS NORMpriRme gicians nothave sufficient 25 range to
evel when the measur

convey the ed level of the dialogue 505 is outside the valid range of the
DIALNORSppmstistenbrestioveed iretted @ Bretrerhiirhatesemdmens @A dNfs less than -31

dB or greater than -1 _dB. If the DIALNORM paramet iGient. k nvey the level WO
2006/113@%%&@%%%6%?0%%@“- OWI‘—E‘%% Et%q‘hé‘?éstp?? , Bﬁ%ﬁ%@ﬁgﬁ 50 s 410 are
performeqlas follows; Afwsherdetails alvhies ar: thewmili spofentomdithikfSSaionand 7. FIG. 6a
shows how new dynamic range compression information is determined (s_te&409) and how the

bitstream duitipganayhadirephchecstekb valueayfihese (e ABILBEY DRATNORM RIMRRTed and the

DIAlig ORal\gplications. In addition to updating the bitstream to contain the correct

DIALNORM parameter, Update Bitstream 506 also searches for unused data
bits in each AC-3 frame. If a frame contains a sufficient number of unused
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 cotrect.

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



verification data inserted. As noted above, the example of FIG. 6a is a variation of the Update
Bitstream 507 of FIG. 5 that is useful for performing steps 408-410. The elements of FIG. 6a may be
described as follows. Extract DIALNORM 602 10 The value of the DIALNORM parameter is extracted
from the AC-®hiteresivnzas indicated by FIGS. 5 and 6a - the undecodedrbitdireaiv®@20is applied to
the DIALNORM-extracting device or function 6028 (*Extract DIALNORM" 602). Determine Dynamic

Range Caompression Profile 604, 15 As shown ingIG, 6a, / G-I - jon profile-
determin%&%g\ﬁ%tfﬁgéf@ﬁ t Pr%%?%’ n%brﬁié; a%glgg %lyégrijp@}g}[gﬁ%& ggm%‘ie]?\ies the
DIALNOR-prameigls dugiaskagiedHsom hecomsessiediils Fa@R . au] thrloUtput of the AC-3

Decode (502 of FIG. 5) and determines a dynamic-range-compression profile. The dynamic-range 20
compression mdiiGataarshomschavrase dipeBtaEgERm CoRmEessien BHRBealBBIRd to the audio

the SitsirHRRP(HST RS S T S B L DAl SBT e Sl that f applied

to a whole frgmepfasgio, Alne BYNRNGITRAN & ehaneth 2aChAUTIAIINEIRNAB), has a range of
-24.06 dB to +23.94 dB and provides a means for independently scafl(i)%g each plock. One or neither,

but not botkridichtion gateminsesteds dsetaiethabistbdbe eRpaRih g Retictolling mode. As

DIALNORIAAOR AL o A 0 0 I ba b BB e e o e ot
dynamic rapge aompressiqhersidesasit PIcfi6aconipins dtaodiredaamdiodynamic range

compression parameter information including attack and release time constants, and compression
ratios. Because the DIALNORM paraEﬁ'éféﬁf Még\%lues of

10 The value of the DIALNORM parameter is extracted from the AC-3
bitstream, as indicated by FIGS. 5 and 6a — the undecoded bitstream 501 is
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



5 COMPR and DYNRNG in the bitstream may no longer be correct. The COMPR and DYNRNG
parameters may be left unaltered in the bitstream but the audio at playback may exhibit severe and
annoying gain fluctuations and/or lead to decoder overload (or digital clipping). A better approach is to
update the C@VRRad®YNRNG parameters. This is best accomplishedpi@avitlvdanawdedge of the
dynamic range compression profile used to calctdate their original values. Because information about

the profile is not present in the bitstream, an arbitrary profile_ be.chaosen (ipcluding disabling
dynamic fkyelch MpreRSIont V&@%ﬁéﬁ?&?ﬁwaﬁég%?‘&%rrﬁé‘?&m P original COMPR and

DYNRNC.yalues.in e bitseay iaiing e ssalipcuasmpiasiaselinmishdfierontent creator's
rd to dyn

original intent with rega amic range compression. In Determine Dynamic Range Compression
Profile 60thdhelilesatiadkamiacSeasandrticeconighnat O MNORMTEsRIOBOI WS used together to

calculate multiplg sets of COMPR an RNG values - one se fﬁg each 20 profile that is known to
exist in AC-3 enEF&Eserhig; V SRS S\ﬁ?&%‘e et OF CBMPR Aind DYNRNG values

most glosgly,maseh ihg PRAVMER @R &%%ﬁ&?&éﬁ@@ﬁﬁﬁ%ﬁ‘?ﬂ%@ﬂ@%ﬁ%@m TSpeutput as 606. If this

method is operating on a continuous stream of frames, the profile index may be continuously updated.
For examplENAR\enepIE ¥R MG thersrostditetyayrdfitd 66r seskicapdravidestas eI of frames. It is

Coed. ThePGIGH R Bt BETHIEIS TP s SeTRL RPN T e B b resaion
R DR S i Mg
above. Caipdiaterhie@ YRR mRARYRTRRIGHREOHBORE, [GHtiion bedeyreompERAg e New Dynamic
Ran 8 Inf%[%a {ic%wvledge of the dynamic range compression profile used to calculate
their original values. Because information about the profile is not present in
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 criginal intent with
regard to dynarmic range compression.
In Determine Dynamic Range Compression Prefile 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 i8
not the same as the profile originally used. Therefore it may be desirable to

update the DIALNORM and dynamic range compression information only if



5 607 calculates new dynamic range information. The measure of the true level of the dialogue 505
(FIG. 5) is rounded and becomes the new DIALNORM value. A rounding to the nearest 1 dB has
been found usable, although this is not critical. Using the profile index 606, the decoded audio 503
(without the &t RugekiEd&RM and dynamic range compression applied 10 tadt)isreléhe1new
DIALNORM value (rounded 505), a new set of C@MPR and DYNTRNG values 608 are calculated.

Repack Bitgtre 09 A.bitstream {epacker or repacking;f N ' M,2 609 receives
the undeco%lgdggﬁgg%ﬁgﬂﬁsgmrg&, ﬁg%%lé%ﬁ gﬁé@%@ggéﬁgg léggé;ngathe measured
dialog levelrsQ5r Ao athe Measurerahihie attheckhwsikioiabendiatiegual 3 iwrounded, for example
to the nearest 1 dB, although this is not critical, and becomes the new DJALNORM value. The new

DIALNORM value and the# o ﬂﬁaﬁd’@bf’ﬂﬂﬂ@gﬁlé@ﬁ@“ﬂﬁﬂaﬁ@g in the undecoded AC-3
bitstream 501. Ad Iti%%laég? '&g_ %Jf ICﬁg\/&%ﬁ%}%&ﬁ?%g%g&l 3?}21%‘%18 %é%%%@pack

Bitstream 609, th erification data Is used to replace some or all of the unused

data bits. ThgnemcdatehAE G hikstrieanmiscoittfnrastione VT hisstreannfil Of hetaiiseof Repack
Bitstream 609 are set forth in the example of FIG. 7, which may be descgpiged as follows. 25

Determine Kuailapidispdisdome & Gndits: on) de rRendse @k RECRTERBIE BF%ce) 701 identifies all
d data b f ' includi
unuse aﬁ%@&gﬁggﬁ&%ﬁé? a% _%@)@ﬁigg&@%%@%ﬁ ffEONBNG ¥alHas,sReifor including

the new DI cation MPR and DYNRNG parameters each require 8 bits
in the AC-33lYR»2006Hik 306> PETHUE2006104 1RODTeTH bitntterb0&Adte demadedomdithese
parameters has a conditional "exists" _flag. The COMPR parameter has a COMPRE fila%that, if setto
1, indicates5 it WIEROMISRE BHATALGIBA HthE GHEFRHIDSR FRRPTESUAT aPPiie

10 to it), and the new DIALNORM value (rounded 505), a new set of COMPR
and DYNRNG values 608 are calculated.
Repack Bitstream 609
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 D'YNRNG parameters each require 8 bits in the AC-3



DYNRNG parameter has a DYNRNGE flag that, if set to 1, indicates that a 5 DYNRNG parameter
follows in the bitstream. If the DYNRNGE flag in the first block of a frame is set to O, then the decoder
assumes an initial DYNRNG value of 0 dB. If the DYNRNGE flag in any of blocks 1 to 5in a frame is
set to 0, therwtbemecosisr reuses the DYNRNG value from the previous #HaotksSEhs/@opeitional
presence of COMPR and DYNRNG 10 paramete?$ in each frame means that the total number of bits

used by COMPR and.DYNRNG may vary,.Because the, total number of bits_requjred for the new
COMPR amtsﬁ?ﬁﬁNé)z\?g%% & B{J}a“*&sret?&ﬁafﬁ‘eeﬁ%rtsaa?‘rﬁ‘ﬁr%t?gﬁlgf%ﬁg%sgegi gﬁthe old COMDR
and DYNRNG, vajyes teacenne,hasxsienss aryppespiihs Gl IRaAnd DYiNRNGesre dependent

upon the valug of DIALNORM); it is necessary to determine if there are any unused bits in the frame.
These unuhed HEENPRe pamtiethio Hew D LRt reamic Avisniata-o220R I as to move

information_withi AC-3 frame to m e addifional bits requir ew COMPR
and DYNR%M@@%@WSIMM%ﬁ egsls#dr}i A gr%a{fo%yﬁgt%%é%%%n or device
('Reduge BRKQR ey patiandPRIesRives e derdieatian tfenusaRiaGEag 67 tred calculates

new dynamic range information 608 in order to reduce the number of bits required by new COMPR
and DYNRRGaloek if fhefrorakriamidiodt tie fotha desodiicas e higidfiitthe sum of the unused

bits plus th ber, of bits,usgd heWr AT t of function
or device 7%%?@&1&%# nd?géﬁﬁ values, as 5%%8%%%%%&5@? i&r&}%&ilew of such
bit requirengepts. Y Qo200 1thch 962 R5hi4S2006:0hE20X NN Geveliscafcomsthaint that exists for

each AC-3 frame. FIG. 9a shows two frame boundaries, the 5/8"'s frame boundary and the boundary
between ApdiviBluckloeind Rudie®idiionghpresassy qﬁ@%&mm%mﬁ

