10

15

20

25

30

-1- DESCRIPTION Method for Correcting Metadata Affecting the Playback
Loudness and Dynamic Range of Audio Information 5 TECHNICAL FIELD
The present invention is generally related to audio encoding and playback,
and pertains more specifically to controlling the loudness and dynamic
range of audio information during pla'yback. 10 BACKGROUND ART
There is a growing level of dissatisfaction among consumers and audio
professionals alike with extrem@VR4MERL R Bhe loudness of the audio in
radio and television broadcasts and in pre-recorded audio material. Large
variations in IBfiRRSLor S orERt B et paeNdrsting de diadieistation to
another, as the' SREGEMARL LV HE Rameginb A sdinbpiammies between

a main feature and commercial advertisements, and as listeners change

media in their playback systgag $ugp@EsISWiehing between different
compact discs aor different DVDs. Listeners are qften forced to ar(;’{l;st the

volurh&®dBFEFBIS PR 18 aenardlgnelaied iomuidiy snsoding Angmiaiback, and
petelativelydupteifvitldpesmiZsifpersabiinnibahaghesk PaROsedUdio

fover omathis prfbllfer%:is the use of control information or "metadata” that
n 3%88?% TS information. Metadata, or data that describes the

audio data, may be provided in. a broadcast or recorded signal to control

the playback loudness of th i0 Inf ion. One example of this type

of metadata is described in%&%gm[@%e‘%%%on Systems Committee

(AT IGpR/B 2 pAbndine woens RdititadRavisianod de g itRLAURIE audio

omgé%ssé?g (AC-3) Standard” published Au%ﬁgt 20, 2001. This

ProfationnP alksaxith Splemes midientanihg nefngss thihsdio dtgadio and
teldAibh O cAQMRR ene LM MGUMBISREIARIN A PlAvBaACk S gD Riudness

level and dynamic ran e%I Both si%nal level and dynamic range affect the

ofteh) PESIeRF t%%?e%\g QULPBE SRR AALHSs ¥ HRFrREP 852 TEeRiKed fom &

givRespivensifiatiearferneda 3tntiisiAhe Mddiestapambadsetifments, and as
. DIALNORM parameter to control playback signal levels, and may use the
15K g‘wﬁﬁéﬁm&eﬁ SYO'EBATOR BFTESHIDR B BERtLerent

comsigrakithusamitifiang® DVDs. Listeners are often forced to adjust the volume controls

of their receivers and playback systems to maintain a relatively uniform loudness.

One sclution that has been proposed to overcome this problem is the use of
confrol information or "metadata" that accompanies the audio information. Metadata, or
data that describes the audioldata, may be provided in a broadcast or recorded signal fo
control the playback loudness of the audio information. One example of this type of
metadata is described in the Advanced Television Systems Committee (ATSC) A/52A
document entitled "Revision A to Digital Audio Compression (AC-3) Standard"
published August 20, 2001. This particular standard specifies metadata that includes the
parameters, DIALNORM, COMPR and DYNRNG, which pertain to playback signal
level and dynamic range. Both signal level and dynamic range affect the perceived or
subjective level of a signal, which is referred to as loudness. Receivers that conform to
this ATSC audio standard use the DIALNORM parameter to control playback signal
levels, and may use the COMPR and DYNRNG parameters to control compression of
playback signal dynamic range.

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

distribution, broadcast and recording processes, the problem with excessive variations in



If this type of metadata. is used properly during audio content creation,
distribution, broadcast and recording processes, the problem with
excessive variations in 2 Playback loudness could be eliminated or at
least greatly reduced. Unfortunately, metadata is sometimes misused or
not used at all because it is misundepstood, because the appropriate

ople.do not kno w tQ.use it properly, or because it is used to create
Pidiho AR T oo AR o b GRS B o E B I el
mekdio disrentsoédne predentirivent an 7 beidedoit thendamdetiorn of because the
layback loudness and dynamic range, of audio information.durin
o R b I IR RO S Bt kg g g
artigrid dijevamicinapprepobudissinformation receives an input signal
conveying data representing a first loudness normalization level, a first
dynamic range adjustment level and encoded audio information produced

by an encoding proceBSEh{aME REQDHIN Xdh Fi#drmation from an

appligationatasesadingLiacess adhe inpnieionaliebtainsssmeasyie,8fick

loudness from an analysis of the decoded audio information and derives
lougdngse SR TBHARS IS5 R AN B R WP ERE Mie%atFe of loudness;

obtaibisassestisnetidn Dfetboifprassieotiprafile hiaéddyibe apgasingnic range
fgr ces%fro .an anal‘ysis of the% decoded audiqyicriﬁ%)rmation tangd fr. mgthe
O FSAMAMIC FANGS aciusimont 1SVeT a0 GeReratos SR outpUrsianal that o™
nogoaditiomal egonveysidata yepreseringg théiseoomd |budness! encoded audio
. o e AdiStT | ; ;
lnfggga}?d%g&l@m%wﬁ%qi angs adiustment evel.obiaingdiin 188RAR BiGom

IQ |n_f rmation am_ e; the second |OL! ness nolrmallzatlon evg n
an P BetiinatiTne oo BErapression Heofilaul signits vhspec e apeAsu s veniigness

frokRerg i%:ﬁ'i?é’;@%# o ‘%H_&%@ef@ ra%%ﬁbe‘%ﬂﬂﬁm@[%{b%'ﬂ '%HHO&S% afad LviamiGiness
r;gge of audio information, wherein the method comprises _steps that:
I’lolf

RAdioh st {rry Hhr (et Uoh e Y RtES r O FRBE ARl TS I REAN Ui drfegapression
préfaEnald atiomdenrbadiy phebeamisy ange adiustnent devedanghfirstinformation
code data cqnveyed by the input signa

E)%Eagdio information, wherein tp? ' }3 rPy %%g -
- A, S BrSHLEED BYPARSHED G SRR AT (R PRTEE tF i SH BT oY a
coadidmiformnation decordmnestot pgy dhrosaoustibudfing plesrandatete invicieghd a
I‘a]‘g;]ég a{i{ﬁaﬁ}{é‘ Amic Jenge. ad) ‘i'%t@sep??tn:s%"%' M Pﬁ%xsr?até?o%‘“a%%o n't%%m@ﬁe“%‘cond
plitude, t _e I_I’St ou ness_ nor ‘a |z‘at|on evel ana a _comp ession prortiie
lowhseifypivigoraormore aperatiositneteradtbristivsrsésisigpalidempressor;
obtain deepded audigrinioriatianfoman applicatien of AGESPANI correcting
process to the input signal; obtaina_ ' _ ]
playback loudness and dyamic range of audio information, wherein the method comprises
steps that: receive an input signal -that conveys data representing a first loudness
normalization level, a first dynamic range adjustment level and first encoded audio
information, wherein the data conveyed by the input signal was produced by an encoding
process that generated the first encoded audio information according to psychoacoustic
principles and determined the first dynamic range adjustment level in response to audio
information amplitude, the first loudness normalization level and a compression profile
specifying one or more operational characteristics of a signal compressor; obtain decoded
audio information from an application of a decoding process to the input signal; obtain a

measure of loudness from an analysis of the decoded audio information and derive a



measure of loudness from an analysis of the decoded audio information
and derive a 2a second loudness normalization level from the measure of
loudness; obtain an estimation of the compression profile used by the
encoding process from an analysis of the decoded audio information and
from the first dynamic range adjustnent level; generate an output signal

that conveys data representing a third loudness normalization level, a third
So U AT A G A Rt RN A hiTeF e S P r B oL maon
of tepresgntisgipthprailidisddfoyniatienddian pnoedefdoran, mhBrainsfitlee decoded
iffergnce betwe @rthe [irsé, agﬁ@second loud s%rrggrmali%ation levels
t

a“%é’e‘% e b e i g répresents the first o

sigeridiessnoravalidationseveinting thirdidynandoosngeradjistiventeyeleh third
dyﬁ%ﬁﬁ%%%ﬂ%%r the J‘g&ﬁ&méoeica@naﬁ;adwééﬁb%na&%'m@;ﬁﬁﬁoﬁb,'@pm%g{?ﬁg the

audio_information represents the first encoded audio information, and
audips HfERANOE R e errodrd fiksranthssesndfisudriBsenrorrbtivetdieIdveigind
sednaerAalbe theashpkhithelthird lRudnesslewelis derive dram her8eeeakess

loudness normalization level and the third dynamic range adjustment,
eV RVEPISGBEAIRB A RSB HEH IS ROAR R Srivptadeanadiigent
leveugdpessmonalizatidmianel angdhelpstimateiefdhencompnrassiancpiefilaudio
. In a second aspect of the invention, there.is provided paratus for
o D e R R B S AR G oo
thwﬁatemldweeaplparmme(s@mpﬂse&z_aﬁouitk_yvatd;apmdetb: teceivesaniihplie third
loRIgER! fhal qenueys data frepresening In%ﬂé%%@%’ﬂ%ﬁ%%%@%%ﬁ"%% I§\Clhirg

a first dynamic range adjustment level and first encoded audio .
dypsmimatioss, wherkTethd dslaisonveyed by thesiasse sig ridkwagtprogigeion
anfYiRAENROHNY NERERSS thatasnaraed.he first gRcadeshaudionformation

according to psychoacoustic principles and determined the first dynamic
PI98rge adjustment level in response to audio information amplitude, the

first laudpessdaspralizationieratiandiecOMpresaiNArafiler-sRealyidgrecting

}oge %r fnore o erag;[ional characteristics of a signal compressor; obtain t
PIYSREHEA S5 HIOrhARSH RSN LpBHiQdh S iRk o i PPo s gPpgratus
cotha iy utisigngl adbpain & measwenfitpudrassirbm amanalysin oéthaenting a
ﬁrPtePc% Qsé‘“rﬁdeméﬁ‘?‘?artﬁ%%“%” e"i‘,”d% 1Y G %‘%8“1%;1'9%“’3?@% DAMAZRUNN firs:

evel from the measure of loudness; obtain an esﬁma_ of the
eneeitpp raskioin fratilsaased by ithde dceding preddustifeonpeirsamalysis ofdtieced
bydfcogleraudipiatermation aad dram e WRiAXaamIG." angsn ABHSIOE Mg o

level; generate an outpu? signal that conveys data representing a third
psychoacoustic principles and determined the first dynamic range adjustment level in
response to audio information amplitude, the first loudness normalization level and a
compression profile specifying one or more operational characteristics of a signal
compressor; obtain decoded audic information from an application of a decoding process
to the input signal; obtain a measure of loudness from an analysis of the decoded audio
information and derive a second loudness normalization level from the measure of
loudness; obtain an estimate of the compression profile used by the encoding process
from an analysis of the decoded audio information and from the first dynamic range
adjustment level; generate an output signal that conveys data representing a third
loudness normalization level, a third dynamic range adjustment level and third encoded

audio information representing the audio information in an encoded form, wherein: if a



loudness normalization level, a third dynamic range adjustment level and
third encoded audio information representing the audio information in an
encoded form, wherein: if a 2b difference between the first and second
loudness normalization levels does not exceed a threshold, the third
loudness level represents the first lopginess normalization level, the third
. dynamic range adjystment level represents the first. dynamic range
G A BT B EBBE A HHGRHRR GG & Srssatsfeed o
thréissb lencad edraudielirferimatiapprard:if the titicrante hetwaem theofirshandhe
i S D RO IEELR B e (A oL SR R evel
oudnass 16ve i denved ron the second loudnesS AbHnANZadoH Tava eve
and@ i tther ¢hird eliadasmit o anyenadjostroersdetsetiis dbtainediinl resporisitmation,
andP AUURIIRIMANORATRN SIS DU RUARERS ARHRIARIOR BN L ceoas

and the estimate of the compression profile. In a third aspect of the
thejiyspiige; throkifd frestigasler sheddsnved vyt acqproblawdnshs normalization
levi1siractienpithal s execuialie bystniavice doipeiferma methadhien, the audio