10  parameters in each frame means that the total number of bits used by
COMPR and DYNRNG may vary.
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 IYYNRNG 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.



a frame is encoded, the AB |.-AB2 boundary cannot be further into the 5 bitstream than the 5/8th's
frame boundary. If the number of bits required for the new DYNRNG values in Audio Blocks 0 and 1 is
greater than the sum of the unused Skip Data bits in Audio Blocks 0 and 1 plus the number of bits
used by the eleh BivdiRMNG values in Audio Blocks 0 and 1, then it follows tHratmsakisng roem for the
additional bits may push the AB1-AB2 boundary 20 beyond the 5/81"s frame boundary. If this occurs,

then the number of bits required by, the, new DYNRNG valyes. in blocks S be reduced.
This can be perfolrREERiIES R %P%M.eﬂﬁ?t %’Ieeﬁ?g{ﬁ%@i? %%F}S'ain.ﬁa%/qzéaﬂ%{?\%gvsv DYNRNG
values and, DYNBNGFE flags farAudlios Riock 08t bulf @y HiginBw BNENEEetizelag in block 0 is

setto 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 onlyAthéi o BIR¥NRNG B fdipilnekk21 (8 Bét B2 thdinh eanajri sbinshabideie new

DYNRNG value of block 1 is set.eq 0 f blogk O. If the new RN gs in blocks 0 and 1
are set to 12 IRBMENS @Bﬁ%%‘asacmg é\% E’B@%ﬂﬁggg}%ﬁ%(gg)&té% ﬁ%}?elﬁ%gélgween the new value
of DY'\BRN%it%ﬂH?iﬁac'éh%ﬁ@ﬂeos‘?@m% Iessribap iheiaksoktendifiaranee bebirerdograévoralues of

oc

DYNRNG for s 0 and 1, then the new DYNRNGE flag for_block O is set to 0 and the new value of
DYNRNG fthiebtmnk DE BRIy ahiketnide;die BlockyNENGEN g5eriebiban the §81d8 and the

new 25 DYNRNG val for:blocks 0 and 1 are.set to the minimum val from block O

and 1. ThistRédteBE mgﬁﬁ?‘6ﬁé@gq‘&ﬁﬁéhéf?C&Se%ﬁé%’v%wgéﬁé%‘s%ﬁﬁﬁg If one of the

block 0 or 1. DYNRNGE flagsyisgenia 4anefuithen &ib euskon sneayineeh ihgdltbevprocess above
is repeated. After any bit reduction is completed, the new DYNRNG value WO 2006/113062

PCTIUS20@h# tiakihg asonfofdsituk additonplahia mwanconsly by RENGRIROGRESEK 2. If these
values gre g RO Sk P YRR B ORAARNP P SRR Al AR Btmber of bits
required by the new DYNRNG values in blocks 0 and 1 should be reduced.
This can be performed in a variety of ways.
A suitable method is first to analyze the new DYNRNG values and
DYNRNGE flugs 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 DYNENG 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



DYNRNG values are not equal, the new DYNRNGE flag for block 2 is set to 1. 5 Looking at the whole
frame of six blocks; if the total number of bits required for the new COMPR and DYNRNG values is
more that the sum of the unused bits plus the total number of bits used by the old COMPR and
DYNRNG vawiéegithansisis necessary to reduce the number of bits requirdd-hysteesiawe3arameters.
This can be performed in a variety of ways. 10 A $8itable method is to look at the new DYNRNG
values and D\é}

where eact?% N(BC%C?{E ﬂ?gﬁﬁ;ﬁ%ﬁs h&%ﬁﬁg\%@é@%@{g@%ﬁ%ﬁ?vqﬁgepéocks o regions

Ion repllgsen ock wit e first block if the block 0
DYNRNGEflagds s #r@zPltise anwOITMRINGE K wifbrDYNRNGE dtage Set Ib theltfollows that the
15 number of reﬁions could be as low as 1, where either all blocks have nq DYNRNGE flag setto 1 or

the first blo&k % vl essorsaingtsequala thy new RSN dBEsTes APEE 24hisH 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 clogest valuesjaf EXNRMN @hare/tie fambinddiniblouiaréfihe tytdl sthnsetting tiesDYNRNG
values in both regions to the minimum value of either region and _secondlél settjng the DYNRNGE flag

of the secditdveeiab Brermrsit&cdME Rhandth WNRPLP SrHies 48 et B ahE $ S EBIMDR and
OYNRNG nfrer368 it IS RERT 54 RERIR .S HE BPCTMAE sts e for

the new C values is less than or equal to the sum of the unused bits plus the

total numbegy PRI (e quiresshyHbe i GEMRR-and Y NRNBevalmebeAs indisateiiatsdve, it is
possible for all of the unused data bits in an AC-3 frame to_he used for the updated DYNRNG and
COMPR pabé’rﬁhﬁ‘e?@}ﬂ’/\l@f@mfﬁsff@?sﬁ@@bﬁs@@g BIT1ADER & 384KV HY e Aing no unused bits for

the DIfLNORM vefification Jataais is to look at the new DYNRNG values and
DYNRNGE flags across the six Audio Blocks in a frame and group the

blocks into regions where each region 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

i5 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 {lag 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,



discussed previously, this is expected and does not reduce that usefulness of inserting the
DIALNORM verification data in those frames where sufficient unused data bits exist. 5 Update
DL4LNORM, Dynamic Range Compression and DIALNORM Verification Information 705 A device or
function ("UpdaterBALshNORM, D.R.C. and DIALNORM Verification Infornpatione)odflbiieceives the
undecoded AC-3 bitstream 501, the new COMPR%nd DYNRNG values 704, as may have 10 been

adjusted in yiew, of pit requirements, and th a [ level 505, and ypdates the bitstream's
DIALNOR 5?§%£?QK%$WP§H§ lﬁ%fgﬁg%ﬂ m@ﬁﬂ%ﬁﬁ%ﬁﬂ ég%ﬁﬁca fon information in
the bitstream Bacatse.3:1age, ANTaYs Bas-aBiANQBM priareginle hanew ABHRMIMORM value

can be written into its predetermined location in the BSI. However, updating the COMPR and

DYNRNG pasanitg il SNeHRaibyerbraiiopadai vt BHdate- Srames whaun SusiERH%E room for the
new values. If%}%ﬁ talgéjmber f bits required for the new COMPR and DYNRNG values is greater
than the tot&h &) E?selﬁﬁ by the old 20 values, the lengths of some of the SKIPD fields and

possibly the waste bits (W) peedsnorieaaduces)fanwe veiniéhesnipkasmder 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 updatd&| IR R Banilinaiem larssiartatkis placed in the unused data

T e G PR PR SR e oo e od
set to 0 andng NRWR KOMYRYIEd2EOMBRIEMatUsHS) SEI3a-de il kathinani etaladalladi the
COMPRE parameter should be shifted by 8 bits to make room for the new COMDR WO 2006/113062
PCT/IIS2008/1t20? 580 the new COMPR and DYNRNG values 704, as may have
10 been adjusted in view of bit requirements, and the measured dialog level
505, and updates the bitstream’s DIALNORM parameter, dynamic range
parameters, and inserts DIALNORM verification information in 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 patts of the AC-3 frame around to make room for the new
values. If the total mamber 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
mumber of unused data bits exist following these parameter updates, then the
DIALNORM verification data is placed in the unased data bit locations.
25 To update the COMPR pal;ameter, if the old COMPRE flag is setto 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



value. The COMPRE flag in the frame is then set to 1 and the new COMPR value is written into the
newly created 8 bits of space. If the old COMPRE flag is set to 1 and the new COMPRE flag is set to
0, then the COMPRE in the frame is set to 0 and all the binary data following the COMPR parameter 5
should be shifteddoy/B faits, because the COMPR parameter no longer existsrinsthesfearme. To update
the DYNRNG parameters in each Audio Block, ifthe old DYNRNGE flag is set to 1, the old DYNRNG

value-can be overwyitt i ew.DYN ryi YNRNfFpflag is set to O
10 and thevrfi‘éWD hﬁeﬁééﬁ?%@aé% o) ,%ﬁ%??’éﬁ%%‘:%%%ﬁﬂzgﬁ gl%YNRN%% parameter
should be shiftd arales, Remier HanewrEYNR\Gvalfispdte DYHRNEEGRAYIRRE: frame is then

setto 1 and the new DYNRNG value can be written into the new&&greﬁed 3 téig[}égﬁace. If the old
DYNRNGEggisssettaol andi the nexi SONRRGE g s se s niapyN g in the frame

[ t to 0 and all the binary data. following.t Y, | 8 bits,
Eei(:lusoe tr@eﬁ%&g\}éggﬁgﬁe%ﬁ ga()ig%%%)rs %%(&tg%’z@&%re %T%?ké%g?_p%g%?r%ﬁgr int!liiates

the length gftha SRR field iy [8ytdss, Fedegicththe @NR af ahenSitP Ddibiogeiedsiisisy data to the
right of the 20 SKIPD field should be shifted by a multiple of 8 bits. The SKIPL parameter is then
updated toitetlee T 18ew length of the SKIPD field. Occasionally, a SKIPD field may contain optional

nformaton that 5,0t QG SBIPR 01 AGA SHAIAELIP S B FISBIC: HIBAGRIA documen

cited above). If thefir e Is equal to 1, then information bearing data 25 follows in
the SKIPD figjdvRINES Wit Rits i 1elRKIRDITERRING vaduetom Hérdveratdiers wisent and the

e SR TS S s e

10 and the new DYNRNGE flag is set to 1, all the binary data following the
DYNRNGE parameter should be shifted to make room for the new
DYNRNG value. The DYNRNGE flag in the frame is 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

20 SKIPD field should be shifted by a muliiple 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 I, 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.



Following the modification and updating of the unused data bits, the DIALNORM verification data can
be inserted into the unused bits. As discussed previously, this data can take several forms, including a
duplication of the frames DIALNORM parameter with sufficient 5 synchronization and identification
data informatan2ibhis sdews a DIALNORM verification decoder process ®Csd#shdheiynused data
bits, identify whether DIALNORM verification datalexists and compare it to the standard DIALNORM

et e e A SRR R O sapsaea C gprsream

includes DIALNO N error correction word 'generating device

or functionfytlodate RGN fiedtivhen iheadats inareCBibaineuhasehbitgedithe two error
detection words CRC | and CRC2 should be recalculated. If only data up to the 518th frame boundary

has been dfiseyesed Srersieosly, SREdatesabsaks atdiarbiomieind g Hata from the 5/8th
frame boungary. to the end.of the fra han .onl : eed be recalculated.
Verification‘ﬁ_’}ﬁi/ C%?%Q%%hﬁ %ﬁﬁ%&f@‘ﬁmgﬁﬁﬁ‘%&%ﬁ %%%%%%I#SIALNORM Range
Insuffigientdon 20 EePmeNingrENRiMErRIoR indhcefamalecaf Fitid alf verfization information does

not exist (NO output of step 401) and the existing AC-3 DIALNORM value is inco\br_ect (NO output of
step 406), IBEATNEIR M betiSterimmedanpearamereshEnsarsah dhamusrd 68 Rt the valid range

of the DIALNORM 25.(s . iQ \ W not have
sufficient réﬂ&g%cwggﬁ?%m@g%‘geﬁgéﬁ%%%ﬁé%#%gogu SOgﬁg;g?gide the valid
range of the:PALMORM DPRaREEp amalewedritbdidAGrBthist€atbitsatimrihe measured level is

less than -31 dB or greater than -1 dB. In this case the oug)ut of step 408 is NO. One way to correct
WO 2006/113062 PCT/US20061011202 Updaie CRC’s 707

10 The updated AC-3 bitstream, which includes DIALNORM
verification infor:mation, is applied to an error correction word generating
device or function (“Update CRC’s”) 707. When the data in an AC-3 frame
has changed, the two error detection words CRC1 and CRC2 shouid 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 5/8%
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



-32 this situation is to update the DIALNORM parameter in the frame with the closest valid value, as
described above. However, this may leave some error between the DIALNORM value and the
measured level of the dialogue. A suitable alternative that minimizes such error is to perform steps
411, 412 5 anh4b@af el 4, as described as follows with reference to theexamplent264G. 6b. As
noted above, FIG. 6b is a variation of the Update Bitstrealn 507 of FIG. 5 that is useful for performing

steps 411, 412 and 413. The elements of FIG. at differ from thoge aof FIG. 6 be described
as follows. t@%ﬁi@%ﬁ@‘é@ﬁ%@)?ﬁ@ﬁ@%@@Immm%gmé%%ﬁ%ée@%g@% 10 numeral.
Adjust Gai AndiooQ3ds- annlicddeditsiRbiegainishangaeargaimenanging function
("Adjust G%lr?‘%%?ﬁ% Xfﬁ{?f‘gg(%%g%%%@ %%1%/ be applied t0 the aud?o to reduce error between the

measured digaais e DHnd_ TSORMD ielhORE! theup dasapedliey dorfskenditdo Fihe Measured

dialogue level is -36 dB, the DIALNORM may be set to the closest valid value, -31 ,dB, thus boosting
the audio WS?@@WF@FE%WB %&ts‘ll”&maiﬁ&ﬁh@gréﬁga&%e%ifge&ﬁrﬁ;-]aiﬂlj}s?tgd audio is then
re-enceded,yging madified AL ouie LocqANGRORNIAG Hicane wiltHbe AanRAKNORM and
dynamic range compression information 608 (step 412), to a modified AC-3 encoder or encoding
function ("MRIGHi&h AQ:S incdddy 62 F odiidd ACasiatincoat hechipdate fbidstgarmadified” because

into 25 the SAIICH GaLPbIS YORHMEP RE LB AT ERekb and BAbFta el et el king. Thi
re-encoding mgjeialgs alhothrPraiAZtRSE (HPRGL o BIALUORMcdheamisahgesompression
information, and DIALNORM verification) and AUX metadata from the original bitstream 501 frame,
and includeB lealmntingmewenofdcScherandels retain the same respective reference
10 numeral.
Adjust Gain 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
le\}el 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. Meodified AC-3
Bncode 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.



WO 2006/113062 PCT/US2006/011202 -33 Other functions and devices of FIG. 6b may be the same
as the corresponding functions and devices of FIG. 6a as mentioned above. Practicing steps 411,
412 and 413 may lead to some loss of sound quality due to the decoding and re-encoding of the audio
content. It 5 therafare1ntay be desirable only to re-encode the content if thecaissluteoerror between
the measured dialogue level and the closest DIABRIORM value is greater than a threshold. A

threshold value of three (3 dB) may bg suitable any applicatigns. Subsets.of FIG. 4 10 As
mentioned abovepéhﬁéré‘éﬂﬁf(fﬂé ‘%ﬂ%@egﬁ(%{@ugéeﬁ%ﬁﬂ?e Iéa.rﬂeparlgcs%gs or devices
employing Steps.0f I REOSESIES TR AN PaCSBBIOYPHTONG 4156 ilcaibiRakaBBse 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 40P motid0R spepatblds dé2ainsbd hoveyditaer o seave lass aAtseWitstream unchanged

or to set the DIALNORM value, to the verification value. If pg verification inf tion exists in the
bitstream (ﬂ?éa@m 4&1‘%@!@5&0 AR ﬁ“ﬁ?&? é@%ﬂﬂ%&%%{glgdggrns{éeﬁ?g default value. 20
Anothey usgful spheat el FIGHAMEOSARS is 1e-eRpiay skepsoHidnand HOARboUGheAfor This is

useful when there is no Verification information and it is desired to add verification information when

the existing>dwAteriORMiisavredidinlegificiaon m@rm;@i@@%@mg@ﬁe%&uml is YES), the
stops 404, EORHEAA0b FTERAIG 1 heERTN EMNIOTS ok RS SCheuh AP0 s YES) or
not (the output,oh 406, is NNl te existing DIALNORM is correct, verification information may be
added to the bitstream. 1f the existing
Subsets of FIG. 4
10 As menticned above, either all of the FIG. 4 process or subsets of the
F1G. 4 process or devices employing 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 NG), 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.



DIALNORM is not correct, DIALNORM may be set to a default value. WO 2006/113062
PCT/US2006/011202 -34 Another useful, but somewhat more expensive, subset of the FIG. 4
process or devices is to employ steps 401 through 406. Operation is as just described when the
verification infasmatiansexdsts (the output of 401 is YES), but when the vegticatindaiotmation does
not exist (the output of 401 5 is NO), steps 404,-485 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 . existin -NORM is
correct, the bitstreﬁé%‘?‘ijﬁ%‘g/‘bgg%i E%ﬁﬁé@%‘ﬁh#%@orgx%ﬁ)r%l m)tﬁ‘gﬁﬁ %)flr?é? g?ofraflisc , DIALNORM
may be set o, a.defaule gg-ngovﬁ%kffay%&B@%Mﬁf@@ﬁeﬂmg@p@ﬁm@w@gtjaﬁthe present

invention is properly decoding an AC-3 bitstream whether or not it has correct DIALNORM and

matching iesficatiahvdhem thet vttificgtsuchinformiaition erigtsitba aueweeEAL Tis may be referred

to as "verification-data-aware" decqding. This aspect.of the 15 inyentionjs set forth | exemplary

flowchart oﬁ@:@?ﬁ?@b@ﬂﬁ%&eﬂgﬁ I%Hﬁ)ﬁp@%% 5 §%r8§é%s¢)?}es%§%% é?%@FIG. 8

procesg may ﬁ@pﬁ@%ﬁ%ﬁ@ﬁé%@% RIRSS ReRhARYICEHerBRlerAg FIERS NdTAIrcesses may be
el

useful, for exam e decoding of a bitstream. Steps in FIG.8 that generally correspond to steps

in FIG. 4 enpinsctéthespotmingféR6en EES) murneta(fiegitreo of 46¢ 140Y) 1t Hithse understood

that the steps,of, FIG. els thereof may represent portiops of 0 pr es or may

be function&%3e j ﬁm%@g&kﬁ%ﬁﬁ%‘?@@g}{é%%ﬁ&%% erf cation Data

(Step 801) éagtkygv@m@eﬁzmgim@@%@mmmmﬁ 12 detacminkfablhether AC-3
r

DIALNORM verification data exists in the AC-3 bitstream. This step may be performed in the same
manner as s#ped01 of FIG. 4, described above (including the details thereof shown in FIG. 3).