. correcting playback loudness and dynamic range of audio information,
TSR HEPHR G dh e dhiph i aten aqrae et d xR inptt By Reimg of the
co@rieys gagaleepresenting a first loudness normalization level, a first

dynamic range adjustment level and first encoded . audio information,
" whefBif 14 GatorEonyeyit B L Tip b Sioral WAL o du B B ey ine
preepoodihrprocessstiiat genexatetitte firstencadedréurdia inkahaatiorcorrecting
pIREEAAINg £, SBSX;‘%{? O%y%?a%féc prigiRes, and ql‘%g‘%ﬁ%‘qa@t%% th\%hféf.%ndm?a%%thod
ange adjustment level in responise to audio informatiori amplitude, the ™
cofstIBudRpSsthtrmedization: | éveiiantizl chripression piafilesspeeifiiing a first

loRREOHRIAG ORGIAtienal Gharacteristics %gégqg@émq&m REESSN ARRID, coded

decoded audio information from an application of a decoding process to
audffs BT lHal BBtain Birtas R ensliBnaBs frow sigeansiosaygrsd by an
enciRgRdastaudioginfopmatinndant darive-asreanduoydngssiigirpalizatiahe to

level from the measure of loudness; obtain an estimate of the ,
PSYOIRSAESLDRIREME LSBT BYTHBRHCHing Br e8aR it S SRR okt In
resplecaded auiioiirfiomastio nandtiram e first dydassicnanggizadpustieentnd a

coff¥SligEnSraiaan oulpUt sidnal that conveys data representinga tird .,

Totdness Rormalization leve , a third 8yna IC'range adjus ment level &ng =™
conreserrcotitdn ég@nddﬁmtaﬁﬁnrmi@sémmgmemgi@ﬁmﬁmﬁwﬁg BIDOESS
to %Cf?ﬁiﬁfj Sfl%%’, \Pﬁ%fﬁ'g ik AT ?&fn%&%t‘ﬁ’&%”a%n‘éﬁgﬁé‘%‘? t%%cc?élg ed audio

. loudness normalization levels does not exceed a threshold, the thir
InfR5HYess 8¢ el vEpre 8 etne tise tstoRss drrisratisriinatizat®in{fevelththaneasure of

loudness; obtain an estimate of the compression profile used by the encoding process
from an analysis of the decoded audio information and from the first dynamic range
adjustment level; generate an output signal that conveys data representing a third
loudness normalization level, a third dynamic range adjustment level and third encoded
audio information representing the audio information in an encoded form, wherein: if a
difference between the first and second loudness normalization levels does not exceed a
threshold, the third loudness level represents the first loudness normalization level, the
third dynamic range adjustment level represents the first dynamic range adjustment level
and the third encoded audio information represents the first encoded audio information,

and if the difference between the {irst and second loudness normalization levels exceeds



third dynamic range adjustment level represents the first dynamic range
adjustment level and the third encoded audio information represents the
first encoded audio information, and if the difference between the first and
second loudness normalization levels exceeds 2c the threshold, the third
loudness level is derived from the segond loudness normalization level
and the third dynamic range adjustment level is obtained in response to

thettredhiale: SAtIRRAdBRIaRH heitle's i it diomdhe SR8 Fhiamdnars M asalization

levahdihehestimaie pithe reorppmssiaanpnelilte i Beumdous aspests of the audio
Rresent invention and it%é?cielferred emb_od%i[nents may be better _
b SE B Feferi g8 TS YENGRAG BRS8NI e s Sripaging the
codheasigs prowlich like reference numerals refer to like elements in the

sev figures. t the. following discussiqn and the drawings

e o o B T S B s e
belipgitationduipendtey sebpeins teethrekeinvingediiorsBRIER the accompanying
arRESCRIRHION OF DRAWINGS-Fig- Lisschamatichlack diagram,gf, ¢

processes that occur in a typical broadcasting and recording systems. -%Lfres'
Theigpriedsod the fodae s ddaiatranns Bodwvdngrovrimbanfotr st sigaapnly
anWVithoaudigoinfermationsuad inedadata thakmay ke wsfdie GRSRCLNBe present
. ‘plr%)l/back loudness and dynamic range of the audio information. Figs. §-4
M358 nhematic block diagrams of components within the device 5

illustrated in Fig. 2. Figs. 5-8 are schematic diagrams of signals conveying

encoded audio inf i 9s. 9- hypothetical

graphical iIIustratioBr% g%ﬁ%@vgf%qégﬁl;@gnﬁajg é%ﬁlfé%cg %orrect the

loudhigss anetliymeaimiblrah géapfaahretpsagmentsabaudiminfopivatibruadusting
aﬂg;gc&%i;.?gasgi@g{gm illustrating steps in a process that may be used to

generate a "frame of an output signal with modified metadata parameters.

Fig. 13 is a schematic block diagram of a device that may be used to

implement various aspects of the present invention. 15 MODES FOR
CARRYING OUT THE INVENTION
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A. Introduction Fig. | is schematic illustration of processes that occur in a
typical broadcasting or recording system. The source process 1
represents activities that obtain audio information by synthesis or by
capture from a source such as a live musical performance or sporting 20
event. The distribution process 2 represents a wide range of activities that
receive audio information from. one or more sources and assemble all oy |
part %I%%}?liél?nafgrcm%lﬁgﬁﬁ%?g %{rﬁlria %‘f%%lqg?qraoé%’ﬁ‘f SO RSB ALY B signal with
audgrorfiingattdemdbortadtionbas mwell lesustiantypescofinfomatitrisnayess and
dyﬁé%% p%ﬁgéaipﬁ%%ﬂgig?s Ombla%qJ Iilr]to the fini_shgd program in a var_ie_ty of
ways. elivery process 3 represents activities that cause the finished
progFags. td-ber25droadiadtediodirarardaes’ anthsohses weiily: dedidevse: to
in&mapé@{g%gh@iocess 4. During some or all of these processes, the audio
Information may be encoded to reduce its information capacity
requifiginentsase sblatritatandirstored isidests spaceyingransidecdisingormation
andQWSL, ﬁg.dwidth. In preferred implementations of broadcasting and
recording systems, each of the 30 processes shown in Fig. | allows audio

cont&igsa§th drarehilimileet et ginpbisatalbpecifiony efidetathtidd efimathe used to
iq;gqﬂgi ll%i%@?%ﬁ ég nic range of the audio information during its
- playbac C.; Un ortun‘gtrd In(,g}ég\k/%rrfsdf9 ?i%s%nﬁr@eﬁgﬁ%aqtr%é};%elﬁté %rlfsn, #ﬁ%
typelig. h2iadatin iz withdnsiigiakendysisedprmesetitly oy isedstidacngeherate a
IS .y I t .4 _invention is directed toward methods and
ﬁag%péggﬁg% %tﬁsalﬁggfggﬁ%d%dc%lﬁég {%g a%ﬁ 8¢k loudness and
dyndfisc ¥aigye ssheodiociblocin diipnadudiig ddajdenitiet fivey presest to implement
invention may be used one or more times in any of the processes that are
vmjlll I\J{lgt?g gg%oi%? L& 581\}3&;{/13?’11{]3% ‘anticipated that the present invention
may be used most efficiently 5 near the end of the distribution process 2

or near the bﬁg{gﬁ [ edell I present
invention cou e%ggggémgmlgﬁc%%éﬁmdmg a

finished program. Implementatidnd i thisgti@eent invention described

bel ngl f eS inent for use with.signals conveyin coded ..
T L e e
recomdimipspsteah dlte: shivesepactics lardpapenteattititlizs dnd (datinesditeinformation

U T T T T ie—
everffchmadistriant omptackata’r edpteskitsthavida dness et dyitrnihaaegeaf audio
infékﬁ%taﬁggiﬁci)nmf%%agpnr{bm sources and assemble all or. part of this information into a
{inished program for broadcasting or recording. Video information as well as other types
of information may also be obtained and assembled into the finished program in a variety
of ways. The delivery process 3 represénts activities that cause the finished program to be
broadcasted or recorded and subsequently delivered to the playback process 4. During
some or all of these processes, the audio information may be encoded to reduce its
information capacity requirements so that it can be stored in less space or transmitted
using lower bandwidth.

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

metadata is either mistakenly used incorrectly or it is deliberately misused. The present
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B. Device Overview 15 Fig. 2 is a schematic block diagram of a device 10

incorporating various aspects of the present invention that may be used

to correct the playback loudness and dynamic range of audio information

during playback. The device 10 receives an input signal from the

communication path 11 that conveys4ncoded audio information and

metadata, processes this information, and generates an output signal
inveattnythirpetthl 18that cotivels20 anoodedasutid mtorheatied tndorrect the

ifi tadata. The. re. . nalizaf

ol B R i prosen
inveatidivtfohwatichoiherdecodime? iprotes s detheoigpsrssiptairoibbibriah e
Fig. q}%@%{ﬁeﬁ@ﬁi@aﬂﬁ%ﬁ’&?@h FRRY RENANN QLG AL WO Bl DY fciently

performing processes that are complementary 25 to the processes used

neartthgenéefighthdishpetéigrab e deceds dhiadeietinfomdiiba iehaagasrocess 3.
For %Qﬂ%f&%%ﬁ%&tm@eﬁiﬁ}ﬁq d%@ﬁ&&?ﬂrﬁ{?&ﬂa@ﬁ@%&éﬂfgﬁ&MQ%r

) is” use an input signal having a format that tomplies with the
recoplngC dinistiaddramationed above, for example, the decoder 12 performs

proﬁﬁﬁ&?&eﬁﬂ@ﬁ&?&%ﬁf&%@%ﬁﬁ%ﬂ&&ﬁ alocated LRIRPIGIAN Rtures

spectral content of an audio signal, uses this allocation 30 to recover
pertiggahiirate patisizoat pomeritEfrensatiediapdicsipfamahereippliéarmat that
comg}i@y\?ﬁﬁ flltarpde: e Rea VRERH FRACHS} COMRARGAIS LAIGE PRI hentations

ecoded audio information. Additional information'may be obtained from

and frenrsEcdBelieramBinfoRet bl e TreseridaumiiprgBeyde used
advaLIRINSY QM&P&%%‘E&W oy %ﬁ&%@%ﬂﬁ' IR NG ARCAH A ation and

process performed by a ‘conventional playback systef because the
metglatotdated tddes!nudoess tnd kynmeiss aaeradidatiendsvelanndipiamic

range adjustment level metgdaia to.myke any.adjustments in the

decoded information. 5 In an alternative implementation, the decoder 12

diffBtg. hdie sifmifietinthidesrdiagemearitioner ide dddapsinartdms gedsysoaspects
| iyl {0t e Ay iitenady _
o o AR R RO D et i oy

rangepdstvdic dnfpordiie duriegpioyindodHicidencaviichesiy psesaal sitnth &om
the &%ﬁxﬁﬁi&&cﬁi?%ﬁ%ﬂh?%%%&% E@%‘ﬁ%ﬁ@&% %t??%?hﬁf@%‘ﬂé@a‘&%&?f

the decoder 1 ects 10 detal mplementation for the loudness

procgsrely/ s totEdgnamit gemyetetalyaspeGsighel dimthe reedhd 8 that conveys
encdeRIF U @ oﬁ'ﬁ%&&f?E‘E{d%oﬁ%feg}gxe%%qg.ei‘ﬁ%}felia 'é&%%??%&?ﬁ&ﬁ?@dﬁess

it does not change the nature processing that these components

norngdifetinn level and a dynamic range adjustment level for use during playback of the
audio information.