10 Verification-Data-Aware Decoding
Another aspect of the present invention is properly decoding an AC-3
bitstream whether or not it has correct DIALNORM and matching
verification dala, but utilizing such verification data when it is present. This
may be referred to as “verification-data-aware” decoding. This 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. § 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 Whetherr DIALNORM Verification Data Matches AC-3 DIALNORM
Data (802)



Test YT17iether DIALNORM Verification Data Matches AC-3 DIALNORM Data (802) WO
2006/113062 PCT/US2006/011202 -35 As shown in step 801 of FIG. 8, when DIALNORM verification
data exists (YES output of step 801), the next step, step 802, is to determine whether the verification
data matchesthesds@130BMALNORM value. This step may be performed irrthersameomasmer as step
402 of FIG. 4, described 5 above. If the values matth, then the normal DIALNORM value is correct

and the AC-3 bitstiea lied to the-pr ﬁﬁ?i tep ﬁg%@?!(f’ %Qaq lng its existing
DIALNORM and r‘égt%ﬁdg(ﬁ/%ﬁrlmslct%énge r%eta a'tr;at’né&é%gicate in step 8 %f,ilt us %%%/%?gg a decoded
AC-3 audiodxiistse@mSWhetheodstgt 8 yalhiesiémasohy, rmepiOdeisrtoidetchyinbether they are 10
within a threshold, as explained above in connection with the description of step 43% Correcting

th

Normal ACEIstmNbRemHEcAINRI SRR Warhitatol FALNORM

verification data is exiracted-fr - i ORSNGE MRichyt snah AC-3
DlALNORMgtneﬁt%?&g’t;’ %%’(%&é%gﬁgg%%@%%ﬁ% %%%_%ORM(gmetadglt’aQ%Ql%ﬁdated with the
verification EHALA OR My aluik: 68085t BechieseHrenaomal IDIALNEIRM vedbechascbeseidetermined to
be incorrect and should be updated, it is_ possible that the related AgC-3 dgn?énic range compression

metadata i%é@%&r@@ﬁtﬂ%%miﬂ@et@%ﬁ@f@?ﬁ%é"é@lﬁﬁ? §§ﬁ£’n HtorMi&id?Fshould be
analyzed angl 4 5coept Ol 1 DTN ol ptame o lac pegynamic

range compression in lon 1s'incorrect, then'it shoul pdated. The detalls of such
analysis andgpaftingdre expldnedthereprivicinpectioooditd si€ps 408itbrbitgtretB.of FIGS. 4 and

25 6b). Veri{iﬁ(/:lalltei%?eg gl'gaml;!to tt:ﬂg Lhaﬁu%(s:;%gttgg’??nrgy be determined by whether they are

10 within a threshold, as explained above in connection with the description of

step 402.

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 DIATLNORM metadata (NG

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



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 WO 2006/113062
PCT/US2006/011202 -36 the AC-3 bitstream may be decoded to audio (e.g., PCM coded audio) (step
804) without waplyeag the:DIALNORM parameter and the related dynamic pramgeeentrodogparameters to
the audio (because those metadata parameters- fifay be incorrect) so that the decoded audio content

is at th [ las 5thei t to. th der that te the biist . Next, th
DIALNORIPR s oh IR SRR SRR, DR e R ey hae) L e B hiaL NoRw
may be hespame paer Bty e irasuoravehal Rialeauer e dasesbed mbae. Following

measurement of the level” of dialogue in step 805, the measured value is compared, in step 806, to the
10 AC-3 DiAhNORMinoaaaimetitetofitteandin Ae@bierkoss. MeteABWDAFBIBMNRG the YES output

of step 806, if that DIALNORM value is cqrrect (YES,output of step 806), the original DIALNORM
value and MYZ‘%&HC%%H |Sa’y$#§§ﬁ§er§?58 %8%%?@%% R gfnllsaﬁg%lgfstﬁ‘gl?nip%{é E-)S bitstream are
applied to e dacoded Medin RsadreRE: Wb e AE-3 Braadele sier@am] SNeavide a decoded AC-3

audio bitstream to which the correct DIALNORM and dynamic range compression parameter values
have been RppiadORVicairmbthia fruddedandsiBrateameO{AEr BRM- MtaRata Incorrect 20

e 1 S I LA SIS0 A LR AR s
range comprassior infarmmation(ioaeiksReasuas HALNARM nammelekrslof thehiselay be
accomplished in step 815, which step may be the same as step 25 412. The measured DIALNORM
value and thé diglagnie iargerc8ffhrdusimsasured value is compared, in step 806, to the
10 AC-3 DIALNORM metadata value of the 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 304
15  to provide a decoded AC-3 audio bitstream to which the correct
DIALNORM and dynamic range bompression 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 andio provided by step 804,



information determined by step 815 may then be applied, in step 816, to the decoded digital or analog
audio provided by step 804. WO 2006/113062 PCT/US2006/011202 -37 Subsets of FIG. 8 As
mentioned above, either all of the FIG. 8 process or subsets of the FIG. 8 process or devices

employing steps20édhesprocesses may be employed. 5 One useful and inegpensivemubeet of the FIG.
8 process is to employ steps 801 through 803 arfif 814. If verification information exists in the

bitstream (801 is YES), steps 802, 803 anrg '[‘214 oyé]e;rﬁ?{a described above to decode the AC-3
bitstream. If no verification information exiS¥&Hfthe bitsfream (the output 801 is NO), the bitstream

may be decoded using it5 19, ex151iRY O UHNORM vale Y. relpiedabunandigliange Eeiepression

parameter values or by using a default DIALNORM value and related dynamic range compression
parameter ¥a(He8. prootzsrarsidulcestesnmeyita sirpe ekfensnecessBsénaythe FIG. 8 process is to
employ all but step 815. This avoids the computation required 15 in determining the dynamic range
compressi ftion related to the measured DIALNORM. Operation is as just described in

connegfion with Fdﬁe%s%%hﬁ‘ﬁ&&%%ﬁ?@&%&%mmm@tm@c@skstﬂ@go%pm@m is not
correct, the input AC-3 bitstream may be decoded'bé setting DIALNORM and related dynamic range

parameter stipeSl dhiefagh 84khiendbAddilbra jg?@dﬂéom@% %&%ﬁﬁéﬁ@nd Unused Data
the requony G GahetortAin gL R A oS o Soumas e D es B e
with 50% oyerlandsee Nged teiwiraaw. e ipvédatioavieidobinakiprosessing, eidge artifacts. In the
event of transient signals, improved temporal performance (reduced L
bitstream (the output 801 is NO), the bitstream may be decoded using its
10 existing DIALNORM value and related dynamic range compression
parameter values or by using a defanlt DIALNORM value and related
dynamic range compression 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 Rit Aliocation and Unused Daza Bits
A simplified AC-3 encoder block diagram is shown in FIG. 9e. PCM
andio 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



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 WO 2006/113062 PCT/US2006/011202 -38 block floating point process 904 that
segments easkn tamsfonee coefficient into exponent and mantissa pairs. Thenmasshenm paefficient
mantissas are quantized in the mantissa quantiz&ion function 906 with a variable number of bits

assigned by the bjt allpcation function 908 .that gperates on a rametric bi ign model in
response tékﬁ%ﬁ@ﬁ%ﬁﬁ &ﬁ?cgﬁﬁg%é{]r] g&ﬁ%g%ggsbﬁash{;\%g |8§)%%§égé§§é% tE)ll(r%mciples of
psychoacoysfi TSI Inasieatie parRe: PholsalasaieddefErsibmantiasssis awiven frequency

band. Depending on the extent of masking, some mantissas may 10 receive very few bits or even no

bits at all. Thisnéihodss te mamtissofimntiegtivedocbipre 86 wishsaoredanlaiBusIsE expense of
added (though .inaudible) noise, Unlike,some other codin ms, AC- s _not pass the bit
allocation r Lhiéstésﬁg%g Jehe %’l@%%ﬁ%ﬁ%ﬁ%ﬁ&%%ﬁggﬁp r%?’g%%g%% a parametric
approagh is.(aledn; BiR s adle seRden cessisueis dsIBaslior Mablbasidion the transform

coefficient exponents and a few key signal-dependent parameters. These parameters are passed
from the bitesflonation function 908 to the bitstream packing function 910 for passing to the decoder

via the bitstream, requiri r fewer bits than Id be 20 necess ' raw bit allocation
values. The bitstreﬁg‘ﬁ? f)gh%:g ' %ltféi%ﬁ: 1@&ﬂﬁg%gﬁ%%ﬁgg?@nggﬁégg%ﬁ%@@eam also receives
the exponegts.ancthe Quastiaedmamkissas fardnatidsiandrsheablistieatizsAtithe gleender, the bit
allocation is reconstructed based on the received exponents and bit allocation parameters. This

arrangemerftegnstioytésachybrpeadiagiaratiarrenient eldamadng: anpaipantissas may

10 receive very few bits or even no bits at all. This reduces the number of bits
required to represent the source audio, at the expense of added (though
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