The decoder 12 processes the input signal to obtain the metadata and a decoded
representation of the audio information by performing processes that are complementary
to the processes used to generate the input signal. The decoded andio information is
passed along the path 13. The metadata is passed along the path 14. If the device 10 is
used with an input signal having a format that complies with the ATSC standard
mentioned above, for'example, the decoder 12 performs processes that determine how
bits were allocated to represent the spectral content of an audio signal, uses this allocation
to recover quantized spectral components from the input signal, and applies synthesis
filters to the recovered spectral components to generate decoded audio information.

Additional information may be obtained from the ATSC document mentioned above.
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The loudness analyzer 15 analyzes the decoded audio information that it
receives from the path 13 to obtain a measure of loudness, which it
passes along the path 16. 15 Essentially any analysis may be used in
principle; however, the choice of anal)§S|s may affect the accuracy of the
loudness measure. Preferably, a measure of the loudness is obtained by

isol ents of the a d|o at| dom| a tl
spez%%% Somewaysin %‘?{i n¥ ayeb ?gi g‘@r %‘@' from the
decpdignpaoeticaticmued bera t@fﬂ@ﬁtﬁ)mlhgldyﬂﬁﬁoh ngs&hrﬂﬂ&tﬂﬁﬂe Genteolig 12
ech in Signals That ain Speech and Other S
e B R i et Vet
met 20410014862 By idljshiseeMaicihe, d}:(aﬁded' hﬁ"odaaﬁhﬁatlon of seg ments
tha, ate RredomaINIYSRaSERS TRt Sssenial butdLusualy Impiaves b )

accuracy o ess measute. If sSpeech 15 ROt pres n
conotineilenodoreiagbaoiidoes soiniasdedinf ﬂnece}&ﬂraﬁudmibﬁwﬁamﬂo time-

syfficient. measyre. .25 The of loudness m .
dom tamé%%ﬂrugfrlm gnlqg'[t%e&gtu i6 prog R ey may i 1%{3%%1?&1 8%?‘3112&(1
Spe%faémnm&nm leaggtothacontichmidesingch @newmdtdﬂang ﬂmﬁmbslg for

I Xpressed-as 2 I T. Leq,, '
o T
detaﬁﬁeeguwlleventﬁﬁm femﬁallauﬁnwta%ﬁeri frehe dryoymue lgdntadmumdr 23,
the @yﬁ&&ﬂ&%ﬁ% cgfcIJiﬁt ik E%?ebq ?m% it denotes b %g“c%'égéfd below,
p 6°0Nne Well Ko b?e

weighting applied to t e S|gnal wn exam

but frdgeeney shenghtthg thatreel/be pesdisitigslsy aitecdmpegealspadaess”
e B S NI TRk i oceives

instead Alternative sychoacoustic models o ness may

fronsﬂ@m@xﬂéttmels@memwsnmﬁmdnemﬂnd&wmmlatm I@mdmﬁs%,
ESSéé%aM gil} ted In units @B rela S%{fgégtlgﬁﬁghlgln%:ﬁgaéée%lgf& I{&%gp gnlea(isqsf’ulfa%%%iseis may
affegfie orsyandt §)e Whideeks theamnge Brefigithl Jeuahcapablef dheeintpess is
obtaﬁx]%ﬁaﬁﬁ(?ggﬁég Sefgﬂht& £9 ﬂﬁedéﬂﬁﬁl }/1%[&%&9 qltgt " rpe1$ Q}I{pne Sy dls%eech
Some ways in which this may be done are described in U.S. patent application number
10/233,073 by Vinton et al. entitled "Controlling Loudness of Speech in Signals That
Contain Speech and Other Types of Audio Material” filed August 30, 2002, publication

number US 2004-0044525 published March 4, 2004. The identification of segments that

are predominantly speech is not essential but it usually improves the accuracy of the
loudness measure. If speech is not present or is not dominant, an average loudness
measure of the entire audio information may provide a sufficient measure.

The measure of loudness may be obtained for an entire audio program or it may
be obtained for segments of essentially any length that may be desired. One way that a

loudness measure Leg,, can be calculated may be expressed as

Leg, mlOlogm[T J‘[IESI)J dt}
o\ o

where P(f) = frequency-weighted sound pressure level of the signal at time #;
Py = frequency-weighted sound pressure level of the signal at time =0; and
m denotes the frequency weighting applied to the signal.
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The output signal generator 20 processes the input signal received from
the path 10 11., the loudness normalization level and dynamic range
adjustment level metadata received from the path 14, the decoded
representation of the audio information received from the path 13, and the
derived measure of loudness receivedl-from the path 16, and generates
along the path 18 an output signal that conveys an encoded

One replidgwmativnoplhef adtausipparaieh ikt mebritsed as fhaypezlled "A

equa&‘-?cggd%&@ r(ﬁﬁ%ﬁ?ﬁl X %@ﬂ%ﬁ%@?ﬁx&% sy Afdhey %y be used.

information during playback. Additional details of implementation are

instegd SeipsaatbelowrsgersaEromedelpfiltdnessiony drtrecdsiideasdiiat
descAtRARSCHREANELC NRGRSS AR RLhNIgRALYIIRENeedediaudiay (1975).

information and metadata data conveyed in a format that complies 20

Prefeimpl thihamsowiaallredrrsiberl auisieddn vRES 9 dBsrsHil oin Shrsaplitude
of a BIPRY 'FRIRINALISARANA]E dBAMeshER HamecaRNaIaecadedable of

_audio information and metadata _representing 1536 samples,of from one
beingpapresign b thsfitngrdraatidigiplaraloepasaddaransssiidhfiguftidle and
informapdaclude information such as the language of spoken audio content,

whether the audio content is subject to copyright protection, and timing 25
infaMRATRYTHENH CRIARCA IR HIRIGERSS W@’cﬂ’ﬁ&%@ﬁﬁ%ﬁf&m@dgﬁ path

11, tREhAFNBARNENARERANMKIMER SN IR ASS.IERdRLRY DAY fidhRata

audio information. Each input signal frame is divided into sections as .
receiyeg\fiomcthemalickiythy ersoded rreraynitioniohthsihor iitisnation received

fromSRilh IR0V ML E bR eORKENR A HIBERFRBIZALER W Sk INK)ANH 115 €and
first of two cyclical redundancy codes (CRC 1) for detection of bit 30

genegpiey alongihnitth ble eyt siserhthe pansess MR aseEiption of the

audiSREHON HAWKR(IBf FBadatonyeyminashaldhs maddata fondned amed aidmic
Audio Blocks (ABO to AB5) convey the encoded audio information and

rangg G dhsrimdiscnienmation Sheina MlarRick. The remaining sections of the
framganiisiesaiiasie A MRiks seeioRdhrE CARYEKeIHRuSed bits -7-

remaining after the audio content is encoded so that each frame has a
constant number of bits, an AuRigRplE®Aection, which may convey

adgiipnRal sheiRciala el iRhiet REHHRCHEQNSIPEGIRAL IWRBIOR, BMERfnal

. second of two cyclical redundancy codes (CRCZ2) for detection of bit i
withsipepdad edinistiorotionpadimpatedaia dritirenxovled s fanat thid pagpplies

with%86U0PSet eRRl HameRRAAYHavIeiqd %@ﬁ%@ﬂ’@'@fxﬁ%@é@%ﬁ@a@sda’m that is
arranged in frames. Bach frame contains encoded audio information and metadata
representing 1536 samples.of from one to six channels of digifal audio signals, The
metadata is configurable and may include information such as the language of spoken
audio content, whether the audio content is subject to copyright protection, and timing
information. The metadata also includes a londness normalization Ievel and a dynamic
range adjustment level for use during playback of the audio information.

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

remaining sections of the frame include a Waste (W) bits section that conveys unused bits
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DIALNORM, which is a loudness normalization level for use during
playback. This parameter is intended to indicate the average or
predominant loudness of speech or dialogue in the audio information. In
the absence of speech, the parameter gnay represent 10 an average
loudness of the entire content of an audio item An "audio item" is an

d f on such for example, the audio for a
Ieﬁa%ﬁ{l %% c? ]te elfl)sll 8" 5\‘? |§se?ﬂ‘8?1 %Hﬂ herehBamg asiarepnstant number of
bﬂﬂaImwmmtmtmm&gw%ﬁm@mwl&umalm; ;ﬁ%&f}gg}@g@?&m
othetical audio ite The' Level" of each audio item
P R B oY R sk e S b e s
(Ca@ﬁhfﬁunlecarmsmﬁbmdaforsi& ﬂa&)laﬁhe/mwmwﬁeﬁ@ minimum signal

levels for each audio item a own ‘K%’ ure along with the value of
its DIALNORM parameter {HI3E for each audio item is

roundbel &1 eiBtianied. @i ﬁglphagduatﬂysthl enplayhagkpieeess4ruses tt@gsl
PNOR IS BIALIORNLA PRtamle o sl e amalude o e Sonel

for playbac so that the perceive hess”or
pangatgietels Hithndad taudiddentbe E@r&@:lbﬁ@hmiemihmﬂmﬁﬁf@sgimmlygr

usts ignal in, each io item so that its
e T R Sl T BeAATES Bgresent
an pypspgAdeudness of (Be mzemrm mﬁmmmbdamhcm beudadi Elﬁﬁfﬁ'ddran interval
o4na oh a .25 .desired ress level,
of %%%%%%fg%%g %A'\%t Jus'gmfe%t Eamﬁiﬁ;atr}n%ag (fn B L?[ sf@ﬁ‘a’fl BTy
ad\fﬁ'étmatpa@me@m referdéddb fis ﬁﬁME&Egﬂnd@MﬂlﬁNﬁneNhlch are

d n Isf ruse dur ferrin

o Dan § e BIATAKEE Sl D GRS Hiialiag o fems.
Th?;" meéewﬁdf' afsheb avdieitmine frammeitddeachirutioiblotk-maydaeative

#SRD, arametey or these ara eters
fo tgr%e%(\zflj{eﬁgermln(ggg(;é& gﬁ%%ﬁy Se%r?cﬁz)% g‘f)sroolce E{sgggsmgsJ eﬁleo’fl%’é%'r' ane rmmmum
sigpg) r’rﬁﬁ@%ﬁﬁrﬁ@ﬂbﬁl&@&m q:rcoﬂlemdm cﬂesﬁwealmglmlthah@malue ofits
faate e ristic compressor

DI@% compn—‘rg?a g?ﬁe?ﬁl? i?Jlétt felease b rﬁ%%é & aEF’Pa aﬁ&}mgaéw 148
uni'ffanges for compression. The vaIues for these dynamlc range

DA B B S oL el bh i AR
parginates ted tnjectha pragsinde 6(Rafeipng fgailaitiil 58, tHae theyireial Wudness
of sﬁﬁ&mﬁm&{&@?énl%&'&é% mﬁe%ent andio items. Fig. 10 illustrates this process
graphically. The playback process 4 adjusts the signal in each audio item so that its
loudness, as indicated by the DIALNORM parameter, is scaled to equal a reference level
of -31 dB FS. This reference level can be calibrated in each playback system to match a
desired sound pressure Jevel.