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 WO
2006/11306 2RCh#k/520026/011202 -39 one or more channels are inactive@t/asspegific2time instant,
the remaining channels receive more bits than tHié\y-otherwise would. In the AC-3 audio compression

system, the bit allocation process employs a finite seargh. ln each iteratjon of the search, the signal to
noise 5 (SNRY Sér%m@éhi ed'to M’(Yleﬂ% %ﬁngﬁ%ﬁ AP0 ﬁ%gaﬁg SRS % values of other

parameter%ﬁﬁm&éa.{:&%tgm@rgﬂsimgﬁ mepRanewsedhits @xceeds the number of allocated bits,

the last legal allocation is used. Often, this allocation is not able to use all of the available bits, thereby
leaving unused ofwéstet Gifs abdiascdisqissetbpreavsoersly thm ical eeatipndaredensdio bitstream is

made up of a sequence qf frames copstructed as showp generally inFIG, 9a.; Each-AC-3 frame
represents 8 A HHECIRRERG: '(C))prig%cf gg&aﬁgﬂgge g%ﬁ%%&é%n c}aEr)mé:f%Sgnd contains six

coded audipdalgels AARQ K ugh-RBT) eashsPmEsaigi 3B ToMaudinisanplesidach AC-3 frame

has a 15 fixed siZze (one of several sizes in numbers of bits in the range of 64 to 1920 bits) that

depends oriliher#1G88 sfimiilerrpesasreterz, A4 thriend el ghesepsel théedasabeiord bitrate (discrete
values in the range of 32 k to 640 kbps e ronization information. (Sl der at the
beginning dfﬁﬁl?ﬁa‘?ﬁge%aﬁgm?WBEﬁEa‘%%?iTﬁég#e%?%%dé%lﬁlr%%gg %51%%1 %%gglér%{;ﬁs?onization. The
20 bitstrea Jpformation (B isades iolions haSidigld And femsainsiddbtesiersidastibing the

coded audio service. The Sl and BSl fields describe the bitstream configuration, including sample
rate, data ratayingibssef esdedséedibithannels, and several other systems-level elements.

FOHOV\{iH g the COd?igs 1g(i:% sbs|e03 liasi'&%%%stp rjoautg NEEPKIS AP QPR bitstream is
madé up of a sequence of frames constructed as shown generally in FIG. 9a.
Each AC-3 frame represents a constant time interval of 1536 PCM samples
across all coded channels and contains six coded audio blocks (ABO through
ARS3), 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 bitstream 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 (AB( through ABS) is an auxiliary data

25 (AUX) field. At the end of each frame is an error check field that inciudes 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. %a generally

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



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
S| header. Although the width of the bitstream elements in FIG. 9a generally suggests a typical
number of bitsdgre@sch®wement, the figure is not to scale. WO 2006/11306&RE T us2006r011202 -40
The number of bits allocated and used in the auei#blocks and in the AUX field is variable. Block ABO

is shown wider than the other blocks because each frame is.essentjally indepgnd other frames
and blocks A QHFBE@%#@@%%@P%%{: Hﬁ.ﬁafgﬁlc{ igﬂaﬁf}mc %éﬁ%ﬁ%&%@%}g&ing 5 the
informationgaflewing Rianks ARJbREaNi4BRIS S EeWes IR haRePiNcc B cAgisde from possible

sharing, audio blocks also have variable length because of the variable number of bits that can be

assigned tetivh flaantizedsseariain tutanamsta bbehaLeprimndibloekssdP-cited U.S. Patent
6,807,528, unused bits 10 exist in a frame whenever the bit allocatiop function in acqder does not
utilize all a\%ﬁﬁl} ]‘cﬁéfﬁ FERCEEHG {Hagggﬁ&g%ﬁ%ﬁ??@? c%clgéﬁ‘lf%géé ﬁr’%ﬁé}%% c;eezist%ﬁrgfalls short of
using gl avgilabledhiise1oh thglinpiiautirkdosBNahieasiie ol fvailais Hisvedsasshahese unused

bits should be placed somewhere in the frame in order for the frame to have a mandatory 15 fixed

size, the erlolowdr ABérts/Rideijoan maEsIb erslaipEsREdin hlorksralsoiliaR HE1Rsth of the frame.

Such null bits are inserted in4a,"skip field" in _one or mor. ugli sipawn in FIG. 9d) as
well as in tfisrﬁt&lgﬁ‘éﬁsgg }é?dﬁgﬁ%e% gc%%%%%%‘ﬁ?g?ﬁ%%%%y?g%v%%%?}aux field accepts up
to seven n%fﬁi%grﬂﬁggégmgéwiﬁ%mmﬂdme length and 20 to assure that the final CRC word
occurs in thé last 16 bits of the frame. In practice, the mall bits are random bits. Such null bits are

wasted bits that cAwyexplaised imiberiore-eiedl aSpEatentiedifésurit it use the values
of somg of gy;ics)tt o %hfrqa%lrllg i\tfv LY gﬂ%%%%i?@égﬁgﬂ%l%ﬁon in the encoder does not

utilize all available bits for encoding the audio signal. This occurs if the
final bit allocation falls short of using all available bits or if the input audio
does not require all available bits. Because these unused bits should be
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 Iaét 16 bits of the frame. In
practioe, 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. 9¢).

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 1s not

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



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 nsliditmandsdbeir location in the bitstream is not known a priorie{thrgis rasbersand location
varies from frame to frame, i.e., WO 2006/113062PCT/US2006/011202 -41 the skip fields are of

variable size and.their starting positions in.blocks, AB 1 thr LV imilarkysthe AUX field
is of variatﬁgesﬁ%‘%f’(?@g §’f§rﬂﬁé’ %%?{Tghg V&t @ﬁi&ﬁ%%?&&%ﬁolﬁgﬁﬁhﬁgﬁﬁ%r and
location by, mate nSRecion;9f {he, AGniRilstensn AN i die oihriatalsiadsezareniddistinguishable
from other data if the bitstrean). Each audio block (ABO through AB5) begins with "fixed data" made

up of bitstretartislgments whessasbrbsirel pskhlrre) Hrswmoibeia PHBIPY. 8ldhese fixed data
elements have a pre-assigned number of bi -not i L it al tion). Fixed dat
< a colloctioN e AT TRFRR T At DPLR S L DI e RS B ™ onen

ags, coupling information, exponents

and bit allogationnaramelarbIEqiewinaHbe dued datw iitsiigafie)d” data having a minimum size of 1

bit, if the skip field contains no null bits, and a maximum size of 522 bits, if it does contain null bits. A

one-bit word, the Faichmaudi odriesid 6R0dkponal, Addiabeginme Bhip Fersidakidev 3 15 bits. If it
does, next, a 9-hit waord indicates the number of byte I} bi IS ed by the null bytes.
Following tHe ng%%h%ama%%&%mga aﬂoﬁc‘a}v gllige %?%%@nleain%g% %}Qétlgﬁcgana Ig}?r;% ?s? determined
by bit allocgign. hetiei-d Bariclanateihbleck epplaintuaskindiebdnadibginainbiercs determined
by the following rules: 1) the combined size of the 20 SYNCINFO fields (namely, the SYNCWORD, the
first CRC woodl assegsathpiisrdijteHegabar wdrgadiata Warodseipye THEBS| fields,

audio block 0 (ARQ) 3nd3die Biock (PR Asyer &6sRNE BBshiBton, exponents and
bit allocation parameters. Following the fixed data is "skip field" data
having a minimum size of 1 bit, if the skip field contains no null bits, and a
maximum size of 522 bits, if it does contain 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. Foil.owing 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 (ABO) and audio block 1 (ABI) never exceeds 5/8 of the
frame, and 2) the combined size of the audio block 5 (AB35) mantissa data,

the AUX data field, and the error check field never exceeds the final 3/8 of

b
th

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, permitiing 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.



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 518 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, wevedatznet/ fowthe 518 and 3/8 configuration, all null bits could becinsseedémithe AUX field
without a need for one or more skip fields. WO 2806/113062 PCT/US2006/011202 -42 The AUX data

field has two functions unctj the AUX data field-mentioned ahove, i rqvide a fine
tuning of the frarriﬂ@ﬁ%ﬁggr‘aﬂ%%ﬁéﬁhptﬁqgﬁp%‘b%ngf%%%cﬁag%g ?st{ %%36% %g%econd CRC
word. Up iS6VeRdtbhita aitnscad idhed\beiRdutingeonthialion lekigm AU field, which is
optional and Is independent of the first function, is to ca&g additional information ("auxdata") at the

expense obesing Hitet et |asiul® ditend decharssighudad fratiesasonthe REIWBIBKEPThe last bit
of the AUX data field indicates whether ti . ta,exists, | i indi s that it does
exist, the pYe &Yy A% %&lﬁﬁbﬁ@%‘fﬁéﬂ%n%ﬁﬁbﬁﬁggusf §%Ja%a§l leotlpe%(ifg{rgceding bits are
the auxdata, Pysldil iLanvRs bR Aarads toemioptaadnie i Xfigldutictherauxfield has no

auxdata, the null bits, if any, precede the single bit at the end of the AUX data field that indicates if
auxdata existsryTamidiomethinformetitmefiasdata i) At € XPaYS6rah Ay IRE BEsHibits it the AUX

field. There are po null bits in the 15 AUX field if there.arg no upus its (it [ no unused
bits to exiﬁ‘?ﬁwﬁmgﬁﬁﬁﬁﬁn& 2B (5?%%5%@&%%@%%%%%%% 'cg'r%gg%%vgg fggnes is

extremely lgyy) 9f isthe,pumber eimelkbitsiscthdsible, byteighil ancditasexalbiaf thethelbbits 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 tdicaitsd that tndoss eris. skip esaeding lideurdaatieasns Ticclenstl iy no useful