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

typical compression parameters that specify operational characteristics of a compressor
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hypothetical audio items are shown in the figure along with the values of
the DIALNORM parameters. During playback, the playback process 4
may use the COMPR parameter or the DYNRNG parameters to
compress the signal for playback so that the dynamic range is reduced.
Fig. 11 illustrates this process graphi@ally. The playback 10 process 4
compresses the signal in_each audio item so that the dynamic ranges of

suchypd COmRRSRITSAKe MBI GRAGRSISHERBART TG HEd Ane amplidsaecs for
compaageal BReatlied iRt usafubinia %@fé@tb’c@flp‘i&@é@?&aﬁ%tmt&mmed
... IS gften desirable to reduce the audio playback level of a motion picture or
W“W&ﬁi}%ﬁ‘ﬁﬂéﬁ&%m@% RATEREASY é%&hﬁa%ﬂ&%lﬂg@wﬁ grggudio
itemfarailyimembersoatpesipants in adjacent dwellings. When audio items
haye ﬁ]%namic range such as js typical for maréy motion
4df

very large
pictt 4 eI M pidy BRI A0dey e gt diad dghibntar dpree
hypdibletiahl adeielfaausesivuehiotib g giatogda doxhe difficuitis Jrers and
impossible tqg understand. Dynamijc range compression can be
o QRN P e BB BLHPHRG MR eras PSS ARG DB ERMPR
paratoetenesthita PENRNG pazBohéghetdenshsribabihedinlog pegmanscanbac

understood. I%lad iti namic rangﬁ{. compression can be used to

ynagils ARG e ﬁ‘c’i’éadﬁ? S RFOES ghtdticetiisEhhplaghack

procéafdanprearabidntsipisbiindiid plalibagknenyionme iy RiaRerapeiaifahe
audi oftd namic ranag}#om ression requires a proper setting for the
HiK 5&?/}%8 &t&t: If the DIALNORM parameter is set improperly,

théfhhs mwﬁdmmmm@w%fw%mm ﬁls\MHEﬂllthiﬂeaﬁet;; of

, ialogue level in a.manner that is, noticegble and annoyjng. Importance o

it SRR A B A r o 1O bRy 2 o

motipteyleaak systkmisian proyide fnrateighsistarinand prediciablelisteniRging
.experience by reducing.drapatic djfferences_30 in loudness and dynamic

Fami T S SR A R S e R A BAl Rofe lree

dynafvineyige ditiererncespian e elininalubanatieas! @mallyy adpRgback level to

tween television agv rtis nts, television entertainment and news
koo e B BLI LR SR Bk L DS SBIRR be cifcult o
hear bndadeastibgpribbenr dindeay st Dhavadactie eimnesidiesoptaned to
redudy hé’ S %nd alg{gi%e%%;geers to set tfgﬁ'}]DlALNORM properly. It had been

it it the lhdeshBmeta T AREANASE IevePsrl Bead ot »
highéteeveieulthhieive dasioresbanieatiban be understood. In addition, dynamic range
compression can be used to increase the loudness of quiet segments that might otherwise
not be heard over ambient noise in the playback environment.

Proper operation of dynamic range compression requires a proper setting for the
DIALNORM parameter. If the DIALNORM parameter is set improperly, then it is very
Iikely that dynamic range compression will alter the dialogue level in a manner that is
noticeable and annoying.

Importance of Proper Values

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

different television stations.
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and the DIALNORM parameter would be set accordingly. Unfortunately,
the 5 DIALNORM parameter is sometimes set improperly or not expressly
set, which causes playback systems to use a default value that is
inappropriate. This causes a discrepangy between the level indicated by
the DIALNORM parameter and the actdal level of dialogue in the audio,

whic ERRES | Impairs the.ability of a playback system to
provit(ijjt?liagi cons’isl%rg%%i?%%gé ?gigg?fg%S%fﬁ?ﬁ%ﬁ%ﬁ?f@?@ﬁ?é’ﬁ&id’ﬁéﬁ@? content

aufleptyriendrawdistesisiuenstdncetitedd At AR reyer Ry S alisie@fanticipated that
LP3 .normalization. and dynamic range adjustment
t %F&E&%?ﬂ%dé%gg%tséjl% ghzago a0 gudip-tiem would he measwred correctly

anneis; nowever,

that applies to all
anghthg ﬁ%}l@%mmt@f pm?bfﬁa ﬁmccﬁiﬁh;?h?ﬁﬁﬁkﬂﬁrﬁt@yﬁ -ghannel
Bﬁyﬁ Pl an e Seco Setl oI parameters are
AR R S PRARE St ponch causes

shown as

Playback siciieratdesusaly defivdt firsusdhfiparappesprsaidy Tan WO 816 crepancy
econd set of parameters is used
beRAEEMBIEIS AT %1(85%?%35 {(q:ﬁg ﬁ?ﬁﬁvm 1 patameler gg&p i a@%’fﬂdf’%ﬂgﬂ

_in the same way that thefirst set of para

dlm@@m@é@m@isbmmmpmmmﬁﬁ mf g@mpéwﬁ?qﬂhyback system
tﬁﬁﬂ@&t ; ove In connection,with Fig. 2. The

® tom a%rgﬁ)%%ﬁg%gtr;ﬁggb}%é%e oul ﬁggsg%gﬁﬁglgié%f}??tl YAYHERINORM)
meta?é%‘i‘&l‘r@@ét\lé@ﬁiﬁﬁﬁﬂm?g@mhﬁrmd thanagrvedopieast o phriguslbRSer

i enerates a control signal along the path
o R b
howeveralite ARSE pandakmMioyer arfretes mapiegansiplated sufbiciertineters for

[ | ifference 25 bejween the two inputs is
e rh e S RTERE by e Bkt

less than a threshold. If de
PagRePS RSN IASI B hEOBY2 CradhRE indMFEBRIObRIaNesdllowing
di &g@ﬁg{fm@&g\gﬁ@ the metad arameters, the cost of
“ihe computationaItlirgaﬁslgg%e{s%8?1/{6)?f e g’?erﬁspmgﬂt%%sﬁ?ﬁg RIS e

prege fhepiamipithe sreptvbschidipatecatatsésafsel eI sMORM: P g B st set

of phehegdell asdipe values of other metadata parameters are 30 incorrect
and their use would degrade the guality of the audio information during

playback. A threshold vaRie@ithrdSgndBsienauitadiie for many

T R T A R T
abOyRfiRfeRgss o Atk Grenpihemeterdsta2 botiinjenty the dutaigsshaonpalization
leval @Bﬁﬁ!ﬁl‘@@ﬁ?ﬁﬁj 1%%&81@:%@/&51 égg]r %lgé ga%el ﬁ%rﬁté%e derived measure of
loudness received from the path 16, and generates a control signal along the path 22 that
indicates whether the DIALNORM parameter is sufficiently accurate. The DIALNORM
parameter may be considered sufficiently accurate if the absolute value of a difference
between the two inputs 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 compnutational resources
needed to implement the present invention, and the possibility that the calculated value of
the DIALNORM parameter and as well as the values of other metadata parameters are
incorrect and their use would degrade the quality of the audio information during
playback. A threshold value of three (3 dB) is suitable for many applications.

The signal assembler 30 receives the control si gnal from the path 22 and the input

signal from the path 11. If the control signal indicates the DIALNORM parameter is
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signal indicates the DIALNORM parameter is not sufficiently accurate, the
signal assembler 30 uses the derived measure of loudness received from
the path 16 to provide a modified DIALNORM parameter for the output

signal. 5 Whenever the value of the DIALNORM parameter is changed, it
is likely the values of the COMPR-aHt-DYNRNG parameters should also

be changed. The COMPR and DYNRNG parameters represent gain
suffigieaHyasmatodhasany siserbis ausedicmute dSvartisaed ik trol

signa%aiEMcEIR-ERMRIORAIBPIIRIJEPIEaSN R M SeAlNG fagiatdhalk awbe

applied to all of the audio information that is decoded. from an entire

assemaieel Orpes b pieiradansarars sldeiinerespedtod Somdhnpakydprlegridde a
mod#@is¢aiNg RERMTAL MRS ARRISE 6 g Rydio information that is

decoded from that audio block. The values of these parameters were
calb{hgneysihn iz o iailideneRhb aaranstysus Shngedrs isdikely the

valudPH{eRCOOINIPR 1818 WPNRtREGIR AheneriRuLoigRaliRybE indkeba thee COMPR
decoding of the resulting outEut_signaI by a conventional_plaféback system

and R¥DIENE R Ancbasd R IGERTIRRIL S s e Bashs R Srdsedenin 2

con@iﬁﬁﬁ{al?ﬁﬁﬂi@éﬁ%@rs@ﬂjq‘ﬁg@@ﬂ@l@fa&?ﬁﬁf@?? TENERIIQRRAVAAGStor that
modified values for the COMPR and/or DYNRNG parameters when it is

may R aitied orHlb eb thioadie ipfarmstiva bahisrdrsadsy demumsaiiecrags- The
DY RS EARAGd he-iamie ﬁ%ﬁﬁﬁb@é&%@%%sgéﬁswgﬂﬁg madHiad may be

values can be generated more accurately if additional information can be

appligd g datiandiuisornshion dhehbodrsodsicbnm that awligivlacketadata
valugsvdiigs %@‘@i’é@@ﬁ&éﬁﬁ%{&%ﬂ@&é%&lﬁdﬂ&%g his dhe QMIRIESSIRMted the

. profile that the encoder used. Unfortunately, this information is not,
inputcei ey S A yatusy perldheled wakrecrbinghe sripal o atitdidikely the
decoWRLFABREGSTIRD Jilites USeC O e G0 R PAMAIRSINE

oM RSO A Vg skt

LNORM, C and IRNG parameters received from the 25
seversapin RushiptieacarberssiRly divwinanb e prbosiaslitormsiigireceived
impl&RBAIR P Frollift RIAIHRINRYORRISSTIARIEL RYITRRES BN USINIRG d/or

same calculation process used quathe encoder to calculate the COMPR

DYNRHdfoprovmpiar papdhietsresriaiecalheronpstidicdonlprome kepinted by the
dynaHAeFRARCHIREMENCOAR! IRiemanaLions. chiipiefies hatweldsmodified

calculated parameter values that are closest to the original values
valugsrpehe gopeiad @piscsats i addiiicnd blouatiompads abigipsikabout
how SRy srRaeHES AR indicatiapafine gsfiated profile is passed

along the path 24 to the dynamic range calculator 25, -11-
The additional information that is needed is the compression profile that the

encoder used, Unfortunately, this information is not conveyed in the input signal. The
dynamic range analyzer 23 estimates what compression profile was used by the encoder
by analyzing the DIALNORM, COMPR and DYNRNG parameters received from the
path 14 and the decoded representation of the audio information received from the path
13. The profile may be estimated by repeatedly using the same calculation process used
by the encoder to calculate the COMPR and/or DYNRNG parameters for each
compression profile known to be used by current encoder implementations. The profile
that yields calculated parameter values that are closest to the original values conveyed in
the input signal is deemed to be the compression profile used by the encoder. An
indication of the estimated profile is passed along the path 24 to the dynamic range

calculator 25,
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The estimate of the compression profile may be updated for each frame or
it may be updated less frequently. The frequency may be chosen to
balance a tradeoff between accuracy and computational complexity. It is
possible that the estimated compression profile may be incorrect;
therefore, it 5 may be desirable to insélt modified metadata into the

outpyt signal only jf the value of the original DIALNORM parameter value

o R B Bkl o A ol caclopg of €y
be Sjghdtd\kse fibjeemlpcTibydremadifie ehayetadaicsis RSOIECHNG NG OB v een

§]g[]gl, resulting 10.output signal should conform to all requirements
acimposg%}%ﬁﬁ u}\aﬁg&agfg,g%ésas his is accomplished by the signal

asse%lep%@mﬂmt@m?ﬁmémﬂegnﬁﬁmm @iﬁ@e&iﬁj@eﬁ%@ﬁ%ﬁﬁi&mﬁrq it

Lﬁ%tm Fig; | se ow. Output Signal Repacking The

m?ggeps in or@eﬁﬁ%‘é‘éflsp?ﬁg??nﬁ% %lgtﬁ(g%% {%t%gﬁ)%%t@ NS it dhendglue of the
origmeoRidrhNB MenTisSestanidard jadiesttateeiotighit2ang siscrssad
disPelow: @t&%ﬁo detgrmines v_vhether or not the frame of the output _signal is

to be generated with a modified DIALNORM parameter value. This may

be done by determining viladthapuh8igrigined SoBNORM parameter value

is sua;{}ﬁ'@{&% as ribed above. |f no madification tq the _ .

DIALNORM 6%%%@%3“\}8%%5‘% Relge sy é’s%@o",‘ﬁ?é“pﬁ‘&@@l&%mum@
outpghtiget shithldtep BroOthaiwispitha e tegsosantinues WithStem3ded. This is

s th lue af.the, DIALNORM parameter in a frame of the
acco‘&?gg%ﬂlseigngl. ﬁﬁﬁ%%ﬁ%%i\ﬁ%ﬁa%? ﬁge}ﬁﬁ? B EARHp iHRe fignal
assgihblghi Masiesethint Fiprdplydvisdinsed FSIGwtandard. The value of the

DIALNORM parameter in t utput signal can be easily modified by
merely changing the valuest,}%?? ug%ﬁg‘%‘%%é’ggﬂﬂﬁg 25 original
DIATORMsiaremeterceStchd 2ndgteerntedsovpeihietdhe uip@any shatge

Abvale, fart PR parameter or for any DYNRNG parameter. If not,
o I SR e OB e
outpbiesighaietvitiaenuditithe Mok id @R lapas anBiebuvalu i DI eI IR generated

S T MU R EE AT e A
the peigiied BIAIANBRADIALNORM DasdmaiBiciails besrbetal @edPibove. If
no AIARINENG BB RIS Do S e TN M, the process
continues with step 61. Otherwise, the process continues with step 51.

Step 51 changes the value of fhe DIALNORM parameter in a frame of the output
signal. The DIALNORM parameter is represented by eight bits in all signal frames that
comply with the ATSC standard. The value of the DIALNORM parameter in the output
signal can be easily modified by merely changing the values of the bits representing
original DIALNORM parameter.

Step 52 determines whether there is any change in value for the COMPR
parameter or for any DYNRNG parameter. If not, the process continues with step 61,
which generates a frame of the output signal with a modified DIALNORM parameter
value. Otherwise, the process continues with step 53.

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

change the number of bits needed to represent these parameters. Step 53 determines
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change the number of bits needed to represent these parameters. Step 53

determines _12_ whether there is any change in the number of bits

needed to represent a modified COMPR parameter value or any modified

DYNRNG parameter value. If not, the process continues with step 60,

which modifies these parameters bylihserting the modified values value

into the appropriate locations of the frame. Step 61 then generates a
whetharterfitheypupsignichwitha nfddified DN ORNparametifiod GOMPR

parar%@:ge? e?}lger & girsl%e%{%%{ﬂeg ﬁﬁ%&\f%{' ﬁtﬁ?ﬁn%?éif'ﬁ’ gr‘ﬁ IPOY g{)?ocess confirmies

parameters. | determines there Is a change Ih the number of
with Istepride sdddio rregifescthese podifioth G NiDRpagherepdidiaé vilaesvalue into

the R0IIHRYNENG RHABEIRE. %geﬁ 1Re, PRGOS MRVRIILRIDE signal

me to accommodate the changes. In this™10 particular implementation,

with grandifichAd UMBA pisheetrsenbis toiepresurmarparadiesr vakisgrfor the
cghﬁ?ﬁ’ ,ﬂlg Wrﬂ&lﬁ%ﬁfdded or removed from a frame. If a
€d,

parameter is to be "a ata is moved to create space for the new

pafériency3 deiqraransdter harieadmesetn Heaushmwddinocededace

reprofRERIEA DY ARS FOTABR %ﬁ@@@al%%?%&ﬁqﬁgﬁﬁgﬁm@%mmqta
COMDR and DYNRNG parameters are each 15 represented by €ight bits.

valugHheaydatemeesbbOomPRvEtHramdienin ta hepnesader thedipacohe ibis
p aﬁi%ﬁ%@twﬁ s ! 111 @H@ M&%ﬁﬁ?@n‘%&ﬁ%ﬁ‘%&%ﬁ) arameter

parameter is present in the BSI section of an input signal frame. The

occugpishe Hce manmien R Nithep afsierb earrame ved fruihvieleniago 1bla prugrestelds to be
add RS HIAIE( A0 BYNENG Al iRt PloskmUbeR 88bLo

1
, @ DYNRNGE flag indicates a DYNRNG parameter 20 value is present
remdnahealpts poawredimivthicorer waDdhN thp semeed PR HBEISFesent in

augig, BIOGK ARG, 3 AERLIERAFRIGIAL YA oA IR (N ARCRLESYIRIS

implied. It a DYNRNG parameter is not present in any of the subsequent
represauieddiyctigt Bitsiohheesistssnceop SIaiE R meatector thatumiso bibgicwed by a

impHsil | ete i i REnar
Om_%]I}C)IQCHEJ 55 Ste%agjf ca é%afié?gé t ’ewn%??rlggggn |tsﬁ§i§§a@g§ ﬁepresgﬁltagater

is presrt de thevdilsdeticsadhmithube gaaldnaierd Trrisisenrb e fex PrédEdl Gs:
=y AL = et bt
paraMUfls M(lé)r%}g%&vg@g{&é%a LS00 ABE) WHREHREHY S SRERRN Y NRNGE

parameter = number o ed’to represent i

e modifie

flag pereatblectk Véhea;sehtd Bo: O(RNR NG misticatrsetoy MR asenneier
valu® 5@&%&%&?{%%%3&1’(}9 audio block. If a DYNRNG parameter is not present in

audio block ABQ, a default parameter value of 0 dB (no compression) is implied. If a
DYNRNG parameter is not present in any of the subsequent audio blocks AB1 to ABS,
then a parameter value for that audio block is imiplicitly equal to the parameter value of
the immediately preceding block.

Step 54 calcuolates the net change in bits needed to represent a change in value for
each of these parameters. This may be expressed as:

Alk)= M (k)-0Olk)
where A(X) = net change in bits needed to represent parameter £;

M(k) = number of bits needed to represent the modified parameter k value; and

O(k) = number of bits needed to represent the original parameter k value.
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_13_ A simple notation is used. here to represent the metadata
parameters. In this notation, parameters 0-5 correspond to the DYNRNG
parameter for audio blocks ABO to ABS, respectively, and parameter 6
corresponds to the COMDR parameter. Step 55 uses the 0(k) values for
parameters 0, 1 and 6 to determine whither 5 proposed modifications to

the yalues of the COMPR parameter and the DYNRNG parameters for
A SITRRLS BRIBKETAE BethBoRED TR GRGT S e B eRord AbigRtation.

pafalBtte3 018, cHhR HERC: S8 dRVNIEN UirsS ARad th € OMALARYRRINVERN to ARS,
aud'logt&lqc;cks AB 1 and AB2ina fr@me must occur within the first 5/8th of

FOSRSEHRRETE RS RAIB & G SIRATOR & Bl TRbYel RIAIptEent modified
valuSsefo s shesés G RR padimetfer padfacttre 0,00 RYNRYN Gepatameersifer
audio, blocks ABO and AB 1 would require ovement of data._in a

Prpgicd TROSUIGRIRY S St e Bt R el LS SRNC

parafhetdrichorradlicagdile Mmnhelod Bitsyidedethtowhat 6SaiTEaBe @ oy asthe

e, modifi rameter_ values. Qtherwise, the process contjnues with

/8 %:%1&9.‘ﬁt&é‘%@%ﬁ%@%fﬁ%ﬁéﬁ?ﬁéuaL POURAARPRDRcK Bili o Rlagks 451

and@pmsﬁﬂet ﬂméé. Enmbod'tﬁﬁe: @imm&ﬁ@ﬁrmai@ﬁﬂgmaﬂm !omiféh ARD S
AB 1. This is donge by analyzin roposed modifications to the

o P A oot R K e e eI PGty and/or he

DYDRNNRNtabaftegeis @udidiblbickIABME dadbeisetiould tkaniibis fiag imdesef data

. t0.0. If anly the modifi YNRNGE flag in audio block AB 1 js to be set to

in 4t O S e RS o s oA s G eoh g e e

redaveldty ackebABe? binon20deB b fyaréschedrt 80 tholber tieecahthlisedipgameter

bsolute difference between

Vai'%??é?%%‘?ﬁ%&?‘*%@%ﬁ%@hﬁgﬁﬁgﬁwﬁl{]&%ﬁ&iﬁb%geé dio block ABO and 0 dB is
less Stgn3h enabaohitmilifferahagibe iveendhmbaadibéd AN Tepresent the
RIS 2 A0 BESIE ARSI 5T 10 POUISY, e
therpagitiest DYCNRNMElag flor BOTNRIIOIK A3 fis eeskd Wdland Beand ABI. If
o G i AR e e
resbldoks BRBalate ABJLABINEYIRNRIEGE dlhgdsdo bioseiAB Dintboibeuediol, then
iS5 AB0 A6 e COUERE e o e e
ABfTaretebhe:nptdputisignak dhdeal frdondhesconaspding tuthetfothaniag test:
Ak Ii'istﬁg ja %&%tteod%}gygn%é %%ﬂ%gég tﬁg %&%EEE&!E DYNRNG parameter value for
audio block ABO and 0 dB is less than the absolute difference between the
modified DYNRNG parameter values for audio blocks ABO and AB1, then the
modified DYNRNGE flag for audio block ABO is reset to 0. Otherwise, the
modified DYNRNGE flag for audio block AB1 is reset to 0 and the modified
DYNRNG parameter value for andio block ABO is reset to the lesser of the two
proposed modified DYNRNG parameter values for audio blocks ABO and AB1.
If the DYNRNGE flag is to be set to 0 in both audio blocks ABO and ABI, then the
COMPRE flag is set to 0. The parameter that is associated with a flag that is reset to 0

m

2

will be omitted from the frame of the output signal. The value for the corresponding net
change A(k) is adjusted to show a reduction of eight bits.