O S Paras tHETARPRE Q4iRE HRES 3RE Y ERKAR: Lo e A eaRyispome or all of
turn precede the auxdata in the AUX field. If the auxfield has no auxdata,
the null bits, if any, precede the single bit at the end of the AUX data field
that indicates if auxdata exists. Thus, whether or not there is auxdata, there
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

s0  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



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 san Besewovered by a metadata parameter (for example DIAkNG@RM)sxr ification
decoder process. The replacement of wasted bitBwith metadata (DIALNORM) verification bits WO

2006/113062 PCT/U52006/Q11202 - 43 can.he mplished after any valid AC-3 encoder creates
an AC-3 b?&k%@&rﬁ??@?@fﬁqﬁﬁﬁi?‘ﬁ%oﬂ%m a‘ﬁ‘ag%%lglof%? lAgei’fi %eﬁc%iaé%{?ﬁgy be employed to
generate the, rdpRG Saishram Hhedesslingiisieenieds a0aly saddaddenifyibe locations of

some or all of the unused bits in"each 5 frame. Some or all of the identified, unused bits are then

replaced withhpildyedaticgenaratinthisisigmiadNeRG bidshcamn dhe 15y} ine betEiBedded in
locations formerly ocgupied by.unused bits. Becagise som ' ( e or all of the
null bits aré%"l’%’é’@@ ?ﬂéi@%@h&ﬁ? ?atsf'}gré%ﬁfes rnésir%g fsﬁrf(laégﬁckg?‘a@? Sa%ngdat'&%efshecé:gﬁ% CRC word,
which gppligg 10 tasthe ertirgframecisdanimatuithains GRGhwaresaded dath in the first . 3/8 of

the frame is changed, the checksum for that portion of the frame is recalculated and the first CRC

word, whicindpptiesionteerifing/diss (Rl AaMORMhre iEsriien dats BEDEREvord. Alternatively,

instead of replaci ame or all unused bits in an A itStream, With i i::nbegd'_:ﬂré-g@rrying bits
following s &@%ﬁé&iﬂ&?@“’%ﬁ% 1:1\ %%ur%g%e%g ha??r%%?é@%t%% analysis and metadata
verification ganahiliies maynpeshintounalionreas il bits irsenengred), tHehherkman bit positions of
a frame instead of random null bits during the encoding process. 20 Whether the AC-3 bitstream is

modified beftoréher attirctfinnreiviiegalrocsed ané e srrRNG Scife st MBS he same to a

COI’IVE{]{I}IOH?J) the entire frame, is replaced with a new CRC word, and, if data in the first .

3/8 of the frame is changed, the checksum for that portion of the frame is
recalculated and the first CRC word, which applies to the first 3/8 of the
frame, is also replaced with a new CRC word.

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 fo a conventional
AC-3 decoder. Anunmodified 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 cither 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
repotts the results of the metadata verification analysis performed on the

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



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 ive spRaigsC-3 metadata analysis process that identifies thedagatnsafzpused bits in
a frame, detects the data in the unused bit locatidds and reports the results of the metadata

verification analysis performed on the AC-3 bitstream. In either case, recovery and apalysis of the
verificationreikeoine wwsd Libs P70 885076 n—‘ﬁl&bﬁfﬂ JB%E‘E}?&M§ %? -3 bitstream

does not digthhs reRiodRr RS, PRI HocARRRCIARY feRimseRbvaniantay preserve
e

audio quality "In two 'ways: it s not use bits that would otherwise be used for audio and it can avoid
the need fdpdecodingsanit duencodinsethitbintesnvidinibegwBets megdoonasdieaidand useful as

described above). AC-3 Dialogye Leyel and Compression Metadata Parameters, As mentioned above,
included inlﬁﬁ‘é"‘}é\@‘f@l@éﬁ%l%ﬁsgig%‘ig?sf’ﬂggﬁ%n@o@"?ﬁﬁf) | H}gﬁé@%ﬁ? 5??&%@2%@%#% the speech or
dialogye cgptained i the.compiessathairad hisparamelssigyalled DIALNORM 10 and the intent of

this parameter Is that before an audio item is encoded or data compressed, the predominant level of

the dialogue or spedGi?idinéigem Ezvedand dchmpiesaaws atednis FRIeULEEHD set the
DIALNORM parameter in,each frame of the hitstream c inj e audio item. During
playback of the bié?r%ﬂ?%aﬁé%ﬁgcb‘b%ﬁl %§§%ﬁgi§§§L%ﬁ%{ry§r¥§§tgo modify the
playback '%&ﬁé@%%ﬁ&%@&% sheiibal the-peraivash laudnesd el dheeialogue is at a

consistent fevel. FIG. 10a shows an example containing three different audio items. The Digital Level
is the level eftteintaddic theprossprssaiaudinent ks terigicalien M HHeRMe (0 dB Fs).

TR I S Tty B S paramats e MR D RTd M b A0 Fei eREsiRraipant level of the
data compressed, the predominant level of the dialogue or speech in the item
is measured. This measurement is then used to set the DIALNORM
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
itern, 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



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 referencevieveddanadaich the dialogue of each item is scaled is -31 dB FSrAMiwdeierence digital
level can then be calibrated in a playback systerdto-a desired sound pressure level. The use of the

DIALNORM ter jin AC-3 ides list ' istent I listeni
exporience B Lt A0 TR RSO0 AR TP BLRI0 1008 AL P SEE rorances
that exist bg &?fb?éﬁ%ﬁgéﬁlﬁ%? dEmsdhatisfesreated Ronsdifferente aplelifidiatent listening

e

environments and for different purposes. However, the DIALNORM parameter may be incorrect for

the reasonsuljscsmseliabmwersthy AL NORMwimsteioRmATSPEABRAIBEGH RT3 frame
metad.ata are parameters tE\t if aepplied to the audio during playback, serve to reduce the dynamic
range of tHEAHID Bttt ﬁgf)l ;'make the louder parts of the audio quieter and the quiet parts of

the audjio louder. These dynamic r@‘gﬁéﬁgg@pm%@ng&,wmmﬁrs are called COMPR and DYNRNG
and are automatically calculated during the encoding of an AC-3 bitstream. See FIG. 9. The ability to
reduce the dynamidsarigelofiaddio thaiddfuPidtarnanagiantiasaarsansiessaihiel lvhen watching a

g%lfjsateﬁ aste %%evgéﬁg&g%)g%%ﬁﬁ%mﬁg@@t to disturb

movie late at night, it ig often,.necessar
sleeping 153%33 ﬁ%ﬁ%ﬁ@r‘é‘%? %nﬁg adjdcent INgs. e movies tend to have a very
large dynamic range. bt UCERplayhaskey ehumeudauiaris ofuhb afitie maoeiebaitizo quiet to be

audible. The use of dynamic range compression helps to increase the quiet portions, making them

audible, anduietipeetsef hsieedisotavdsT makipis HERRIBLS HNES, Agrpression
10  parameters are called COMPR and DYNRNG and are automatically

calculated during the encoding of an AC-3 bitstream. See FIG. 9.

The ability to reduce the dynamic range of audio isuseful ina variety
of situations. 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 sofier 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.



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 exampleeostaning three different audio items. 25 FIG. 12a shewstenaverege dialog level
and the dynamic range of the unprocessed audidftems. FIG. 12b shows how during playback, the
application of the dynamic range compression and the DIALNORM .parameter resylf in a consistent
average'dialog levaecaNgsthe Qﬁ%ergﬂag%?ﬁﬁ%%gf%%tr%és% é%rieceS %iféﬁig%vo

2006/ 1130?@155%)1;{ 096/Q13204- 126 Brgaussithp dySRBY G rrOge eaMRERSsien parameters are
calculated in " relationship to the dialogue level, their use relies on content creators measuring and
setting the BIdINORMindrsetiangr thorfabaL. N ORM paaamaior eeiiessy th IBFELEStHR dialogue as
indicated by the DIALNOR arameter ﬂﬁ the true.leyel of the djalo [ io content, then it
is likely thattieg Beliyg6e H%‘%ﬁb&%g 8%%%§}ga ?narﬁiéﬁéaam c O

anges, due to the

compressian, RIALNO, 2 1GRMRR AR &YM@%M meskeiteurnatencethdhdtASC-3 system uses

a single dialogue 10 level and a single set of dynamic range information parameters for all channels.
However, Akslinthadeheadi nlosnativg thesbibisvautssissdrand asiiphely i BHE&8ndependently;
that is each ihanneltgjlg i_nd%pendent dialogue level and dynamic range information. In this mode, the
second of T iR SOTRRTBAL RM2, COMPR2 and DYNRNG2 15 parameters. (See
FIG. 9.) Because DIALNORM37 SOMBRR/NC OYNRIGAATE FMRIVEZd and used in exactly the

same way as DIALNORM, COMM, and DYNRNG, only the operation of the latter is described in this
document. Under most circumstances, the AC-3 system uses a single dialogue

10 level and a single set of dynamic range information parameters for all
channels. However, AC-3 includes an operating mode that allows for two
channels to operate independently; that is each channel has independent
dialogue level and dynamic range information. In this mode, the second of
the two channels uses the DIALNORM?2, COMPR2 and DYNRNG2

15 parameters. (See FIG.9.) Because DIALNORM2, COMPR2 and
DYNRNG?2 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 software, or a
combination of both (e.g., programmabie 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