The required number of bits is reduced further if the initial reduction is not
sufficient. The remaining DYNRNGE flag in audio blocks AB0 and AB1 that is to be set
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The required number of bits is reduced further if the initial reduction is not
sufficient. The remaining DYNRNGE flag in audio blocks ABO and AB 1
that is to be set -14- to | is reset to 0. The associated DYNRNG parameter
will be omitted from the frame of the output signal and the value for the
corresponding net change A(k) is adjifsted to show a reduction of eight
bits. The one or more reductions made in this step are guaranteed to

to 1 dnfrsyst dods/hn Reneiprsl IS A BN Gramersrtarevitbbe srgittadrivanghe frame of

the @@{w@%ﬁa‘:aﬁ@m@aﬁl@fdf the & '9&@@9&@@1&4@%@?&@ alefh& show
modified DYNRNGE flag for audio block AB2 that is equal to O, then that

a redughionabrighdieridrera anawreedasonsonanemtiusHsaifeiguaranteed fo
satiFBYINRNGIPRIANABIRA YSUBL Praatidi BlockNBa MaLidi bR e A HeANS: 5/8th

1pare\meter value for audio block AB 1. Any changes made to the modified
Rulg 5 pyNRNGE flags for audio blocks ABO and ABL to satisfy the 5/8°s

Rul e ighprolabhy vialaigatbis)3ssmniion «cavaingApintgides shangs

e DYNRNG parameter value for audio block AB2. The only situation

tot
ST AN vy e i e AT e
assuRBIURNGaE Mg 8i oSG plpskRABRRRBIABIISRISDEBE IR be

ut the flag for only audio block ABO was reset to 0. For all other

equaliin the parameteryatie & fHtie MerkAdH ofthechrngss rrdetpchermodified

DY NradGE d1bRE e N6 flagclar aBdiandlack ABdaissrpert B¢l anddR®ould probably
. Imoglu‘led DYNRNG parameter value is set equal to the appropriate value
violaig, Hﬁaﬁéﬁlﬁlyﬁ?&»dﬁﬁéﬁ%ﬂfb}?@@éﬁfbaﬂ%%. e, D hprstepion Yalge for

audipreiceBAB R TReBELgeneratan ok he Uit GigRR) 1RBSNEe RIS IENE case
; nutﬁnber gfgitg are available to represent all modified compression 20
WA KRES e

R ERNGE e Lo BatHamingks AR sbAgd were to be set

to 1 teprhsdiigafbpoappsadioBaii GaBoRs-rHi6e: 0 MAFESaI0BIREr SRR DS, 2
vallées and the total number of unused bits_that are available in the frame

prefrred Smnlemeaton ab dirdgserh R REIon the maditied dp XOTRDYR Brilngsfor audio
blochABT ihajsar eonegsteehinenrese NN RIBGsR I aMeAilicaliandal to the

compresilon parameters may be determined by calculating the sum 6

SPPIRPFESIE LaNg ralieatnd B hbdysrmisussaesRl NIgPa: are available in the
framie iedeprase e adified FosaR PSP RREBRIBH R WeSHS GalstHtedal
from information gbtained from the

ensure a suflicient number of bits are available to represent all modified compression

parameters.

Step 57 determines the total number of bits needed to represent all proposed
modifications to the compression parameter values and the total number of unused bits
that are available in the frame to represent these modified parameter values.

The total number of bits Nyor that are needed to represent all proposed

modifications to compression parameters may be determined by calculating the sum
)
Niyor = Z A(k)
k=0

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

audio information is encoded. Some unused bits may exist in the Skip Data (SKIPD) area
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frame. Referring to Fig. 5, each frame usually contains a number of
unused bits that can 30 be used to represent new inetadata parameters
added to the frame. Some of these unused bits are within the W section
of the frame, which are unallocated bits that remain after the audio
information is encoded. Some unuséd Bits may exist in the Skip Data

SKIPD) area -15- of an audio block. Each SIPD area is associated with a
of &S R S IR R PSSt BHTAS SRIB PG F IA mdtcates

theliyigsh afitha SREPDItRSIPLEL aEyi8] ali Seldfe 1bii RUICPLIS AR RKPH set 1o 1,

. dgaram teg gggbthe associated SKIPD ar% exist. If a respective audio .
mdfitieR MR 8L PPEMEY RSP ATrS ERIPI A AReter et diagerpeqliy e audio
bloekdmpleSKIPRIS flag SKIPD ar¢a Sk rspeetbiegudiablockeentainse, then

s or 80 bits. The total n er of unused bjts in a frame_can be
the kTt B Bt R TR Sl WA Nupit A5
nurtivemnoifnbescf hitsiinalieié secbeniofcineieanbe. atidapuRebenaihitaN ZKIPL
in the W. section may he calculated. from three known valyes, The first
PG 0 eI KL% VB B BB P R A S B which
10 cihebmicdletidteitsfiriphiaiiaiars onyiesdil dhried sestiohret hieown
frame that specify.s le rate, (FSGOD) and frame sjze (FRMSIZECQOD). | .
v B T T LA G DRUAer & AL i, which
candisove cillated Econ gpaatuetéssthenvupeldan chd s shificisefite fepresdat thecify
data co in the SI and.BS| secti dio,blocks, ABO to ABS
sanf i DR 108 R AR T e R Al nay be
obtseetiofichb thethd M@ desenaressed dsrac) Uinbsscohbitalddis lengtimber of bits
conyeyed in the frame at the end, of the AU tion.. The galculati ay,
R ot e T AT S B BT s A ok Ao
to Addfined thfea@RIZEDIe it el Tisesiiffidiemikoisalistyn e Aotal thenbekodection
itS.NTOT needed to represent ified cqmpression parameters. If
o G e et DP B A e RS (e AR 2 the
endsié€ ihe0A U X atctiven. (Fbeeskwaribnuasywiitesiapss&l Step 59 changes one

or more m ifi((aﬁrcom rission parameters to reduce the number of bits
that dré neekles @r&ﬁe ent them. This may be done by removing the

DY NRN GRS THBRIY ARG UF IR RIBHS RS SRiNG M9 atisty
audio blocks 25 with the DYNRNG parameter of a preceding audio block.

the fofal memiercP D Rive npededetesivaseetthnenpdi RN G Bpetsiom nheusigiers. Tf
a srdiepess of @fﬁﬂm@geaﬂm}w{ﬂy@e&@%%{aﬁhég WRIRARHD. Hot, the

first region includes audio block ABO and all audio
process continues with step 59.

Step 59 changes one or more modified compression parameters to reduce the
number of bits that are needed o represent them. This may be done by removing the
DYNRNG parameter from one or more andio blocks and associating those audio blocks
with the DYNRNG parameter of a preceding audio block. The modified DYNRNG |
parameter values and DYNRNGE flags in the six audio blocks of a frame are used to
group the blocks into regions. The first region includes andio block AB0Q and all audio
blocks immediately following it that have their respective modified DYNRNGE flag set
to 0. Additional regions, if any, each begin with an audio block having a modified
DYNRNGE flag set to 1 and inclnde all andio blocks immediately following the
beginning block that have a respective modified DYNRNGE flag set to 0. The mumber of

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



10

15

20

25

30

blocks immediately following it that have their respective modified
DYNRNGE flag set to 0. Additional regions, if any, each begin with an
audio block having a modified 30 DYNRNGE flag set to 1 and include all
audio blocks immediately following the beginning block that have a
respective modified DYNRNGE flag $ét-to 0. The number of regions can
be as few as | if no audio block in a frame except possibly audio block

has apodifisd BRENRINGHTBeeDYNRN G Ecflagnbet tof tegihesnumbenotregiensix if

eve%aéwa% BRSESALAS fit RYERLAN 'e&@?ﬁﬁﬁ@éfa%%é‘ 5,8 magified iocks

] NRNGE flag set to 1. All audio blocks in a region Share a’common

in 2 rpgieR NBp sropneem NN R NG DYINRN G Yiagd firedDHINRNGER ABDfs audio

blockeh IR0s Wsyalugor i Frstiedion Isspeslfisd implicitly as explained 5
above. If three or more regions e%i%?, t e(%?t e%%g%%ir% ﬂ‘lcét POYRR) ed

abO‘iﬁ‘::lrameter value for the second region is compared with the shared

morffigd D NBNGRRTRSIE, M (N ERENACIRREI PR Ee RaLAL
regions having the closest values are combined into one region By se %ng
Vaf“ﬁwélﬁ%ﬂ@?@@ Arcibpaasadh it fthst daded blodikicth NRpIEqedmgeter
luEESos g thesmallesght madif %lﬁq rameter yalues for . .
v uthe two rg&?ons ain%(% ?&ti%&m%%éggrgéf ag g%%%%lﬁfggesﬁi}say%e&cﬁ%e Sombined

inio gsoresios s seftiantie EARING petoeisrtveltstin Aunflser oiditblekdddhe
precé@ERPFESER Y MRAIIeH I HN RNG PR FRFRBYE! %%%E%te%%%&?ss for the

may be combined in this manner until the total numbe Its

two peedons g rsthiagdhe Y NRYGE By orNGthe fniewdio dlesk iefladistqannt
regiodl, Thieqedhdesthe ioial Aumhe RLALs, NAYHat e avalable f9kfed DYNRNG

representation. or until only two_regions remain."When two regions exist

paramgtey RY eiglié SitsnRraipro magnbawsraigishindhisopmiieaentis thivtstabeember

£biid BSRSING RAFAGE [ola W= '
i e s e O OO L)

ot magher ol HlocbaiBw rysitahle foreeprosmgtatinnfiag ot willy two
regioiffie@aTOT by eight bits. If this flag is already set to O or if resetting it to
0 is not sufficient, then the only remaining change that can be done is to
reSO U OOREERE Tg NS last bhadimis thedrantegivns satisintieed as

descipH AR PRAUSTIRIOY gf,lg frame of the input signal initially satisfied
the bit requirements. 25 The process continues with step 60 when step 59

redMtER RIS SABAM eI T8k W trlesg thiero/Kigw a further reduction is
made. If the proposed modified DYNRNGE flag for audio block ABO is set to 1, resetting

this flag to 0 will reduce Nyorby eight bits. If this flag is already set to 0 or if resetting it
to 0 is not sufficient, then the only remaining change that can be done is to reset the
COMPRE flag to 0. This last change is guaranteed to satisfy the bit requirements
provided the frame of the input signal initially satisfied the bit requirements,

The process continues with step 60 when step 59 reduces Nror so that it is less
than or equal to Nyy.

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

To modify the COMPR parameter, if the original COMPRE flag is set to 1, the
original COMPR parameter value is replaced by the modified value. If the original |
COMPRE flag is set to 0 and the modified COMPRE flag is set to 1, the data following
the COMPRE flag is moved toward the end of the frame by eight bits to make room for
the new COMPR parameter. The COMPRE flag in the frame of the output signal is sef to
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Step 60 moves data within a frame when necessary to accommodate the
addition or removal of compression parameters. To modify the COMPR
parameter, if the original COMPRE flag is set to 1, the 30 original
COMPR parameter value is replaced by_the modified value. If the original
COMPRE flag is set to 0 and the modi éd COMPRE flag is set to 1, the

Jowing1 OMPRE flag is. moyed toward the end of the frame by
B S e e e e CONREA
C%@Rﬂﬁammmamm?m@m i dmmﬁig&@@e&h? 0%&%%@&{?%

i i into the newly created space., If the original COMPRE fla
e M S e Rl el mobefomd
pafiagy fettie ared Gheddbipbiiria isfshé tBrers) thigidaindolouiRaiiaaCOMPR
pa&g%@&(p%%%gé%ﬁlﬁ eq‘r%?nméard the beginning of the frame by eight

its because parameter no longer exists in the frame. To
modifljothediNRNGYISRNG ter imeizc inasadio dlatkbibire iplgina ginal

A\ flag is set 10 1, the origi m NG parameter value can be
rep@gdgtﬁ/a%i%%%%iéég%%gﬂ%mﬁ& B @féﬁﬁm’ﬁﬁ@@iﬂsw Bertplgeed by
than et vdified THaNRNGE BPAGNRNERJA gthesdatadohawirgibaified
% is.moved to E{)%j?f%‘&f%e d mdfﬁ lock by eight
D oy
e b b Il T SO e g e
enthahhaedibdbdorlid pei ght biint telaewidy NRINGHHBTNRITERiRiMeter. The
D reated space. Jf the original DYNRNGE flag is set to 1 and the )
e B R N R R e v REIHSG e aphdten into
thohevd oogatedigrakisisbe wigiandyNalaiaD iryingstheoD ANRMESmodified
D is. moved toward the inni 15 the auydio blogk by eight )
bits Eecglﬂ%%es Gg\qﬁ\l égga%ieﬁgraggbﬁo 5&#%2%‘& ﬁ?’tﬁ@fc Bis quipuksignal is
seipodsitrid thatldie thkvgedrlth®NINRDER phbiiacieeideddoeeR@aaNR beginning of

i Y.NRN eter in,a ive audio block may be
th ists in t

e 2 SRR AUt P T e
blatdne by adjusting the number of bits in the 20 SKIPD area and moving

data,within the,audi Io‘gé. The SKIPL paramejer is changed to indicate .

the r‘é‘i‘%gasféﬁfgﬁﬁgéﬁﬂ% RO %P}P%gﬁwﬁéﬁ@lﬁﬁésaﬁ&é%gﬂ%%@ modified
Dﬁ@ﬂB@ﬂi@g&mM@iﬂa@k@nﬂmﬁi{dRﬂb&&ﬂ@ peasentitl banbiptls thafges

St%% e rpbtained from the W.section or from another audio

o 1 B o 3 G B e B e s In the
Slﬁgﬁmgméamving data within the andio block. The SKIPL parameter is changed to
indicate the revised length of the SKIPD area. If a DYNRNG parameter is to be added to
an audio block and no SKIPD area is present in that block, then unused bits must be
obtained from the W section or from another andio block.