Implementation 20 The invention may be implemented in hardware or software, or a combination of
both (e.g., programmable logic arrays). Unless otherwise specified, the algorithms or processes
included as part of the invention are not inherently related to any particular computer or other
apparatus. Invpateulsnsyarious general-purpose machines may be used mathigrograms25 written in
accordance with the teachings herein, or it may bémore convenient to construct more specialized

apparatus (e.g., integrated circuits) to perform the required method steps, Thus, the invention may be
implementé@%tcﬂ%3 %@%SX%%%}@%Q%%% %ﬁ%&g %Irl—r%%?%uper(%%nrﬁ%ble computer
systems eaghHRmpKsi A18AshRNERRERE e MMMORIEHISSH6R, RIET/4I0A6IAE1202 -47 least

one data storage system (including volatile and non-volatile memory and/or storage elements), at

least one inputiviey wepprpeiid Brosagvaededppidoitocnpuit dpte deapedadaidispplied to input

data to perform the fupctions described herein and generat INformati output 5
informationggrﬁéb(ﬁ%ﬁ (i%st%g) 88%\%&%%‘%588\%@3%%& rl%\?vl}l?#as elgg{rgl) Er;ﬁhgs%% program may be
implementeg 8 @Ry RS TediaRaue branauage dinelitind enastting Rasembiysiionigh level

procedural, logical, or object oriented programming languages) to communicate with a computer
system. In any cadéacheigDEREsanayise Hesmpikiash A EHTEAGIBRYIENWIl be

appreciated, that some.steps.or functions shown in th ¢ IQur 0 Jtigle substeps
and may a&%%%%ﬁ)ﬁ‘%iﬁ %]I%cétlenp?é & u%lc%é{hz”}%@e@?F@%%’%ﬁ%@g%’%@%@&i It will also be
appreciated hrRicyasious e Yesshmslionsasenaa)donesassesishvwnidne tbrpstebed in various
examples herein may be shown combined or separated in ways other. than as shown in the various

figures. For Sxaeiple IvABY daspldhrelBatREecRBuRS SSRMRE SHLENGHREEHEnces, various

functions
1 language.

Tt 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



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. Eachosuekmepmputer program is preferably stored on or dowploadeshie@ starage media
or device (e.g., solid state memory or media, or régnetic or optical media) readable by a general or

special purpose programmable 25 computer, for configuying and operating the computer when the

storage m&EGRBEHEFYSIRIRLRTHHE &%rﬁﬁﬁﬁﬁlﬁﬁsﬁﬁ ?giﬁeﬁfg}gﬁfﬂ]@%ﬁggg&ﬁgg O51(‘3(‘ahscribed herein.

The inventiyﬁ Sﬁﬁﬁ%@o@ﬁﬁ@ééﬁ@@d@&%ﬂﬁred to be implemented as a computer-readable storage
ﬁgure wit

medium, con a computer program, where the storage medium so configured causes a WO
2006/11306% RGHHsSa0REMDLIRGRNL8T dunipusstiyiteny cobessrdasetibashecific and predefined

manner to perform the functians,descrjbed herejn. A number of embqdiment inyention have

been descr%ﬁ@&?rﬁ@@%éfegféﬁimiﬂlﬁée{ﬂ%Iﬁj}%Yﬁ&gﬁr%{?ﬁﬁ%?ﬁggﬁ%%}?ngg%%ade 5 without

departing igiReSpifANd SRR AhpiRNaniipoelt Brampia eamero Fag siemaglescrived herein
en

may be order independent, and thus can be performed in an order different from that described. WO

2006/113062 @€ T 182606/8 ieeribad hetaimsnybaigndenirderendesin ghdithustatbits
representina??udi , Mmetadata int?ﬂf‘g%ﬂgf be g rrectfort 88%%%8 and metadata verification 5
information, RreiF rlBa?r{léjfr St ay noztltbe correct for the audio, said metadata
verification information being usable to detect whether or not metadata is correct for the audio and, if
not correct, to change it so that it is correct.



10 2. A digital bitstream according to claim 1, wherein the metadata verification information usable to
detect and change metadata includes a copy, or a data-compressed copy, of a correct version of such
metadata. 3. A digital bitstream, comprising data bits representing audio, 15 metadata for the audio,
and metadatevgexifigatimg:information, said metadata verification informatiarrioshacingiaogopy, or a
data-compressed copy, of said metadata, said véfification information being usable to detect whether
or not the metadata and the copy thereof are vété}in a threshold difference of each other, and if they
are not, to replace the metadata with the copy. YR 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. ofbifigitahbititstaancomporingdgte Rty Fonreeening fURIO. 2006/113062

PCT/U32006/011202 -50 6. A digital bitstream according to any ang of clai 4wherein the
metadata vBIie ﬂ%lﬁﬁtﬁ‘?gﬁfﬁgﬁ ﬁ@g&ﬁ&ﬁ?éﬁ\?c%ﬂ 13%@8&%?%%@@%%@%#@ . A digital
bitstream ageordingitoanyvipneipfalainsh b e theanudioyndatbecamprestadiaudio. 8. An

encoder that generates a digital bitstream in accordance with any one of claims 1-7. 10 9. A decoder,

receiving aalidita) bifstremtaiaticvorifeaioniinfmyetienopeinenesabie i arrtihdBSter decodes
the data bits representing audio using.said metadata and.sai verification jntarmation. 15
10. A deco@é%ﬂ%tﬁ%gfg &a?%%ﬂeﬁ%ﬁg 80%%?%1@%‘(%%%9?% gg%%s%gl?séepnting audio
changes metadata-ysing said metadata

10 2. A digital bitstream according to claim 1, wherein the metadata
verification information usable to detect and change metadata includes a

copy, or a data-compressed copy, of a correct version of such metadata.

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 ofa

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



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 beimgousaliesto detect whether or not metadata is correct for theT25muehn@nd, if not
correct, to change it so that it is correct, and asseffibling a digital bitstream that includes data bits

representing the audijo,the ata and the metadata verification information, 6/113062
PCT/US2006/011 oz‘k-‘%”é’ﬁ%%%%%%%?o é;f%ggﬁ)n%n Jiokea ﬁi%?ggr?m%%ygéé?gaudio, the
process cogpfisinghoRNeRIBDMBtBskaiRiINS audimcenpladalneteddedverification information,

said metadata 5 verification information including a copy, or a data-compressed copy, of said
metadata, thiéstieaaidata 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, and 10 assembling a digital bitstream that includes data bits representing the

audio, the metadata andiibednsiadaianeiiicadondniopmatiam &8 chbractss wherdingo claim 11 or
12 wherein said generating metadata generates metadata based on a measure of the audio. 15 14. A
process acetidiingstd BaiaoIiaseediadid-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

8. An encoder that generates a digital bitstream in accordance with
any one of claims 1-7.
10
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.



includes a copy, or a data-compressed copy, of a collect 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 repslace/alizoszsome of a plurality of bits in the bitstream that oPETHARBPGANT2ZH0 information.
WO 2006/113062 PCT/US2006/011202 -52 1 S.SA‘process according to any one of claims 11-16

wherein the verificatign information ji o g{?ﬂ'%i%@gﬁpﬂpﬁﬁﬁﬁ%%%éiég A process
for treating a digi ‘at%di%rgﬁgfq’r%%grﬁ g%géﬁl%%ges@ a bits representing ‘audio, metadata intended to
be correct {gk %g@gﬁ@omb@f@mgall 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

whether or not mERREEE IREBHEEREASH o g?fd%l% if 10 not correct, to change it so that it is correct,
comprising determining,ff e mefalasa, eriicaien infRimaliasSaasetiadhe Ditstream, and if
| et - &l

e
metadata verificaﬁgﬁelg‘%or ation Is present, determining if it verifies the correctness of at least part of

the mefadafari R #iibe Metadatd e lifichibingniocomtion edits theonssad Pyt ShisRis least part of
the metadata, leaving the bitstream unaltered, and if the.meﬁgata verggagé) infO{mation does not
i rec

verify the corebedasasthr matpdeia g ErabaRdr 90 RS R #&fadata. 20 20. A
process for eging 3 g urio AsPaR b tsllen R @i epresemiepolio, meiadsia

intended to'be CoFrect f0r the au 10, wherein all or part of which metadata may not be correct for the

audio, and T masEingedeldataditandptdentintemetataeybrfictiompisiptatsitiide can be used
to detect metadata that is not correct for the audio, comprising
copy, and

10 assembling a digital bitstream that includes data bits representing the

audio, the metadata and the metadata verification information.

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

i5

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

audio is a measure of the loudness of the andio.

15. A process according to any one of claims 11-14, wherein the
50 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

75 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.