Step 61 generates a frame of the output signal. If no metadata parameters are
modified, the output signal frame may be identical to a respective input signal frame.
When any data in a frame has changed, one or both of two error correction codes CRC1
and CRC2 for the frame should be recalculated. If data is changed in only the first 5/8th
of the frame, it is sufficient to recalculate only the CRC1 code. If data is changed in only
the last 3/8th of the frame, it is sufficient only to recalculate only the CRC?2 code.

Re-Encoding

According to the ATSC standard, the DIALNORM parameter must have an

integer value within the range from -1 to -31 dB, inclusive. It is possible that the measure

of loudness obtained by the loudness analyzer 15 is outside this range. This situation
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25 modified, the output signal frame may be identical to a respective input
signal frame. When any data in a frame has changed, one or both of two
error correction codes CRCI and CRC2 for the frame should be
recalculated. If data is changed in only the first 5/8th of the frame, it is
sufficient to recalculate only the CRGI&ode. If data is changed in only the
last 3/8th of the frame, it is sufficient only to recalculate only the CRC2

coulsbpiehanikRe Enstin BN IMReaTSE staribansme piveNdRin he
ran RASAMGIRIEILE QANE AN T S0k YRR Y RINRG 4808 8 (Pl A Rt ABre of

Inclusive. It is possible that the measure of loudness obtained by the

loudpemsrres s/ PEAIIOR Maraemator £Ap € X PRRSSSHRG ARsrect Biegsie gfd oudness.
For RRAdiad ByBE NG NG PIANRRM BARNSES 196108 Nerrashualie ¥Withaudio

the range but a preferred solution is to scale the audio information and

infogpgiiothermbaBorsist L HBstodbathe meBimiNGAM SR RIEmRelf: value
can B¥RERRIBPIRG-MASK ¢ AfdYadnass. e xampishifiiersalaeiairst the

measure of loudness is -36 dB, the amplitude of the audio 5 information |
decod gudip defermsyiondts soapdadBonsdiag. DINE BRRT pererlishabiteising
an ifRlcRRSRtATETEY $LINE AearaRbyal dyaleeyafin3digBy, This solution

requires that the decoded audio information be encoded after scaling.
Thidoriiy erkessriplisnetheycaking! seplasdiaariasedrshadindndrymation
rec S NS IR am oW B Fifedo RLRIA MRIEMERIBIAN I8 RERIA Bdeived from

scales the decoded audio’information 10 received from the gath 28 in

the padhafisEle wiladandiadfonpatiord orasisdnasasdbe el fome tirecpatder 33,
whiéR edRiscaled andioinfermatianinpassed Alengfhe pathsad Wribedness is

encoder 33, which encodes the scaled audio information. The value of

adiusfedHe aserunt s thp eeeling saf Rtetrdd ative antiut tand Sy sroto for

inclRgieRad 1A B8tpHRESignal formatter 40 for inclusion in the output signal.
15 Preferably, the encoder 33 maintains all information in the BSI and

AUXreEzabHs the ereoanddaneiiviny Aldutpanrieor in i FRbaed AfEX sections
of tRERLALEREIATSOERS RS ORI bRn%RIE TBraleHateA RS0 des CRCT and

compression metadata parameters COMDR and/or DYNRNG are
CR o ipatdenlntndpnrbtbeommpisssip mpipdatainmamalion CEOSNR ARéRT
DY RNg e fechitiflReanEaNg A AseRS fRadadr e heRaatsd Giditrom

of the audio 20 information during playback; therefore, it may be desirable
the patheiforhifehteringannemanay dearad o fhe Rorivicdauphisiatithe audio

inforRRSIGCIRA AL LRSI N ACRHEAIEAS IS USSR 18RPY8 form re-encoding only if
the original DIALNORM parameter is considered not sufficiently accurate as discussed
above.

The encoded information is passed along the path 34 to the output signal formatter
40, which formats generates an output signal along the path 18 that conveys the re-
encoded audio information and the modified metadata parameter values.

If the control signal received from the path 22 indicates the original DIALNORM
parameter is sufficiently accurate, the audio information does not need to be scaled and .
re-encoded. In this situation, the output signal formatier 40 generates the output signal by
modifying the metadata parameter values in the input signal received from the path 11.

F. Hardware Implementation

Devices that incorporate various aspects of the present invention may be

implemented in a variety of ways including software for execution by a computer or some

other device that inclides more specialized components such as digital signal processor
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The encoded information is passed along the path 34 to the output signal
for matter 40, which formats generates an output signal along the path 18
that conveys the re 25 encoded audio information and the modified
metadata parameter values. If the control signal received from the path 22
indicates the original DIALNORM pa rﬁeter is sufficiently accurate, the
D%r,zro(rnr}f rrg:%tlop 0es not need to. b led an% ncoded. In this
(D S H T &Rl Qi HRPRIFR: Sttsé%nh PaFe oS SfpBTsgharBy
compadhify ifig the met&dataapaiﬂmktéragainm i divei st thig makydeaiveditfrom
i Penagat 35123-01530 E} H?ggél}/} LI‘_lelver ﬁ]ﬁ{]t%th EE evic Srg]c%glnC 393 ovides
arious a pecf’s 61he presen mvehtlon n’% eme in-a‘vari
coroputiags enciuckndRIOlNEr és ﬁgrsmmmndmmbyz@emnpnwy @Mri)e;serﬂﬁar the DSP
72 oerv'%&é*s‘s?l}l' gﬂ@@‘g G eSt%'a"Ze CamponenteaHeh.as ds%ﬁ 3 ”8 onl
o% "% ry coup dto €6 ponents SmRar Y

mcfmn}d}mpﬁmatahpg mogmrmnqadﬁé@ﬁgerb&rélamwﬁlmﬂlmﬁmbiy for
Ca{fd}il all %rgn?_ ‘Qafl'la dSe\a/é%e Ojﬂﬁt mr%g bﬁllqse%éo Owleme r g%%ésse? is II%EIdee

5Nt invention Th al Signal processor
cir@dmpptmgeresauddealsﬂﬂﬂ\mgiﬁﬂs laym@nmfdrmjommmmm@lw)?? In

the SR8 E%ut B3 AP f%"cﬂroc 380 r&i%'\ﬁ%“ (%gg%ﬂ?%rﬁ%e%%@%f%&fmay

persrste storage suc emor or storing progra
represeaietde dperarm tﬂtysieﬂlr oe lp@wiwmbsmr adaps inditeshwizrionst required
to lIan ects Eﬁ}tzﬁ 1%%%ntron I/O control 75 represents interface
cui ry eive and transmit signals by way of the communication

chaﬂilwtsmﬁhmémmnﬁpé@mnwﬁdhyergaiwmhpuabbm@msy&eny&t@mp@déﬁt@l
o Cocr)}[i]ee toat hgebildglg é Ircijgltén {oe Hé%sceemsrrpc et % %B Iy%nca gand a
l:fld)g ca yhowever a bus arc re’ls no requrre & implement
displesend rfwenumollin@mﬂumgnénmﬁplbméug@by@gmm@‘emagneﬁc
com ter s ste dd nal onen rfaci
e D B B 1 R B s of
inststovagfrepecating Wﬁl@@ﬂiﬁi@@d@hﬂﬁm asimagmmludkﬁptag@ms that

imPL sk 08 optica Fm rr{es?éﬁ‘l S%%H’i‘ % ”i%%% %%S%%%’i?%%%e
%ro fams o msPruc IoNsS opera ng systems, u |esa app tions

tolaant mdpidehrd dphagsatheethay impldéchéhisvanpbe depeitsogithddsmssintlant
nventl The c uter system m de t lerant, to.hardwar,

co I st S bR M 2 A8, ISR OB MR use an

opaatingeyeieis Hiutlisaschbid pﬁd&e@mgrﬂmﬂlswnﬂhmgdu fidldtst storage devices,

?en ad Cﬁ% %1;81%3201% E}ﬁ%t 8 Slyactaég \tfggctnllé Sopeots P t& g%tr%ggn %'r’]e%non canbe
performed by components that are implemented in a wide variety of ways including discrete
logic components, integrated circuits, one or more ASICs and/or program-controlled
processors. The manner in which these components are implemented is not important to
the present invention.

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

cards or disk, optical cards or disc, and detectable markings on media including paper.
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The functions required to practice various aspects of the present invention
can be performed by components that are implemented in a wide variety
of ways including discrete logic components, integrated circuits, one or
more ASICs and/or program-controlled processors. The manner in which
these components are implement‘e%ols' not important to 25 the present
invention. Software implementations of the present invention may be
conveyed by a variety of mach ble media such as baseband or
modulated communication paths throughout the spectrum including from

supersonic to ultraviolet frequencies, or_storage, media that convey ..
inlforﬁagiﬁﬁhoesﬁwgcegg@m&@%&?9%&8?&&?5%@%4%{5@%6@%3 rﬁyéﬁﬁeuc

informialen IPeREHSRE dishodptisaberds@psibei-and detectable markings on

media including paper. 20 LAIMS 1. A method for. correctin
playbackIBHiRERIIY %&ﬁﬂn&%ﬁgw@é@xﬁ S S RRSRE A, ST
mgshasticati 'i?egl,'lsﬁa%&tth@ﬁ&ﬁeeen@l'_ adjispatl ﬁ'tgg%ltgﬁﬂ@smy&daﬂa
representing a first ludness ngprmalization level, a first dynamic ran

RS DA A S RSO0 B8 oY e ERA URE R ocd by
C@ﬁ@%@%ﬁﬂ%ﬁﬁﬁch@@tﬁﬂg@gﬂu&ﬁ ﬂf@(ﬂt@tﬁﬂ&ydﬁh@gﬁ@ﬁimm eessctivating
generated the first encoded audip informatipon according .to .