25 determining if the metadata verification information is present in the bitstream, if metadata
verification information is not present, determining if at least part of the metadata is correct, WO
2006/113062 PCT/US2006/011202 -53 if said at least part of the metadata is correct, inserting
metadata vesificationsformation for said at least part of the metadata inte¢hashiistrearm, and if said
at least part of the metadata is not correct, setting%aid at least 5 part of the metadata to a default
value. 21. 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 auglip, and 10 that, may-ipales sajaRitsEprasRating rejasaiyenification information

, an
that can be used to d%tgct metadata that is not correct for the audio and, if not correct, to change it so
that it is coveatficaioprisifiorohetaomiriricigane gnaphicadl yaifsdrsh infdendlsHS3Present in the
bitstream, and 15 if metadata verification infonnation is present, determining if it verifies the
correctness of at least part of the metadata, if the metadata verification information verifies the

correciness, leavjag @%553?@%1“&@5@@&iﬁi@ﬁfmﬁtﬂﬁ@%ﬁ%ﬁ@ﬁﬂ@ﬂaﬁﬁﬂﬁ@&ﬂd@s not verify

the 20 correctness, correcting said at least part of the metadata, if the metadata verification
informatiorbissnttyresseatin getedininingtidatadastiad dothe anstaehi®iseeBior said at least part of

ine metadely s corgot, eaying i bisCaym: NAGIPH R4 23 LA ShRRY e metadara s

not correct,
that may include data bits representing metadata verification information that

can be used to detect whether or not metadata is correct for the audio and, if
10 not correct, to change it so that it is correct, comprising
determining 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 presenjt in the
bitstream,

if metadata verification information is not present, determining if at

least part of the metadata is correct,



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 WO 2006/113062
PCT/1752006/011202 -54 compression metadata intended to be correct for the audio, wherein all or
part of whichwaeta@atesosmy not be correct for the audio, and that may inakaderdats biterepresenting
metadata verification information that can be uséd to detect whether or not the DIALNORM metadata

value is correct far,5 the aydio and, if correct, to change it so that it is correct, comprising
determining if théﬁ?@%ﬁ%‘ti@?@ﬁ%ﬁ(@ %Wi%?ﬁslﬁrceoggﬁﬂhlfﬁsec%%’g%@ﬁ%e metadata
verificationjpformation is RISaeRbLS et RIIng ibilsvesties iR GarRRIARSMES ihe DIALNOM metadata

value, 10 if the metadata verification information verifies the correctness, leaving the bitstream
unaltered, Bitsereantadath verification information does not verify the correctness, changing the

DIALNOM metadata value so that it is ¢qrrect for, the.audio, 15 if the metadata,verification information
is not present, deteffiAy ‘?W&’@FA?;&WH Sﬁaﬂ?ﬁﬁé’%’%ﬁe@ alis ﬁ%daagt |%%§§/ decoding the

bitstream wjthoutyging.the DA LNQRMmrtedR{a, 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

DIALNORM metatibta balbECTSa g T B LRI AT S YA LRGN Sk Baata s not
within the threshald. daigrBiningio, metadata intended to be correct for the audio,
wherein all or part of which metadata may not be correct for the audio, and
10  that may include data bits representing metadata verification information that
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 correciness, 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



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 WO 2006/113062 PCT/US2006/011202 -55 repacking the
bitstream witltvthaemesmsazed DIALNORM metadata value and related dyrarmicsangetemmpression
metadata, and with metadata verification informaton correct for the measured DIALNORM value, and

if the measured loudness is nt within the range of valid RIALNORM. 5 values, changing the gain of
the decodé@%i%gﬁ%%}iﬁbeﬁﬁ&%ﬁﬁ@&éﬁﬂ%e{ﬁg %ﬁ%?%%gffi ‘ﬁ%[ﬂ%ﬁrﬁ%gggg determining
new dynamig f3negcOMpIEssion Meladalrpand reantading frfilsirpmatsiaythe gain-adjusted

audio, the measured DIALNORM metadata value and the newly determined dynamic range
compressidnaivete daia B3 pepentiys fortadatinyesifieoptipradai praieaibabeaichftes data bits

representing audio, audio metadata, and aud; erification _informati id gudio metadata
verificationqﬁ?t;rﬁ?a%W% ' 5%89? @ﬂﬁ%ﬁﬁ?ompres@géa é&qﬁ?,"c?]i%%ug g%%tlg@k(n%%data, said
verificafion hs {gimaHen eiBgusabls i dsiaeb whalbenar nas berfasipdainpailipuch a copy

thereof are within a. threshold difference of each other, and if they are not, to replace the metadata
with the copy, cordptisimgriharigitiethectadeta et Gaatimiafagasioarif IesANAIBrAgLon so that the
metadata gnd the 20 copy, or data-compressed copy, of the metadata are within said threshold
difference SFESEF Blher. 24. A process for decoding a digital audio bitstream that includes data bits

representing audies fetafaianiended saikmaemeshiaidhe apsiee G dderaitnatipifiart of the
metadata may not be correct for the audio, and that
verifies the correctness of the DIALNOM metadata value,

10 if the metadata verification information verifies the correciness,

leaving the bitstream unaltered,

if the metadata verification information does not verify the
correciness, 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 DIATNORM 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



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 WO
2006/113062 PCT/US2006/011202 -56 determining if the metadata verification information is present
in the bitstream 2ibengtactata verification information is present, determiningrif/its uexifieszthe
correctness of at least part of the metadata, 5 ifthé information verifies the correctness, decoding the

bitstream using said metadata, if the.metadata verifigation | tion.does no ' correctness
of said at IEBRAPEHEST %mawb@}ﬁ 5588 ggﬁ%%}f) élr}ggaéiac%éﬁg{gwy%}%ﬁstream using
the conected meiatipianard AL misiadaiaicficaan alermaion imeoiaueseatifidhgdlstrean,

e bitst

decoding t ream using the metadata in the bitstream or decoding the bitstream using default
metadata. 2EfoAmaticessdoredeforifhg mdiestrcd B GideRM Natugeritds data 15 bits representing

audio, metadata infended to be garrect for the aydio,, whearein all or part.of t ell;@(gmnay not be
correct for the auéﬁ?ﬁﬁﬂ&“?ﬂgﬁrﬁﬁa%}f%aa ]&ﬁgL%bﬁ%t euplrglsgeﬁ%%% rf?étﬁa’ j%’Zligia ven?matlon information
usables to defeelwhriher oF Bt BEledaisRseediantie s ditandhé Reidmsestitidichange it so
that it is correct, compriSing 20 determining if the metadata verification information is present in the

bitstream, imm@ﬁﬁﬂﬁ@mmmmgﬁ%%ﬁ%@%mﬁﬁ’iﬁﬁf%iﬁe@f’r@jcorreetness of at
said etadEEAT S D EMALR DerERL D S o G et o o e sieam 25 uaing
audio, the measured DIALNORM metadata value and the newly determined
dynamic range compression metadata.
10
23, A process for treating a digital audio bitstream that includes 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 andio 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 andio, 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 metadata, using it to correct the metadata and decoding the bitstream using
the corrected metadata, WO 2006/113062 PCT/US2006/621202 -57 if metadata verification
information is not present in the bitstream, determining if said at least part of the metadata is correct, if
said at least part@fsthsegetadata is correct, decoding the bitstream usingPsgid sae¢sdERe2and 5 if said
at least part of the metadata is not correct, decodﬁﬁg‘the bitstream with said at least part of the

metadata set to a g%efault value]glgf. A pro I ' ngfg' ital-audio bitstream that includes data
bits representing B‘?WHLS\I 4 ﬂ%&%%%ﬁga{é%ﬁﬁéﬁ%% yngqrr%%{}%ange 0 metadata intended to be
correct for msﬁléq@kjwherein 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 niftaxtias i acuend Gomiond aiadis aHen FiresshbioisTerae it Yo that it is correct,
comprising 15 determining if the metadata verification,j R, s present in the bitstream, if
metadata V&R %ﬁ%ﬁ?%?&%ﬁ%‘ﬁ&?ﬁé B?e@e%ﬂ%gtaéﬁrﬁﬂr% ﬁ it vteei)r#?és the correctness of the
DIALNORM metagipin, if trs-infaimatien fiesfins haromesinedscoéqrig thieshiesmeam 20 using said

DIALNORM metadata, if the metadata verification information does not verify the correctness of said
DIALNTORMimgkeldtmaioihafahe metadata verification information to correct the DIALNORM

Veritcation mform R Rt DR R A BT O et S s et for he
audio by degpding thechitsyearnivibautusinthaAtNOBN evt titatactallaaairelated
decoding the bitstream using the corrected metadata, and
10 if metadata verification information is not present in the bitstream,
decoding the bitstream 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,



dynamic range compression metadata, measuring the loudness of the decoded audio to determine a
measured DIALNORM value, and comparing WO 2006/113062 PCT/US2006/011202 -58 the
pltstream's DIALNORM metadata value to the measured DIALNORM value, if the DIAALNORM value
in the bi‘tstre‘_am wsowithimea threshold difference of the measured DIALNORM/Vakles/ddédding the
bitstream using 5 the DIALNORM metadata and ¥éfated dynamic range compression metadata in the

bitstream, and if the DIALNORM value in the hi ' ithi I diffgrence of th
measured DIALNOBN g%ﬁﬁﬁﬁal}ﬁg%%%ﬁgﬂﬁ Hr%e&%’%%ﬁﬁuﬁ%%ﬁe méasureod °
DIALNORMdnetadatas afug detersainiparl 0 hgw dtadicarangercoehpression metadata, and

decoding the bitstream using the corrected DIALNORM metadata and. the new.dynamic ran
) P 3 , . ge
compression metafisaid a?.lmémgfdbﬁﬁﬁﬁé%éﬁ%ﬁﬂm?@%‘é%S&@ ‘i]}%/\g& 5 aims 15 12

through 26. 28. A computer program, stored on a computer-readable medium for causin
, a computer
to perform Méﬁ%@ﬁ%@%ﬁ& f claims 11. through 26. ) P

5 if said at least part of the metadata is not correct, decoding the

bitstream with said at least part of the metadata set to a default value.

26. A process for decoding a digital audio bitstream that includes data
bits representing audio, DIALNORM metadata and related dynamic range

10 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 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 correciness 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 cotrect the DIALNORM metadata and decoding the bitstream using the
corrected DIALNORM metadata,

25 if the metadata verification information is not present, determining if
the DIAT.NORM 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
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the bitstream’s DIALNORM metadata value to the measured DIALNORM
vahie, .

if the DIALNORM value in the bitstream is within a threshold
difference of the measured DIALNORM value, decoding the bitstream using
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
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
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.