o B AR URGTBLER A GTATATER T HFS, R Pagediustment
aliuelmartishievel dndiespoinsadidon uaiplinidenticivstiylines, thefakration
loudness normalization level and a.compression profile s ec%ng one or .
5T G A AP SSRGS LYy B BPES SBFEBORR qsasishstis
adio sipierheatigidsaur) an application of a decoding process to the input

ey e R A
thersaeasiartheinfiitdigsd; obtain an estimate of the compression profile
oo b Seesigor e e ks gl e pesedet e,
geniiatvh abipddrdignaddbaid s datarspreseniingbiibitdileudnesse of
22{}@ lization level, a third dynamic range adjustment level and third
obtain an estimate of the oompressiqn profile used by the encoding process
from an analysis of the decoded audio information and from the first dynamic
range adjustment Jevel;
generate an output signal that conveys data representing a third loudness
normalization level, a third dynamic range adjustment level and third encoded
audio information representing the audio information in an encoded form,
wherein: _
if a difference between the first and second loudness normalization
levels does not exceed a threshold, the third loudness level represents the
first loudness normalization level, the third dynamic range adjustment
level represents the first dynamic range adjustment Jevel and the third
encoded audio information represents the first encoded audio information,
and
if the difference between the first and second loudness
normalization levels exceeds the threshoid, {he third loudness level is

derived from the second loﬁdnﬁss nonnalization level and the third
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audio information representing the audio information in an encoded form,
‘wherein: 25 if a difference between the first and second loudness
normalization levels does not exceed a threshold, the third loudness level
represents the first loudness normalization level, the third dynamic range
adjustment level represents the first dynamic range adjustment level and

the third ed‘ﬁggg:%‘é %ﬁgﬁ 48&%&%%&?’1‘&? R %*Efiﬂﬁ%tse”%’ed%og?eugﬁ‘aio
information; and iFthe difference between the Tirst afd secon
loudness donmaditioni omidiokee feetdglthedness noldn shizatir lewdnsdghe
level is d?&\‘ﬁ?ﬂ{@&?ﬂ?sﬁ Skgﬂ(*ﬁgﬁ?epormalization level and the
third -21- dynamic range adjustment fevel is obtained in response to the
audio information amplitude, the third loudness normalization level and

the SRS ALINGOMAPRARI T TS 08O B and sccona

wherein, If ifferen etween the first and secon ness

loudnpsnnfizaabinaéve ks wis sadectscthiidebdil dhdeihu denoelisd audio information
e ion | . e ) '
s B e R R e A Pl oot

pringiméesin, if the difference between the first and second loudness

normalization levels exceeds the threshold, the third encoded audio
information represents the first encoded audio information. 4. The method

of chaifkHe wiededrofhdanp it wiprainsdfitlesy disiiatonretyeseofthrdirsband second
louc{Ser&'liSH}lE@z%ﬂ iRl ananic JaRge AR SRk 'BYel %ﬂgoﬁl% QHH?H(;informaﬁon

signal is generated with data rearranged to accommodate a secon

repragentdhe fiswscrnededesnitg iommatiogdynamic range adjustment level,
wherein the first number of bits is greater than the second number of bits.
20 5. The method of claim 1 wherein the input signal conveys a first

nunfbeFlest wiethod piedaiminigwherfin by innmicignn scjerstmdist onanba! bis
reprdRAHIB S| Ph@%&ﬁ@&%ﬁ% é‘&j@sﬁ%ﬁtrﬁ%ﬁw&%@%ﬂ@i@ﬁ??é%éherated
er o ynamic ra

second num its representing the third ge adjustment

withedath voheragetie fiesommitsieiot baeordlasebvavfhitstepmeeniinabes dird
ciynQH'ﬁc range adjustment level, wherein the first munber of bits is greater than the

second number of bits.

5. The method of claim 1 wherein the input signal conveys a first number of bits
representing the first dynamic range adjustment level and the output signal is generated
with data rearranged to accommodate 2 second number of bits representing the third
dynamic range adjustment level, wherein the first number of bits is less than the second

number of bits.

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

level in response to audio information amplitude, the first loudness normalization



25 6. An apparatus for correcting playback loudness and dynamic range

of audio information, wherein the apparatus comprises circuitry adapted

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

encoded 30 audio information, wherehrthe data conveyed by the input

signal was produced by an encoding process that generated the first .
en &baﬂéuai@mmﬁ%%fbﬁra@é%P@ﬁ@&@g%ﬁd@@@%@@%ﬁ@@b@%ﬁsm
deggfgly'@qltg@rf slsdypamic range adjustment level in response to audio
information amplitude, the first loudness normalization _22_ level and a

compresSBRiIBrErtedsieridin pfneatinpiow i snplisrinaeinderdingf

a sighakeemBEasparsahigin decoded audio information from an
application of a decoding process to the input signal; 5 obtain a measure

5 of loudneSRiAEA BRasHER i logfnsesdEenyatanalisisinfdha despdsA dulinve
a saeaRhiRHiRRssARERAlZAtiandaNskiomthapaasvieel dowlarssiecasure of

objain an estimate of the compression profile used by the encoding
prote€:rom an analysis of the decoded audio information and from the

first dynagbgihrosigienath ¢She BbisNAl: 460 PRI @il Hy tiidnabiAL process

conveys data representing a third loudness normalization level, a third |
B R SR R R AR R AR P B AR o Rk Ramic

10 repsagentifgihenaligielinformation in an encoded form, wherein: 15 if a
difference between the first and second loudness normalization levels

does not SRR A OERHbRETAL R goBYeedddavarseaRg A hiFd Igpdpess
louhressingisaakizationiavedyiedi e amisraaaeadiusinentd 8v&l ded

represents the first dynamic range ad%;s’gment level and the third encoded

autigi B FARERGe T dpPassshtig the R din dBfsmations w8 r7Rsaded and

if thg,dfgrence between the first and second loudness normalization

levels exceeds the threshold, the third loudness level is o
15 1f a difference between the first and second loudness normalization

levels does not exceed a threshold, the third loudness level represents the
first-loudness normalization level, the third dynamic range adjusiment
level represents the first dynamic range adjustment level and the third
encoded audio information represents the first encoded audio information,
20 and
if the difference between the first and second loudness
normalization levels exceeds the threshold, the third londness level is
derived from the second loudness normalization level and the third
dynamic range adjustment level is obtained in response to the audio
25 information amplitude, the third loudness normalization level and the

estimate of the compression profile.

7. A medium conveying a program of instructions that is executable by a device
to perform a method for correcting playback loudness and dynamic range of andio
30  information, wherein the method comprises steps that:
receive an input signal that conveys data representing a first loudness
normalization level, a first dynamic range adjustment level and first encoded
audio information, wherein the data conveyed by the input signal was produced by
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derived from the second loudness normalization level and the third
dynamic range adjustment level is obtained in response to the audio 25
information amplitude, the third loudness normalization level and the
estimate of the compression profile. 7,, A medium conveying a program of
instructions that is executable by a deVice to perform a method for

correcting pJayback lougness and dynamic range of audio 30 information,
o B R A e T CEngu i SIGFRIEER Sccording
conveysytdimenstisgriingpiclitaid diaesnedat dizpdpnaiauctangy sjustment
dynamic range adjustment level and. first encoded augdio information, .
ool 1 41 RSP 0 T B CRE S ATt B ARl BBy S5 30 plization
encdeisbantb cessipadsgioneraifit: fiediktgnopded auttoiRtidalDBharacteristics
accorpirég to %hoacogstic principles and determined the first dynamic

rang% g jgnﬁ]nen REREPTh response to audio information amplitude, the

first loudnesstaiardwethdat andie\iafamadas @ofre asisppltafienspecidyingling

one or more o erational characteristics 5 of a signal compressor; obtain

decdded audio ﬁ]%?r%tast}i%lrl\a fom an application of a decoding process to
the input sigbiainabtasasamnefkurinefddcnessdnalysiarvi s \kisodetheudio

decﬁg}% doi% ailr{&o&{rarl}lz%rtéoan annQO?QX assecond ou ne;s ng)r alization P
level from the measure of fﬁ %u nes&eo%f'é?ﬁ% LRI At QR the measure o
comiprelsige) profile used by the encoding process from an analysis of the

decoded augio.information and.from the first dynamic range adjustment
level; gene?gﬁglﬁr‘?%u gﬁf%%%%%%ﬁ?ﬁ%’éﬁgw e i%%ﬁ@ng process
loudfressari srmdysiabf diodelenddd adtiirdinfmamibrengefadidiengént yedmic

andl;[atgrd gglco %In{a#gfgi_information representing the audio information in
an encsaé orm, Wherein: if a difference between the first and second

loudness ngenalizadio outpwetiptiabhaotaxesedisihepsbaiakitiae thital loudness

T T T e -
adjustdierhfenebting therdéheeding the audio information in an encoded form,
wherein;
if a difference between the first and second loudness normalization
levels does not exceed a threshold, the third loudness level represents the
first loudness normalization level, the third dynamic range adjustment
level represents the first dynamic range adjustment level and the third
encoded aﬁdie information represents the first encoded audio information,
and
if the difference between the first and second loudness
normalization levels exceeds the threshold, the third loudness level is
derived from the second loudness normalization level and the third
dynamic range adjustment level is obtained in response to the audio
information amplitude, the third loudness normalization level and the

estimate of the compression profile.

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

second loudness normalization levels exceeds the threshold, the third encoded audio
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encoded audio information represents the first encoded audio information,
and if the difference between the first and second loudness 25
normalization levels exceeds the threshold, the third loudness level is
derived from the second loudness n%rmallzatlon level and the third
dynamic range adjustment level is 0 ‘l}amed in response to the audlo
rmatlon amp de, the third,loydness,norm al tlon level and
R B e TSR e o
psychdmnmtmf;iﬂm@f&tence between the first and second loudness
normalization levels exceeds. the threshold, the third encoded audio -24-
information is generated by encoding the decoded audio information
acOorttrgatpapsiyshd alehunst evherip iFshe d]?fferamaajeﬁweenfmlaﬁmﬁ and

wherein, if the di nce.between t udness
seco e GO B AT o Ol P AR eucio
infomnhtrma&pmseq&se&erﬁssmwﬂbémddﬁmﬁmﬂmmformatlon. 10. The
apparatus of claim 6 wherein the input signal conveys a first number of
bits representing the first dynamic range adjustment level and the output

sightal EntQupemenated Wiﬂmmmaiﬁ&hg feﬁbta @s?mgmhummteeafﬁemm}:er of
ber.of he thi lev
bits R D AL P T R AP BRAR  Ce R s,
gencfdted hitladparadusofgethin aﬁ:whmmmatba B’muhdlgﬁﬁhw (e 45 aeimet;enmxg the

i TR S5 SSRGS e R s e

secomisannhbet ofitsiker of bits representing the th|rd dynamic range adjustment
level, wherein the first number of bits is less than the second number of
bits. 20 12. The medium of claim 7 wherein, if the difference between the
firsk lanﬂhseppmdﬁmnﬁﬁaﬁmérwmﬂﬁaﬁm Iiﬁpedss@tﬁeeﬁwhwtkl s algnthe of

third encod d| information is enera d|n edeco ed
bits T e e A S e SR el R e T SRS

generniediwittodattatearf anedain aafcﬂmmﬂafe am@ﬁmﬁnﬁhﬁdﬂ’sﬁar@mmﬁng the
third dynamic range adjustment level, wherein the first number of bits is less than the

second number of bifs,

12. The medium of claim 7 wherein, if the difference between the first and
second loudness normalization ievels exceeds the threshold, the third encoded audio
information is generated by encoding the decoded audio information according to

psychoacoustic principles.

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

information represents the first encoded audio information.

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

second number of bits.



second loudness normalization levels exceeds the threshold, the third
encoded audio information represents the first encoded audio
information. 14. The medium of claim 7 wherein the input signal conveys a
first number of 30 bits representing ﬁt@e_first dynamic range adjustment
level and the output signal is generated with data rearranged to
accommodate a second number of bits representing the third dynamic
range adjustment level, wherein the first number of bits is greater than the
seddndlihgmiedivof: bifs:iab-71%hdthin thednpotof gtainechvwdys reiirtheumbet of
.. signal conveys a first number of bits repr ting the first dynamic range
vis SERERERB R Al A T e A PRISRE T 18 L R Ra
genamiadopitindetiatensr segoh pornivenaidbits sepradamingdhef Bitthirgresenting the
ﬂﬁxcﬁéfgnaa'[%lﬁ:r (gbg %Ph‘é%%l%?f Goel b e eI RhRYIRH 445 18R the
than the o hu

se mber of bifs.
second number of bits,




